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PREFACE

DURING the last twenty years or so the subject of acoustics has
undergone a considerable change. The developments have been
not so much in fundamental dynamical theory as in the in-
troduction of electrical apparatus and methods. Consequently,
Rayleigh’s Theory of Sound and Lamb’s Dynamical Theory of
Sound remain of first importance as rigorous presentations of
the theoretical bases of the subject. There has been, however,
some adaptation of ideas—such as that of ‘impedance’—which
had proved to be of value in connection with electrical theory.
There has been at the same time a marked extension of the
methods of measurement, and consequently in the application
of acoustics in industry and everyday life.

In the present volume the author has attempted to review
these developments and to set out the essentials of acoustics as
the subject is practised to-day, wherever possible in a form which
could be read by anybody prepared to take mathematical formule
for granted. At the same time he has endeavoured to include
the essential theoretical basis, in detail or by reference, usually
in a form suitable for application by ‘impedance’ methods of
analysis. The book includes certain auxiliary matter which
should be of value for reference purposes to workers in the
subject. There are, however, some omissions—as, for instance,
the theories of the vibrations of strings and bars—of material
usually dealt with in elementary textbooks of acoustics, but
which have little special significance in modern developments.

It is hoped that the book may be of value to students, to
technical or research workers in acoustics, and to those in trade
or industry who need to acquaint themselves with modern
acoustical methods or to apply them.

Various parts of the work have, in the early stages, formed
v



vi MODERN ACOUSTICS

the bases of special lectures the author has given to various
evening students on modern and technical acoustics.

The author is indebted to Sir J. E. Petavel, Director of the
National Physical Laboratory, for permission to write the book
and to include certain illustrations, which have been noted in the
text; to Dr G. W. C. Kaye for permission to incorporate a number
of figures from Davis and Kaye’s Acoustics of Buildings; and to
H.M. Stationery Office for permission to reproduce an illustration
from the Annual Report of the National Physical Laboratory.

A. H. D.

TEDDINGTON
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CHAPTER 1
GENERAL CHARACTERISTICS OF SOUND

Velocity of Sound. Sound waves are sent into the air by vibrat-
ing bodies, and consist of alternations of aerial condensation and
rarefaction. The vibrating source, in moving forwards, com-
presses the air in front of it : the compression is rapidly relieved
by the yielding of the adjacent layer of air; and the state of com-
pression thus travels outwards with the velocity of sound, about
1100 ft. per second. As the source recovers and moves back-
wards, a region of rarefaction is sent out immediately behind the
compression. This in turn is followed by another compression
when the vibrating source moves forward again. The distance
in the air by which the first condensation is in advance of the
second condensation is called the wave-length of the sound con-
cerned. If the frequency of the source is » complete vibrations
per second, then the wave-length X is equal to one nth part of the
distance v travelled by sound in one second. We thus have
the relation A =v/n or v =nA.

The velocity of sound depends upon the elasticity and density
Of the medium in which it is travelling. The general expression
for the velocity of a compressional wave of small amplitude is

¢ =VE|/p, where E is the appropriate modulus of elasticity and
p the density. E is the bulk modulus of elasticity in the case of
a fluid medium, but is equal to 2+ $p in the case of solids, where
w is the rigidity and & the volume elasticity. For sound in free
air the changes are adiabatic and the relation becomes ¢ = V'yP/p,
where P is the pressure of the gas, and y is the ratio of the specific
heat at constant pressure to that at constant volume. Since p
varies with temperature and y is practically constant, the velocity
of sound in air varies with temperature. We have approximately
c=co(1+1¢/273)t. Here ¢, is the velocity at 0° C. and ¢ the
velocity at ¢° C.

Propagation and Dissipation of Sound, Sound is a form of
" 1 1
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energy, and when produced would persist indefinitely if it were
not dissipated into heat or transformed into some other form of
energy. ‘When emitted by a point source removed from the
proximity of obstacles, sound spreads equally in air in every
direction, i.e. the wave-front is spherical. Owing to this spread-
ing, the intensity at any point—measured in energy units—is
inversely proportional to the square of the distance of the point
from the source. Except for the very loudest sounds (such as
those from fog-horns) and possibly also high-pitched notes,
sound suffers but little dissipation into heat into the air itself, so
that for all ordinary sounds the inverse-square law holds good.

This presupposes, of course, that the air surrounding the
source is homogeneous. Where considerable distances in the
atmosphere are concerned, various causes (such as temperature
differences between adjacent layers of air) lead to apparent
anomalies. For instance, the sound of great explosions is fre-
quently inaudible at certain distances from the source, whilst it
is strongly audible both at greater and at smaller distances. The
inner area of audibility around the explosion may be only some
tens of miles across, whilst the outer zone of audibility—which
may be a complete ring or only a partial ring—is normally
between 60 and 120 miles from the explosion. The time the
sound takes to travel to the outer zone is abnormally great, and
it is evident from the intermediate zone of silence that the sound
has travelled by way of the upper atmosphere. These pheno-
mena are accounted for as follows. Since the air is normally
warmer near the ground than higher up, sound travels faster in
the lower layers. The sound waves which travel outwards, at
first horizontally, are therefore gradually bent upwards and the
distance to which the sound is heard on the ground is restricted.
However, at very great heights of 20 miles or more the atmo-
sphere is at least as hot as it is in the surface-layers and, by
deflecting the sound back to earth, accounts for the outer zone
of audibility. Naturally the behaviour of sound waves in a
non-homogeneous atmosphere * is of importance in connection
with the audibility of fog-horns, and with the location of guns
and aircraft by sound.t

* Rayleigh, Theory of Sound, 2, 132 ; G. Green, Q.¥. Roy. Met. Soc.,
45, 339, 1019 ; E. A. Milne, Phil. Mag., 42, 96,1921 ; F.J. W. Whipple,
Q.F. Roy. Met. Soc., 57, 331, 1931,

+ B. R. Hubbard, 4cous. Soc. Am. ¥., 3, 111, 1931 ; W. S. Tucker,
Q.%. Roy. Met. Soc., 29, 203, 1933,
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In the case of sound generated within a room, the sound is
absorbed at a rate depending on the properties of the various
surfaces in the room; for instance, the sound waves penetrate
the capillaries in the porous surfaces, and are there rapidly con-
verted into heat by viscosity and allied effects. If porous surfaces
are absent, for instance, as in an enclosure lined with steel or
marble, sound echoes and re-echoes to and fro for a con51derable
time before it finally dies away.

Reflection and Refraction of Sound. Sound is transmitted
by solids and liquids as well as by gases. As in the case of light,
sound waves, on reaching the interface between two different
media, are subject to reflection and refraction. In general, the
laws are the same as those for light, but, since the wave-length
of sound is usually large in comparison with the size of objects
normally encountered, the reflected and refracted sounds spread
considerably outside the limits to which light waves would be
confined. When the velocity of sound in the second medium
differs markedly from that in the first the sound is almost entirely
reflected, and the amount refracted and so transmitted through
the second medium is very small. As a consequence almost all
rigid non-porous wall surfaces are very efficient reflectors of aerial
sound waves—indeed, their efficiencies as reflectors of sound are
higher than the efficiency of optical mirrors in the reflection of
light. Sound may be focused by curved reflectors or may be
screened from a given region by interposed obstacles, provided
the reflector or the obstacle is of large dimensions compared with
the wave-length of the sound. But, owing to the fact that the
wave-lengths of ordinary sounds range from a few inches up to,
say, 20 ft., focusing and screening effects by objects of moderate
size are apt to be only of a partial character.

Ripple-tank Analogy. In view of the fact that sounds
usually spread outside the limits of optical laws, it is useful to
have some analogous case which can be studied visually or photo-
graphically to give an idea of the manner in which sound waves
themselves would behave. There is no simple analogy which is
completely parallel, but ripples on the surface of a liquid are
rigorously analogous in certain conditions.* Strictly speaking,
the analogy is two-dimensional only, and should be confined in
its application to cylindrical sound waves. If the liquid is
inviscid and of a depth greater than half the wave-length, and

* A, H. Davis, Phys. Soc., Proc., 38, 234, 1926; see Appendix, p. 331.
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if the waves are small and of harmonic type, the height of the
surface ripple is a measure of the condensation of air in the
corresponding acoustical condition. Any obstacles introduced
into the field must have dimensions which bear the correct
ratio to the wave-length of the disturbance—a relation which can
usually be met in a ripple tank about 3 ft. by 5 ft. in size and
an inch or so deep. In PL I, p. 16,is a photograph of a ripple
tank of these dimensions adapted for studying the behaviour of
ripples within a model section of an auditorium. Experiments
conducted outside the limits of strict mathematical analogy,
using an impulsive disturbance instead of a maintained train of
waves, reveal a striking resemblance to impulsive sound waves.
‘This is illustrated by Pl. I, p. 16, which compares the reflec-
tion of ripples and of sound from a hemicylindrical mirror. In
the case of ripples subsidiary wavelets accompany the main pulse,
but apart from this the resemblance is striking.

Ripples are produced in the tank by a stylus upon the end of
a vibrating tuning-fork, or, in the case of impulsive ripples, by
the withdrawal of a small plunger from the water. A sloping
beach at the edges of the tank suppresses the waves when they
arrive, and prevents reflection. To facilitate study of the ripples
light from an arc lamp some 10 ft. distant passes upwards
through the glass bottom of the ripple tank, and casts a brilliant
‘shadow’ of the waves upon a screen suitably mounted some
5 ft. above. A translucent screen is most convenient, as the
shadow of the waves may be viewed by transmitted light. Study
of the ripples may be made visually, or by snapshots, or by
cinematography. Intermittent illumination is a convenience in
the visual study of continuous trains of waves.

Sound Pulse Photography. When a sound wave is intense, as
in the sound pulse emitted from an electric spark, the wave itself
may be photographed : for a sound pulse consists of compressed
air followed by a region of rarefaction and when it is photographed
advantage is taken of the refraction that occurs when light passes
through a region in which the density of a gas is not uniform.
An everyday example of the refraction phenomenon is the
‘shadow’ of hot-air streams that sunlight frequently casts upon
a wall behind a hot radiator. In the case of a sound pulse the
disturbance moves too quickly to be photographed in the
ordinary way. A simple technique has, however, been developed
along two lines by various physicists, notably Toepler (1867),
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Dvorék (1880), Mach (1881), Boys (1891), and Foley and Souder
(1912). On the one hand a direct-shadow method has been put
to considerable application in acoustics in connection with the
study of the reflection of sound from the boundaries of audi-
toriums (p. 282), and yields photographs of sound waves and of
solid bodies at the same time. On the other, the ‘Schlieren’
method, which has been put to practical application in connec-
tion with the photography of flames and of explosion waves,

Light Spark. Sound Spark.

L]
]

/”/
P

f o 2T

t

Phorog\raphic Plale.

£}
TTriggerSpark Gaps.

o

= Eleclrical Machine

Fic. 1.—Apparatus for sound-pulse photography

depends upon an optical arrangement whereby nothing is visible
in the camera except where the sound pulse has deflected light
into it. In photographing a sound pulse by either method an
‘instantaneous’ exposure is obtained by using an electric spark
as the source of illumination.

In the direct-shadow method the shadow is received direct
upon a photographic plate. The actual arrangement used at the
National Physical Laboratory in studying auditoriums * is
illustrated in fig. 1. A sound pulse is produced within a model
section of an auditorium by the ‘sound spark.” A few hundred
thousandths of a second later it is illuminated from a point
several feet away by means of the light from the ‘light spark.’
The electrodes of the latter are of magnesium, so that a brilliant
flash of high actinic value is produced. The light emitted casts
upon the screen not only a silhouette of the model, but also a
shadow of the instantaneous position of the sound pulse within
it (PL. VII (8), p. 267). The method adopted for controlling the
interval between the two sparks is to arrange them in series as
shown, and to delay the light spark by connecting a few Leyden

* A. H. Davis and N. Fleming, ¥. Sci. Insts., 3, 393, 1926,
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jars across its electrodes.* When a photograph is required, a
battery of several Leyden jars is charged to a potential of some
100,000 volts by means of an electrical machine, and is then
discharged through the circuit, by the operation of trigger spark
gaps. The sparks pass in the trigger gaps when the glass plates
shown are moved in or out of the gaps. When the sparks occur
in the circuit the light spark is delayed momentarily behind the
sound spark by the action of the delay condenser. The magni-
tude of the delay, which depends upon the size of the condenser
and upon the length of the spark gap, can be adjusted as desired
within certain limits. Constancy in the behaviour of the appa-
ratus is increased by the resistance R, and by passing a series of
sparks at segular intervals for some time before the photograph
is taken. ‘To prevent light from the sound spark from falling
upon the screen or photographic plate a small button is placed
upon the right-hand electrode to act as a screen. Fogging of
the plate by scattered light is prevented by enclosing the whole
in a long wooden ‘light-tight’ box, the interior of which is
blackened, and which is fitted with a series of suitable diaphragms.

The Principle of Superposition. (Interference and Beats.)
When the pressures in a sound wave rise and fall in a simple
pendular manner, the motion at any point is said to execute
simple harmonic motion. Such motion is represented by an
equation of the form ‘

: y =A cos (2nnt +¢€)

where y is the displacement or excess pressure at a time £, 7 is
the frequency of vibration of the motion, and € is a constant.
The quantity 277 is often denoted by w, and is sometimes called
the ‘ pulsatance’ of the motion.

If the air is excited by two or more harmonic disturbances
Y1, ¥s, €tc. at once, and if the displacements are not individually
excessive, the total displacement or pressure is given by the
sum of the displacements or pressures due to the separate effects.
Thus

y =3y, =A, cos (2t +€;) + A, cos (2mnyt +€5) +

This principle of superposition fails if the disturbances are very
large, such as those arising from very loud sounds.
Many cases of the principle of superposition are of interest in

* A smaller condenser across the sound spark advantageously
increases the intensity of the sound pulse.
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acoustics, and their interpretation depends largely upon the
summation of a number of trigonometric terms (see Appendix).
When two simple harmonic disturbances of the same amplitude
(Ay=A,) and frequency (m,=n,) are superposed the result in
general is a simple harmonic disturbance of the same frequency.
The amplitude may, however, be zero if the constituents are
in opposite phases (i.e. if ¢;=0 and e,=#). In acoustics this
particular property leads to phenomenon known as interference.
If two continuous sources of sound of identical amplitude and
pitch—that is, the same frequency of alternations—are situated
near each other, there will be regions in the sound field where at
any moment the condensation from one source will be exactly
neutralised by a rarefaction due to the other. Half a.gycle later
the conditions will be reversed, but the waves will still neutralise
each other. In such regions, in spite of the proximity of the
sources, no sound will be audible. At certain other points the
disturbances may be additive and specially loud sounds will be
heard. This distribution of regions of comparative silence and
of enhanced loudness constitutes an interference field. Inter-
ference arises also when a single source is near a reflecting wall,
for the reflected waves proceed as from a virtual or image source,
similar to the real source. In the case of plane waves impinging
normally upon a perfectly reflecting wall, maximum loudness
will be perceived at multiples of half a wave-length from the
wall, while no sound will be noticeable at odd multiples of a
quarter of a wave-length. The regions of maximum and of
minimum sound are called nodes and antinodes respectively.
When two disturbances differ slightly in frequency we have

y =a cos 2mnyt + a cos (2mnyt + €) = 2a cos {m(n, — no)t — e}

Nny+n,

cos {27r< 3 >t + 3¢}

The response is equivalent to that of a harmonic motion of an
intermediate frequency (n,+mn,) the amplitude of which fluc-
tuates from 2a to zero n, —n, times per second. Thus two notes
of nearly equal pitch give rise to a note of intermediate pitch but
fluctuating intensity. If the difference », —n, is not too great,
then fluctuations can be observed by the ear, and are known as
‘beats.’




CHAPTER 1II
VIBRATING SYSTEMS -

Free Vibrations. Sound arises from vibrations. The simplest
vibrating system is completely defined in configuration when
the displacement of one point is known. Such a system may
be represented by a mass 7 moving in a straight line and attached
to the free end of a weightless spring having the other end fixed.
If the strength of the spring is such that the force tending to
restore the mass to fts equilibrium position is equal to s times
the displacement, s is known as the stiffness constant of the
system.

~ In mathematical symbols the equation of motion is

mé+s€=0 (1)

where ¢ represents the displacement at any moment from the
equilibrium position.

If, in addition, the mass experiences a resistance r¢ propor-
tional to.its velocity £, the equation becomes

mé+ré+sé=0 (2)

The solution of this differential equation indicates that the
natural oscillation of the system, when disturbed and left free
to oscillate, is of three types depending upon the relative import-
ance of the resistance term. When the resistance is small, as
is the case with a pendulum in free air, and with most acoustical
examples, oscillations occur which die away slowly in amplitude
as time advances. When the resistance is large, as would be
the case with a rigid pendulum suspended in treacle, all real
oscillations are suppressed, and the mass merely moves slowly
to its equilibrium position, passing at most once through this
position before coming to rest.

In setting out the actual solutions of the differential equation

in the various cases it is’convenient.to write A for 7/2m, and »?
! 8
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for s/m. The splutions for the cases of small, large and critical
damping are then as follow.
Case i, A < n, i.e. damping small:

£=Ae%tsin (n,t+0)

¢ =n,Ae™2t cos (nyt + 0 +¢)
where ny=Vn®—A*

e= tan~! (A/n)

and the quantities A and 6 depend upon initial conditions, i.e.
upon the displacement and velocity of the system at the instant
from which the time ¢ is measured.

In the complete absence of resistance forces the equation
becomes ¢=Asin (nz+6) and £=nA cos (nt+6). The oscilla-
tions are then of the type known as simple harmonic, and have
the frequency n/2m known as the natural undamped frequency
of the system. The oscillations would continue for ever. How-
ever, with dissipative forces present the amplitude of the oscilla-
tions falls asymptotically to zero as the time ¢ increases. The
frequency n,/2x is slightly lower than the frequency n/2m of the
undamped system.

It is convenient to have a method of expressing the rate
of decay of the vibrations of a vibrating system. From the
formula (3) it is seen that the difference of the natural logarithms
of successive extreme excursions is nearly constant. It is equal
to $Ar where 7( =2m/n,) is the periodic time of a complete oscil-
lation. This quantity is often called the ‘logarithmic decre-
ment,” and applies to the logarithm of the ratio of successive
maximum amplitudes on opposite sides of zero displacement.
It should be noted that the base of the logarithms concerned is e.
Where logarithms to the base 10 are employed in the definition

we have log,, dec =0-217A~

®3)

Some writers use the term ‘modulus of decay’ for the time 1/A
taken for the amplitude to fall in the ratio 1/e. The time taken
for a tenfold decay of amplitude is 2-303/A, and the energy (3mé£?)
decays tenfold in a time 1.15/A. Since a tenfold change of any
quantity can be called a change of 1 brig (p. 241) and a tenfold
energy change is known as 1 bel, it may be said that the ampli-
tude of a damped vibrating system decays by A/2:30 brigs per
second, and the energy by A/1-15 brigs of bels per second.
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Case ii, A > n, i.e. damping large:
f=emM[Ae™VETW L Bt VA=) (4)

In this casé the motion is the sum of two decaying motions
which contain no periodic (harmonic) components. The system
passes once at most through its equilibrium position, and comes
asymptotically to rest without oscillations. The motion is of
interest in connection with oscillographs and dead-beat instru-
ments.

Case iit, A =n, i.e. critical damping:

¢ =e~2(At +B) (5)

The motion is a simple return to equilibrium conditions
resembling that described in connection with large damping.

Forced Vibrations. So far we have considered the free
oscillations of a simple system, which has been left to itself after
being displaced from its equilibrium position. It is important,
however, to consider the case in which the body is maintained in
a state of vibration by an applied periodic force of any given
frequency.

When a steady harmonic alternating force F, cos wt is applied
to the system referred to above the equation of motion becomes

mé +ré+s¢ =F, cos wt (6)

The mathematical solution of this equation shows that the
application of the periodic force to the vibrating system gives
rise to two effects. In the first place, on the application of the
external force, transient oscillations of the type considered for
a simple disturbed system are set up. These are damped and
soon die away and leave a steady regular response to the steady
regular excitation. This steady response which is ultimately
reached may be represented by the following equation which
gives the magnitude of the displacement ¢ at any time ¢ after the
application of the force:—

| E—-;Z-sm (wt—¢)—-wz cos (wt —¢)
The velocity £ is given by * (7

¢ =%’ cos (wt —¢)
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B
where Z=,/r+ <mw - —>
w
tin ¢ = <ﬁ‘_"_r:ﬂ‘_”>

™
€ = § + ¢

Thus the magnitude of the motion is inversely proportional
to the quantity z—a function of the utmost importance in -
acoustics. It is to be noted also from the equations that the
displacement and velocity of the driven system are harmonic
and of the same frequency as the driving force, but lag behind
the driving force F,cos wt by amounts € and ¢, which depend
upon the frequency of the exciting force. Naturally it takes a
certain time for the ultimate steady state to be set up and for
the motion to settle down to lag by the stated amount behind
the driving force.

This brings us back to the question of the early stages of the
forced motion. It should be stated therefore that the complete
solution of the fundamental equation for forced vibration involves
the addition to equation 7 of terms of the form of equations 3, 4,
and 5 representing vibrations arising from disturbed equilibrium.

In the case of lightly damped systems (A < ) the complete
solution is

£ =Ae “tsin (myt+0) +ZUF—% sin (wt - ¢) ®)

The first term represents a  transieat ’ vibration which arises
from the initial application of the disturbing force, and which
rapidly dies out on account of the exponential damping factor.
The second term is the permanent ‘ steady state * which persists
so long as the dfiving force is maintained without alteration.
When the driving force is removed the forced vibration term at
once disappears, and the motion is converted into a free vibration
having, of course, the frequency 7,/2n instead of the frequency
w/2m of the removed driving force. In the early stages of the
vibration which follows the application of the driving force, the
transient and steady-state motions cgexist, and the phenomenon
of beats may occur if the two frequencies n, and w differ only
slightly. There is then a rise and fall in the amplitude of the
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motion which is often observable in the early stages of the motion
of electrically driven tuning-forks.

In a physical sense transients may be regarded in the following
manner. They are the perturbations that the system passes
through with its own natural frequency in-its attempt (@) to
settle into its final equilibrium position when forces are removed,
or (b) to get into the steady-state phase relation with the drjving
force when an alternating driving force is freshly applied. Tran-
sients are of course most prominent in the case of lightly damped
systems. 'Thus it is of importance in the design of loud-speakers
to have adequate damping, for otherwise inharmonic transient
notes would be heard each time a fresh driving note was applied
to the terminals of the loud-speaker.

Velocity Relations at Resonance—Sharpness of Resonance.
Reverting to the steady-state equation (7) for the vibration of a
simple mechanical system, we note that amplitudes and velocities
vary inversely as wZ and Z respectively, and that

Z is a minimum (=7) when w? =n?=s/m,
Z =mw when w is large compared with 7,
Z =s/w when w is small compared with #.

For a system vibrating under the action of a given alternating
force the velocity response depends markedly upon the value
of w, and is a maximum when the frequency of the driving force
equals the undamped natural frequency #/2m of the driven system.
This special case of forced vibration is+known as ‘ resonance.’

The velocity rcsponse ¢ ax falls to 1/ V2 of its maximum value
(and the enerq 3mél,, to Ralf of its maximum) at frequencies

given approxxmately by -nu—’=l :{;; if A/n is small, or more

.
accurately by w = + A+ VA2 +n2, The quantity #/A determines
the sharpness of resonance and is the commonly accepted measure
of that quantity. . '

A curve showing the relation between the driving frequency
(w/27) and the maximum velocity of response (£,,,) is symmetrical
when the forcing frequency is not far removed-from the resonant
frequency, and the velocity¥ resonance curve is symmetrlcal with-
out restrietion if the forcing frequeney is expressed in terms of
the musical interval in octave$ [log, (w/n)] by which it differs
from the resonant pitch.
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This follows from the equations below, which represent the
resonance curve in various ways.

é \
fo_ 1 n S
én Zo \/<A>2+i<w_ﬁ>2 V1+S?sinh? x
n n w | (9)
where x =log, (w/n)
1 1
='\/]_+S2x2= — approx.
S ()

7

Since sinh x =x approx., the velocity curve tends to be a function
of Sx, the form in which the curves of fig. 2 are plotted. It

j ~k
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I:‘;G. 2.—Resonance curves *
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* In the equation m¥+ri+sx=F, cos wt, 7/2m=A, s/m=n*, n/A=S, The velocity response is
1/4/2 of its maximum value when Exx:};; approx. When # is small log, (1+ %) =144 approx.

Frequency ratio . . I 1°007 1°07 1418 1°41 2

Octaves . . . . o oor o'x 02 o's I

conveniently represents a wide range of data for the velocity
of response, expressed as a percentage of the resonance velogity,
and is useful in interpreting resonance curves and data. It will
be found that the single curve (marked S > 100) is satisfactory
to 8 per cent. for all values of S provided the frequency of the
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driving force does not differ from the resonance frequency by
more than 1 octave. Over a somewhat more restricted range
of, say, 1 or 2 musical tones, it is possible to plot results as a
function of (w —7)/A to an accuracy of about 5 per cent. (fig. 3).

Damping factors (A) for constrained systems are best deter-
mined experimentally from the shape of the resonance curve for
bluntly tuned systems, but from the decay of natural vibrations
if the damping is slight.

100, o
: » // \\ _ 3
]
. [ 1\ L F
i, [ 1T\ ” 3
: IR\ g
S /| \\ o E
P NI,
g. — ~~ L 20 §'
3 N

005 ] +10

Hwn) ——s

N.B.z (@-n)-F(3-)

FiG. 3.—Resonance curve .

Amplitude Relations at Resonance. The relation between
driving frequency and amplitude of response is not symmetrical
for a forced system, but is as shown graphically in fig. 4 for
various degrees of damping. Maximum amplitude of response
does not occur at exactly the natural undamped frequency 7/2x
of the forced system, but when w?=n%—-2A? as may be found
by differentiating with respect to w the expression for the ampli-
tude of a forced system. If 2A? > n? (i.e. A > 0-71n) w is imagi-

nary and no real maximum occurs, as is seen in fig. 4. When a
. . T F AN
maximum occurs its magnitude is given by —2( 1 - — ] which
nr\" n

approximates to F,/nr when A/n is small.
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Phase Relations at Resonance. The value for the phase lag
(#) of the velocity behind the driving force has been given earlier.
It will be observed from the equation (7) that the phase lag is
zero at resonance. It is positive when the frequency of the
driving force exceeds the resonant frequency of the vibrating
system, and the phase of the velocity then ‘lags’ behind that
of the force. On the contrary, ¢ is negative when the frequency

3

Amplitude

O.l‘.O-Sn...‘n“ ‘l':‘in‘ 2n
Frequency
F1G. 4—Forced vibration. Relation between frequency
and amplitude of displacement for various degrees of
: damping
of the driving force is low compared with the resonant frequency
of the system, and then the phase of the motion of the system
‘leads.’
The following table summarises amplitude and phase relations
for various frequencies of the driving force, on the assumption
that A2?/n? is small :—

TaBLE I
w 1/Z @ €
0 0 -n/2 0
n-A ‘ 1/rvV2 ~n/4 7117
n 1/r 0 —g
n+A 1/rv2 +n/4 %’1
0 0 +m2 m
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Fig. 5 shows graphically the manner in which the phase lag ¢
varies with frequency for a number of different values of damping
coefficient. ‘

Forced Vibration under the Action of two or more Simple
Harmonic Driving Forces. When several simple harmonic forces
act simultaneously upon a system, the resulting forced vibration

180

ees)
~
[~]

Phase lag (degr

e T BN
1] 0:5n n I'§n 2n
Frequency

F1G. 5.—Forced vibration. Relation between frequency
and phase lag (€) of displacement behind impressed force
for various degrees of damping
may be deduced by simple addition of the separate effect of each.
Thus the composite force F =F, cos w;t+F, cos (wyt + a) gives

rise to the forced vibration

F,
€= Z1 ——=sin (wyt — ¢)) +—- A sin (wyt + a — ¢,)
- F1 F (10)
3 =Z—1 cos (w,t - ¢;) +~Z—§ cos (wyt + a —¢,)
1

where Z; and ¢, have the values they would have if the term
F, cos (w,t + a) were absent from the expression for the dnvmg
force, and Z, and ¢, the values that would obtain if the term in
F, were absent.

It will be noted that the amplitudes of the various terms in
the forced motion are not proportional solely to those of the
corresponding terms in the value of the driving force, owing to
the presence of the terms Z, and Z, in the denominators. Nor
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Sound Pulse

Comparison between ripple and sound-pulse photographs relating to
reflection from a hemicylindrical mirror. See p. 4

[p. 16
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are the phase relations constant. Thus in general the character
of the forced vibration differs from that of the driving force and,
in particular, if one of the frequencies w,, wg is near the natural
frequency n of the forced system, the vibration of this frequency
will predominate in the motion set up.

It may be shown by Fourier’s theorem that the most compli-
cated driving force, if continuous and periodic—i.e. repeating
regularly—may be regarded as made up of a series of simple
harmonic constituents. Its effect upon a simple vibrating system
may thus be determined by applying the above principles. The
importance of the harmonic type of disturbance is manifest from
this fact, and it may be mentioned further that the simple har-
monic type of motion is the only type which remains unchanged
in character when transmitted from one system to another.

Conditions for the Reproduction of Complex Wave-forms..
Theory of the Oscillograph. Whilst in general the motion of a
forced system does not reproduce the character of complex
driving forces, it is possible to get reasonably faithful reproduc-
tion if the natural frequency of the system is kept well clear of
the frequencies to be recorded, and if the damping is adequate
to suppress transient vibration when forces are suddenly applied.

We have seen that to avoid transient oscillations and thus to
obtain an aperiodic system it is necessary for A to be not less
than #. This therefore is the first requirement in an instrument
(such as vibration recorder, a microphone, or an oscillograph)
designed to follow rapid fluctuations with accuracy. The second
requirement is that the system shall maintain amplitude and
phase relations between the various constituents. Fig. 4 shows
how the amplitude of response of a system depends upon the
driving frequency for various values of A. As it is desirable to
have equal response at all frequencies ghe curve A =0-6n, which
is fairly flat for some distance from the origin, would appear to
be very suitable. Since, however, A must be less than n for
aperiodicity, the curve A =# is the best to employ.

By keeping the working range small, say from w =0to w =0-1n,
or.0-2n, the error introduced by assuming amplitude response
to be constant is 1 per cent. and 4 per cent. respectively. Thus
to obtain a true record of relative amplitudes the natural frequency
of the instrument must be 5 to 10 times the highest frequency to
be recorded. For A =n the phase lag in degrees is seen from
fig. 5 to be approximately proportional to w. The time lag

2.
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#Jw is. thus approximately constant; indeed it departs from
constancy only by 3 per cent. and 5 per cent. up to w=0-1» and
0-27 respectively.

The Use of Complex Quantities. The equations met in the
study of vibrating systems and of acoustics may often be greatly
simplified, and the manipulation of the equations made easier,
by the use of complex quantities in the analysis.

Those acquainted with complex quantities will recall that a
complex quantity 2 can be written in the form x+iy, where
12=—1, and where x is called the real part of 2 and 7y the
1mag1nary part. Moreover, we may write

z=x+1y =7 (cos 0 +1 sin 0) =reid

where e is the base of natural logarithms and where 72 =x2+ 32,
and tan 0 =y/x. The positive value of r is called the modulus of
% and is written | 2|. If two complex quantities z and 2’ are
equal their real parts are equal, as also are their imaginary parts.
That is, if 2=2', then x =x" and y =y'.

Moreover, if z=x+iy is a complex solution of a linear
differential equation with real coefficients, then its real part x
is a solution of the real part of the equation, and y a solution of
its imaginary part. For instance, let the differential equation
be linear and of the form

A5 +Bi+Co=L+Mi (11)
the coefficients being real. Let a solution be
2=x+1y
then Z=x+1y
E=K+iy
Hence, substituting in (11),
(A%+Bx+Cx)+i(Ay+By+Cy) =L + Mi (12)
Equating real and imaginary parts we have
A%+Bx+Cx=L
Aj+By+Cy=M
i.e. x is a solution of the real part of the equation and y is a solution

of the imaginary part.

Owing to the ease with which exponentlal complex quantities
may be manipulated it is often convenient in acoustics to seek
the solution of a real equation by first writing it in its complex
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form and then, after finding the complex solution, taking only
its real part. This will prove to be the solution sought.*
As an example consider the equation (6),

P

m&+ 1% + sx =F cos wt

Since cos wt is the real part of the complex quantity ef@t, the
corresponding complex equation is

mZ + 1% + 53 = Foeioot (13)

A solution of this is readily found to be z =Aei®?, where A,
found by substituting this value of 2 in (13), is given by

A(-mw? +irw+s)=F,

i.e.
Foeiwt
g=
(trw — mw? +5)

and

. Foeiwt Foeiwt Fo ;
| It i(me —sjw)] |Z]6% (2]
where

Z2=7r*+(mw-s/w)® and tané¢ =n_1£)_;—s/iu

The real part of the above solution, namely,
3&=-I‘—‘Z—0 cos (wt - ¢)

“is the solution that we are seeking.

The procedure here applied to the case of forced vibration
applies equally to free vibrations—the particular case where the
applied force is zero, 7.e. where L =M =0 in (11).

Mechanical Impedance. The ratio of the driving force to the
velocity of a driven vibrating body is known as the mechanical
impedance of the system, and is the quantity denoted by Z above.
We have seen that

R T N R

* If the original differential equation (11) is not linear (i.e. if squares
and higher powers of 2, 2, %, etc., are involved) it will be found that
terms in y will occur with terms in x in the real part of (12) and the
proof fails.
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which may be rewritten in complex notation as

s Z =r+i(mw - s|w)
The real portion () of a mechanical impédance written in complex
form is known as the mechanical resistance, and the part (mw — s/w)

as the mechanical reactance. Or, in more general terms, if the

impedance is separated into its real and imaginary parts,
Z=7,+1Z, .

Z, is defined as the mechanical resistance and Z, as the mechanical

reactance. '

The mechanical impedance Z is closely analogous to impe-
dance in electrical circuits, as is seen from the following considera-
tions. For a circuit containing in series an alternating e.m.f.
E, cos wt, an inductance L, a resistance R, and a capacity C, the
equation governing the current of electricity in the circuit is

Lq‘+Rq'+%=EO cos wt

where ¢ is the quantity of electricity on the plate of the condenser
at any moment. The steady state solution of this equation,
expressed in terms of the quantity of electricity g, is

E, .
q=;)—% sin (wt - ¢)
the current ¢ is given by

E

Q=Zcos(wt—¢)
where
L 1
-
1\2 wC
2 _R2 - -
Z R+<Lw wC> afld tan ¢ R

On comparing these equations with the foregoing it is seen
that there is 4 close analogy between mechanical and electrical
oscillations on the general lines that

Mass resembles Inductance.
Frictional resistance ” Resistance.
Compliance (i.e. 1/stiffness) » Capacity.
Displacement " Quantity.
Velocity ” Current.

Force ' y E.M.F.
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The analogy is brought out in the following table, where the
mechanical and electrical cases have been set out diagrammati-
cally, together with their appropriate differential equations and
solutions.

TaBLE II

Analogy between Mechanical and Electrical Systems

Meehanical Electrical
g s ¢y KEcoswt C LR
F—E.?bs wt
mé +r€ +s& =F, cos wt Lij+Rq+g—:=Eocos wt
5:0—)% cos (wt — @) g (ie.?) =7° cos (wt - @)
Fo . E, .
=5% sin (wt - @) q =a—)% sin (wt - @)
where where
2 2 s >3 2 2 ( 1 ?
Z:=r +<ma>—w Z2=R2?+ Lw_;;é)
s 1
_('"‘“ B 5) _(Lw m>
tan @ =-——"—- tan g =——p—

Owing to the marked progress which has been made during
the last fifty years in the mathematics of electrical circuits it is
natural that functions such as impedance, which have elegance
and power when employed in electrical circuits, should be of
great value when applied to mechanical circuits. It is not sur-
prising therefore that considerable advances have been made in
gramophone reproduction by matching impedances of various
members of the recording system, just as one matches impedances
in electrical circuits in order to get best effects. Fig. 6, due to
Maxfield and Harrison, shows a mechanical system composed of
a gramophone needle and sound box, together with its electrical
equivalent.* The equivalent electrical circuit is a type of filter

* J. P. Maxfield and H. 1. Harrison, Bell System Tech. ¥., 5, 493,
1926 ; A. Whitaker, ¥. Sci. Insts., 5, 35, 1928, )

In a mechanical circuit it is sometimes helpful to remember the
following rules for ascertaining whether mechanical impedances are to

be regarded as equivalent to electrical analogues in series or in parallel.
If various components of a system have the same amplitude impressed
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(p. 183), which, when properly designed, transmits equally all
frequencies between certain limits determined by the inductances
and capacities involved. The function of design in the acoustical
case is to adjust the analogous quantities so that as wide a frequency

Y e Uk g, 8
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F1c. 6.—Gramophone sound box and its equivalent
electrical circuit (Maxfield and Harrison)
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band as possible is transmitted without distortion—a complicated
problem of which the electrical solution was known from the
theory*of telephonic circuits.

Rate of Dissipation of Energy. It is well known that in an
electrical circuit the dissipation of energy is given by Re? (i.e. R¢?),

upon them, their impedances are added to obtain the total impedance.
If two or more parts of a system divide the compressed amplitude
between them, they are to be regarded in parallel, and the reciprocal of
the total impedance is the sum of the reciprocals of the individual
impedances. Thus a stiffness between a rigid support and a moving
member is represented by a series capacity and between two consecutive
moving members by a shunt capacity.
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where ¢ (=¢) is the current through the resistance R at any
moment. The dissipation of energy in the mechanical system
defined by equation (6) is given * by the analogous quantity r£2.
Where energy is dissipated in doing external work (factor R) as
well as in internal friction (factor 7,), the rate of expenditure of
energyisré? =(r,+ R)¢2. Here Ris called the ‘ radiation resistance’
and R£ is the rate at which the system does external work, or,
in other words, radiates energy.

In simple harmonic motion the average value of the velocity £

during a complete cycle is 1/v/2 times the maximum value &5,
and the average value of the square of the velocity is one-half
of the square of the maximum velocity. In consequence the
average rate of dissipation of energy from a forced system may
be written 3r£2,..

Large Vibrations. The above equations for the motion of a
vibrating system apply to elastic systems in which the restoring
forces are proportional to the displacement. It may be shown
that this condition is approximately fulfilled in all cases of small
vibrations about a position of stable equilibrium. For larger
vibrations, however, it is necessary to regard the restoring force
as including also the squares and even higher powers of the
displacement, and it may be written as sé+gé2+hé3+ . . .
This quantity must therefore take the place of s¢ in the differential
equations of motion given previously.

When a term g£2 occurs the vibrating system is asymmetrical,
for this part of the restoring force does not change sign when
the displacement changes from positive to negative. According
to Rayleigh,t the effect of a term in &2 upon the free oscillations
of a system is to cause the normal frequency # of the system to
be accompanied by its octave 2z to an extent of which the relative
importance increases with the amplitude of vibration. It also
introduces other slight effects.

In the case of large symmetrical vibrations, in which the
term A€ occurs without a term in £2, Rayleigh shows that the
pitch of the fundamental is slightly altered and a frequency of
three times the fundamental is introduced. The alteration in
pitch is very small but detectable, as in the slight rise in pitch

* Rate of dissipation =Force x Velocity
=Impedance x (Velocity)?
={1_';|-i(mw -s/w)}E?  real part
=7rs°%

t Rayleigh, Theory of Siund, 1, 76, 1929,
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which often occurs as the amplitude of vibration of a tuning-
fork gradually dies away.

It is desirable to notice the effect of the simultaneous applica-
tion of two simple harmonic forces to an unsymmetrical vibrating
system. Neglecting damping the equation of motion is

mé +s¢ +g€2 =F; cos w;t+F, cos wyt (14)
As a first approximation we have, neglecting the small term g§?,
& =f, cos wyt+f, cos wyt

where the terms f; =F;/w,Z, and f, =F,/w,Z, are calculable by
formule given earlier. To get the second approximation we
substitute this value in the neglected term gé2, and obtain for
solution the differential equation in the form

2
Ccos wzt

) F,
i€ + s¢ =F, cos wt+F; cos wyt — [ COS Wyt +——

w1zx waz2
=F, cos w,t +F, cos wyt — 3g(f2 +/?) (15)
—}gf1% cos 2wt — g f,? cos 2wyt
—3gfifalcos (w; +w,y)t + cos (wy — w,)t]

This when solved gives the second approximation to the
solution of our original equation above. We may note that it
is the equation which would be obtained if a simple vibrating
system were acted upon by a number of separate forces of pul-
satances w;, wj, 2w;, 2wy, w;+w,, w;—w, This point is of
importance in connection with the summation and difference
tones which arise when two loud pure sounds are applied to the
ear together. 'They owe their origin to the asymmetrical response
of the eardrum.

Reaction of Vibrating System upon its Support. When a
spring-controlled mass is subjected to an alternating disturbing
force, a certain reaction is exerted by the spring upon the support
to which its fixed end is attached. The calculation of this force
is of interest, particularly in view of the fact that springs are
often interposed between vibrating machines and the floor with
a view to minimising the transmission of vibratory forces.*

The displacement and velocity of the mass in its motion are
given by x =Feivt/iwZ and % =F,¢'@/Z. The force transmitted
by the spring to the floor is equal and opposite to the force upon

* C. R. Sodeburg, Elec. ¥., 21, 161, 1924,
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the mass, and is equal to 7% + sx if the damping 7 is exerted by the
spring. [Evaluating from this we find that the force upon the
floor is equal to

- Fo ., [ /s F, s
Force=rx+sx=me'(wt ¢)\r-z<;>}=l_z_l 72+a_)§eo(wt $-6 (I
where tan ¢ =(mw —s/w)/r;  tan 0 =s/rw.
Where a spring is employed to minimise the transmission of
vibration, the transmissibility e of the system is defined as the

maximum value of the transmitted force divided by the maximum
value of the applied force, and is given as follows :—

€=Vt (sjw)?|Z|

i.e.
A2 n2
n W
T AT 2 ot (17)

wtatm?
where A =7/2m, and n/2x, the natural undamped frequency, is
equal to (1/27)Vs/m.

The calculation of the natural undamped frequency of the
system n[ = (1/27)V/s/m] requires a knowledge of the load m and
of the stiffness s. The latter quantity is the total force required
to give unit displacement of the spring, and in c.g.s. units is
expressed in dynes per cm. In the case of a perfect elastic
support upon the floor the natural frequency can also be expressed
in terms of the deflection D produced by a load of mass m ; the
equation is #% =g/4w®D, g being the acceleration due to gravity.

The curves of fig. 7 have been derived from equation (17)
and show the transmissibility of the spring for three values of
the viscous damping defined by A/n(=r') and for various fre-
quencies of the impressed disturbing force. The case in which
there is no damping is that defined by r'=0. Considerable
damping is represented by 71 =1. We note that in all cases when
the forcing frequency w/2m is equal to or nearly equal to the
natural frequency n/2x7 of the system, e is very much larger than
1 and the spring support actually facilitates rather than decreases
the transmission of vibration to the floor. The transmissibility

€ is equal to unity when w =0 and when w =V 2n. Itis only if
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the forcing frequency is, say, more than 4 or 5 times the natural
frequency of the mass upon its elastic constraint that the vibratory
force transmitted to the support or floor is considerably reduced
by the presence of the spring. Increased damping in the spring
then increases the transmission of vibration to the support;
consequently damping in the spring is not really desirable. On

n
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F16. 7.—Transmissibility curves for elastic supports

the other hand, damping in the support would reduce its
resonances'and be beneficial.

Another case requires notice. If a massive body rests upon
elastic supports and a known degree of simple harmonic vibration
£, cos wt is communicated to the underside of the elastic support
by, say, the earth upon which it rests, the equation of motion of
the mass is identical in form with equation (6) above. The force
transmitted to the mass may be shown to be related to the dis-
turbing displacement in a manner proportional to that represented
by fig. 7; the transmitted amplitude being related to the dis-
turbing amplitude in the manner represented by fig. 4. Both
sets of curves show the advantage of having the natural period
of the system low compared with the forcing frequency, but
fig. 4 shows that damping is advantageous in this case.

An aspect of the problem which arises in laboratories is the
insulation of delicate instruments from vibration. Miiller *
recently described a method of isolating galvanometers by placing

* R. Miiller, Ann. d. Phys., 1, 613, 1913.
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them upon a heavy base carried upon a special flexible support,
and discussed other types of support which have been proposed.

Vibration Insulating Materials. Several elastic materials are
available for use in isolating floors from vibration due to attached
machinery. Metal springs may usually be employed, and whilst
in their larger sizes they are often bulky, they have the advantage
that the stiffness s is independent of the load; consequently
the selection of a spring for a particular purpose presents no
difficulties. Some materials, such as cork and felt, show in-
creasing transmissibility with load which arises from increased
stiffness on compression. In consequence it is necessary to
stipulate that the quantity s to be used in equation (16) relates to
the elastic condition under the load concerned. The variability
of such materials with load and possibly with age makes them less
precise than springs. B. E. Eisenhour and F. G. Tyzzer,* how-
ever, have given data for cork and various other materials, and
Table III (p. 28) is largely based upon their results. They worked
on samples 12 in. by 12 in. in area up to loads of 21 Ib. per sq.
in., and higher pressures were obtained by reducing the area of
the test pieces. In the case of cork and felt, provided the thick-
ness was not large compared with the width or breadth, the
stiffness did not vary appreciably with area; it was the same
for the full test specimen as for 64 separated and small specimens
of the same total area. Tests on natural cork showed that the
restraining band which is usually used to hold specimens to-
gether caused no appreciable change in the stiffness. With some
materials under considerable load, increasing the load increased
the stiffness so much that the natural frequency actually rose.
The figures in the table relate to a 1-in. thickness under load as
measured 24-48 hours after the load is applied. The natural
frequency for any other thickness can be calculated by dividing
the frequency given in the table by the square root of the thick-
ness in inches. At the National Physical Laboratory arrange-
ments have been devised whereby measurements may be made
of the actual transmissibility of various materials under specified
conditions of loading and excitation.}

Rubber compounds containing a large percentage of pure
rubber are often convenient, but in this case the stiffness depends
upon the area of the pad as well as upon the load. The reason

* B. E. Eisenhour and F. G. Tyzzer, Frank. Inst. ¥., 214, 691, 1932*
t N.P.L. Annual Reports, 1930, 1931, 1932.
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TaBLE 111

Natural Frequencies of Loaded Pads of Various Materials
(each 1 in. thick under Load)

Natural Frequency for Loads
Materials (Ibs. per sq. in.)
(Test Pieces 30 to 144 sq. in.
except where stated)
1 b 20 50 100
Natural cork . . 74 54 35 24 18
Natural cork (16 sq m) . 24 % | 17%
Compressed cork (light) . . 83 50 33 26
Compressed cork (medium) . 99 58 36 26 24
Compressed cork (heavy) . 63 39 26 26
Fibre board . . 61 42 28 22 22
Felts—Hair . . . . 31 24 21 21 24
Asbestos . . . 56 38 26 21 21
Wool . . . . 33 25 22 21 25
Jute . . . . 36 30 30 26 21
Rubber, soft—20 sq. in. . . 14| ...
10 sq. in. . . 12 4
7% sq. in. . . 16+ ...
§sq.in. . . 104

* Calculated from transmissibility measurements by
Aughtie and Brown (Engineering, 133, 564, 1932). | Thickness 1 in.
t Calculated from figures given by Hull and Stewart unloaded.
* (loc. cit.).

Materials are unlikely to sustain the higher loads indefinitely, and
arrangements should be made for occasional renewal when materials
are under considerable loads.

is that rubber is nearly incompressible if entirely confined, so
that when the material is compressed, any deflection is taken up
by change in shape rather than in volume. When the area is
large and the rubber thin the confinement is almost total, and
the stiffness is very high. In the case of 1-in. soft rubber Young’s
‘modulus is three times as great for an area of 50 sq. in. as it is
for 10 sq. in., the relation between area and modulus being
nearly linear. For taking account of these properties fig. 8
shows the area of a pad of rubber, 1 in. thick, to be used for
various loads to give two constant values (10 and 14 cycles per
second) of the vertical natural frequency of the system.* If a

* E. H. Hull and W. C. Stewart, A.I.E.E., Tran¥., 50, 347, 1931.
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support were designed to have a natural frequency when loaded
of, say, 14 cycles per second, it would be effective in reducing the
transmission of sounds of audible frequencies above about, say,
60 cycles per second—a very low note.

As an example of the use of resilient materials to isolate
against vibration of external origin, mention may be made of the
isolation of rooms by insulating the floor and walls from the
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F1G. 8.—Area of soft rubber pad (1 in. thick)
required to give specified natural frequencies ..
under various loads
earth by a layer of cork or other materials. An interesting
example is afforded by certain experimental rooms of the acoustical
laboratories at the National Physical Laboratory (fig. 54, p. 159).*
Each experimental room, of 14-in. masonry, is built upon a
ferro-concrete floor ; the floor is supported only at its corners,
and each corner rests upon a steel-banded layer of 24-in. natural
cork on the top of a masonry pier about 4 ft. by 3 ft. in area.
The loading of the cork—about 50 lb. per sq. in.—is such that
the natural frequency of the room upon its supports is of the
order of 20-30 cycles per second, and extraneous vibrations of
frequencies above about 30 vibrations per second are largely
cut off. In view of the high loading provision is made for
supporting the rooms upon hydraulic jacks when it is necessary
to renew the cork insulation.

* N.P.L. Annual Report, p. 59, 1932;



CHAPTER 1I1I
SOURCES OF SOUND

IN experimental acoustics first importance attaches to those
sources of sound which emit pure notes, consisting of a single
fundamental tone, unaccompanied by harmonics or overtones.
The wave-form associated with a pure tone is that known as
simple harmonic, and is represented graphically by a sine curve
when the disturbance of the air (pres-
sure, velocity, or particle displacement,
\/\/\/\A/ etc.) is plotted against time. The im-
portance of pure tones, which are the
{a) Tuning Forl: only sounds which are unchanged in
character when they are transmitted
from one system to another, is due to
the fact that when the behaviour of a
system to pure notes is known over a
wide range of pitch, its behaviour can
(b) Tuning Fork (Struck vidently) ~ be  predicted for a more complicated
sound containing specified overtones.
As everyday examples of sources of
pure notes mention may be made of the
tin whistle and " the ocarina, both of

which are remarkably pure. Of organ

(¢) Reed Orqan Pipe pipes the flute and diapason pipes give
Fic. 9.—Wave-forms of ~ the nearest approach to purity. Open
sounds pipes contain the full series of harmonics,

but the closed pipes give only the odd members of the series.
Narrow or overblown pipes favour the emission of the upper
partials. Tuning-forks, when vibrating in their simplest manner,
give exceedingly pure notes, the wave-form obtained being as
illustrated in fig. 9 (a). For comparison fig. 9 (b) shows the
wave-form associated with a violently struck fork, in which

the more leisurely fundamental vibration is accompanied by
: 30
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subsidiary ﬁuctuatxons of hlgher frequency, and fig. 9 (c) the
complicated wave-form of a certain rced-organ pipe.

The pitch of a tuning-fork depends upon its dimensions. For
steel forks having prongs of length / m. and thickness d mm.
Mercadier * gave the formula for thew frequency (r) as

¥

~818270.—2
" (+38)

Auerbach 1 gives the following as preferable :—

d+0-5

~818000 - >
" (+38)

The rate of decay of the vibration of a struck fork depends upon
several factors. A slow rate of decay is ensured by the use of
a rigid base between the prongs and, if the fork is to be held in
the hand by the stem, by a design which reduces the amount of
energy transmitted down the stem through movement of the
centre of gravity of the prongs. Thus the prongs should be
fairly close together, and should be exactly balanced—i.e. of
exactly equal weight and dimensions. A rigid base also dis-
courages the production of overtones.}

As a source of sound of high frequency giving a series of pure
notes Galton’s whistle may be mentioned. Edelmann’s § type
of this'whistle is shown in fig. 10. In reality it is a type of small

-
-—
b

Flb. 10.—Edelmann whistle

organ pipe, consisting essentially of a very short cylindrical pipe
with a sharp edge, upon which is directed a blast of air from an
annular nozzle. The pitch of the note can be varied by moving
a piston at the closed end of the pipe by means of the micrometer
screw shown to the right of the figure. The distance of the
nozzle from the pipe needs adjustment to suit sounds of different

* Mercadier, Comptes Rendus, ‘79, 1001, 1069, 1874,

t Auerbach, Winkelmann’s Handbuch d. Physik 11, 348, 1909,
1 M. T. Edelmann, Phys. Zeits., 6, 445, 1905.

§ M. T. Edelmann, Ann. d. Phys., 2, 469, 1900,
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pitches, and the micrometer to the left is available for accurately
setting this position. In practice only a few different nozzle
settings are necessary in covering the range of pitch of the instru-
mept. The range may perhaps be taken to be from about
3500 cycles per second up to the upper limit of audibility or to,
say, 20,000 cycles per second. By using the whistle with a
standard air pressure it is possible to obtain reproductibility in
the pitch of the note emitted if temperature conditions remain
constant,.

Stern’s* ‘tone variator,” fig. 11, is essentially a cylindrical
Helmholtz resonator blown by an air blast directed over its

T N
I A\

Fi1G. 11.—Stern ‘tone variator’

orifice. 'The note emitted is said to be pure, and its pitch can
be varied. ‘

Pistonphones. For special purposes mechanically driven
pistons are used as standard sources of sound, particularly for
producing known audio-frequency pressure oscillations in small
spaces for the purpose of calibrating microphones. In a form
of pistonphone used by Wente t up to frequencies of 200 cycles
per second, a small enclosure was closed at one end by the
diaphragm of a microphone under calibration, and the other end
was closed by a movable piston (fig. 12). The piston received a
known simple harmonic oscillatory displacement through the rota-
tion of a large cam. The pressure in the enclosure is calculable
from the known piston displacements. Naturally it is possible to
drive a piston electrically, by means of, say, the moving coil of a
loud-speaker movement, and to measure the piston displacements
by some suitable device. In an instrument (due to N. Fleming)
in use at the National Physical Laboratory { the amplitude of
vibration of the piston is measured by means of a device in
which a steel point attached to the piston bears upon an arm
mounted on a torsion strip which carries a small mirror.

* W. Stern, Phys. Zeits., 5, 693, 1904,

t E. C. Wente, Phys. Rev., 19, 333, 1922,
I N.P.L. Annual Report for 1932, p. 93.
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T'hermophone (after Ballantine).  See p. 34

Calibration of a gliding note record by an optical method
(Buchmann and Meyer). See p. 51

[p. 33
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It is possible to infer the amplitude of vibration from
measurements of the electrical motional impedance (p. 75) of
the moving system, and this gives agreement with optical
measurements up to about 300 cycles per second. Above
this frequency the motional impedance method fails, owing
to lack of rigidity of the connections between the piston and
the driving coil.

Microphone diaphragm

Fi1G6. 12.—Pistonphone (Wente)

If it were not for the cooling effect of the walls of the piston-
phone chamber, the pressures would be calculable from the
adiabatic compression to which the contained gas is subjected.*
The walls, however, are generally metallic, and when allowance
is made for their cooling effect the formula for the pressure
developed becomes

, JP\.}SE{ N - \1])Sw N ,%<(V - 3Sw>2}'* (Ballantine 1) (1)

or

v l-—<+—5 (Wente 1) (2)

_ VPOS£{ Sw Sw2 \%
p= aV  2a?V? I

the two formule differing only in the bracketed term, which
represents the allowance for cooling by the walls of the chamber.
The difference is a matter of approximations, and is only two
or three per cent. even at frequencies as low as 20 cycles per
second where the difference is greatest.

* If an enclosure, in changing from volume V to V - dV, compresses
the contained gas adiabatically, the pressure P, changes to Py +p where
?/Po=»(0V/V). This yields p=pc2(dV/V) where (= \/yPo/p) is the
velocity of sound in the gas.

t S. Ballantine, Acous. Soc. Am. ¥., 3, 319, 1932,

I E. C. Wente, Phys. Rev., 19, 333, 1922,
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In the formulz

P, =ambient pressure.
y =ratio of the specific heats ( =1-4 for air).
o =(wpC,/2k)V2 = 3-Tf V2 for air.
S, =area of metallic walls.
S =effective area of piston.
¢ =amplitude of piston motion.
V =volume of enclosure.
k =thermal conductivity of the enclosed gas.
C, =specific heat of the gas at constant pressure.
p =density of gas.

Thermophones. The fact that acoustic effects accomparny the
passage of alternating current through a thin conductor was noted
by Braun (1898), and considered in greater detail by Weinberg
(1907). De Lange * employed the effect in a device known as
the thermophone. Arnold and Crandallt developed the theory
of the instrument, and subsequently Wente,] who was concerned
with using it as a precision source of sound for the calibration
of microphones, developed formulz which were found to agree
closely with such experimental tests that it was possible to apply.

A simple form of thermophone is indicated in Pl II, p. 33.
It consists simply of a piece of platinum strip (0-00007 cm.
thick), clamped at the ends in flat terminals. It may be actuated
in two ways. If an alternating current I sin wt is passed through
the strip the heating effect is proportional to RI?sin? wt=
3RI%(1 - cos 2wt), so that the frequency of the acoustic waves
sent out from the strip in consequence of this alternation of local
heating of the air near the strip is double the frequency of the
applied alternating current. In the second method of excitation
the foil is heated by alternating current (say 0-06 amp.) super-
posed upon a larger direct current (1 amp.) I,. The heating
of the strip is proportional to

R(I,+1 sin wt)? =R(I,? + 312) + 2RI, sin wt — $RI2 cos 2wt  (3)

In this case the octave term is negligible, if I,/I is large, and the

acoustic waves sent out have the frequency of the exciting alter-

nating current. The equations lead to the following practical
* P. de Lange, Roy. Soc., Proc., 91, 239, 1915,

t H. D. Arnold and 1. Crandall, Phys. Rev., 10, 22, 1917.
1 E. C. Wente, loc, cit,
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points. If only a small quantity of alternating current energy
is available, greatest acoustic effect is obtained if direct current
energy is added up to the limit that the strip will bear. On the
other hand, if an indefinite quantity of alternating current of
any frequency is at hand, a pure tone of a given frequency
can be obtained best by exciting the strip wholly by alternating
current of half that frequency. Naturally the presence of a
large direct current is obligatory where it is desired to make the
sound waves reproduce the electrical waves in both frequency
and form.

The thermophone has been used in calibrating microphones,
and, on inserting a small thermophone in the ear canal, in deter-
mining the threshold of audibility.

As an experimental verification of the formule obtained for
the pressures set up in a small enclosed space by the thermophone,
Wente inserted a condenser microphone in one wall of a small
enclosure, and calibrated it over a range of frequencies with the
aid of four thermophones which differed greatly in their physical
constants, the formule being used to compute the pressures
produced in the enclosure. The four calibrations agreed closely,
and were the same as an independent calibration made with a
pistonphone.

A recent discussion of the theory of the thermophone, par-
ticularly in connection with its use in calibrating microphones, has
been given by Ballantine.* His formula differs somewhat from
Wente’s—by as much as 20 per cent. at lowest frequencies
(80 cycles per second). The disadvantage of the thermophone is
the complicated formula involved, which includes a dozen or
more physical quantities, some of which (e.g. thermal capacity
of the foil and thermal capacity of the gas) are not known with
satisfactory accuracy. Upon certain assumptions Ballantine, who
included a boundary condition to take into account the fact that
the walls of the enclosure are usually of metal and thus at ambient
temperature, obtained the following expression for the peak value
of the alternating pressure developed in a thermophone enclosure,
which is small compared with the wave-length of the sounds
concerned :—

28 0-48I,I,R :
P = CVAL T D ()

* S, Ballantine, Acous. Soc. Am. ¥., 3, 319, 1932.
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where
D _<1 _ 4£S? >2+<1 + 4S +4kSa+ 4kS? >2
- «wCVA VAa wC oCVA
and
T, vy
A =,I—"s_o . ;—:i' - 1

m=(y —1)Ty/yPy
a = (nf C,p/R)2

C =total thermal capacity of the foils (mass x specific heat).
I, =steady component of foil current (amps.).
I, =peak value of a—c in foil (amps.).
R =total resistance of thermophone foils (ohms).
T, =mean temperature of the foil (absolute degrees).
T, =average temperature of the gas (absolute degrees).
k =thermal conductivity of the gas.
p =density of the gas.
C,, C, =specific heats of the gas.
y =C,/C..
P, =average pressure in the enclosure (ambient).
S =total area of one side of thermophone foils.
V =volume of enclosure.
f=frequency of I,.
w =27f.

The formula derived earlier by Wente did not include the
boundary condition referred to, and neglecting radiation may
be written

28 0-481,1,RM ;
pl_meVAa ) [1+<1+.3_S_+?£,Sﬁ>2]”2 (5
VAae oC
where :
S, S,2 \t2
M =<l - %+ 2V2a2> (6)

»

is a corrective factor, derived separately, to take account of the
conductivity of the walls. S, is the total area of the walls of the
enclosure. .
Piezo-electric Sources. A suitably cut piezo-electric crystal
can be made to execute vibrations when suitably excited by a
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transverse alternating electric field. The best-known crystals
of this type are quartz, tourmaline, and Rochelle salt.* The
latter gives the largest effects, but is mechanically fragile and
inconstant. The amplitude is small except in the region of
resonance of the crystal, and this is usually so high in pitch as
to be supersonic. Consequently piezo-electric crystals are used
as sources of sound only where very high frequencies are required,
as, for instance, in directional submarine signalling. On the other
hand, the vibrations of a plate of quartz subjected to a known
alternating e.m.f. of frequency well removed below the natural
frequencies would serve as a definite standard of amplitude.

To obtain a suitable plate of quartz, it should be cut so that
its broad faces are perpendicular to one of the three co-planar
electric axes, and its breadth (length) parallel to the optic axis.
Its length (breadth) will then be perpendicular to both these
axes, and an alternating electric field applied perpendicular to
its broad faces will result in vibrations. The length / and thick-
ness ¢ vary together in unison with the exciting field, in such a
manner that the volume of the crystal remains constant.

For directional submarine signalling in connection with
location of objects and of the ocean bed by the echo method,
Langevin employed a piezo-electrically driven sound generator.t
Sections of quartz crystals were firmly sandwiched between two
iron slabs of thickness appropriate to the frequency of the note
to be emitted. One side of the generator thus produced was in
contact with the water in which the signals were to be sent out,
and the other was shielded by a watertight case. Frequencies
of the order of 50,000 cycles per second were employed, and the
necessary electrical stimulus was obtained from an electrical
oscillator. A similar assembly was used to receive the echo,
the alternating pressures giving rise to corresponding e.m.f.’s in
the quartz slabs. The high frequencies concerned are of course
above the audible limit,} and circuits similar to those used in
radio reception are used in the receiver.

* C. B. Sawyer, Inst. Radio Eng., Proc., 19, 2000, 1931.

1 See French Patent 505903 (1918); British Patent 145691 (1920);
and Nature, May 9, 1925.

Other forms of oscillator for echo depth-sounding are also employed.
?g;oF E. Smith, Roy. Inst., Proc., 24, 342, 1924; A. B. Wood’s Sound,

I Asurvey of work on supersonic vibrations has been given by J. C.
Hubbard, Acous. Soc. Am. ¥., 4, 99, 1932.
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Electrical Telephone Receivers. A very convenient and
adaptable source of sound is an electrical telephone receiver
or loud-speaker. For the production of pure notes a receiver
should be actuated by audio-frequency alternating current of
pure sine wave-form. Electrical oscillators are available in which
the frequency of the current can be readily altered over the whole
audio-frequency range by turning the knob of an air condenser,
so that it is easy to obtain a wide range of pitch and of intensity
from a loud-speaker excited by such means.

The ordinary telephone receiver is a robust sensitive instru-
ment in which a magnetic diaphragm of steel or ferrotype is
clamped rigidly at the edge in such a position that the central
part of the diaphragm is supported just clear of the pole pieces
of an electromagnet, fitted with a permanently magnetised core

Without the permanent magnet the telephone receiver would
be much less sensitive and would emit the octave of the frequency
of the exciting current. This may be seen from the following.
If S represents the effective area of each pole of a receiver magnet,
and if X is the length of the air gap at each pole, then the total
reluctance in the two air gaps is 2X/S. Since the rest of the
magnetic circuit is metallic, this is the principal reluctance.
Assuming the permanent magnet to have an active structural
magnetomotive force F,, there is in addition a cyclic magneto-
motive force F =4xIn due to the current I through the # turns of
the coils. This yields a total m.m.f. of Fy+F in the circuit.
The magnetic tractive force on unit area is B?/8, directed along
the flux paths, where B is the flux density and is equal to
(m.m.f.)/(reluctance x area). Thus the total pull P by the two
poles of the magnet is given by

2
p=2S_B =__S_(F0+F)2= S
87  167X? 167X2

(F o2+ 2F, F)
approximately, if F/F, is small. This may be rewritten

S nSF,I
P=Py+ —FoF =Pyt —or
In the absence of the permanent magnetic flux the vibromotive
force would be SF?/4nX? (i.e. 47n*I?/X?), so that the alternating
part is increased by the permanent field in the ratio 2Fy/F, a
quantity which is normally very large, say of the order of 500.
Without the permanent magnet the force on the diaphragm
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would depend upon the square of the exciting current I, and
would thus be positive whether the current I was positive or
negative. Thus as the current performed one cycle of variation
from positive to negative and back to positive, the force on the
diaphragm would perform two cycles from positive to zero and
back to positive. The frequency of the diaphragm would thus
be double that of the exciting current.

If the permanent magnet is unduly weak, or if the receiver
is actuated by excessively strong alternating currents, the term
F? cannot be neglected, the force on the diaphragm is no longer
harmonic when the exciting current is sinusoidal, and even
harmonics appear.

In experimental work the usual ebonite cap which clamps the
diaphragm should be replaced by a metal one, to improve the
constancy of theinstrument, buteven this does not achieve complete
constancy, particularly when changes of temperature are involved.

In the Brown * reed type of receiver a strip of soft iron
clamped at one end lies with its free end across the gap of the
magnet. Attached to the reed is a light aluminium cone which
acts as the sound-emitting surface when the reed moves under
the action of an exciting electrical current in the coils of the
telephone receiver.

Ordinary telephone receivers exhibit pronounced diaphragm
resonance at a frequency of about 800 cycles per second, together
with others at higher frequencies. The efficiency is very small
at frequencies below, say, 250 cycles per second and above
3500 cycles per second. The sharpness of the resonance peak
can be reduced considerably by filling the air space behind the
diaphragm with wax and reducing the clamping projection in
the ear-cap so that only 10 mils separate the inner surface of the
cap from the diaphragm ; this procedure also raises the frequency
of the resonance slightly. Wente and Thuras + have described
the design and construction of a telephone receiver, on the
moving-coil principle, which is largely free from resonance
defects. Fig. 13 shows a section of the receiver. It resembles
in many respects a loud-speaker unit which had been described
previously by the same authors, and which is referred to later.
The response characteristic of the receiver was determined ex-
perimentally (as well as by calculation) by using a calibrated

* S. G. Brown, Patent Specification 29833/1910.
t E. C. Wente and A. L. Thuras, Acous. Soc. Am. ¥., 3, 45, 1931,
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condenser microphone to measure the sound pressures set up
by the receiver in a small enclosure. It was found to be very
uniform up to a frequency of, say, 2000 cycles per second, and
moderately uniform up to 9000 cycles per second, but having
a depression in the region of 4000 cycles per second.

The wave-front of the sound emitted by a telephone receiver
is spherical except within a centimetre or two of the diaphragm
itself. In effect the receiver acts as a simple point source.
Thus the acoustical pressure set up at a point in the air is

Coil Dished diaphragm

F16. 13.—Moving-coil telephone receiver

inversely proportional to the distance of the point from the
diaphragm. It should be remembered, however, that the
particle velocity of the air does not obey an inverse law near
the source (p. 58). W. West has made considerable use of
ordinary telephone receivers in acoustical measurements, in-
creasing the output of the receiver by resonance.* At frequencies
below 1500 cycles per second he uses the receiver in an open-
ended tube, and adjusts the frequency—or length of tube—to
resonance. The sound emitted from the end of the tube (7 cm.
diameter) agrees closely with that calculable for a point source
at the mouth of the tube, at least for distances not less than 6 cm.
from the mouth. At frequencies above 1500 cycles per second
he forms an acoustical resonator by means of an adjustable cap
over the front of the telephone, a central hole in the cap bging
about 1 cm. in diameter. In this case the hole acts practically as
a point source.

Electrical Loud-speakers. Electromagnetic Loud-speakers.
Many loud-speakers, particularly early types, were of the form in
which an iron diaphragm moves under the action of the varying
strength of an electromagnet. The type is not very constant for
laboratory purposes, for its sensitivity usually varies appreciably

* W. West, I.E.E., %, 67, 1137, 1929,
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with temperature owing, for instance, to alteration in the gap
between the magnet and the diaphragm.

A moving-coil type is preferable for measurement purposes.
In this, as in the moving-coil receiver, a non-magnetic diaphragm
carries a coil of wire moving in a constant magnetic field (fig. 14).
The type can easily be so designed that the coil moves always
in a region of uniform magnetic field, and then the loud-speaker
has, over a wide amplitude range, an amplitude response propor-
tional to the magnitude of the exciting current.* The moving-coil

Diaphragm

Moving
- . cotl
x/ <<§//% Moagnetizing
. mE

NN

Fi1c. 14.—Movement of moving-coil loud-speaker

type has also a resistance which varies but little with frequency,
and a practically negligible reactance.

Moving-coil loud-speaker movements are available for use
with horns, and also as the central driving unit of large light
diaphragms. The former type is advantageous for the repro-
duction of high frequencies, but the air chamber between the
diaphragm of the loud-speaker and the throat of the horn sets a
limit to the highest frequency attainable. For efficiency at high
frequencies the chamber must be thin, but for working at low
pitches the separation must clearly be sufficient to permit the
somewhat large vibrations of the diaphragm associated with
them. :

A loud-speaker movement of high efficiency working on the
moving-coil principle has been described by Wente and Thuras
(fig. 156).+ It was intended primarily for public address in large
halls and for use in conjunction with a large horn. By the use
of a special type of dished aluminium diaphragm and an annularly
flared unit for acoustically coupling the diaphragm to the horn,
it is ensured that pressure variations set up by the inner and

* A. H. Davis and N. Fleming, Phil. Mag., 2, 51, 1926.
t E. C. Wente and A. L. Thuras, Bell Sys. Tech. ¥., 7, 140, 1928,
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outer portions of the diaphragm reach the throat of the horn
approximately in phase up to high frequencies. An experimental
test showed that for a particular size of diaphragm and area of
throat, this type of coupling raised the cut-off frequency from
about 3500 to 6000 cycles per second. With a unit attached to
an exponential horn of 115 cycle cut-off, the response was sensibly
uniform over the range 115 to 7000 cycles per second. The
coil employed in the movement consisted of a single helix of

Throat of horn
Diaphragm

Sheeck coil
Magner

i

U
Magnet coil

Fi1G. 15.—Moving-coil loud-speaker (Wente and
Thuras) with dished diaphragm and annularly
flared coupling to horn

aluminium ribbon wound on edge, adjacent turns being separated
by insulating lacquer. This type of coil is self-supporting, no
spool being required ; practically 90 per cent. of the volume is
metal, heat is readily dissipated, distributed capacity between the
turns is small, so that the impedance varies but little with fre-
quency, and the coil can be made accurately to dimensions so that
small clearances suffice between the coil and the pole pieces.

L. G. Bostwick * designed a horn type moving-coil receiver
which, having a specially thin coupling-chamber (1/40 cm.), is
efficient up to frequencies as high as 12,000 cycles per second.
The chamber is so thin that large vibrations of the diaphragm
such as are usual at low pitches are not possible. The instrument
is therefore used in a circuit which filters low frequencies from
the input, and it is only of value for supplementing an ordinary
loud-speaker. The diaphragm is of thin duralmin, dished to
provide rigidity. It carries a moving coil composed of an edge-
wise wound aluminium ribbon, the total weight of the movement
being only about 1/6 of a gram. A suitable horn for the move-
ment has a throat area of about 1/56 sq. cm. An annular opening
is employed having a diameter slightly greater than half the

* L. G. Bostwick, Acous. Soc. Am. ¥., 2, 242, 1930.
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diaphragm diameter in order to reduce interference effects in
the chamber.

The German ‘Band-Sprecher’ employs, in conjunction with
a horn, a movement composed of a strip of thin aluminium foil
about 12 cm. by 1 cm. lightly clamped at the ends and placed
in the field of a strong electromagnet.* Currents in the strip
cause it to vibrate and generate sound waves.

In hornless loud-speakers, where ‘moving coil,”  moving iron,’
or ‘moving conductor’ movements are used as the driving move-
ments of large light diaphragms, the diaphragms may be stiff
paper in the form of a shallow cone,t but R. W. Paul and B. S.
Cohen ] have contrived one in which the diaphragm is a light
disc of Balsa wood ; it is said to be relatively too powerful in
the upper register. If a diaphragm of 10 inches diameter were
perfectly rigid the pressure waves sent out from different parts
of the diaphragm would interfere at higher frequencies and the
output of sound above 1000 cycles per second would therefore
fall off. In practice, however, diaphragms ‘break up’ into
complicated centre-moving symmetrical modes of vibration, and
exhibit numerous resonances in the upper frequency range.
N. W. MacLachlan § has shown that the action of the moving-
coil loud-speaker in the upper register depends upon these
resonances, and depends in the lower regions of pitch upon
resonances determined by the controls of the diaphragm. Owing
to interference in the surrounding air, and to other causes, con-
siderable attenuation occurs above, say, 5000 cycles per second.
For paper diaphragms the conical form is preferable to that of
a flat plate, because the curved surface is more rigid to flexural
vibrations, and breaks up into resonant modes of vibration at
higher frequencies. Aluminium has been used as the material
of the conical diaphragm in order to provide greater mechanical
stiffness, and thus to raise the pitch of the resonances still further
and to give greater output in the region of 10,000 cycles per
second. Conical diaphragms may be supported at the base by
thin leather or rubber in a manner which imposes but little

* Gerlach, Phys. Zeits., 25, 675, 1924; Zeits. f. tech. Phys., 5, 576,
1924; Shottky, Zeits. f. tech. Phys., 5, 574, 1924, Phys Zeits., 25, 672,
1924 E.N.T., 2, 157, 1925.

t ‘C.W. Rxce andE W. Kellogg, 4.1.E.E., Trans 44, 461, 1925,

T R. W. Paul and B. S. Cohen, ¥. Sc. Insts 7, 50, 1930,

§ N. W. MacLachlan, Nature, 128, 517, 1931. See also Phil. Mag.,
7, 1011, 1929; 11, 1, 1931.
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restraint. For precision in acoustical work in which constancy
from day to day is advantageous, diaphragms and controls of
paper or leather would appear to have disadvantages. Often,
however, the variation is of small magnitude, possibly because
the chief controlling feature in such loud-speakers is the mass
of the moving parts. Among recent papers on loud-speaker
diaphragms may be mentioned one by MacLachlan and Sowter *
on the acoustical and mechanical behaviour of conical diaphragms,
another by Struttt on the radiation from circular diaphragms
oscillating with nodal lines, and one by MacLachlan ] on the
sound pressures set up by such diaphragms.

The advantage of the large diaphragm type of loud-speaker
lies in the fact that it is relatively easy to obtain substantial output
at frequencies as low as 40 cycles per second with an instrument
of convenient shape and dimensions, whereas horns capable of
dealing with such pitches would be of prohibitive length for
many purposes. To obtain a large output of sound at very low
frequencies a diaphragm of relatively large area is necessary, or
a bank of smaller diaphragms moving in phase. The former
requirement is evident when theoretical equations for the output
per unit area of a piston source are considered (p. 61), and the
latter is a related consequence which has been dealt with by
Wolff and Malter.§ In each case the diaphragms are supposed
to be mounted in an infinite baffle. For practical purposes the
baffle should be large enough (outside the diaphragm area) to
prevent circulation of air from front to rear of the diaphragm,
with consequent reduction of radiation.

The difficulty with diaphragm type loud-speakers is to produce
uniform amplitude at different frequencies. The horn type is
more efficient within the range of the horn, since a greater amount
of acoustic energy is utilised. The greater acoustic loading leads
to a more uniform relation between frequency and response. ||

Eddy-current Loud-speaker. C. W. Hewlett (Phys. Rev., 19,
52, 1922) devised a flat diaphragm loud-speaker in which the
diaphragm moves as a whole, the forces on the various parts
of the diaphragm being nearly in phase. It consists of a thin,

* N. W. MacLachlan and G. A, V. Sowter, Phil. Mag., 12, 771,
1931.

t M. J. O. Strutt, Ann. d. Phys., 11, 129, 1931.

I N. W. MacLachlan, Phys. Soc., Proc., 44, 540, 1932,

§ I. Wolff and L. Malter, Phys. Rev., 33, 1061, 1929,

|| H. Stenzel, Zeits. f. tech. Phys., 12, 621, 1931,
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non-magnetic metallic diaphragm between two flat coils through
which a constant direct current I, flows in such a way that the
magnetic fields tend to oppose each other on the axis. The
result is to produce a radial magnetic field in the diaphragm ;
then when a simple harmonic alternating current I of the fre-
quency w/27 is superposed upon the direct current, circular
currents are induced in the diaphragm, which thereupon is acted
upon by a simple harmonic electrodynamic force and vibrates
with the frequency of the alternating current. The forces on
the various parts of the diaphragm are nearly in phase; par-
ticularly so for those places where the force is large. Conse-
quently, the diaphragm may be considered to vibrate as a whole.
For low frequencies the electrodynamic force is approximately
proportional to wlyl sin (wt+ 68) and the amplitude of vibration
is approximately proportional to IjI/w. The absence of over-
tones is due to the absence of ferromagnetic material, and to the
fact that the radial magnetic field is constant. The aperiodicity
of the diaphragm renders the calculation of the performance of
the instrument practicable, and eliminates distortion, due to
resonance, in the wave-form of the emitted sound when the
instrument is excited by a complex alternating current.

The actual instrument described by Hewlett was used success-
fully at frequencies from 500 to 25,000 cycles per second. For
lower frequencies the instrument should be wound with a larger
number of turns, while for higher frequencies a smaller number
of turns of coarser wire should be used. In the quantitative
study of the performance the distribution of the magnetic field
between the coils was determined experimentally, the forces on
various parts of the diaphragm were calculated, and thence the
amplitude of vibration and the sound energy output were deter-
mined. With an aluminium diaphragm 0-0025 cm. thick and
10 cm. in diameter, a direct current of 1 ampere, an alternating
current of 0-085 ampere, and a frequency of 10%/2z, the amplitude
and the output were respectively 7 x 10-7 cm. and 9 ergs per
second. By increasing both direct and alternating currents
fivefold, the output could be increased over six hundredfold.
Measurements of the amplitude for various frequencies agreed
well with the calculated values. '

Since the instrument gives a pure tone of constant and
measurable pitch and intensity over a wide range, it should serve
as a useful source of sound for research and lecture purposes.
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Condenser Loud-speaker. In the condenser loud-speaker,
which may become practicable, audio-frequency voltages vary the
attraction between a diaphragm and a plate, and cause the dia-
phragm to move in response, and incidentally to move as a whole.
The elementary theory has been given by Hanna.* We shall
see later that the condenser principle produces a satisfactory
microphone, when employed with adequate electrical amplifica-
tion. Unfortunately, however, with condenser loud-speakers,
the considerable diaphragm movements which are necessary for
radiation of sound at low frequencies give rise to non-linear
distortion if the design does not allow for large amplitudes and
considerable alternating voltages. In the Kyle + form of con-
denser loud-speaker the fixed electrode is of corrugated metal,
and the moving electrode consists of a metal film carried on a
flexible dielectric of rubber compound. This lies upon the fixed
corrugated electrode, the rubber being between the two metal
electrodes.

Horns. At the narrow end of a horn sound energy enters
in the form of plane waves of considerable amplitude. It would
not be satisfactory, however, for the sound to have access to the
atmosphere through a tube of small diameter. For the energy
transmitted to the atmosphere by unit area of a vibrating rigid
piston in an infinite baffle (p. 61) increases considerably as the
size of the piston is increased, and indeed reaches a more or less
steady value when the piston circumference exceeds twice the
wave-length of the sound concerned. Consequently if frequencies
down to, say, 110 cycles per second (A =10 ft.) are to be dealt
with, the piston diameter should be of the order of 6} ft. It
is essential, therefore, for the sound to be actually communicated
tp the atmosphere over a fairly large area. The function of a
horn is thus to receive energy from a movement of small size,
and to deliver it to the atmosphere over a much larger area. The
matter is, however, somewhat complicated by the possibility of
resonances in the air in the horn, due to reflection of sound from
end to end along its length.

Naturally the shape of the horn affects the resonances.
Conical horns have been used, and in these the increase of radius
from throat to mouth takes place by equal increments for constant

* C. R. Hanna, Acous. Soc. Am. ¥, 2, 143, 1930.
t V. F. Greaves, F. W. Kranz, and W. D. Crosier, Inst. Radio Eng.,
Proc., 17, 1142, 1929,
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intervals along the axis. Calculations indicate that a conical
horn is much inferior to an exponential horn in which sectional
areas of the horn increase by a constant percentage for constant
intervals along the axis. In exponential horns the area of cross-
section (S) at a point distant x from the throat is given by the
equation S=S,e™*, where S, is the area at the throat and m is a
constant,

If a simple source of strength A * is situated at the small end
of a truncated horn where the area of cross-section is S,, and if
the mouth is so large (area S,) that its impedance matches that of
the infinite medium and the reflection from the opening may
consequently be neglected and associated resonances ignored, it
is calculable (on certain assumptions) that the average rate of
energy transmission per unit area from the mouth is given by t

pcA  Rixp?
28,5, (1 + k2

for a conical horn of solid angle Q( =S/x?), and

pcA? \/ m?c?
= e l —_
lw e =25 4oo?

for an exponential horn of equation S=S,em. In the equations
p is the density of the air, ¢ the velocity of sound in air, w/27
the frequency of the sound concerned, x, the distance of the
small end of the cone from the true apex, and % is equal to w/c.

It is to be noted that for frequencies below w =3imc the
exponential horn transmits nothing. However, when the factors
for the two types of horn are plotted it is found that above this
critical frequency the exponential horn rapidly reaches its full
radiating effect, whereas a conical horn does so very gradually.
The superiority of the exponential horn lies in this fact.

From the formule given above for the output of a conical
horn having an opening large enough for resonances to be
neglected (i.e. of circumference > 21) the following comments
may be made. (1) The intensity at the mouth is inversely pro-
portional to the solid angle (Q =8S,/x,?) of the cone, i.e. to the
inverse square of the angle of the cone. (2) At low frequencies
(kxy < 1) the intensity rises with the square of the frequency,

leav=

* Ie. a small source which alternately injects fluid into the medium
and withdraws it, the volume displacement being A cos wt at any time ¢,
t I. Crandall, Vibrating Systems and Sound, p. 161,
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and at high frequencies reaches a constant value inversely pro-
portional to the sectional area of the cone at the source. For
distortionless transmission x, should clearly be as large as
possible.

In the case of an exponential horn in which the cross-section
S at a distance x from the throat is given by S =S,em®, we infer
that (1) the rate of expansion m must not exceed 4nf/c (i.e. 2w/c
or 4m/)), where X is the wave-length of sound of the lowest
frequency (f) it is desired to radiate. (2) The mouth should be
large enough to ensure passage of sound without appreciable
reflection, i.e. the circumference should exceed 2A.

These requirements lead to a long horn with a wide opening.
Sometimes, to reduce the rather great length of horns required
to deal with low frequencies, folding is resorted to. Indeed,
ingenious forms have been used in which, to promote compact-
ness, the sound conduit is bifurcated once or twice, and sub-
sequently rejoined at the mouth. In the design of folded horns,
however, the tendency for resonant transverse vibrations of the
air to be set up at bends must not be overlooked. This is indi-
cated by some experiments made with a curved conduit in a
ripple tank,* when it was observed that pronounced stationary
waves occurred at a certain bend, the direction of vibration
being transverse to the conduit, and that transmission through
the conduit was much reduced at the frequencies at which such
transverse resonance occurred.

Kellogg 1 has considered devices for obtaining, in as reason-
able a space as possible, horns capable of dealing with frequencies
as low as, say, 30 cycles per second. For this frequency the
area of the horn should double in about every 2 ft., and the bell
should be about 18 ft. diameter. Kellogg suggests that the walls
and floor or walls and ceiling at one corner of the room could
be made to serve as the final bell. The rate of expansion of the
pyramidal bell thus formed should not exceed that of the part of
the horn it replaces and, in order that it should match the expan-
sion of a horn which doubles its cross-section every 2 ft. (A/18:1),
the transition from horn to room surfaces should be made at about
6 ft. (A/27) from the corner. In effect therefore the corner of
the room should be cut off at about 6 ft. from the vertex, and
the corner replaced by the exponential horn. The area at this

* A. H. Davis, Phys. Soc., Proc., 40, 90, 1928,
t E. W. Kellogg, Acous. Soc. Am. ¥., 3, 94, 1931.
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junction would be about 58 sq. ft., so that the flare of the ex-
ponential part of the horn would need to be of this area—a
circumstance which fixes the length of horn for a given throat
area.

Within the working range of a horn the acoustic impedance
at the throat is substantially the same as that of an infinite straight
tube of the same diameter. It should be mentioned that the
reaction of a horn upon a driving diaphragm may be given any
desired value by choosing the proper ratio for the areas of the
throat of the horn and of the diaphragm (p. 203).

The theory of horns has been stated by Rayleigh (Sound, 2,
66), and was the subject of special investigation by Webster
(Proc. Nat. Acad. Sci., 5, 275, 1919). Other articles*on horns
include those by Kellogg (Gen. Elec. Rev., 37, 556, 1924), Hanna
and Slepian (4.L.E.E., Trans., 43, 393, 1924), and Goldsmith
and Minton (Inst. Radio Eng., Proc., 42 B, 1924). Horns may of
course be used to concentrate incoming sound upon microphones
(Olson and Wolff, Acous. Soc. Am. ¥., 1, 410, 1930).

Gramophones and Gramophone Records. Gramophone
records are now constructed which are of value when it is desired
to produce pure tones by simple means. In conjunction with a
gramophone or with an electrical gramophone pick-up they may
be used as a substitute for an expensive electrical oscillation
generator for giving electrical alternating currents of good wave-
form and known frequency. The records are also of considerable
value in the rapid and accurate comparison of the relative merits
of various types of complete gramophones, of sound boxes or of
horns, as well as for the purely electrical test of ‘pick-ups,’
amplifiers, loud-speakers and associated equipment.

It is possible to obtain a set of 100 different frequencies, each
of 50 seconds duration, the set covering the range 25-8460 cycles
per second. Some care is necessary in adjusting the speed of
the turn-table, but with the speed accurately set it is claimed
that the frequencies on the record are correct to within 1 per
cent. Records are made to produce a constant output of a.c.
energy from 250 cycles upwards, but below 250 cycles ‘there is
a gradual decrease of energy owing to the fact that the considerable
amplitudes otherwise involved would result in waves in one
groove cutting into the waves of the adjacent groove. The
amplitudes are such as to give a more or less constant value of
about 2} in. per second for the maximum needle velocity at
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frequencies above 250 cycles per second, but only about a quarter
of this value at 25 cycles per second. The double amplitude
associated with these velocities ranges from 0-008 in. at 25 cycles
per second to about 0-0001 in. at 8000 cycles.

In addition to constant frequency records other types are
made for acoustic purposes. One record useful for testing
frequency characteristics of ‘pick-ups,’ complete gramophones,
etc., gives a tone which, starting with a pure note of high fre-
quency—say 6000 cycles per second—glides gradually downwards
in pitch during the course of the record until, at the end, a low
tone of, say, 100 cycles per second is reached. In this record
the velocity of the needle point is approximately constant at all
the frequencies during running, variations lying within limits of
+ 30 per cent. ( + 2 decibels), a variation which is often negligible
for acoustic purposes.

Another useful type of record produces a tone of which the
frequency varies, say, 10 times per second by a definite percentage.
It thus produces a frequency band which is traversed about 10
times per second whilst the mean frequency remains constant.
For some records the width of the band is comparatively small,
as, for instance, in the case of the tone of approximately 5000 + 50
cycles per second, or even of 150 + 50 cycles per second. Thus
a series of band notes of different average pltches are available.
Such records are useful for acoustical work in enclosed rooms,
since a note of varying pitch minimises the tendency for stationary
waves to develop in an enclosed space, and tends to give rise to
an average distribution of sound everywhere. Again, records
having a large frequency band (say 950 -+ 650 cycles per second,
or 1800 + 1600 cycles per second) are available. They are useful
in tests—such as those of the output of batches of telephone
receivers—where it is sufficient to measure a mean value of
behaviour over a large frequency range. Records are also con-
structed in which an oscillatory frequency change is superimposed
upon a note of steadily gliding pitch.

Calibration of Gramophone Records. Gramophone records
of pure notes may be calibrated for frequency, on the assumption
of a given rotational speed of the turn-table, by observations of the
length of the record wave by means of a travelling microscope.
Alternately measurement may be made of the frequency of the
alternating e.m.f. produced in an electrical pick-up used in con-
junction with the record. Particularly where the note is of
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gliding pitch it is convenient to use a cathode ray oscillograph
for observing the frequencies, obtaining upon the screen a
Lissijous’ figure (p. 166).

To some extent it is possible to measure the amplitude of the
excursions of the record groove in a direction perpendicular to
the normal line of groove by means of a travelling microscope.
Greater magnification is required in measuring the amplitude of
the high-frequency records than in measuring low, because the
amplitude in high-frequency records is so small.

E. Meyer and P. Just * employed an electrical arrangement
to determine the relative amplitudes in a pure-note gramophone
record which gave a note gliding slowly in pitch from 100-
6000 cycles per second. The velocity of rotation of the turn-
table was so regulated that the e.m.f. from the electrical pick-up
was of the same frequency at all points of the record : the e.m.f.
given by the pick-up was then a measure of the amplitude at
the corresponding point of the record. G. Buchmann and
E. Meyer t have described a simple optical method of calibration.
Parallel light is allowed to fall obliquely on the plate, and on
reflection from the grooves, is observed across the plate as a
luminous band, the breadth of which is directly proportional to
the velocity amplitude. By observation of a gliding-note record
in this way it is readily possible to deduce from the uniform
breadth or otherwise of the band, whether the record is uniformly
recorded at all frequencies; and by means of photographs
measurements can be made and absolute values of the velocity
amplitude deduced (PI. 1II, p. 33).

* E. Meyer and P. Just, E.LN.T., 6, 264, 1929.
t G. Buchmann and E. Meyer, E.N.T., 7, 147, 1930.



CHAPTER 1V

THEORETICAL RELATIONS FOR SOURCES
OF SOUND

General Wave Relations. The general relation for the propaga-
tion of sound waves of small amplitude in three-dimensional
space is

624'_ 2<ﬂ’ ﬁ ﬁ>_ L r2U2h —
P 8x2+3y2+62z =0 or ¢—-c*Vi=0 (1)

where ¢ is the velocity potential at a time ¢ at a point of co-
ordinates x, y, 2, and where ¢ is a constant, equal to «/p, where
« is the volume elasticity of the medium, and p its density. We
shall see that ¢ is equal to the velocity of sound waves in the
medium concerned. In sound waves fluctuations are rapid and «
has therefore its adiabatic value yP, where P is the mean pressure
of the gas and vy the ratio of its specific heats.

The velocity potential is an important hydrodynamical quan-
tity from which the component velocities ¢ 7 { of a particle at
the point x, y, 2 may be deduced as follows :—

S w s
'y oz
Moreover, the excess pressure ‘p’ ( =«s) at the point due to the
acoustical disturbance is given by the equation

_eas=? _,%
é —c2s=p or  p=p

3)
where p is the density of the medium at the point x, y, 2, and
‘s’ is the condensation defined by the relation p =py(1 +5).
If P is the average pressure in a gaseous medium, we have for

adiabatic expansion '

P [p\”

P K—P—> =(1 +s)y =1+sy approximately 4)

P Po
Consequently p/P =sy and ¢* =V yP/p.
52
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The general procedure in solving a three-dimensional acoustical
problem—including that of determining the radiation from a
source—is to find a solution of (1) which satisfies the boundary
conditions. With ¢ thus determined, the excess pressure (‘p’)
the ‘particle velocity’ (¢, etc.)—and indeed other quantities as
well—may be deduced from equations such as (2) and (3).

In the case of plane waves with the fronts perpendicular to
the axis of x the equation (1) reduces to

oy _ 0%
o ©)

A similar expression can be obtained in terms of the particle
displacement £,
02 0?
et ©
or " ox?

Naturally in solving problems relating to spherical propaga-
tion of sound it is often desirable to employ polar co-ordinates
(r6) rather than cartesian co-ordinates. In the particular case
of spherical symmetry about the origin—such as arises with a
small source of sound at the origin—¢ is a function of r and ¢
independent of 6, and we have

b-o 22 2% ™)

o r or

which may be written
oAr8) -~ (r) =0 ®)

and the velocity, ~E¢ in the direction of the radius, is uniform

over any spherical surface having the origin as centre.*
General Solutions of Simple Wave Equations. The general

* The general expression for V3¢ in polar co-ordinates (, 0, ) is

o 20 1 ¢) 1 %
24 — s e r——— ——
Vig = Ty T sno 80<sm 030 r¥sin? 0 0%
where x =r cos ¢ sin 0,
y=rsin 0 sin y,
2=rcos 0.
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solutions of equations (1) and (8) are respectively

¢ =f(ct — x)+F(ct+x)
r¢ =f(ct —r)+F(ct+7) }

where the functions f and F are arbitrary, and are determined
by the initial conditions. The term f(ct—x) represents a wave
travelling outwards with velocity ¢ in the direction of x positive,
for the value of ¢ is unchanged when x and ct are increased by
equal amounts. This identifies ¢ with the velocity of sound
waves in the medium. The term F(ct+x) represents a wave
travelling in the opposite direction.

In the case of waves of simple harmonic form the wave
proceeding in the outward direction may be written

(9)

d=f(ct-x)=A cos{?;-r(ct -x)+e} =A cos (wt-kx+e€) (10)

or in complex form
95 = Aelwt ~kz +€) =(C +D,‘)et(mt—kx) (11)

where k =27/)A, and A =the wave-length, or distance between two
successive maxima ; w =kc =2nn, where n is the frequency or
number of oscillations per second at any point.

As an illustrative solution we may take the case of waves
proceeding outwards from a simple harmonic point source. At
such a source fluid is supposed: to be introduced periodically at
a rate given by 4wA cos wt, ie. in complex notation, by the
real part of 4rAeit,

The solution which satisfies the boundary condition * may
be expressed in a complex form and also in a real form thus :

Complex Form Real Form
¢,=1—}e‘(“’"‘k"9) =% cos (wt—kr-6) (12)
where
tan 0 =kr
0 7 '
whence, remembering that ¢ = _5? and p =Pa_qt$’ we have

* Rate of introduction of fluid =rate of flux through surface of
sphere of small radius =4nr%, =47A cos ot when 7 is vanishingly small.
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/1 \A A !

(2 Vit - k) E—— 24— -
ér <T+lk>retw r k+rzcos(wt kr) (13)
) =le:A i(wt - kr - 0) =Acr¢k sin (wt —kr- 0) (14)

Specific Acoustical Impedance—Average Rate of Energy Flux.
An important quantity is the ratio p/¢ that the pressure p at a
point bears to the resultant particle velocity ¢ of the medium.
It is known as the ‘specific acoustical impedance’ of the medium
at the point, and is of special importance when it is evaluated
at the driving surface of a source of sound.

Generally it is a complex quantity which may be written

. % X
g=r+ix=Vr2+x2/ 0 where tan B=;

r is known as the specific acoustical resistance, and x as the
specific acoustical reactance. A positive reactance is in phase
with the acceleration and is an inertance. A negative reactance
is a stiffness.

In dealing with energy flux we must leave complex quantities.
The average rate of energy flux per unit area at a point is given by

l w Iav = |P X é lav =Pmnx X émnx x cos § = %réfnax =réx21v (15)

where 0 is the angle of lag between p and £.*

Reaction of Medium upon Source of Sound. The medium
surrounding a source of sound has a reaction upon the motion
of the source. This reaction can be ascertained readily if the
equations of motion are written in complex form.

If the source is driven by an external harmonic force (the real
part of Feiwt) the equation of motion in the absence of reaction
by the medium is (cf. p. 10)

M¢ + RE + pé = Feiot (16)

where M, R, and p are the mass, resistance, and stiffness of the
system.

The effect of the medium is to exert upon unit area of the
source a pressure equal and opposite to that which the source
exerts upon unit area of the medium. The latter pressure is

* If p =A cos wt and & =B cos (ot - 0) then p£ =AB cos w? cos (wt - 06),

i.e. (p&ay) =AB{cos (2wt ~0) +cos 0)ay =AB cos 0, since the average
value of cos (2wt - 0) is zero.



b6 MODERN ACOUSTICS

given by z¢ (i.e. (7 + ix){ according as the specific acoustic re-
actance is positive or negative), where z is the average specific
acoustic impedance of the medium at the surface of the source.
If the reaction is uniform over the total area S of the surface of
the source, the total external force upon it is Fei@w! — S(r & ix)¢.
Consequently the equation of motion is

ME + [R + S(r & ix)]é + ué = Feiot (17)

Since in harmonic motion -if =wf and +if ={/w we may
rewrite this as

<M +§::c>£ +(R+S7)é + p¢ = Feiot (18)

or
M¢ + (R + Sr)é€ + (n + wSx)é = Feiot (19)

according as the specific acoustic reactance of the medium is
positive or negative.

Thus the mechanical resistance Sz of the medium increases
the resistance to the motion of the source, and the mechanical
reactance Sx causes an addition either to the inertia of the system
or to its stiffness, according as the sign of the reactance is positive
or negative. -

Alternatively equation (17) may be solved by the method of
complex analysis (see p. 19) and the solution is found to be

i(wt - $)
f-
where
Z=(R+Sr)+i(mw—% + Sx)
and
mw -—’:—v + Sx
@RS

with the same interpretation as before.

Sound Waves of Finite Amplitude.* In the theory of pro-
pagation of sound waves it is assumed that the condensation is
not great, and so certain second order effects are negligible.

* Rayleigh, Sound, 2, 32; Lamb, Dynamical Theory of Sound, p. 174.
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That such assumptions are normally justifiable is seen from the
range of condensation given on p. 107 for normal sounds. When,
however, the condensation is finite these second order effects
must be taken into account. The relations are somewhat com-
plicated, but for plane waves equation (6) of p. 53 is replaceable

by
325_ 232§ ( 3£>y+1

¢ at2/ S (20)
if adiabatic expansions of the gas are concerned, y being the
ratio which the specific heat of the medium at constant pressure
bears to that constant volume. For isothermal expansions the
equation differs only in that » must be replaced by 1.

For small values of 9¢/0x—that is, for waves of small condensa-
tion or amplitude—the equation becomes identical with (6)
which relates to waves travelling with velocity ¢, = VyP/p,. The
velocity for waves of large amplitude is, however, found to be

c=co(1+s)r+1) (21)

relative to the undisturbed medium. The velocity increases with
the condensation.

Summarised Acoustical Data for Simple Sources. In the
following pages equations for a number of simple sources are
summarised, so far as sounds of small amplitudes are concerned.
In general the quantities velocity potential, velocity, pressure,
and acoustic impedance are given in complex form in one column
and in real form in a second column.

The symbols used in expressing the data are the following :—

¢ = Velocity potential ; p =density of medium ; ¢ =velocity
= —ogjor;
p =pressure =p,0¢/dt ; ¢=velocity of sound in medium
n =frequency ; A =wave-length of sound in medium ;
x =specific acoustical impedance =p/¢ =7 +ix,
where r =specific acoustic resistance,
where & =specific acoustic reactance ;
| w, |2y = average rate of energy flux per unit area at a surface
=4 b =7,€) = Prax X €max X COs 6 where 0 is the phase
angle between p and ¢;
w =2mn = ke = 2mc/A.
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Point Source of Strength 47A in infinite medium (47A is
the maximum rate of emission of fluid at source and 47A cos wt is
the momentary rate at a time ¢).

At a distance r from the point source.

¢, = éei(wt - kt) o= = cos (wt — kr) *
r r
1
b=+ gilot —kr) = _ _Jk2+ - sin (wt — kr - 0) where tan 0 = !
r r 7 kr
= wkp oA eilat - kr) _ Adpok sin (wt - kr)
pokwA?
[ 0y o I
|E |o =2mpA%kw

Infinite Plane radiating into semi-infinite medium, the
normal velocity £, of the plane being ¢, cos wt.
At a distance r from the plane.

éo etwt ~kr) —é’ sin (wt - kr)
¢ = éoet(wt ~kr) =¢, cos (wt — kr)
=pcé ettt - kr) =pcé, cos (wt - kr)
At the surface of the plane.
£, = £t = ¢, cos wt
=peé it =pcé, cos wt

=pc (pure resistance) = pc

l wslav ="}Pcéoz

A .
* Also ¢,=; sin (wt - kr +7/2), a form which bears a close relation
to the form convenient in connection with a pulsating sphere."

1
Also &, ——\/ k? + 5 cos (wt — kr +0,) where tan 8, =kr, but the above
form reveals the relatlon between & and » most clearly.
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Double Source in infinite medium. A double source con-
sists of two point source components equal in strength ( + 47A)
but opposite in phase, separated by a vanishingly small distance.

At a distance r, in a direction inclined at an angle a to the axis
of the doublet,

<}+ik A
r

¢ =——— cos aetlwt-kr)
r

The radial and transverse components of the velocity are to be
found by the formule - d¢/or and — 0¢p/roa respectively. Near
the origin they are of the same order of magnitude. At a distance
the lateral velocity is less in the ratio 1/kr.

I E Ia.v = %Pk4c‘"A2
Near the source, where kr is small, ¢oc cosa/r?. At a distance,

. kA .. .
where kr is large, </>oc—r cos a, and conditions are not very dif-

ferent from those due to a point source. In a direction perpendi-
cular to the axis of the doublet, ¢ =0 at all distances.
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Pulsating Sphere in infinite medium.

Mean radius =a. Normal surface velocity £, = ¢, cos wt.
Let

2 -3 24
A,(com lex) = fz"éo(l—lk@ > Areal = '—a§$*
compler) =] kg Vitka
tan 0 =1/kr; tan 0, =1/ka
At a distance r from the centre of the sphere.
' — A —
b, =%—e’(w‘"k’"a) = sin (wt - kr —a+0,)
1

é,=———r———e¢(")‘—‘”"“) =;\/k2+;§ cos (wt —kr —a+0,-6)
Dr =1_P_€‘:_Ifei(wt ~kr-a) =pcﬁ\k cos (wt — kr —a + ;)

At surface of source.

¢, = £ et = ¢, cos wt
3 peaké, N ak
Ps= mka +i)ewt = pcéo———-—\/1 — cos (wt + 6)
a*k?* | akt ) ak
= P4 = e 0 == -1
% ”C<1 e Taea)  Bm e 40t ke

<’r, =pc when ka is large >
x, =ipcka when ka is small

k2a?
l ~boep gt

I E lav =47Tazl wslav

* When the source is very small 47A =4na?, =strength of source.

t At low frequencies the ‘added mass’ for the whole sphere is
4ma®p, and equals the mass of fluid occupying 3 times the volume of the
sphere. This can be large in water. In general the added mass per
unit area is pa/(1 +k%a?).

If ka is greater than = (i.e. a/A > 0-5) the source can be considered as
sc;lnding out practically plane waves, the pressure and velocity being in
phase,
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Piston, in Infinite Baffle, radiating into semi-infinite medium.
Diameter 2a. Velocity of Piston ¢, =, cos wt.
At any point.

¢=_§%m4&-md&
T

where 7, is the distance of the point from an element dS of the
surface of the piston.

At a point on axis, at a distance r from the piston.
b, =f§9eiwt(e—ikvm —emikry = fi‘[sin (wt - kV7? +a2) - sin wt — k)]
py = — pekoeiot(e~kViital _ g=ikr) - _ pcéo[cos(wt EV7? + a?) — cos(wt - kr))
. — Spckysint SV -
=2pcé,? sin? 1’;? if a=mh, r>>ml

At the surface of the piston.
£, =yt = ¢, cos wt

ijst =ma, 2, . £t =ma%, | z,| cos (wt - 6)
(Total force on piston)

- {5520

2, 4 o 2
=pc|:l -l—z—’;lJ if ka is large, |2, =ch/1+_Tk7_2’ L0 =tan™? —

TRA

k% 8k , I
—pc[——;— +t¥]l if kaissmall, |z,|= pc a\/ 9m?k%a? + 256, /0 =tan™! ——

e =wﬁ L)

(mean value over surface).

3nka

* High-frequency Radiation. If m®A>r>ml, the intensity is large,
and passes through a series of maxima and minima.

Low-frequency Radiation. If r>m?A, the intensity declines rapidly
without oscillations. It is approxlmately equal to 2pc£o’n’m‘l’/4r’ and
varies inversely as the square of the distance. The radiation outwards
from the distance m?A =r is in fact confined approximately to a cone of
angle 6 =a/m? with its apex at the piston centre.

t The specific acoustic impedance is not constant over the surface
of the piston and the average value is given.

,gz) and K,(2) are Bessel functions, details of which are given on

31

I The added mass per unit area is 8ap/3z when ka is small.
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1+ k%

ka

F16. 16.—Data relating to a pulsating sphere source

03

1 - J{Zkal

ka

Kf2re

2k%d*

Fic.

ka

17.—Data relating to a piston source in an infinite baffle
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Line Systems of Point Sources, all in Phase. The directional
radiation from sources of sound has been the subject of a paper
by I. Wolff and L. Malter,* who considered various systems of
point sources, line sources, and plane surface sources, and gave
references to earlier work by H. Stenzel.t

In the case of a line of point sources or a continuous line
source, the relative intensities on a circle in a plane passing
through the points or line and having the centre of the source as
centre are as follows :—

For equally spaced point sources on a straight line,

sin nZ

a i
nsinZ

For straight line sources,
sin Z,
oC

R, Z

(22)

where a =angle between the normal to the source and the line
joining the source and observer.
d = distance between point sources.
n =number of point sources.
A =wave-length.
Z =(nd|}) sin a.

Z, = (ml/A) sin a, where [/ is the length of the linear source.

R, =directional characteristic at angle a, is the ratio between
the pressure observed at a point and the pressure
which would exist there if the vectors from the
sources all arrived in phase.]

There is supposed to be no phase difference at different points
of the source, and the amplitudes at all points of the source are
supposed to be equal.

Generally speaking such sources give directions of maximum
radiation, with a number of subsidiary maxima between the
large ones. A special case given by Wolff and Malter is illus-
trated in fig. 18.

Line Systems of Point Sources, Phases Different. The char-
acteristic of a line of equally spaced point sources, when there

* 1. Wolff and L. Malter, Acous. Soc. Am. ¥., 2, 201, 1930.
t H. Stenzel, E.N.T., June 1927 and May 1929.
1 See Wolff and Malter’s paper for exact definition.
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F1G. 18.—Theoretical radiation distribution characteristics of five point
sources on line (special case)
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is a progressive phase shift ¢ between the successive point

sources, is
. [d sin a 45]
sin nw 5 + om
. [d sin a da]
nsinm ——+5-
the symbols having the meaning indicated on p. 63. Many
references and curves showing the characteristics of various
sources of this type have been given by H. Stenzel * and Foster.t
This characteristic differs from that of a system of point sources
with no phase shift in that the direction of the principal maximum
is at an angle y to the normal of the line of sources instead of
being on the normal, where sin y = $A/27d.
The characteristic of an odd number (n=2m+1) of point
sources all of the same intensity and phase equally spaced upon
the arc of a circle of radius R is

k=4m
! >, cos [g;l—{ cos (a +k0):|

T

Ra=

(23)

k=+m
+i D) sin [2%13 cos (a+k6)] l (24)
=—m
where 6 is the angle subtended at the centre of the circle by the
arc joining any two successive point sources, and a is the angle
between the radius drawn through the central point and the line
joining the source and the distant point. The expression for
an even number of sources is similar.

The analyses have been extended to the cases where the points
in a system of sources or the elements of a line source are not
all radiating with the same intensity. An interesting case is pre-
sented by a linear source with a distribution of velocity of the type
f(v) =e=™* between x =0 and x =1/2, and f(v) =e™* between x =0
and x = —[/2, where f(v) represents the distribution in intensity
along the source, m is a constant and [ is the length of the source.
By changing the value of m, a wide variety of sources can be
studied. When m is positive the intensity drops off from centre
to edge, when m is negative it increases, when m is zero a source
with uniform distribution of intensity is obtained. The larger

* H. Stenzel, E.N.T., 4, 239, 1927; 6, 165, 1929,
t Foster, Bell Sys. Tech. ¥., 5, 292, 1926.
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m is, as a positive number, the more rapid the decrease in intensity
towards the edges and as a limiting case for m = — o0, the single
point source is obtained. On the other hand, the larger m is,
as a negative number, the more rapidly the intensity increases
towards the edges and as a limiting case for m = — co, two point
sources are represented. When all the points are in phase, the
relative sound intensity, at a distance, along a circle in the plane
of the line for this exponential distribution is

w [e“"(Z sin Z — w cos Z) +w]

Rq= 1 (25)

—e®

w?+72

In this equation w =/m/2 and Z = (nl/]) sin a.

Surface Systems of Point Sources. In general actual sources
are not lines or points, but consist of a single surface or a number
of surfaces. Wolff and Malter * show that many results obtained
for points and lines may be used to determine the radiation
from surfaces by a consideration of the two following general
ideas :—

(1) A great many surface distributions are of the form
f(v) =f1(%)f:(y) where f(v) represents the distribution of intensity,
and the phase distribution is represented by F(v) =F;(x) + Fy(y).
In this case the directional Characteristic is represented by

1
[ria] firay
&

the integration being carried out over the entire surface. a is
the angle which the line connecting the point and source make
with the plane normal to the x axis, and B is the angle between
the same line and the plane normal to the y axis. It is seen
that the radiation characteristic is equal to the product of the
characteristics of two mutually perpendicular line sources with
intensity and phase distributions given respectively by

fy(%) and Fy(x)
fo(y) and Fy(y)

(2) Very often it is desirable to consider the directional char-
acteristics of a combination of identical line or surface sources

* I. Wolff and L. Malter, loc. cit.

Rg=

| jfl(x)e2ﬂ{(x sin a/A) - Fy(2)/27)}dx

j Fu(y)e2milysin Bi3) - Ew)i2midy | (26)
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linearly arranged and equally spaced. It can be shown that the
directional characteristic in this case, or in the general case of a
spatial distribution in which the sources are held parallel to each
other, is equal to the product of the characteristic of a similar-
arrangement of point sources, by the individual characteristic
of each separate source.

Because of its interest for the approximate calculation of the
directional characteristics of cone radiators, which are in common
use, the radiation from a plane circular surface source is given
as developed by Stenzel.*

In this case 2mr
2] 1<

— sin a>
Ry= A

2mr (27)
— sine
where ], is Bessel’s function of the first order, 7 is the radius
of the circle, and « is the angle between the line connecting the
point and the source and the normal to the plane of the circle.

Circular Membrane. So far as low-frequency excitation is
concerned, a stretched circular membrane, vibrating in its funda-
mental mode, may be treated dynamically as a piston of which
the mass is one-third of the total mass of the membrane, and
of which the stiffness constant is 277 where = is the tension
(stress per unit length) of the membrane. The natural frequency
is given by n _L [ 122 T , Where ‘m’ is the mass of the

27 m Ta

diaphragm of radius ‘a,” p the mass per unit area. This result
differs by only about 1 per cent. from a more rigid calculation
of the natural frequency of an undamped membrane.

For a piston to be a source of sound of the same strength as
a diaphragm of equal area the velocity of the piston must be
equal to 0-306 times the velocity of the centre of the diaphragm.

It is well known that circular membranes may vibrate in
several natural modes in which there are certain nodal lines where
no motion takes place. The lines may be ‘nodal circles’ or
‘nodal diameters,” and a number of modes are illustrated to scale
in fig. 19. The positions of these nodal lines, and the membrane
frequencies associated with them, are calculable as follows. The
typical solution’of the differential equation for the normal free

* H. Stenzel, E.N.T., 7, 87, 1930,
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vibration displacement ¢ of a point on a membrane may be
written
£ =A](kr) . cos (s6 + a) cos (wt +¢) (28)

where (7, 0) are the polar co-ordinates of the point measured
from the centre of the membrane as origin of co-ordinates,

SICIC
P-1 p2 p-3
DO @
Pt P‘J

D&

‘P !‘é’ VAV

Fic. Ig.—-—Modes of vibration of a cucular
membrane

s=number of nodal diameters
p=number of nodal Cird‘ezs;i including the clamping
circle

k=wlc, A, a and € are constants, and s is an integer. J(2) is
a Bessel function of the sth order of the first kind (p. 318).

If the membrane is fixed at the periphery, where r=a, we

2

have J,(ka) =0, a relation which determines k< =%n> and thus
the natural frequencies of the membrane. From the equation
the position of nodal lines may be deduced. Concentric nodal
circles have radii given by

J(kr)=0 (29)
Nodal diameters are given by :
0+a=+3m; £47. .. (30)

The diameters, s in number, are equally spaced at intervals of #/s.
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- It will be noted that the order of the Bessel function J,(k7)
determining the radii of the nodal circles and the form of the
membrane displacement depends upon the number s of nodal
diameters. The forms of the first two functions Jo(2) and J;(2)
are given in fig. 20. They reveal the characters of the normal
modes which occur with no nodal diameters, and with one nodal
diameter respectively. The curves may be taken to represent
a section through the centre of the membrane, normal to the

J(z) 3\_
10 5 10

J(z)

10 i 9/\? N

N T
Fic. 20

nodal diameter in the latter case. To a first approximation,
when ka is small, Jo(k7) is paraboloidal (=1 — }&%r%).

The natural frequencies corresponding to various modes of
vibration are calculable from the values of kr for which J,(k7) =0.
In the case of no nodal diameters s=0, and the first three roots
of Jo(kr) are 0-766m, 1-757m, 2-7557 corresponding to frequencies
0-766¢/2a, 1-767c/2a, and 2-755¢/2a. The frequencies do not
form a harmonic series. In the case of one nodal diameter s =1
and the first three roots of J,(kr) are 1-220m, 2-333x, and 3-238x,
corresponding to frequencies 1-220c/2a, 2-333¢c/2a, and 3-238¢/2a.
It will be realised that the natural frequencies of a circular
membrane are closely spaced in any frequency range above the
fundamental owing to the variety of possible forms of vibration.
Some 44 natural frequencies occur in the first three octaves.

If a driven membrane vibrates in these higher modes it is
clear that adjacent sections moving in opposite phases will emit
sound waves which immediately interfere with each other and
result in a considerable degree of neutralisation. It is not then
possible to treat the membrane as a piston moving with all its
area in phase. It is desirable, therefore, when using a circular
membrane as a standard source, to drive the membrane at fre-
quencies below its fundamental, or to ensure that the driving
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force is of such a distributed character that the various parts
of the surface shall move in phase.

When a harmonic force F cos (wt+a) per unit area acts
uniformly over the surface of the membrane the displacement

is given by
Jo(k7) } F
- —1p— 31
e~ b
and the amplitude becomes very great whenever ka approaches
to a root of Jy(ka)=0, i.e. whenever the impressed frequency
approaches that of one of the symmetrical modes. When ka is
small the displacement is approximately

£=1 (-7 (3)

and corresponds to the static deflection that would be caused by
a steady force F.

Circular Plate. A thin flexible disc clamped at the edges has
a fundamental mode of vibration in which it takes a concave or
convex form as a whole, and also certain other higher modes
of vibration in which nodal lines are present. For a circular
disc of radius 7, and thickness ¢, the material of which has density
p, Young’s modulus E and Poisson’s ratio o, the fundamental
frequency () of vibration is given by (Rayleigh, Sound, 1, 366)

- 2-56tVe
72V 3p(1 - o?)

For steel 0 =0-31 and the equation becomes approximately

(33)*

n=15-" /¢

ar*N p
and Ve/p is the velocity of sound in the material—about 4700
metres per second. Diaphragms of ordinary telephone receivers
have a thickness of, say, 0025 cm. and a diameter of 5 cm., whence
the natural frequency should be in the region of 940 cycles per

second (p. 305).

Kennelly and Taylor have explored the motion of a tele-
phone diaphragm in various points of its surface. The exact theo-
retical calculation of the shape of the diaphragm vibrating in its

* For the second gravest mode of vibration the constant of pro-
portionality is approximately 10 instead of 2-56.
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fundamental mode is a matter of difficulty, but a simple
empirical formula which agrees well with experimental results is

£, =€, cos? <7—2T J—:> ' (34) -

where £, is the displacement at any distance x from the centre
of the diaphragm of radius 7, and &, is the displacement at the
centre.* Thus if x=0, £, =§,, and if x=7, £{,=0, which agrees
with boundary conditions. It is found from this equation that
the volume displacement of air in front of the diaphragm due
to movement from flat to concave is equal to that which would
result from the movement of a piston, of 0-29 of the diaphragm
area, through a distance equal to the displacement of the centre
of the real diaphragm.

Membranes and Plates (General).t The general analysis of
the vibrations of membranes and plates is somewhat complicated.
Rayleigh + deals with stretched membranes, rectangular and
circular, and shows that when the boundary is rectangular natural
frequencies are given by the equation

n_\/TJm2+n2
N N a2 B2

where T is the tension, p the superficial density, @ and b the
lengths of the sides of the rectangle, and m and » are integers.
The mathematical difficulties in the case of the vibration of plates
are even greater than with membranes. Reference may be made
to standard treatises on the theory of sound, and also to a
recent paper by Francke,{ who, dealing with the vibration of a
stretched circular plate clamped at the edges, gives diagrams
showing the modes of vibration. R. C. Colwell § deals with the
vibration of membranes and plates having at the edges one
degree of freedom—a condition which is approximately fulfilled
in the Chladni plate.

References to papers dealing with the effective mass of and
the radiation from diaphragms and flexible discs are given else-
where (pp. 44, 79) in sections on loud-speakers.

* J. A. Fleming, L.E.E., ¥., 61, 613, 1923,

t Rayleigh, Theory of Sound, 2nd ed., 1, 306, 352, 1929; H. Lamb,
Theory of Sound, 2nd ed., 141, 1925.

{ G. Franke, Ann. d. Phys., 2, 649, 1929,

§ R. C. Colwell, Phil. Mag., 12, 320, 1931; Frank. Inst. ¥., 213,
373, 1932,



CHAPTER V

ELECTRO-ACOUSTICAL RELATIONS FOR
ELECTRICAL SOURCES OF SOUND

The Electrical Impedance of Telephone Receivers. When a
source of sound is driven electrically, the acoustical reaction
exerted by the medium upon the source has certain repercussions
upon the apparent electrical impedance of the source. The effects
are exemplified by the variations which
are observable in the electrical im-
pedance of a telephone receiver as
the frequency of the exciting current
is varied, and the principles are
effectively illustrated by the theory
of the receiver.

In the study of the electrical im-
pedance of a telephone receiver there
are two main characteristics to notice.
Firstly, the existence of hysteresis in
the magnet gives rise to an apparent
resistance component which is not con-
stant, but which depends upon the

F1G. 21.—Vector diagram of frequency. Secondly, the diap.h ragm
the impedance of a telephone resonance leads to marked variations
receiver in the electrical impedance of the in-
strument as the frequency is varied in the vicinity of the
resonance region. It is therefore desirable to consider the
impedance of the instrument when the diaphragm is clamped
so that it cannot move (‘ damped impedance’), as well as the im-
pedance (‘free impedance’) when the diaphragm is free to move.

Damped Impedance. Fig. 21is a vector diagram of the damped
impedances of a telephone receiver measured at constant current
as the frequency is varied. The length OA represents the direct
current resistance of the receiver. Owing to hysteresis and to

skin effect (assumed constant), the magnetic flux lags behind the
72

)

X cosf3
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vector OA by the angle 8. The vector reactance is therefore
developed from A in a direction perpendicular to the flux, i.e. in
the direction AB. At any frequency (w/2) the vector reactance
is represented by a length x =wL along this line, where L is the

2
8
?‘soo 3 +1001
§
3 2001 3
] s 0
] 9
g 2
& 100} '~:: -100"
-2
3
o IA . \ = A )
0 100 200 300 =100 [} 100 200
Resistance (ohms) Motional Resistance (ohms)
(a) Total impedance diagram (b) Motional impedance diagram
»
-~
v 300 ~ 300
3 # free é’ damped
3 -
-~ damped S free
N
200 © 200
22 $ 27
N 9
s ~
bed v
3 = $ 100p
] IODT/‘ 14
Iy A 2 o 1 L A
0 500 1000 1500 [} 500 1000 1500
Frequency (cycles per sec.) Frequency (cycles per sec)
(¢) Variation of resistance with frequency (d) Variation of reactance with frequency

Fi1G. 22.—The electrical impedance of telephone receivers

damped inductance of the telephone receiver. The impedance
of the receiver as measured is then the vector Z=OB, having
a real component R =R, +] « | sin 8 and an imaginary component
X =|x]cos B. These are respectively the apparent resistance
and reactance of the receiver at the frequency concerned. The
damped impedance diagram for an actual receiver is shown in
the straight line in fig. 22 (a), this being the locus traced out, as
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the frequency is varied, by the point defining the resistance-
reactance relation. ,

Free Impedance. When the free impedance diagram s plotted a
line similar to AB is obtained, but modified by a loop (fig. 22 (a)).
If at any frequency we find the vector difference between the
damped impedance and the free impedance we obtain the im-
pedance due to the motion of the diaphragm (‘motional impe-
dance’) at that frequency. When the components of the motional
impedance are plotted on an impedance diagram at a series of
frequencies we obtain, as was first pointed out by Kennelly and
Pierce,* a curve which is normally very nearly a circle passing
through the origin of co-ordinates (fig. 22 (b)). Each point on the
circle corresponds to some definite frequency, and shows the
resistance and reactance components of the motional impedance
at that frequency. The diameter of the circle which passes
through the origin of co-ordinates—i.e. the diametral vector—is
depressed below the resistance axis by an angle 28, which is twice
the angle of lag of the magnetic flux behind the phase of the
exciting current. The frequency at the point at which the
diametral vector intersects the circle is the resonant frequency
of the diaphragm under the conditions imposed by the con-
struction of the receiver.

The representative curves for a telephone receiver shown
in fig. 22 have been compiled from data given by Kennelly.t
The first two illustrations show respectively the curves
obtained when, at a series of frequencies, the resistance
and reactance components of the total and motional im-
pedances are plotted against each other. The others show
the damped and free resistance and reactance as a function
of frequency.

Theoretical Equations of the Telephone Receiver. When the
diaphragm of a telephone receiver is vibrating in its fundamental
mode, it may be regarded as a certain equivalent mass subject
to elastic restraint, and moving under the action of impressed
magnetic forces. Equations of motion were derived on this basis
by Poincaré, who laid the foundation of the mathematical equations
for a simple receiver.]

* A. E. Kennelly and G. W. Pierce, Am. Acad. Sci., Proc., 48, 113,
1912,

t A. E. Kennelly, Electrical Vibration Instruments.

1 H. Poincaré, E‘clairage Electrique, 50, 221, etc., 1907.
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The equations, when second order effects are neglected, may
be written *

% R M,
dt dt
(27)
(fj—l+rd—u+su—M'—OI
i t=

Here L is the damped inductance, R the damped resistance, M
the e.m.f. induced in the winding for unit velocity of the dia-
phragm and also, by the principle of reciprocity, the magnetic
force on the diaphragm for unit current. In the second equation
m is the effective mass of the diaphragm, r the damping force
per unit velocity of the diaphragm, s the force required at the
centre of the diaphragm to produce unit deflection, u the deflec-
tion at the centre of the diaphragm, 7 the current, and e the
applied e.m.f., a function of time.

The first of the equations is an equality between applied and
counter e.m.f.’s in the circuit, and the second is a simple state-
ment of the mechanical and magnetic forces on a constrained
mass. It should be mentioned that since hysteresis and eddy
currents give rise to a phase lag between the current and the
force on the diaphragm (p. 72), the quantity M which expresses
the relation between them is complex.

If e is a simple harmonic function of time of frequency w/2w
the solution of the equations (27) 1 is, in complex notation,

. (s — mw? + jor) e
"= - ma? +jro)(R +jol) +joM?  Z

where Z, equal to efi, is known as the electrical impedance of the
receiver. We find on inspection

(28)

2

M2
Z =R +joL + =R+ij+-? (29)

7 +j(mw — sjw)
where 2{=7+j(mw -s/w} is the mechanical impedance of the
diaphragm under its mechanical restraints. ‘

Clearly R+jwL is the ordinary damped impedance of the
receiver. The remainder (M?/2) is the motional impedance, and
will be denoted by Z,,( =R, +j*,,).

* See L. C. Pocock, Electrician, 87, 708, 1922,

1 The steady state solution of these equations may be obtained by

substituting jo and j2w? for d/dt and d/dt® respectively, and then solving
by ordinary algebra (see p. 324).
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It can be shown that when w varies, the locus of the end
~ of the vector Z,, represented in a complex plane is a circle (as
indicated on p. 74) passing through the origin, and having a
diameter equal to M?/r, the angle made by the diameter with
the real axis being twice the angle of the vector M. 'The reson-
ance (undamped) frequency at which Z,, is a maximum (=M?/7)
is given by w? =s/m.

The displacement % and the velocity # of the centre of the
diaphragm are best expressed in terms of the current 7, and are
given by

u =Mijjwz, u=Mi/z (30)

Although the locus of u is not a circle, the locus of the velocity %
is circular when w varies, the diameter of the circle being Mi/r.

The total mechanical impedance of the diaphragm depends
of course upon the nature of the space into which the receiver
radiates sound and upon the nature of the medium. The equa-
tions above apply to any type of conditions, and the effect of
altering the acoustical conditions is chiefly to alter 7, and to
change the values of s and m to a lesser extent. In fact, we
may write

=2 +2,=1"+7,+j(x' +x;) =r+jx

where 2’ is the part of the mechanical impedance of the diaphragm
arising from its mechanical and magnetic restraints, and z, is
the acoustical impedance of the medium into which the receiver
radiates. There are well-known equations (see p. 61), due to
Rayleigh, for x, and 7, as functions of diaphragm size and fre-
quency, assuming the diaphragm to radiate to free air and to be
replaceable by a piston in an infinite wall.

When a telephone receiver is working under normal conditions
near to an ear, the motion is so considerably damped that the
motional impedance circle has very small dimensions. This
indicates a relatively large value for r under these conditions.

The following power relations may be noted: The total input
power (W,) is equal to 47%(R,,+R). The power (W) transmitted
to the diaphragm is given by W =4 | Mi# | cos (3= — 0), this being
the vector product of the magnetic force Mi into the diaphragm
velocity #, and (3= -0) the angle between force and. velocity.
Clearly tan 6 =wr/(s - mw?). 'The power radiated is 7,4? and is
equal to the power supplied to the diaphragm if 7" is small.

Speaking roughly, it may be said that an ordinary telephone



ELECTRO-ACOUSTICAL RELATIONS 7

receiver is excited by electrical energy of the order of 1 milliwatt,
and emits acoustical energy of the order of 1 microwatt.

Experimental Determination of Constants of a Receiver.
Kennelly * has pointed out that the fundamental constants of a re-
ceiver may be determined from the d.c. resistance of the windings,
the motional impedance circle, and one other factor. Of the many
additional factors tried, only two were found to give satisfactory
results :

(a) Loading the diaphragm by a mass at the centre and

repeating the impedance measurements.

- () Measuring the maximum amplitudes over the poles at

resonance.
The former measurement is troublesome, as the loading alters
the equivalent mass of the diaphragm unless the added mass is
quite small, say less than 4 gm. For measuring the amplitude
of vibration of the diaphragm at any point, A. E. Kennelly and
H. O. Taylor + used a special form of optical device. In this
a very small light triangular mirror of about 1 mm. length,
mounted on a short torsion strip on a suitable carrier, was placed
in such a position that its apex was in contact with the diaphragm
at the point. Vibration of the diaphragm set the mirror in
motion and resulted in the deflection of a beam of light reflected
from it. The carrier was adjustable in position by means of
screw controls, so that the motion of any point on the diaphragm
could easily be explored. Useful measurements may be made,
however, without this latter elaboration.

Methods of Damping Telephone Diaphragms. Forthe purpose
of making measurements of the damped impedance of a telephone
receiver, the diaphragm may be damped by placing a finger upon
it. This procedure is not altogether satisfactory, however, not
only because any pressure of the finger alters the air-gap over the
poles of the receiver, but also because the finger is liable to raise
the temperature of the diaphragm, and thus to affect its mechanical
properties. Other methods rely upon the use of wax. In one
a metal rod carries a mass at one end to provide inertia, and the
other end has a coating of wax. The whole is supported so that
the waxed end is just in contact with the diaphragm of the receiver.
The rod is then lightly heated so that the wax on the face of the
rod melts and adheres to the diaphragm. When the wax is cool

* A. E. Kennelly, Electrical Vibration Instruments, p. 115, 1923,
t A. E. Kennelly and H. O. Taylor, Am. Phil. Soc., April 1915,
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this procedure results in satisfactory clamping. In another
method of damping a bridge of paraffin wax is prepared which
adheres to the cap of the receiver, and carries a central wax stem
which presses lightly upon the diaphragm. A hot wire applied
momentarily to the wax stem melts the surface and removes the
pressure upon the diaphragm. When the wax solidifies again
it adheres and thus damps the diaphragm. Kennelly states that
another plan is to insert a wooden plug in the mouth of the
receiver, so that it is only just clear of the diaphragm. The thin
air film then supplies acoustic damping such that the amplitude
of vibration of the diaphragm is negligibly small for many
purposes.

It should be noted, however, the damped impedance can often
be approximately inferred from the free impedance diagrams.

Theoretical Equations of the Moving-coil Diaphragm-type
Loud-speaker. The fundamental equations for the telephone
receiver apply also to loud-speakers. In the case of the moving-
coil loud-speaker, in which a very lightly constrained diaphragm
is driven by a coil moving in the annular gap of a pot-shaped
magnet, the quantity M may be evaluated directly. It is equal
to N/ where N is the field strength in the annular gap in lines
per sq. cm., and / is the length of wire in the coil. The restraint
s may be neglected. The electrical impedance becomes

2]2
Z=R+jwL+ N , L being the coil inductance  (31)

7 +jwm
The mass of the diaphragm has the effect of a capacity in the
electrical circuit. This can be seen by rationalising the above.
In practice r is mainly the radiation resistance of the air into
which the diaphragm radiates, and its electrical effect can often
be neglected. In this case

) N2/2

and electrical resonance occurs when w? =N2/?/Lm.

For a coil of 1000 turns of 46 S.W.G. wire on a 2-inch former
in a gap in which the strength is about 10,000 lines per sq. cm.
and the total mass of the coil and disc about 20 grm., theelectrical
resonance would be in the region of 500 cycles per second. To
increase high-frequency performance the inductance of the coil
should be kept low by using a large diameter coil of few turns.
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Generally speaking, results obtained by analysis on the lines
of the above electro-acoustical equations resemble the results of
experiments sufficiently closely to be of value in loud-speaker
design. Usually suitable simplifying assumptions need to be
made so that the acoustic impedance terms may be assessed ;
for acoustical impedances are known for only a few simple cases,
such as a piston in an infinite baffle. The procedure is to work
out the current 7 to be expected in the loud-speaker from equation
(28), noting that in actual practice some of the quantities are suffi-
ciently small to be negligible. The velocity u of the diaphragm
may then be calculated by (30), and the acoustic power radiated is
deducible from 72, If in this latter calculation it is assumed
that a large diaphragm acts as a simple piston, it will be found
that the result calculated will hold up to the point where elastic
vibrations of the diaphragm begin—say 200 to 300 cycles per
second.

The question of the effective mass of rigid discs, diaphragms,
and flexible discs has been considered by MacLachlan * and by
Strutt.} MacLachlan has dealt with the measurement of the
mechanical impedance of diaphragms by electrical means, and
Strutt with the estimation of the equivalent mass of loud-speaker
cones by exploration of the amplitude of motion of the cone
over its surface, and also from observations of the effect of attach-
ing the cone to a vibrating mechanical system.

Where the moving coil actuates a diaphragm in the throat of
a horn instead of a large diaphragm in free air, appropriate
formule are used to express the acoustic impedance in this case.

MacLachlan ] has dealt at length with the theory of moving-
coil loud-speakers, and for details reference to original papers
is desirable. H. Neumann § points out the value of strong
magnetic fields for increasing damping and improving the
behaviour to transients.

Theory of the Reed-driven Diaphragm-type Loud-speaker.
MacLachlan and Sowter | have also dealt with reed-driven
loud-speakers of the diaphragm type. These loud-speakers differ
from the moving-coil type in the pronounced resonance which

* N. W. MacLachlan, Phil. Mag., 11, 1139, 1931; Phys. Soc., Proc.,
44, 88, 1932; 44, 546, 1932,

1t M. J. O. Strutt, Wireless Engineer, 9, 143, 1932; 8, 238, 1931.

I N. W. MacLachlan, Phil. Mag., 7, 1011, 1929.

§ H. Neumann, Zeits. f. tech. Phys., 12, 627, 1931.
|| N. W. MacLachlan and G. A. V. Sowter, Phil. Mag., 11, 1, 1931.



80 MODERN ACOUSTICS

occurs in the upper register owing to the reed. Thinner dia-

phragms are employed to compensate for the difference.
Loud-speaker in Valve Circuit. In practice a loud-speaker is

often situated electrically in the anode circuit of a thermionic

B K&
® L

¢ R

“ (B

F16. 23.—Loud-speaker circuit and
its equivalent

valve. In such cases the impedance of a loud-speaker should
.match the impedance of the valve. If a step-down transformer
is used (ratio p: 1) the impedance of the valve in the primary
circuit throws an impedance into the secondary circuit equivalent
to 1/p? of valve impedance, and the coil should thus match an
impedance equal to 1/p? times the valve impedance.

For the purpose of calculating the current through the loud-
speaker coils the valve circuit (4) (fig. 23) may be replaced by an
equivalent circuit (B). If e is the e.m.f. applied to the grid of
the valve, of amplification p and slope-resistance (impedance) R,
then pe/p is the effective e.m.f. of the generator in the equivalent
circuit (B). Z is the total impedance of the loud-speaker.
R=r,+7,/p*+R/p% L =l,+1,/p% 7y, 7, I,, and ], are the primary
and secondary resistances and inductances of the transformer.



CHAPTER VI
AUDIO-FREQUENCY ELECTRICAL APPARATUS

Resistances, The ordinary type of resistance box with bifilar
winding is often unsuitable for use with audio-frequency alter-
nating currents, because the low-resistance coils have appreciable
inductance ‘and the higher ones have considerable capacity.
For resistances up to 100 or 200 ohms, however, self-capacity is
advantageous and bifilar winding is best, whilst for medium
resistances up to 1000 ohms bifilar winding is fairly satisfactory.

For a coil of 1000 ohms resistance or higher, self-capacity
should be reduced and the bifilar winding avoided. The aim in
design is to separate the two ends of the coil as much as possible,
so as to avoid close proximity of parts of the coil which have
appreciably different potentials, and between which capacity
effects may therefore be appreciable. A convenient form of
winding is in slots on mica sheet, notched in two opposite edges.
A few turns are wound in one slot, then proceeding behind a
tooth, a few turns are wound in the next slot in the opposite
direction. The coils being very thin are largely free from
induction for this reason, but the reverse winding of the second
coil neutralises residual inductance in the first. To eliminate
inductance more completely, a return to the first slot is then made
and an equal number of turns added in this same new direction.
A final return to the second slot follows with turns in the original
direction. A similar procedure now takes place in the third and
fourth slots, and so on until the required resistance is wound.

Low resistances are ordinarily wound in a plain bifilar manner,
but very best results are obtained by parallelling medium resist-
ances thus: 25 ohms is represented by 4 coils of 100 ohms each
in parallel, and 1 ohm by 5 coils of 5 ohms each in parallel. For
highest precision resistances wound on a mica former are not
satisfactory, for the sharp bends in the wire at the edges cause
the resistance to be somewhat inconstant.

81 6
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Attenuator Circuits. Resistance boxes graduated in decades
are not very convenient in acoustical work, where logarithmically
graduated steps are frequently desired. A convenient unit is,
say, a 100,000-ohm’ potentiometer adjusted so that each step
gives a voltage increment of 5 decibrigs—i.e. a power step of
10 decibels—and another such potentiometer designed to give
power steps of 1 decibel.* Another useful potentiometer circuit,
or attenuator network, is indicated in fig. 24. It bears some

©

F1G. 24.—Attenuator network

resemblance to a filter circuit, and the current in succeeding
sections falls off in the ratio e-*=}{(b+2) + Vb(b+4)}, a quan-

tity which equals V10 if b=a+a, =1-479. The power attenua-
tion per section in this case is thus 10 decibels. The intermediate
studs enable attenuations of ¥10 in voltage, i.e. 5 decibels in
power, to be obtained. As drawn the characteristic impedance
of the network—that is, its impedance at the input terminals—
is 12:16 ohms, and this resistance is used as the terminating
output resistance. Another type of attenuator, for working
between two sections of a line each having an impedance equal
to the characteristic impedance of the attenuator, consists of a
single section of a T network, similar to the first section of fig. 24
but having equal arms. By means of a suitable switch the three
resistances are varied in steps in a manner which alters the
attenuation without altering the characteristic impedance of the
attenuator.

Thermionic Valves. The thermionic three-electrode valve is
too well known to require an elaborate description. It consists
essentially of an exhausted glass vessel containing an electrically
heated filament which provides a supply of electrons, an anode
or ‘plate’ to which the electrons will flow if the potential v,
of the anode is positive relative to the potential of the filament,

* For definitions of decibrig and decibel see p. 241,
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and, in addition, an intermediate electrode or grid. By altering
the potential v, of this grid relative to that of the filament, the
stream of electrons from filament to plate may be controlled.

If the anode voltage v, is kept constant, a curve can be plotted
(fig. 25) showing, for differ-
ent values of the grid vol-
tage v,, the magnitude of the
anode current 7,. This curve
is known as the character-
istic curve of the valve. If 5
the anode voltage is altered,
a somewhat different curve
is obtained. Over consider-
able distances the character-
istic curves are practically
straight lines and, indeed, in
this region the relation be-
tween the parameters may be
expressed in the form

Tmilliamps

..
o.
I

w
i

1, =kv, + Ry, 1)

Anode current (i)

where k;, and k, are con-
stants, depending upon the
design of the valve, and
known respectively as the o

-5 0
‘mutual conductance’ and the Grid potential (vy)

‘plate conductance’ of the
valve. The reciprocal of k, Fi1c. 25.—Characteristic curves of a

A . thermionic valve
is often known as the ‘im-

pedance’ of the valve. If v, is kept constant, unit increase of
the voltage v, will increase the anode current by k&, units.
Similarly if v, is kept constant, a unit increase in v, will in-
crease the anode current by k, units. The ratio k,/ky=p is
called the amplification factor of the valve, as it is a measure of
the voltage amplification obtainable.

Denoting the valve impedance by R, we may write the above
equation in the form

o= %{(F"vv +9,) (2)

The quantity u/R is the ‘mutual conductance’ of the valve and,
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for various reasons, is usually a better measure of the excellence
of the valve than the amplification factor.

The above equations for the current in the anode circuit of
the valve relate only to a certain restricted region, namely, that
over which the characteristic curves of the valve are sensibly
straight, and not to the curved ends. Generally speaking, one is
concerned in amplifiers mainly with the straight part of the
characteristic, but in the case of rectifiers, the curved portion is
of primary importance. Often the curved portion may be
represented for a given anode voltage, by the equation

lg=a+ B'Ua +'y7)02 (3)

No current flows in the grid circuit so long as the potential
of the grid is negative relative to that of the filament, but when
the grid is positive a small current flows from the filament to
the grid, the amount of current increasing rapidly as the positive
potential of the grid is increased.

Valve Rectifiers. The earliest valve rectifiers were of the
Fleming two-electrode type, which will pass current in one
direction, but not in the other. The three-electrode valve may
be used as amplifying rectifier in two ways (see fig. 31, p. 99).
Of these ‘anode bend’ rectification depends upon operating the
valve in the region of the curved part of its characteristic, where
the equation of the characteristic is not linear, and where in
consequence the change of anode current resulting from a specified
increase of grid voltage is not equal and opposite to the change
due to a decrease of the same magnitude. For this purpose a
suitable steady negative bias is applied to the grid either by
means of a battery or through the potential drop in a resistance,
and then, when an a.c. voltage is superimposed, the steady anode
current through the valve changes. On the other hand, ‘grid
leak’ detectors operate in virtue of the grid current, which flows
when the grid voltage becomes positive relative to that of the
filament. Thus when a.c. is applied to the grid, the grid poten-
tial becomes positive during part of the cycle, grid current flows
and gives to the grid a steady charge, which accordingly alters
the steady anode current through the valve. The provision of
a grid leak ensures that the grid becomes discharged when the
applied a.c. is removed, or varied in magnitude. If the applied
a.c. fluctuates in amplitude and it is desired to obtain in the
anode current a full indication of these fluctuations, clearly the
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grid leak must be small enough to allow the leaking away of the
additional charge on the grid (and of its associated condenser)
in less than the period of one of the fluctuations concerned. For
‘grid leak’ rectification, therefore, the grid is given a slightly
positive bias, and the grid condenser and grid leak are correctly
proportioned. For minimum distortion the operation of the
grid leak detector should be confined to the straight part of the
characteristic curve—in other words, an adequate anode voltage
should be employed.

In general ‘anode bend’ rectification is rather less likely to
give distortion through overloading than the ‘grid leak’ rectifier,
and it therefore has advantages where the applied a.c. is of
moderate strength. A logarithmic rectifier has been described
by Kirke.*

Amplifiers. If a small e.m.f. 3¢, is applied to the grid of a
valve, in the plate circuit of which an impedance Z, is situated,
we find the change in conditions is represented by the equation

w(3ey) =ta(R+Zo)

The valve thus acts as a source of e.m.f., ude, having an internal
resistance R. The voltage drop 8¢, across the terminals of the
load Z, is given by

de, Z,

o 4

e, 'R+2Z, )

When Z, is much greater than the impedance R of the valve,
the voltage amplification is approximately equal to u, but when
Z, is of the same order of magnitude or smaller than the im-
pedance of the valve, the impedance of the valve has an important
effect upon the available voltage amplification.

There are certain limitations to the range of operations of
valves in amplifiers. Firstly, the operation must be restricted
to the range of conditions defined by the straight part of the
characteristic curve. Secondly, if the grid voltage fluctuations
have any considerable positive values, current will flow in the
grid circuit whilst the potential is positive, but not when it is
negative, and the wave-form of the grid current will differ
markedly from that of the input e.m.f. Distortion will thus
occur. To render the effect of grid current negligible, sufficient
negative ‘grid bias’ must be applied to the grid to ensure that

* H. L. Kirke, Wireless Engineer, 9, §6'9, 1932,
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it remains negative throughout the input cycle. This leads to
the requirement of high anode voltages and considerable negative
‘grid bias,” particularly in the later stages of an amplifier where
the excursions of the input voltage to the grid may amount to
several volts.

Successive valves of a multistage amplifier * may be coupled
in various ways. Transformer
coupling is often employed,
but generally speaking it is
resistance-capacity  coupling
which is used in amplifiers
designed for high-quality
acoustical work. In resistance-
capacity coupling a circuit of
the form fig. 26 is usually
employed. To attain uniform
amplification over a range
50-5000 cycles per second,
attention must be paid to the
characteristics of the valve, to
Fic. 26.—Resistance-capacity coupling. the magnitude of the intervalve

Equivalent circuit .
components, and to certain
stray capacities between the various parts, as indicated by the
dotted lines in the diagram. Analysis shows that these may be
lumped together into a larger capacity between the anode and the
filament, so that the circuit becomes equivalent to the network
given. For this network it can be shown that, if R, is great
compared with R,, and w/27 is the frequency concerned.

(1) For high notes (where the effects of K and R, can be

ignored)

E quivalent Circuit

V R, 1 «»CRR,
P R+Ra.—————\/___1+k2 where k = RTR, (5)

(2) For middle notes (where the effects of C and K can be
ignored)
V R,
v R+R, . ©)

* A. C. Bartlett (Phil. Mag., 10, 734, 1930) gives full equations for a
multistage amplifier.



AUDIO-FREQUENCY ELECTRICAL APPARATUS 87

(3) For low notes (where C can be ignored)
V R, P
v R+R, 4/14p2

Thus, compared with the middle-note amplification, high
notes may be reduced in the ratio of 1/V'1+2, and low notes
in the ratio p/V'1+p2.

In order that the variation from middle-note response shall
be not more than 5 per cent. at extreme frequencies of 50 and
8000 cycles, it is necessary to arrange that KR, shall not exceed
0-015 where K is in microfarads and R, is in megohms, and that
(R+R,)/CRR, shall not exceed 0-15 where C is in microfarads
and R and R, are in megohms.

It should be noted here that R is the working impedance
of the valve under the conditions in which it is employed, and
not its rated impedance. The quantity C is the sum of a number
of constituents. It is equal to the sum of the anode-filament
capacity of the first valve and the self-capacity of its anode
resistance, holder, etc. (say a total of 10 micro-microfarads),
plus the grid-filament capacity of the succeeding valve when un-
lighted (say 10 uuF), plus (u'+1) times the anode-grid capacity
(say 10 uuF) of the succeeding valve, where u! is the working
amplification factor of the valve as employed in the circuit. Thus
C is often of the order of 20+ 10(u'+1) micro-microfarads.
Since in this expression it is the second term which predominates
in present-day triode valves, C can be kept low—and high-note
loss minimised in audio-frequency amplifiers—only by avoiding
too high an amplification per stage.

Various ‘noises’ which occur in amplifiers place a limit to
the extent to which amplification of feeble signals is profitable.
The noises arise from electrical irregularities in the emission of
electrons in the valve—the ‘small-shot’ and ‘flicker’ effects *—
and from thermal agitation in resistances employed.} These
disturbances often become comparable with the signal voltage
applied to the grid when the latter is of the order of 1 microvolt,
an input e.m.f. which thus appears to mark a critical region with
amplifiers.

Towards the problem of reducing the noise caused by thermal
agitation three suggestions have been made. The first is to use

* W. Shottky, Phys. Rev., 26, 71, 1926,
t J. B. Johnson, Phys. Rev., 32, 97, 1928,

where p=wKR, W




88 MODERN ACOUSTICS

a low input resistance, the second to keep the input resistance
at a low temperature, the third to confine the frequency range
of the system to no greater than is essential for the proper trans-
mission of the applied input voltage.

Amplifiers with Special Characteristics. It is often possible to
correct, in an amplifier circuit, for distortion introduced by, say,
a resonant microphone or other component of the complete circuit
of which the amplifier is part. As an illustration a resonance
can sometimes be corrected by putting a
series tuned circuit in parallel with the anode
resistance as shown in fig. 27. The tuned

R L circuit should have the same resonance fre-
a quency and the same damping factor as the
r microphone resonance for which it is de-
sired to correct. These are determined from
the shape of the peak of the microphone
Fig, 2iaReenance . response curve,

The effect is to substitute for R, in the
equations above an impedance which is least at the frequency
for which the microphone is most sensitive, so that the reduced
amplification of the amplifier at this frequency compensates for
the enhanced sensitivity of the microphone. The constants of
the correcting circuit are determined approximately as follows.
The product Lc¢ is determined by the resonance frequency of
the microphone ; the damping factor 7/2L(=A) is determined
by the sharpness of resonance of the microphone; and the
ratio 7/R is determined by the extent to which the normal re-
sponse of the microphone (as measured away from the resonant
frequency) is enhanced at its resonant frequency. Quite simple
calculations will indicate the approximate circuit required,
which should then be the subject of experimental trial and
adjustment.*

Sometimes it is desired to arrange that the amplifier shall

* The impedance of the complete anode circuit indicated above is
R.7/(R, +7) at resonance, and tends to R, at high and low frequencies
well removed from the resonance region. Actually the impedance at
any frequency w/2x is

’lr,% R,\/r’ + (wL - '5';)2

«/(R, +9)? +<wL - -wl—j
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have a certain amount of high-frequency loss and also some
degree of low-frequency loss. Such a case arises when the
characteristics of the amplifier are intended to resemble as far as
possible those of the human ear, an organ which is less sensitive
at high and low frequencies than it is for notes of medium pitch.
The actual characteristics of the ear will be dealt with later, as
they are rather complicated and are not the same for sounds
of widely different loudness, but the methods of obtaining
specified high- or low-frequency loss in an amplifier may be
deduced from the equations given above. To attain loss at high
frequencies the quantity C (fig. 26) may be increased by putting
a suitable condenser in parallel with the anode resistance R, ;
low-frequency loss is attained by reducing the capacity of the
coupling condenser K.

The above outlines the simple essentials of valve amplifiers,
but in the design of modern amplifiers various special devices
are incorporated. For instance, with an amplifier in which
several valves are employed with a common H.T. battery, the
fluctuations which occur in the anode circuit of one of the valves
(say an output valve) are liable to pass through the common
battery, and thus react upon other valves in the amplifier. This
coupling gives rise to instability and oscillation. To avoid it an
‘anode feed’ resistance is inserted between each anode resistance
and the H.T. battery. A ‘decoupling condenser’ of, say, 2 micro-
farads capacity is connected between earth (filament) and the
junction of the two resistances in the anode circuit. With this
arrangement the fluctuations of current in the anode resistance
pass through the condenser rather than through the battery and
its protecting anode feed resistance, and thus do not react upon
the circuits of the other valves.

Endeavours to provide from electrical mains the H.T. supply
for an amplifier, lead to special units for smoothing the mains
supply ; and when, in addition, a resistance in series with the
mains is used for providing grid bias, ‘grid decoupling’ units also
are incorporated. 'The grid leak is in effect divided into two, and
a condenser is connected between the mid-point and the filament.

In electro-acoustical work, owing to the smallness of the
e.m.f’s involved, effective shielding from external influences
is often necessary.* Apparatus can be shielded against leakage

* H. L. Curtis, 4A.I.E.E., ¥., 48, 453, 1929 ; J. G. Ferguson, tbid.,
48, 517, 1929.
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currents by a proper arrangement of earths and guards; from
electrostatic fields by enclosure in a metal case; and (with
difficulty) from magnetic fields by surrounding it with a thick
case of magnetic metal. Electrostatic leaks are the most frequent,
and it is often desirable to enclose an amplifier in an earthed
metal case, and to surround the lead to the grid of the first valve
in a metal cover connected to the filament of the valve and to
the earthed case.

Screened Grid and Pentode Valves. In recent years there
have been considerable improvements in the design of thermionic
valves, and special valves with more than three electrodes have
been introduced. It probably suffices to say here that a screened
grid valve is a four-electrode valve. In addition to the filament,
the control grid, and the anode which constitute the usual triode,
it contains an additional screening grid which surrounds the
control grid but is insulated from it. In use a fairly high positive
potential (60-80 volts) is applied to the screening grid, and as
a result the inter-electrode self-capacity of the valve is greatly
reduced and a high amplification factor is obtained. The reduced
inter-electrode self-capacity is of importance at radio-frequencies,
and the valve is thus particularly of use as a radio-frequency
amplifier giving considerable voltage amplification (equal to that
of several triodes) from a single stage. Ordinarily the anode is
connected to a special terminal on the top of the bulb, whilst the
screening grid is connected to what would be the anode pin on an
ordinary triode. There is also a metal screen within the valve.

In one form of screen-grid valve—known as the variable
-mu valve—some parts of the control grid are of more open mesh
than the others. The closely meshed portion cuts off the anode
current in its neighbourhood at a certain value of negative bias,
whilst the open-meshed portion still allows anode current to
pass. To secure complete suppression it is necessary to use a
much heavier bias. The net result is that anode current is but
very slowly reduced as negative bias is increased, and the char-
acteristic curve has a very extended bend at its lower end. As
the curvature is slight the valve does not rectify appreciably,
and gives practically distortionless amplification, but control of
volume can be effected in a gradual manner by adjusting the bias
of the control grid. The variable -mu valve has been employed
as the essential component of a logarithmic voltmeter.*

* S. Ballantine, Acous. Soc. Am. ¥., 5,10, 1933,
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The pentode is essentially a power valve for audio-frequency
amplification. In its construction a grid surrounding the control
grid is again employed, and is given a constant positive voltage.
This permits more grid bias to be applied to the control grid,
so that a greater value of the fluctuating input voltage can be
handled without causing grid current to flow. A fifth electrode
consists of another grid surrounding the other two and insulated
from them but connected to the filament. Its function is to
prevent secondary effects. As a consequence the valve has a
high mutual conductance, i.e. gives a high variation of anode
current for a given a.c. input to the grid.

Mention should be made of valves in which the filament is
not heated directly by the passage of electrical current through
them, but by the passage of current through a conductor situated
near them. Fluctuations in the heating current are then of less
importance as the potential of the cathode is unaffected, and the
valves are of special use where amplifiers are operated from
electrical mains rather than from batteries.

Valve Oscillators. The three-electrode valve can be arranged,
in conjunction with a suitable circuit, to act as a source of alter-
nating current over a very wide
range of frequencies, and oscil- C= }
lators based upon this principle R.L
have practically displaced all _po’o-o-\_ .
other generators for acoustical W:r
purposes. An oscillating circuit M =

I

in frequent use is shown in fig.
Fi1G. 28.—Thermionic valve oscillator

28. A tuned circuit in series
with the anode of the valve
consists of a variable capacity
C in parallel with a coil having
resistance R and inductance L.
This coil is inductively coupled to a coil in the grid circuit,
the mutual inductance between the two being M.

The condition of oscillation is that the power supply to the
anode circuit shall exceed the thermal dissipation of power in
the resistance R. 'This leads to a relation which may be written,

if u is the amplification factor k,/k, for the valve and %, its plate
conductance,

R
;LM<(—;~2—+L (8)
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Two considerations tend to limit the amplitude to which the
oscillations build up. Firstly, when the region over which the
valve operates reaches one of the extremities of the valve char-
acteristic curve, k, increases rapidly and the above oscillating
condition is no longer satisfied. Secondly, oscillation ceases
when the oscillating anode voltage approaches equality with the
applied steady anode voltage V,. The best adjustment of the
oscillator is that which obtains when these two limiting factors
become operative together. 'This may be shown to be when

c 1
2RV, ©)

where I, is the saturation current for the valve. For maximum
purity of output the coupling M between the grid and anode
circuits should be as small as possible. The following adjust-
ments are desirable when an oscillator is being set up to give
maximum output: (a) uncouple the coils (i.e. make M =0);
(b) adjust the grid bias potential until the anode current is equal
to half of its saturation value I,; (c) gradually increase M until
oscillations set in; (d) keeping CL constant vary the ratio C/L
(adjusting M to be a minimum for oscillation on each occasion)
until the oscillating current is a maximum.

In some forms of oscillator the grid coil and the anode coil
are wound upon the same bobbin. The coupling between the
coils is thus fixed. However, a high-resistance potentiometer is
so arranged, in parallel with the grid coil, that only a controllable
fraction of the full voltage in the grid coil is actually applied to
the grid of the oscillating valve. In oscillators constructed to
cover a range of frequency the capacity C is variable. If a wide
range is required the anode- and grid-inductance coils are each
wound in equal halves, and may be used either in parallel or in
series according as a high range or low range of frequency is
required. To obtain frequencies below 100 cycles per second
an iron core may be placed in the inductance, but purity suffers.
It is better to wind large air-core inductances having low resistance.
Thus a coil having an inductance of about 4 henry and a d.c.
resistance of 7 ohms,* is suitable for frequencies down to, say,
50 cycles per second. The frequency 7 of oscillations is largely

* Say 1350 turns of double cotton-covered wire (S.W.G. 18) on a
bobbin of 5-in. diameter and 2-in. length. It would weigh about
35 lbs. ‘ ’
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but not entirely determined by the inductance and capacity in
the tuned circuit. It is approximately given by the usual relation
w=1/V LC in absolute units, or n=159/V E where L, is
measured in henries and C, in microfarads. The frequency of
the note emitted by an oscillator actually depends somewhat
upon the supply voltage and upon the load placed upon the
oscillator. To prevent the load from reacting upon the frequency
of the oscillator, it is usual to interpose an amplifier between the
oscillator and the load. Incidentally this amplifier may itself be
tuned, and it then purifies the oscillator output. Dow * has
pointed out that by using a screen-grid valve as oscillator, the
frequency can be made nearly independent of changes in supply
voltage. This arises because the frequency effects of changes in
plate voltage, and of changes in screen-grid voltage are of opposite
sign. Consequently, if the two voltages are obtained in proper
proportions from a voltage divider, constancy of frequency can
be ensured.

The audio-frequency oscillator may be arranged to emit
a note of fluctuating pitch (warble note) by arranging for part of
the tuning inductance to be variable in a cyclical manner. Where
very rapid fluctuations are desired, faster than can be conveniently
achieved by rotating coils, the tuning coil, if iron-cored, can be
varied in inductance by passing through it alternating current
of appropriate frequency in superposition upon a direct current.t

Barrow,t in a paper dealing with theoretical and experimental
aspects of the warble note, has summarised the theoretical
analysis of a note of varying pitch represented by the formula

f(#) =sin 27(fy+ Af . sin 2mat)t

where 2Af is the range of the warble, and a its frequency. Pro-
vided Af << f, and a << f;, we have the following series for the
warble note :—

(t) = g J"<‘3{_> sin 2n(f, +na)t

A
where ],,<——j—r> is the Bessel function of the first degree and nth
a
order, and 7 is an integer. Thus the components of the warble
tone have their frequencies separated by a, lie symmetrically on

* J.-B. Dow, Inst. Radio Eng., Proc., 19, 2093, 1930.
1t W, L, Barrow, Ann, d. Phys., 11, 147, 1931,
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each side of the mean frequency f,, and have amplitudes pro-

portional to J,,<éa'i>, the amplitude of components outside the
range of warble being very small. Hunt* gives reasons why
Af/a should exceed 3, and finds that for reverberation measure-
ments Af/f, should be not less than 0-2.

Heterodyne Oscillators. 'The ordinary audio-frequency oscil-
lator requires considerable inductances and capacities in order
that it may cover the whole audio-frequency range of 10 octaves
or so, and its output is not the same at all frequencies within
that range. To overcome these defects oscillators are employed
in which the audio-frequency is produced as the difference tone
between two oscillators each tuned to frequencies well above the
audible range. For instance, one oscillator can be maintained
at a fixed frequency of, say, 100,000 cycles per second, the other
being variable over the range 90,000 to 100,000 cycles per second
by adjustment of the tuning condenser. As the frequency is
very high a variable air condenser is suitable, and since the
frequency needs to vary only by 10 per cent. no appreciable
variation of output occurs over the range. A difference tone
varying in frequency from 10,000 to 0 cycles per second is pro-
duced when the two high frequencies are supplied to a circuit
and rectified. A suitable filter following the detector will sup-
press the constituent high frequencies and summation tones, and
pass only the audio-frequency difference tone required.

Some points in construction may be noted. When the two
high-frequency oscillators are linked together there is a tendency
for one to ‘pull’ the other into synchronism, if the difference
between them is only a few cycles per second. The tendency is
minimised if each high-frequency oscillator is followed by one
stage of amplification before the two outputs are mixed. It is
desirable for each set of oscillator coils to be wound on a toroidal
former and to be screened in a metal case. Indeed, careful
screening of successive stages of the oscillator in separate com-
partments is desirable. Amplification is necessary after the
detector to give adequate output for use, and a set of suitable
transformers enables the output to be efficiently applied to a
range of uses where widely different impedances are encountered.

The heterodyne oscillator is easily adapted for use when
automatic recording of frequency characteristics is desired, for

* F. V. Hunt, Acous. Soc. Am. ¥., 5, 133, 1933,
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a photographic drum can be attached to the spindle of the air
condenser which controls the frequency of note emitted.*

By providing one of the oscillating circuits of a heterodyne
oscillator with a small rotating air condenser, it is readily possible
to arrange that the note emitted by the oscillator shall fluctuate
slightly or markedly in pitch in a regular manner, and so yield
the ‘warble’ notes which are of value in certain forms of acoustic
measurement.

Valve used in Dynatron Condition. When the voltage applied
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Fi1c. 29.—Characteristic curves of valve used in
dynatron condition

to the grid of a triode is positive, and greater than the anode
voltage, the secondary electrons emitted from the anode owing
to the impact of the electrons from the filament are considerably
increased in number, and the reverse current (anode grid) in
the valve may exceed the direct anode current. Further, the
negative current in certain circumstances increases in magnitude
proportionately with the applied anode volts (fig. 29), and the
valve acts in fact as a negative resistance.t If a screened-grid
valve is employed the negative impedance (slope of characteristic
curve) can be adjusted to have any value in a certain range by
adjusting the voltage on the control grid.f Altering the filament
current has some degree of effect of this kind, but alterations in
the voltage on the grid of a triode have no appreciable effect on

* B. S. Cohen, A. J. Aldridge, and W. West, I.E.E., ¥., 64, 1023, 1926,

+ A. W. Hull, Inst. Radio Eng., Proc., 6, 5, 1918,
1 F. M., Colebrook, Exptl. Wireless, 10, 69, 1933,
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the negative resistance, only on the range of anode volts for which
it is obtainable (fig. 29).

In consequence of the above characteristics the dynatron
circuit is valuable in the construction of oscillators * (fig. 30) and
for neutralising the resistance of tuned electrical circuits, and
thus for increasing the sharpness of resonance in a very marked
manner.} The dynatron arrangement may also be employed as
a current or voltage amplifier by using it respectively in parallel
or in series with a suitable resistance. The theory of dynatrons

11
1

|14

F16. 30.—Dynatron oscillator, or, if adjusted
to be stable, a sharply selective amplifier

is given by Ito,f who deals with various circuits in which they
may be employed.

‘Thyratron’ Valves for Instantaneous Relays. The thyratron
is a mercury vapour triode, comprising cathode, grid, and anode
inside a bulb containing mercury vapour at low pressure. If
the anode is at a sufficiently positive potential a heavy anode
current or luminous arc (say 4 ampere) will pass between the
anode and cathode.

The arc can, however, be prevented from striking if the
grid voltage is more negative than a certain critical grid voltage,
say about -2 volts. If, then, the grid is made slightly more
positive than the critical voltage, even for a few micro-seconds,
the anode current or arc immediately starts. A positive ion
sheath immediately forms round the grid, which then exerts no

* F. Gabriel, E.N.T., 4, 338, 1927. See also D. Hale, Rev. Sci.
Insts., 3, 230, 1932.

t F. M. Colebrook, Exptl. Wireless, 10, 69, 1933.
1 Y. Ito, E.N.T., 7, 419, 1930; 8, 23, 1931,
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further control over the arc. Once started the arc continues
independent of changes in grid voltage, until the anode voltage is
removed. The thyratron may thus be regarded as a sensitive
inertialess relay, which can be operated by a practically negligible
current of extremely short duration. The change of grid voltage
necessary to start the arc may be obtained from a valve rectifier,
and the thyratron may thus be arranged to operate when the
sound falling upon a microphone-amplifier-rectifier system
reaches a certain predetermined value.

Transformers. Iron-core transformers are often employed in
commercial amplifiers as intervalve, input, or output connectors.
They consist essentially of two windings which, being on a
magnetic core, are in close electromagnetic coupling. Cores of
‘stalloy’ are frequently used ; cores of permalloy or nickel iron
give higher inductances, but often, with nickel iron, the response
fails to be proportional to the input if the magnetisation of the
core is appreciable.

If a source of electrical power has an internal impedance Z,,
and is to deliver power to an output circuit of impedance Z,,
maximum transmission occurs if the two impedances are coupled
by means of a suitable transformer. The impedances of the
secondary and primary windings of the transformer should be
in the ratio Zy/Z;, and each should be adequately high in com-
parison with the impedance to which it is connected. Since
each winding has an impedance which, at low frequencies, is
practically proportional to the square of the number of turns of
wire in it, the number of turns in the secondary coil should be
n times the number in the primary where n?=Zy/Z,. Within
limits the voltage step-up is then n-fold. When a transformer
is employed between impedances which are very different from
those for which it was designed it gives a distorted response.
Consequently transformers should be used and tested only in
the circuit for which they are intended.

The voltage step-up is limited, in practice, by complications
due to the fact that a transformer possesses leakage inductance,
and a self-capacity which is effectively a shunt across the secondary
terminals. Moreover the self-capacity, in association with the
inductances of the instrument, gives rise to electrical resonances.
The design of transformers therefore consists in so balancing the
various factors, including the damping afforded by terminating

impedances, that the voltage amplification of the transformer is
‘ 7
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substantially constant over the frequency range it is desired to
cover. The response falls off at lowest and highest frequencies,
but a flat ¢haracteristic can be obtained nowadays over a very
wide range® A large variety of transformers is commercially
obtainable, and some makers will design instruments specially
if the required range, step-up, and impedance are specified.

It should be mentioned that frequency-response curves
obtained for an input of given magnitude do not indicate the
extent, if any, to which the response fails in proportionality to
the input as the strength of the input is varied. Nor does a flat
characteristic necessarily imply faithful reproduction of phase
relations. In general, phase relations between components of
tones are not important to the ear, but faithful reproduction of
transients possibly makes more stringent demands.

Instruments for the Measurement of Audio-frequency Voltage
and Cuwrrent. For details of instruments applicable to the
measurement of the audio-frequency e.m.f.’s which occur in the
electrical measurement of sound, reference should be made to
electrical textbooks. An outline, however, is given below.

The power absorbed by the ordinary type of low-frequency
voltmeter is so great that in audio-frequency acoustical work the
circuit into which the instrument is introduced is usually con-
siderably disturbed. It is possible, however, to use an electro-
static voltmeter for the higher ranges, say, above 40-volts, and
valve voltmeters such as those devised by Moullin for ranges of
from 1 to 10 volts. The Moullin voltmeter absorbs practically
no power, has a negligible capacity, and its readings are un-
affected by frequency. Two types of voltmeter of this kind are
obtainable. One depends upon rectification due to curvature
of the anode-current/grid-potential characteristic of the valve
(i.e. anode-bend rectification), and the other on curvature of the
grid-current/grid-potential characteristic.

The first type of instrument, illustrated in fig. 31, measures
voltages of the order of 0-1} volts, and does not require a separate
anode battery. A conducting circuit must always exist between
the voltage-input terminals of the instrument, so that the grid
potential shall be correct. In consequence it cannot be used to
measure the potential drdp across one of two condensers in series,
and the calibratjon is obviously upset if any steady e.m.f. exists
betweén the input terminals. LlTPhe second type of Moullin
voltmeter has the range of the order of 0-10 volts, requires an
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anode battery, but can be used to measure an alternating electro-
motive force, superimposed upon a steady electromotive force
of large or small value. 3

Naturally, if a calibrated amplifier is used as auxiliary, very
small voltages may be measured. A variable mutual inducto-
meter or some form of calibrated attenuator is valuable for pro-
ducing, from a measured current, known small voltages for
comparison—uoia an amplifier and in-
dicator—with a voltage of unknown
magnitude (see p. 146).

A.C. potentiometers are available
for the measurement of audio-fre-
quency sine-wave voltages. In the
one type, illustrated by the Larsen *
potentiometer, measurement is made
in terms of rectangular co-ordinates;
in the other type, illustrated by
Drysdale’s instrument, measurement —
is made in terms of the maximum
amplitude and phase angle.t

Audio-frequency electrical current Llllkg o)
can be measured by means of : I

(a) Vibration galvanometers giving FiG. 31.—Moullin voltmeter
sensitivities of, say, 1-60 mm. per circults
micro-amp. at 1 metre for frequencies 500-50 cycles per
second. An ordinary telephone receiver is a very sensitive
detector of audio-frequency e.m.f.’s at all frequencies except low
ones : for the latter a vibration galvanometer ig more sensitive.

(b) Thermo-galvanometers, in which a resistance is heated by
the current to be measured, and the heat thus generated affects
a thermo-junction which operates a sensitive galvanometer. In
Duddell’s form the whole unit is self-contained. Deflections
tend to be proportional to the square of the a.c. current. When
the heater element has a resistance of 1000 ohms, a current of
20 micro-amps. will give a deflection of 1 cm. at a distance of
1 metre. "

(c) Galvanometers in conjunction with separate thermo-junctions.
These are somewhat less sensitive than the thermo-galvanometer.

-

:@-‘ :
N

L
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* A. Larsen, Electrotechnische Zeits., 31, 1039, 1910,

t C. V. Drysdale, Phys. Soc., 21, 561, 1907, See also I.E.E., ¥., 68,
339, 1930,
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(d) Galvanometers in conjunction with crystal, valve, or metal
oxide rectifiers arranged for half-wave or full-wave rectification.
Three ways of obtaining full-wave rectification, the ‘centre
tap’ (2), the ‘bridge’ (8), and the ‘voltage doubler’ (4), are
shown diagrammatically in fig. 32, the direction in which current
is allowed to pass being indicated by the arrow-heads. The
‘bridge’ connection has advantages over the ‘centre tap,” and in
the case of metal oxide
—’l—l—-l- ~ 4+ rectifiers the four com-
ponents are conveniently
T mounted in a single unit.
- With valve rectifiers the
1 2 ‘centre-tap’ circuit is
used as a rule, special
+ + valves with two anodes
and one filament being
available.
The indications of in-
3 N struments used for meas-
F1G. 32.—Half-wave (1) and full-wave (2-4) uring alternating current
rectifier circuits
of complex wave-form
may depend somewhat upon the nature of the detector used.
Full-wave square-law detectors (such as thermal meters and some
vacuum-tube detectors) give a reading which is a function of the
average impressed power, not of the wave-shape. With devices
following other simple laws, however, the meter indication is
usually dependent somewhat upon the wave-shape, and may depend
upon the polarity with which the inputis connected to its terminals.
The deflection due to a linear detector is independent of reversal of
input terminals, but depends upon the phase relations between the
fundamental and harmonics. For measuring the amplitude of the
fundamental the linear detector may be best, because it gives less
increase than other forms of detector when harmonics are present.*
Various methods have been suggested for employing valves to give
linear detection—.e. detection in which the reading is proportional
to the input for all positive values. In one type the valve is used
as a diode ; in another the plate potential is kept small, and the
input is amplified sufficiently before it is applied to the detector, so
that it keeps the grid potential of the detector positive over the
greater part of one-half of the current cycle.

* 1. Wolff, Inst. Radio Eng., Proc., 19, 647, 1931.
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Duddell Oscillograph. An oscillograph is an instrument
devised for indicating the instantaneous value of an electrical
current, and accurately following rapid fluctuations. The first
oscillograph * had a heavy-moving iron system, but much lighter
arrangements are necessary in order to deal with audio-frequency
fluctuations. Duddell 1 devised an extremely light oscillograph
movement of relatively high natural frequency, which is frequently
used for recording acoustical wave-forms. In this the alternating
current, derived, after amplification, from an electrical micro-
phone, passes through a bifilar strip of stretched phosphor bronze,
lying in the gap of a powerful electromagnet. The current
passes up one strip and down the other. Fluctuations and
alternations of current in the strip cause it to tilt to and fro in the
magnetic field, and this motion is detected by means of a small
mirror (1 mm. x 0-3 mm.) attached to the centres of both legs
of the strip. Suitable optical arrangements, in conjunction with
a photographic drum recorder, make it possible to take permanent
records, and a time-scale can be superposed upon the record
either by interrupting the light by means of a tuning-fork or
phonic wheel, or by employing a second oscillograph movement.

As to detail, a narrow tongue of soft iron is arranged between
the strips to reduce the magnetic reluctance of the gap. The
strip is stretched by a tensioning device until the natural frequency
of the system in air is about 10,000 cycles per second. To
reduce the instrument to the dead-beat condition, however, the
strips are mounted in oil, in channels of which the clearances
at the sides are as small as possible. This damping lowers the
natural frequency to about 7000 cycles per second.

Whilst the instrument may be used without correction up
to about 1000 cycles per second (p. 17), the resonance becomes
more and more important when higher frequencies are involved,
so that the instrument then requires calibration and the records
need careful interpretation.

The instrument is very convenient for making permanent
records of acoustical wave-forms and fluctuations, especially in
the many cases where absolute accuracy and analysis is not
required. It is, however, rather insensitive, so that its use is
limited to fairly loud sounds unless specially effective valve
amplification is employed.

* Blondel, La Lumiére Elec., 41, 401, 1891.
1t W. Duddell, Brit. Assoc., 1897; Electrician, 39, 636, 1897,
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Einthoven String Galvanometer. The Einthoven string gal-
vanometer is more sensitive than the Duddell oscillograph, but at
the expense of a lower natural frequency. In it the current is
carried by a fine conducting wire or fibre stretched tightly between
the poles of a strong electromagnet of field strength about 20,000
lines per sq. cm. The deflections of the fibre when a current
passes through it depend upon the direction and magnitude of
the current. The motion is observed, by an optical system,
through holes in the poles of the electromagnet, the magnification
obtained being about 500 times. The optical system consists of
a microscope objective in one pole, and in the other pole a
second objective serving as a condenser lens to illuminate the
fibre for observation, or for projecting an image upon a photo-
graphic film.

The frequency of the fibre is controlled by a tensioning
screw. Sensitivity depends upon the tension and upon the
thickness of the fibre. Silvered quartz or glass fibres with a
diameter of 1 or 2 (1 . =10-% cm.) give the highest frequencies ;
a quartz fibre of 10 cm. length and 2 o diameter stretched to its
maximum safe tension has a period of about 3500 cycles per
second, and is almost dead-beat.

Fibres of copper, aluminium, phosphor bronze, or tungsten_
may have thicknesses of, say, 20 u. They are heavier than the
quartz, and have less tensile strength, so that the resonant fre-
quencies are much lower, and the fibres are not dead-beat.
However, a method of damping fibres has been described by
Irwin,* in which a ‘resonant shunt’—a condenser C, an induc-
tance L, and a resistance R in series—is employed. When a
shunt is properly designed,t records quite free from signs of
resonant oscillation have been obtained with even 14 . phosphor-
bronze fibres.

Cathode-ray Oscillograph. Oscillographs—such as the Dud-
dell or Einthoven instruments—which have mechanical moving
parts, have resonances in the audio-frequency range, and they
are not accurately applicable without troublesome corrections,
to frequencies above about 1000 cycles per second. In the
cathode-ray oscillograph, however, the moving system is a beam
of cathode rays, and is equally sensitive at all frequencies from
zero to the highest obtainable electrically. '

* Irwin, Oscillographs.
t S.Butterworth, A. B. Wood, and E. H. Lakey, ¥. Sci. Insts., 4, 8, 1926.
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The first cathode-ray oscillograph was due to Braun,* who
achieved visual observation of the deflections of the rays, and
succeeded in getting photographic records by arranging for the
cathode rays to continue automatically to retraverse exactly the
same path for a considerable time. Dufour,} with an intensified
beam of cathode rays, succeeded in getting photographic records
with a single traverse of the film. The voltages employed for
producing the cathode stream in these instruments were, however,
very high, and the instruments, on account of the very high
velocity of the cathode stream, wer€ insensitive. Sir J. J.
Thomson I therefore employed an electrically heated lime-
coated filament as a source of the cathode stream, and reduced
the necessary voltage by some twentyfold to 3000 volts.

Very convenient cathode-ray oscillographs for visual observa-
tion—and some degree of photographic recording—are now obtain-
able (Pl. III, p. 112), operating on 300-3000 volts. In these the
vacuum tube consists of a pear-shaped bulb a foot or so in length.
At the small end of the bulb is located the electrically heated
filament which acts as cathode and supplies electrons for the
cathode stream. A small perforated shield near the filament
protects it from bombardment and disintegration by positive
electrical particles which travel in a direction opposite to the
cathode stream. A tubular anode or perforated disc, maintained
at a potential of 300-3000 volts, attracts electrons from the
cathode. Some of these pass right through the tube and, emerging
as a well-defined stream on the other side, form the essential
cathode stream of the oscillograph. This stream falls on the
flattened end of the bulb which acts as a viewing screen. For this
purpose it is coated internally with a mixture of calcium tungstate
and zinc silicate, which fluoresces where the cathode stream
impinges upon it. The pattern traced by the electron stream
thus becomes visible and, to a certain extent, photographically
active. As a detail it may be mentioned that the tube is highly
evacuated, and the air replaced by a small quantity of argon gas
which concentrates the electron stream to a point on the viewing
screen.

Deflection of the stream by the electrical e.m.f. to be studied
is effected by a pair of parallel metal deflecting plates between

* F, Braun, Wied. Ann., 60, 552, 1897,
1 A. Dufour, Comptes Rendus, 158, 1339, 1914,
T J. J. Thomson, Engineering, 107, 543, 1919.
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which the stream passes. These deflect the stream at any instant
by an amount depending upon the sign and the magnitude of
the e.m.f. applied to them, and thus cause the fluorescent spot
on the screen to move. The sensitivity decreases as the anode
voltage increases, and, for an anode voltage of 300 volts, is often
about 1 mm. per volt applied to the deflecting plates.

A second pair of deflecting plates in the oscillograph arranged
at right angles to those already described can be used to deflect
the stream in a direction perpendicular to the other deflection.
They are convenient for providing a time-scale. It is now
possible with cathode-ray oscillographs, using a specially active
screen and having, say, 3000 volts on the anode, to photograph
records of frequencies as high as 10,000 per second. A film
camera of high speed and a lens of wide aperture are essential.
Previous to this improvement A. B. Wood * devised an arrange-
ment in which a drum of photographic plates could be introduced
into a robust cathode-ray bulb. It was of course necessary to
exhaust the bulb after introducing the plates. References to the
history of the cathode-ray oscillograph are given in a paper by
J. B. Johnson,t and Wood 1 has discussed recent developments.

Where a repeated time-scale is required, the deflecting field
must increase uniformly with time and then return to zero
instantaneously. Such a scale can be obtained from the voltage
fluctuations across a neon discharge tube in the following manner.
The neon tube, in parallel with a variable condenser C, is con-
nected to a 300-volt battery in series with a high resistance R.
When the connections are made the condenser begins to charge
up at a rate determined by CR. The rate is linear with respect
to time in the early stages of the charging at any rate. When a
voltage of about 160 volts is reached across the plates of the
condenser and thus between the terminals of the neon lamp,
the lamp ‘flashes,” and the condenser is discharged. The opera-
tion then repeats itself. It is preferable to use a constant current
device (such as a voltage saturated diode) instead of the high
resistance, as the charging of the condenser is then linear with
time throughout. By altering the capacity of the condenser the
frequency of the repetitions may be adjusted to be the same as
the fundamental frequency of any wave-form under study.

* A. B. Wood, Phys. Soc., Proc., 35, 109, 1923,
t J. B. Johnson, Frank. Inst. ¥., 42, 687, 1931.
I A.B. Wood, I.LE.E., ., 71, 41, 1932,
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For the study of periodic phenomena against such a linear
time-scale it is frequently necessary to introduce a stabilising
arrangement which, when the frequency of the time-base has
been approximately adjusted, will hold the frequency of the time-
base equal to that of the phenomenon under study. This can
be done by feeding some of the energy of the wave to be studied
into the oscillator providing the time-base. In spite of minor
fluctuations of the frequency under observation, the pattern upon
the viewing screen then remains stationary.*

With a cathode-ray oscillograph it is not necessary to have a
time-base in order to observe whether an audio-frequency e.m.f.
is substantially pure. For this purpose the circuit shown in
fig. 57 (b), p. 167, may be employed. The test e.m.f. is applied
to a resistance R and capacity C in series. The potential drop
across the resistance is applied to one pair of the oscillograph
plates, and that across the capacity to the other pair. If thee.m.f.
is of pure sine-wave form these two potentials will differ by 90°
in phase, and can be made equal (or approximately equal) in
magnitude by suitable choice of R and C. The resultant trace
on the viewing screen is a perfect circle or a perfect eclipse. If
the wave is not pure, distortion occurs and other shapes are
obtained. The presence of a harmonic having an amplitude
10 per cent. of that of the fundamental is normally detectable
by visual observation of the oscillograph circle. A similar im-
purity is detectable when the sine-wave form is observed.

Use of Cathode-ray Oscillograph for obtaining Frequency
Response Curves. Oscillographs are normally used for recording
the variation, as time changes, of the response of some electrical
system which is under observation. Since, however, cathode-
ray oscillographs are now part of the normal equipment of
acoustical laboratories it is advantageous to adapt them to various
uses for which special equipment would otherwise be required.
For instance, a frequency scale can be attained on a cathode-ray
oscillograph instead of a time-scale, and used in obtaining curves
showing the relation between the response of a loud-speaker and
the frequency of the exciting current.t The essential features of
the arrangement are indicated in fig. 33. An oscillator supplies
the loud-speaker with an electrical e.m.f. of constant magnitude

* See also G. I. Finch, R. W. Sutton, and A. E. Tooke, Phys. Soc.,
Proc., 43, 502, 1931,
+ A. H. Davis, Phil. Mag., 16, 408, 1933.
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but variable frequency, and the acoustical output of the loud-
speaker is measured by a microphone circuit which is uniformly
responsive at all frequencies. The rectified output from the
microphone circuit is applied to two plates of a cathode-ray

OSCILLATOR
Frequency variable : Voltage constant

Microphone
Loudspeaker
FREQUENCY WEIGHTING
. NETWORK
[
AMPLIFIER AND AMPLIFIER AND
SMOOTHED RECTIFIER SMOOTHED RECTIFIER
CATHODE RAY
QOSCILLOGRAPH
e.m.{.defermined by
acoustical pressure
sel up by loudspeaker
l ]
mJ. defermined b
Tﬁ:quencg of test n‘gf‘:

Fi1G. 33.—Circuit for obtaining frequency response characteristics of
loud-speaker by means of a cathode-ray oscillograph

oscillograph, and gives a proportionate vertical deflection to the
‘spot’ of the oscillograph. The same oscillator supplies current
to a weighting network so adjusted that the output, when amplified,
rectified, and smoothed, is closely related to the logarithm of the
frequency of the exciting current. This output, applied to the
other plates of the oscillograph, deflects the ‘spot’ horizontally
to an extent determined by the frequency of the note concerned.
As the frequency of the oscillator is varied the oscillograph spot
thus traces out a curve showing the relation between the pitch
of the note and the output of the loud-speaker as observed at the
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position of the microphone. Two such curves are shown in
fig. 34¢. The frequency scale is calibrated by causing the spot
to retraverse the screen horizontally (the loud-speaker being
switched off) with pauses at standard positions known from the

07’"% m?

126 250 " 1000 4000
Frequency cyclesy,.. Frequency eyeles/ o
Small Horn Type Cone Diaphragm Type
(a) Acoustical response curves of loud-speakers

30

R
<
2
101
125 250 1 0
Frequency eycless. Frcqucncy cycle%“
Without Filter Circuit With Filter Circuit

(b) Electrical amplifier characteristics

Fic. 34.—Frequency-response curves

scale of the oscillator. The vertical response scale is obtained
by a somewhat similar procedure when the frequency network
is switched off and the microphone amplification varied in a
known manner.

The arrangement is not limited to the study of electro-
acoustical systems, for the loud-speaker-microphone combination
can be replaced by any system which can be adapted so that an
electrical output results from an electrical input. As an illustra-
tion, fig. 34 (b) shows the frequency response curve of an electrical
amplifier, and also the response of the same amplifier after it
had been fitted with a low-pass electrical filter.



CHAPTFZR VII
MEASUREMENT OF SOUND INTENSITY
I. GENERAL

Physical Relations for Sound Waves in Air. The propagation of
a sound wave in air depends upon rapid alternating displacements
of the air particles, and is associated with oscillatory changes in
the pressure, velocity, temperature, and density of the air.
Methods of measuring the intensity of sounds * are therefore
largely based on the determination of the amplitudes + of one
or more of these fundamental oscillatory phenomena which, for
ordinary sounds of a given frequency in air, are proportional to
the amplitude of vibration and thus to each other.

The intensity of sound at a point is often expressed in terms
of the amplitude of the pressure, displacement, or velocity. It
is more formally expressed in energy units, in terms of the rate of
flow of sound energy across unit area. The intensity in energy
units is proportional to the square of the displacement, pressure,
or velocity amplitudes.

In addition to the alternating effects of sound, there is a small
steady radiation pressure exerted upon any reflecting object placed
in the path of the waves, and tending to drive it away. The
radiation pressure upon an infinite normal reflecting surface is
numerically equal to twice the energy density of the incident waves, .
and is independent of their frequency.

The following table gives numerical relations between the
various quantities for a plane wave in air. They are deducible
from the equations for the propagation of sound waves (p. 52),
particularly those for radiation from an infinite plane surface.
The density change is defined by the condensation s in the

* C. V. Drysdale (Phys. Soc. Discussion on Audition, 1931) has dis-
cussed acoustic measurements. ’

+ Smoke particles follow closely the motion of the air in which they
are suspended and, for suitable loud sounds, can be used to reveal the
amplitude (E. N. da C. Andrade, Roy. Soc., Proc., 134, 445, 1931),
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relation p =p,(1+s5), where p, and p are respectively the normal
and disturbed densities of the air at the point of measurement.
The range of intensities dealt with in the table practically covers
the normal range of hearing (see p. 238). It will be noted, there-
fore, how very small are many of the quantities associated with a
sound wave: in particular it is noteworthy that the ear can detect
a sound having a pressure variation as small as one thousand-
millionth of an atmosphere, or having an amplitude of vibration
of the order of one-thousandth of the wave-length of light.

TasLE IV
Intensity Relations for Plane Waves in Air

Relating to the plane wave & =asin w(t —g) at 0° C.

and 760 mm. pressure

109

Average
Maximum | Maximum . Rate of Average
Excess Particle Cx&’sg “:-':) o | Energy Flux | Energy per Terﬁgg::ture
Pressure Velocity at per Unit Unit Volume S
Area
(® * () W) (E) (O]
-1
» =a-f—’yP E=an |s =a%o W =}poca’o? |E = }p.atn? 0 =y—y- %p
1 1 w (y-1)Tp
= —_— =-£ =——p? = =t
=awp. Py e = ' 2, pid P’ T,
=41.7¢ =628na | =2:94 x 10-%& =p?/83-4 =294 x10-5W| =811 x10-%
=1 ] b =7 - —=90-8%2
1:42 x 108s =17 =706 x 1077 20-85
dynes/cm.? | cm.fsec. ergs/cm.3/sec. ergs/c.c. °C.
10-2 2:40 x10-5| 7-05 x 1010 2:40 x 10-8 7-06 x 10-13 811 x 10-¢
1 2:40 x10-3 17-05 x10-7 2:40 x 102 705 x 10-7 811 x10-%
102 2:40 x 10 7:05 x 104 2-40 x 10+¢ 7:05 x 101 811 x 102
Notes

(i) Maximum amplitude (a) =

(ii) Radiation pressure =2E.
(iii) 1 microwatt=10 ergs per second.
(iv) R.M.S. values =(Max. values) V32,
(v) n(frequency) =w/2n,
y =Ratio of specific heats of air.
P =Atmospheric pressure.
po =Density of air.
¢ =Velocity of sound (34,045 cm. per sec. at 0° C, and 760 mm.
pressure),
(vi) 1 Atmosphere =10¢ dynes per sq. cm.

6:28 x frequency
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Refractometric Measurements of Sound Intensity. Over
half a century ago Toepler and Boltzmann * indicated a refracto-
metric method of measuring the density changes at a node in a
column of air in stationary undulation. It employs an optical
interference system, and consists in observing the interference
between two rays of light from the same source, one of the rays
having passed through still air, and the other through air at a
nodal point. Since the density of air at a node changes periodi-
cally, the interference fringes themselves oscillate. By employ-
ing an intermittent source of suitable frequency—the well-known
principle of stroboscopic observation—the fringes can be made
to appear at rest, or to move sufficiently slowly for their passage
to be counted with ease. Rapst improved the method, dispensing
with the stroboscopic arrangements, and allowing the image of the
fringes to fall upon a slit and thence upon the photographic paper
carried by a rapidly revolving drum. In this way the wave-form
could be photographically recorded, whether periodic or not.
Raps applied the method not only to the node at the end of a
closed pipe in stationary undulation, but also to observations in
free air near the mouth of a trumpet.

The method is somewhat insensitive. In air at ordinary
atmospheric density (p,) there are normally 1-695 x 10* wave-
lengths of sodium light per centimetre of path length. If the
air is subject to an r.m.s. oscillatory sound pressure of ‘p’ dynes
per square centimetre, the maximum change (dn) in the number
of wave-lengths of light per centimetre is given by

dn p-1 Ve

np v

(1)

where

w =optical refractive index of air,
v = velocity of sound in air,

whence, substituting appropriate values for air,
dn =412 x 10-%

In the range of human hearing, as the intensity of sound varies
from the minimum audible to a painful loudness, p varies from

* A, Toepler and L. Boltzmann, Pogg. Ann., 141, 321, 1870.
t A. Raps, Wied. Ann., 50, 193, 1893,
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about 1/1000 to 1000 dynes per sq. cm., the value for the loud-
ness of ordinary conversational speech being about 1 dyne per
sq. cm. It is clear therefore that even with an optical path
length of, say, 20 centimetres, it would require a sound of extreme
intensity (104 dynes per sq. cm.) to cause an oscillatory fringe
shift equal to the distance between successive fringes. Raps
refers to the possibility of reflecting the light to and fro several
times through the optical path, but remarks on the additional
difficulty encountered.

Non-electrical Instruments of the Diaphragm Type. Many
instruments for measuring sound have been described in which the
sound sets a diaphragm in motion, and the diaphragm movements
are measured by mechanical, optical, or electrical means. The
electrical devices are of highest importance, and are dealt with
separately, in detail.  Generally speaking, the non-electrical
forms are of historical interest, and are not uniformly sensitive
over the frequency range. The reason for this is inherent in
the smallness of the motion of a diaphragm under acoustical
excitation, except when the diaphragm has resonances in the
audible range.

Many early forms were used for recording or reproducing
sound rather than for measurement. Reference may be made
to the Scott-Konig phonautograph (1859), and the Edison
phonograph (1877). Reproductions of phonograph records on
a large scale have been made photographically by Hermann *
and Bevier,t and mechanically by Scripture.f Konig (1862)
devised the manometric capsule, in which variations of air
pressure due to the sound wave are communicated to one side
of a membrane, which fluctuates a supply of gas passing the
other side on its way to a lighted jet. The height of a flame is
thus caused to vary in sympathy with the pressures in the sound
wave. Konig observed the vibrations of the flame in a rotating
mirror. Nichols and Merritt § and Brown || photographed the
flame pictures obtained when acetylene gas was used as the
illuminant. Miller,q in his well-known phonodeik, employed a
delicate mirror system in conjunction with a diaphragm for

* Hermann, Pfliigers Archiv, 45, 282, 1899.

t Bevier, Phys. Rev., 10, 193, 1900.

I Scripture, Experimental Phonetics, Washington, 1906,
§ Nichols and Merritt, Phys. Rev., 7, 93, 1908,

|| Brown, Phys. Rev., 33, 446, 1911.
9 Miller, Phys. Rev., 7, 93, 1908,
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obtaining photographic records of sounds, and later Dey,

Anderson,t Lapp, and Barton and Browning § described other
forms of phonoscope. Garten || observed the motion of a small
soap film covering a small cross-shaped opening in a very small
chamber to which sound was conveyed by means of a rubber
tube. The Low-Hilger § audiometer is a commercial form of
mechanical apparatus for the recording of sounds. Essentially it
consists of a thin (2u) celluloid diaphragm upon which sound
is concentrated by a horn. A small portion of the surface of the
diaphragm, on one side of the centre, is rendered reflecting by
a kathodic deposit of platinum, and suitable optical arrangements
are made which, together with a rotating drum, permit visual
observations as well as permanent photographic records of the
wave-form to be made.

Among diaphragm instruments proposed purely for sound
measurement one of the earliest was the vibration manometer
due to M. Wien.** In the closed end of a resonator an elastic
plate was fixed, and its movements were transmitted to a small
rotating mirror, which enabled the movement of the plate to be
measured. This instrument may perhaps be regarded as the
basis of several later devices such as that described by Sharpe,t
and the Webster phonometer which is described below. .

Rayleigh Disc. The well-known Rayleigh disc provides an
absolute method of measuring the air particle velocity at a point
in the sound field. It consists essentially of a small thin disc
of mica or glass, about } cm. diameter, suspended by a quartz
fibre so that its plane faces are vertical. For convenience in
observing its deflections, the disc may be silvered. When such
a disc is immersed in a fluid stream it tends to turn its flat side
to the direction of the motion. The direction of the displace-
ment is unaltered when the direction of motion of the fluid is
reversed, and is therefore maintained, even when the motion of
the fluid is alternating.

Lord Rayleigh 1] suggested the use of this phenomenon for

* Dey, Phil. Mag., 39, 145, 1920, -

t Anderson, Op. Soc. Am., ¥., 11, 31, 1925,

1 Lapp, Op. Soc. Am., ¥., 7, 661, 1923,

§ Barton and Browning, Phil. Mag., 50, 967, 1925,

|| Garten, Ann. d. Phys., 48, 273, 1915,

9§ Engineering, 117, 108, 1924,
** M. Wien, Wied. Ann., 36, 834, 1889,

t1 Sharpe, Science, 9, 808, 1899,
11 Rayleigh, Phil. Mag., 14, 186, 1882,
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Cathode ray oscillograph. See p. 103

Simple lagged chamber for acoustical measurements (N.P.1..) See p. 143

One side removed to show door (left), source in end wall, Rayleigh disc support (centre),
and secale for Rayleigh disc (right)

(p. 112
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acoustical measurements. Grimsehl * constructed a phonometer
based upon the principle. Konig 1 investigated the theory of the
behaviour of the disc and his formule for the steady torque F

exerted upon a thin circular disc in a frictionless fluid moving
with velocity v is

F =}pd®v? sin 26 (2)
where p =density of fluid.
d = diameter of disc.

0 =angle between a perpendicular to the disc and the
direction of the motion of the fluid.

It may be noted that the calculation involves a knowledge of the
atmospheric density, but in England variations of p in a warmed
room in winter will rarely exceed 3 per cent. when expressed
in velocity measurements. If the disc is subject to a simple
harmonic alternating velocity the steady deflection is determined
by the r.m.s. value of the velocity. There is also a fluctuating force
as the velocity rises and falls in each half-period, but the disc is
too massive to follow these fluctuations. By putting v, cos wt
for the velocity in the above equation, and noting that the r.m.s.
velocity  is equal to v,/ V2, and that 9,2 cos? wt =ve¥(1+ cos 2wt)
the formula becomes

F =}pd?v? sin 20[1 + cos 2wf] 3)

and the fluctuating part in cos 2wt is revealed.]

In measuring the steady torque the disc is usually suspended
by a quartz fibre and set so that § =45° and sin 26 =1. Deflec-
tions are observed by optical methods similar to those employed
in observing galvanometer deflections. From the observed
angular deflection ¢ the torque F can be calculated from the
formulee ¢ =F/u if u, the moment of torsion of the suspending
fibre, is known. u can be found by measuring the periodic time
of oscillation of any body of known moment of inertia suspended
on the fibre. There is a small correction due to damping. Thus

* Grimsehl, Wied. Ann., 34, 1028, 1888,

t Koénig, Wied. Ann., 43, 43, 1891.

1 In a somewhat complicated method of using the disc described by
Sivian (Phil. Mag., 5, 615, 1928) the amplitude of the sound wave to
be measured is modulated with a frequency equal to that of the natural
vibration of the suspended disc. The oscillating part of the torque is
then involved and swinging excursions of the disc are measured.

8
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if T =periodic time, I =moment of inertia, and D =ratio of two
consecutive swings in the same direction, we have

p= %5{4772 + (log, D)3} (4)

Again, if the modulus of rigidity ‘z’ of the material of a
cylindrical fibre of diameter ‘@’ is known, p can be calculated
from the formula p=3}matn. The sensitiveness of the instru-
ment may be inferred from a concrete case. For a disc of 1 cm.
diameter in a sound field having a particle velocity of 1 cm. per
sec. (r.m.s.), the torque, 2:04 x 10-¢ dyne cm. in magnitude,
would cause a deflection of 5 mm. at 1 meter when observed
optically, if a suspending quartz fibre of 1 cm. length and 2
diameter was employed.

Experiments have been carried out to calibrate the Rayleigh
disc by means of continuous air stream or by means of a low-
frequency alternating air stream. Good results may be obtained
with a continuous stream with fairly heavy and insensitive discs,
but any slight lack of symmetry in the disc appears to be serious.
In the calibration by means of low-frequency alternating currents
of air, Zernov * and also Barnes and West 1 have carried out work
in which a small container surrounding the disc was maintained"
in oscillatory motion either by being attached to the arm of an
electrically maintained tuning-fork or by a motor-driven rocker.
In both cases the amplitude of motion was observed by means of
a microscope.

It appears from the work of Barnes and West that, as long as
resonant frequencies are avoided, low-frequency alternating air
currents give results in close agreement with theory, if compara-
tively heavy discs are used.

A small piece of mirror attached to the mica disc produced
no appreciable effect, but resonances at audio-frequencies some-
times occurred owing to vibrations of the disc in its natural
modes as a free circular plate. The errors associated with
resonance were of the order of 12 per cent., and occurred, for
instance, with a mica disc 1-6 cm. in diameter at a frequency of
about 1830 cycles per second.

The theoretical formula applies to discs of infinitesimal
thickness, and a correction for thickness may be required. If x

* W. Zernov, Ann. d. Phys., 26, 79, 1908.
~ 1 A.]. Barnes and W. West, L.E.E., ¥., 65, 871, 1927,
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denotes the ratio of thickness to the diameter of the disc, Konig
deduced the following corrected formula as a result of his
experiments :—

Torque = $pd®v? sin 26(1 — 0-3x) (5)

Zernov derived the following empirical correction (1+2-78x
—-9-05x?) in place of Konig’s bracketed correction term. He
used two discs of 1 cm. diameter and thickness 0-04 and 0-1 cm.,
and one disc of } cm. diameter and 0-02 cm. thickness. His
formula therefore is based on somewhat meagre information.

For wave-lengths shorter than five times the diameter of the
disc errors in velocity measurements appear liable to occur, but
for wave-lengths even as low as four-thirds of the disc diameter
such errors probably do not exceed about 12 per cent.

The sensitive discs such as are at present under consideration
cannot be used except in an atmosphere which is normally
practically motionless. Difficulties occur even in small testing
cabinets, say 6-ft. cube, possibly owing to convection currents.
Such effects are not serious when the disc is quick in movement
and nearly dead-beat, but they are troublesome with silvered glass.
The difficulty can be overcome by the use of a suitable draught-
screen of butter muslin of, say, 10 cm. x 10 cm. x 20 cm. in
size, but there is some slight uncertainty as to the effect of the
screen on the sound field.

Meyer * has compared thermophone and Rayleigh disc cali-
brations of a condenser microphone, and obtained agreement.
N. Fleming (unpublished) has carried out a similar comparison
between calibrations based upon the Rayleigh disc and upon a
pistonphone.

Since in practice a Rayleigh disc is often employed for studying
sound waves in a tube, it should be noted that transverse reson-
ances may occur in tubes when the diameter is greater than
about three-fifths of the wave-length. Skinner t has conducted
experiments on the anomalous action of large Rayleigh discs
confined in tubes having diameters somewhat greater and
somewhat less than a wave-length of the sound concerned.

Webster Phonometer. Webster [ evolved a very compact
portable tuned phonometer which can be tuned over two octaves,
and which, over a limited range of frequency, will compete in

* E. Meyer, Zeits. f. tech. Phys., 7, 609, 1926; E.N.T., 4, 86, 1927,
t C. H. Skinner, Phys. Rev., 27, 346, 1926.
1 A. G, Webster, Engineering, 111, 763, 1921,
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sensitiveness with the human ear. It consists essentially of a
large tunable resonator in the mouth of which a diaphragm is
held by means of three coplanar stretched wires symmetrically
disposed (fig. 35). Under the influence of sound of the correct
pitch the resonant excursions of air at the mouth set the diaphragm
in oscillation, the magnitude of the oscillation being greatest
when the supporting wires are also correctly tuned. 'The motion
of the diaphragm is observed through the medium of a steel
' point attached to the back of the diaphragm, which bears against
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Fic. 35.—Webster’s portable selective phonometer
(Davis and Kaye's Acoustics of Busldings)

a very small mirror on a torsion strip in such a way that the
mirror is rotated when the diaphragm moves.

Light from a small lamp (lighted by a dry battery contained
in the base of the instrument) passes through the glass back of
the resonator, is reflected by the mirror, and observed by means
of an eyepiece. From the swinging excursions of the image of
the light, as observed on the scale of the eyepiece, the amplitude
of vibration of the diaphragm may be calculated. Webster
states that, by reading to 0-1 mm. on the graticule of the eyepiece,
disc displacements of 0-00004 mm. can be detected. King *
used the instrument in a survey at sea of the sounds of fog-signals.

Hot-wire Microphones. W. S. Tucker and E. T. Paris ¢
have described a hot-wire microphone (fig. 36), consisting of
an ‘electrically heated grid of exceedingly fine platinum wire

* L. V. King, Roy. Soc., Phil. Trans., 218, 211, 1919; Frank. Inst. ¥.,
183, 259, 1917. ‘,
2T W. S. Tucker and E, T. Paris, Roy.' Soc., Phil, Trans., 221, 389,
1921,
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0-0006 cm. in diameter. To obtain increased sensitiveness and
selectivity they placed the grid in the neck of a tunable Helmholtz
resonator. 'The cooling effect of air currents in the neck arising
from resonance results in alteration of the electrical resistance of
the hot wire. Their instrument actually measured the pressure
variation in the acoustic field at the mouth of the resonator, for
it is to this pressure variation that the air velocity fluctuations in
the neck of the resonator are due.

The microphone is generally used with its axis vertical, the
mouth of the resonator pointing upwards. Owing to the natural
convection stream upwards, the periodic fluctuations of air in
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F16. 36.—Tucker selective hot-wire microphone
(Davis and Kaye's Acoustics of Buildings)

the neck under the action of a sound may be somewhat compli-
cated. Calibration may be effected by observing the cooling
effect of steady air streams of known velocity U passing into the
resonator. It is found that the resistance change is given by

R =R, +a(U ~ V)2 +5(U - V)¢ (6)

Neglecting the fourth power term, and taking U to be alternating
and equal to U sin p¢, we find

R =R, +aV?+3aU2 - 2aV,U sin pt — 3aU? cos 2pt (7)

Thus the sound gives rise to (i) a steady resistance change 3aU?
which is proportional to the intensity of the sound expressed in
energy units, (ii) an oscillatory part which exhibits the funda-
mental frequency of the sound and also its octave, the latter being
negligible when the sound amplitude is small. The fundamental
oscillatory change in resistance is proportional to U, and is a
measure of the amplitude of the sound.

There are thus two methods of using the instrument: (i) a
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Wheatstone’s bridge method depending upon the steady drop
in average resistance of the heated grid which results from the
average cooling effect of air currents set up by the sound, and
(ii) a method in which the periodic resistance variations which
accompany the fluctuations of air velocity are measured with the
assistance of valve amplifiers.

The sensitivity of the instrument can be increased by in-
creasing the heating current through the hot wire, and within
limits is proportional to the temperature excess of the grid above
its surroundings. The selectiveness of the tuned microphones
may be illustrated by the fact that an instrument designed for
frequencies of about 240 cycles per second gave deflections
which fell off by 80 per cent. if the resonator was mistuned by
10 cycles per second.* The instrument is easily disturbed by
draughts, and is therefore protected by a ‘loofah’ screen when
used in the open. Owing to the thermal capacity of the wire,
it has a practical upper limit of, say, 500 or 1000 cycles per
second. Tuckert has given an interesting survey of its applica-
tions, and it may be mentioned that the instrument is specially
sensitive for low-frequency sounds. When the instrument is
used for sound-ranging in warfare, the resonator is excited
impulsively by the sound pulse from a distant gun, and a record -
is obtained of the exact instant at which the sound arrives. By
the use of several microphones situated widely apart it is possible
to deduce the position of the gun from the various time intervals
measured. When the hot-wire microphone is used in acoustical
measurements in conjunction with a double resonator (p. 122)
the selectivity is very sharp, and sounds barely perceptible to the
ear may be measured.

A. v. Hippel ] has dealt with the theory of the unresonated
hot-wire microphone, considering whether a faithful conversion
of sound into electrical energy is possible by its means. He
refers to three effects—the oscillatory temperature changes in the
air at sound nodes, the oscillatory changes in air velocity between
sound nodes, and these velocity changes in combination with
convection currents both natural and forced: the first and

* E. T. Paris (Phys. Soc., Proc., 43, 72, 1931) has discussed the
acoustical characteristics of singly resonant hot-wire microphones, and
of hot-wire microphones with double resonators (Roy. Soc., Proc., 101,
391, 1922).

%‘ W. S. Tucker, Roy. Soc. Arts., ¥., 171, 121, 1923,

1 A. v. Hippel, Ann. d. Phys., 75, 521, 1924,

'
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third of these are involved in the theory of the thermo-microphone.
J. Freise and W. Waetzmann * criticised Hippel’s calculations
of the adiabatic thermal effect at the nodes, preferring their own,
which was on the verge of publication and which is referred
to elsewhere. Hippel t accepted the correction, but pointed out
that the adiabatic thermal effect at nodes plays only a negligible
part in the action of a thermo-microphone which depends mainly
upon convection-current effects. In a further paper Hippel |
established the theory of the hot-wire microphone experimentally
by varying current, wire thickness, frequency, amplitude, direc-
tion, and rapidity of the convection flow. E. G. Richardson § has
employed an unresonated hot-wire microphone for exploring the
amplitude of sound waves in pipes.

Resonators. As a selective element in the detection of sound
of a definite pitch the Helmholtz resonator is of considerable
value. It consists of a vessel which is
completely closed except for one aper-
ture. By sympathetic vibration of the
contained air a resonator amplifies the
effect of sounds produced in its neigh-
bourhood. The pressure set up in the
enclosure is greater than that set up by
the incident sounds in the air outside,
and the particle velocity of the air in
the neck of the aperture is greater than the particle velocity in
the incident sound wave. The resonators are very selective,
since damping is very small.

The theory of resonators was first given by Helmholtz, and
later simplified by Rayleigh. The mathematical difficulties are
reduced if the resonator neck is supposed to be fitted with an
infinite flange. In this case an approximate theory may be set
out succinctly as follows, by making use of impedance concep-
tions. A vessel (fig. 37) is supposed to be such that its diameter
is small compared with the wave-length of the sound concerned.
Under this condition the air in the neck will move practically
as a whole, like a piston, and the pressure in the interior at
any instant will be almost uniform. If ¢ represents the small

Fi1c. 37.—Helmholtz resonator

* J. Friese and W. Waetzmann, Ann. d. Phys., 76, 39, 1925,
1 A. v. Hippel, Zeits. f. Phys., 31, 716, 1925,

1 A. v. Hippel, Ann. d. Phys., 76, 590, 1925,

§ E. G. Richardson, Roy. Soc., Proc., 112, 522, 1926.
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displacement of the piston of air in the neck outwards from its mean
position, the resulting force outwards acting on the area A of the

ov . S . .
7 —A owing to adiabatic expansion of the air in the
[}

resonator, and may be written —pc2A2£/V, since ¢2 =yP/p, where
p is the density of the air, P its undisturbed pressure, and ¢ the
velocity of sound. The mass of the piston is pAl and, in the
absence of impressed forces, the equation of motion of the system
is pAlE +pc?A2[V,=0. It is necessary, however, to take agcount
of the reaction of the air outside the neck. The piston acts,
indeed, as a source of sound as regards the semi-infinite medium
into which it radiates, the specific impedance 2, of which is given
k%?® 8ka

on p. 61 as pC<—-‘-2—-+l~:;> for the case concerned, where a, the
radius of the piston, is small compared with the wave-length
A(=2m[k). The effect of this impedance upon the equation of
motion of the piston (see p. 55) is to increase the effective mass
and to supply a damping term. If the resonator is driven by an
external force producing over the mouth a pressure represented
by the real part of peiwt, the full equation of motion becomes

pcA

neck is —yP

PA{l+ 0} + Apc——f +
where o =84/37=0-854. (N.B.—A =7ra‘*‘ ; ke=w.)

- Apeiwt (8) ‘

So far no allowance has been made for the motion of the air
near the neck but inside the resonator. In this case the medium
is confined and there is no radiation of sound, so that no addition
to the damping term arises. However, assuming the added mass
to be the same for this end of the neck as for the other, the added
mass indicated above needs to be doubled. The final equation
may then be written .

o <l + 20.>X pkw

where X is written for A¢, the volume displacement.

The quantity A/(/+2a) represents what is known as the con-
ductivity (K) of the neck, as corrected for the motion of the air
outside the ends. The correction o =0-854 has been evaluated
on the assumption that the air moves in the neck as a rigid piston.

2
'%X = peiwt " (9)
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Rayleigh * has shown, by hydrodynamical considerations of the
air flow, that the correction a lies between 7a/4 and 8a/3~; that
is, between 0-785a and 0-849a. An empirical value is 0-82a.t
If, as is usual in practice, the flange is omitted from the resonator,
calculation is more difficult ; the empirical value accepted in this
case is usually 0-6a.

The equation (9) above is identical in form with that for the
motion of a simple damped oscillating system, and its solution in

complex form is
2
Plas"" K Vo

The quantity in the denominator is equal to pei®i/X, and is
known as the acoustical impedance of the resonator.

The undamped resonance frequency is given by w =cVK/V,
and differs but little from the damped resonance, the accurate
expression for which is

0 =cVEK[Vo/V'1+k*2[8x2 (11)

X=iXw=

The velocity amplification factor for the resonator is the ratio
of the velocity in the neck to the velocity (€ =p/pc, see p. 58)
in the incoming plane wave. It is found to be equal to 4mc?/Aw?,
i.e. to A%/mA. The pressure amplification factor is the ratio of
the pressure set up in the bulb (—pc2A%,,./V,) [p. 120] to the
pressure p(=pcf) in the incoming wave. It is found to be
cA/wV, times the velocity amplification, and thus is equal to
4mc/wK. It is usually less than the velocity amplification.]
Helmholtz resonators have the advantages that the resonance
is very sharp, that the overtones are all relatively high and are not
in harmonic relation, and that the dimensions of the resonator
need only be small compared with the wave-length of the sound
concerned. Helmholtz § gave the theory of resonators with

* Rayleigh, Roy. Soc., Proc., 19, 106, 1870.

t Calculation shows that the conductivity of an ellipse—even when
the ellipse is so eccentric that the ratio of its axes is 2 : 1, is only 3 per
cent. above that of a circle of equal area. It is thus useful to write a as
046V A, The conductivity A/2a is thus I'1VA =24,

1 E. T. Paris (Science Progress, 20, 68,1925) deals with the amplifi-
cation of acoustic vibrations by resonators.

§ Helmbholtz, Crelle, 57, 1-72, 1860.
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cylindrical necks. Wertheim * showed that the effect of an open
end could be represented by an addition « to the length inde-
pendent, or nearly so, of the length and of the wave-length.
Sondhauss 1 experimented with resonators with and without
necks, and gave formula which are practically special cases of the
formula given above.

Resonators are of value where it is desired to detect the
presence of a note of definite pitch in the presence of other
sounds. A series of resonators is therefore of value in the
analysis of sound. Helmholtz used such a series in conjunction
with the ear, by applying to the ear a small open pip at the base
of the resonator. For detection, use has also been made of hot
wires (p. 116) or Rayleigh discs in the neck (p. 123), or of tuned
mirror-carrying reeds in the mouth (Fournier d’Albe).

It may be mentioned here that when a source of sound such
as a tuning-fork is placed near the mouth of a resonator, the
intensity of the sound is enhanced. It must be clearly realised
that the additional energy does not come from the resonator, but
is merely the result of some interaction between it and the
source, which facilitates emission of energy by the latter. The
presence of the resonator increases the emission 1/k2b%-fold in
the case of a simple source, and 1/k%*-fold in the case of a double
source, where %k has its usual meaning (27/)) and b (small) is the
distance of the source from the aperture of the resonator.§ This
ratio is greatest for the double source, 7.e. for the source which is
normally an inefficient radiator of sound (p. 59).

The effect of a resonator upon a sound field at a dis-
tance from a source to which it is tuned, is noteworthy. The
resonator may absorb sound from a considerable area of the
wave-front, diverting energy which at its maximum may extend
over an area of A?/w, where A, the wave-length of the sound
concerned, is large compared with the dimensions of the
resonator.§

Double Resonators.] When two resonators are connected in
series the amplification is greater, and the combination has more

* Wertheim, Ann. d. Chim., 31, 385, 1851.

+ Sondhauss, Pogg. Ann., 81, 235 and 347, 1850; 140, 63 and 219,
1872, .

1 See also Edwards, Phys. Rev., 32, 23, 1911; Hewlett, Phys. Rev.,
35, 359, 1912.

§ Lamb, Dynamical Theory of Sound, p. 274, 1925,

|l Rayleigh, Sound, 2, 189, 1896 ; Phil. Mag., 36, 231, 1918.
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than one resonant frequency. C. V. Boys * suggested this arrange-
ment and pointed out its great sensitivity. Rayleigh has shown
that if two reservoirs communicate with each other and with the
external air by necks, and if the volumes and conductivities are
as shown in fig. 38, then the formula for the natural pulsatances
of the combination is

{K1+K2+K3+K2
v Vv,

If-one end is closed K, is zero. If two ends are closed K, also

is zero, and the formula gives the

natural frequencies of two closed con- m

nected vessels. It is to be noticed v v,

that a double resonator closed at one W
end has two resonant frequencies, and
that the inner resonator should be F1G. 38.—Double resonator
small compared with the outer for greatest amplification.
Paris 1 has extended the theory to cases in which a tube or a
horn replaces one of the resonators.
Rayleigh Disc and Double Resonator. Where a very selective
instrument is required in the measurement of sound intensity,

CU‘ + w2a?

4
}+v“71{K1K3+K2<K1+K3)} (12)

Window Suspended Disc

Second Resonalor First Resonalor

Window

To Secale

F1c. 39.—Rayleigh disc and double resonator
(Davis and Kaye's Acoustics of Buildings)
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the Rayleigh disc may be used in conjunction with a double
resonator (fig. 39). When the instrument is exposed to the
influence of a note having the pitch to which it is tuned, the
pronounced oscillatory excursions of the air set up in the neck
are measured by means of a Rayleigh disc suspended there.
Glass windows are provided in the neck and in the end of the

* C. V. Boys, Nature, 42, 604, 1890,

1 E. T. Paris, Roy. Soc., Proc., 101, 393, 1922 ; Phil. Mag., 48, 769,
1924 ; 36, 231, 1926,
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resonator so that the deflection of a beam of light reflected from
the disc may be observed by suitable optical arrangements. The
instrument is extremely sensitive and will measure sounds so
feeble as to be barely perceptible by the ear. Its selectiveness
is useful when it is desired to avoid the effects of any components
of a sound other than that of chosen pitch.

Resistance Thermometer. In measuring the small adiabatic
oscillations of temperature which occur at pressure loops in a
stationary sound wave, resistance thermometers of fine wire or
foil have been employed. K. Neuscheler * used a strip-resistance
thermometer for measuring the adiabatic temperature changes.
just inside the stopped end of an organ pipe having a fundamental
frequency of 33 vibrations per second. By employing an Ein-
thoven galvanometer, he recorded wave-forms showing whether
the pipe was speaking in a simple or in a compound tone. Tem-
perature changes of 0-13° C. were measured, corresponding to
amplitudes of vibration of 0-058 cm. K. Heindlhofer + gave a
mathematical theory of a proposed method of determining the
absolute intensity of a sound from its thermal effect. A gold
leaf about 2 u thick, in series with a coil and constant e.m.f., was
proposed, the amplitude of the sound being deduced from the
alternating current in a secondary coil. In a second paper
Heindlhofer 1 corrected part of the earlier theory and verified
the later theory experimentally, using a pistonphone arrange-
ment for producing known pressure differences in the frequency
range 5-32 vibrations per second.

J. Friese and E. Waetzmann | explored the stationary sound
waves in a tube for a frequency of 800 vibrations per second by
relative temperature measurements at the nodes and loops by a
resistance thermometer (of 4 4 wire 18 mm. long) in conjunction
with a valve amplifier. Later (1925) allowance was made on
theoretical grounds for the fact that the resistance thermometer
does not follow the full temperature fluctuations of the air,
particularly at higher frequencies, and absolute measurements
were made. Simultaneously, the pressure amplitudes were
measured by means of a membrane manometer, and the tempera-
ture amplitudes calculated from these proved to be in satisfactory
agreement with those given by the resistance thermometer for

* K. Neuscheler, Ann. d. Phys., 34, 131, 1911,

t K. Heindlhofer, 4nn. d. Phys., 37, 247, 1912; 45, 259, 1914,

T J. Friese and E. Waetzmann, Zeits. f. Phys., 29, 110, 1924; 34,
131, 1925.
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frequencies from 400-1000 cycles per second. In their theory
of the resistance thermometer as used for absolute acoustical
measurements J. Friese and E. Waetzmann * calculated that
when a fine platinum wire of radius R is placed in air, of which
the temperature varies with a frequency », the ratio V of the
mean temperature amplitude of the wire to that of the air is
given by the following table :—

TaBLE V

nR32 v

0x10-¢ 1-00

5 0-6956
10 0-486
20 0-350
30 0-219
40 0-174
50 0-145

Their confirmation of this theory has been referred to above.

Radiometer. The positive radiation pressure exerted by sound
waves upon an infinite wall normal to the waves has been calculated
by Rayleigh 1 to be

P=(y+1)E (13)

where E is the volume density of the incident wave-train, and
y is the ratio of the specific heats of the gaseous medium. In
the case where the gas obeys an isothermal instead of an adiabatic
law of expansion, the equation becomes P =2E.

Rayleigh’s proof involves general hydrodynamical equations,
but Poynting  and Larmor § derived the latter expression by a
relatively simple treatment. Larmor’s proof assumes the reflect-
ing wall to be moving normally towards the oncoming waves with
a small velocity. In consequence the waves are more crowded
after reflection than before, or, in other words, the pitch of the
sound is raised on reflection. Since the energy density of sound
waves increases as the square of the frequency of the waves, the
energy density of the sound is increased on reflection from the

* J. Friese and E. Waetzmann, Zeits. f. Phys., 31, 50, 1925,
t Rayleigh, Phil. Mag., 3, 338, 1902; 10, 364, 1905.

1 J. H. Poynting, Phil. Mag., 9, 393, 1905.
§ Larmor, Ency, Brit., 11th ed., 22, 786, 1911,
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moving wall. The resulting increase in wave-energy per unit
time is equal to the work expended in moving the wall a distance
v against the radiation pressure P, where v is the velocity of sound
in the medium. When this equality is expressed in algebraical
form it is found that P=2E. For further details of Larmor’s

Quartz fibre — M ;’rror

/

Light
piston

v

i
Metal case/
(front remooved)

Metal case

F1G. 40.—Acoustical radiation manometer

treatment and its relation to Rayleigh’s calculation an article by
Weaver * is of value.

Altberg 1 described an instrument for measuring the radiation
pressure exerted by sound waves of high frequency and consider-
able amplitude, such as were produced by a mechanically excited
Kundt’stube. The radiation pressure measured was about } dyne
per sq. cm. Later Altberg and Holtzmann ] used an instrument
about 2000 times as sensitive ; again, however, they confined
themselves to sounds of very high pitch—5000 to 22,000 cycles
per second. This later instrument is illustrated in fig. 40. It

* W. Weaver, Phys. Rev., 15, 399, 1920.

+ W. Altberg, Ann. d. Phys., 11, 405, 1903,
T W. Altberg and M, Holtzmann, Phys. Zeits., 26, 149, 1925,
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consisted essentially of a large vertical reflecting plate having a
rectangular hole through the centre. A light piston carried on
the arm of a delicate torsion balance was mounted within this
hole with a minimum clearance (} mm.) consistent with free
motion. The force exerted by the incident waves upon the
piston was calculated from the deflection of the torsion balance
as observed with the usual mirror arrangements. To prevent
interference from thermal air currents the torsion system was
entirely enclosed in a metal casing; a thin cover of cigarette
paper over the hole in the reflecting plate protected the system
from draughts without being thick enough to offer appreciable
resistance to the passage of sound.

Altberg found the radiation pressure to be proportional to
the square of the oscillatory pressure as measured by a vibration
manometer. Zernov * compared the radiation pressure exerted
at the closed end of a resonant pipe with that deduced from
readings of a vibration manometer, and obtained agreement with
Rayleigh’s formula within 2 per cent., Z.e. within the limits of
error of the observations. His sound was of frequency 512
cycles per second, and the radiation pressure measured was about
% dyne per sq. cm.

Clearly sound radiometers require very loud aerial sounds
for their operation. They have been used in the form of a simple
disc of metal upon a torsion balance, for the measurement of
high-frequency radiation under water.t

* W. Zernov, Ann. d. Phys., 21, 131, 1906,
t R. W. Boyle, Roy. Soc. Canada, Proc., 3, 167, 1925,



CHAPTER VIII
MEASUREMENT OF SOUND INTENSITY

II. ELEcTRICAL MICROPHONES

Electromagnetic Microphones. An electrical microphone, com-
bined with a device for measuring the alternating e.m.f. generated,
is a most valuable instrument for acoustical measurement. There
are, of course, many types of microphone. The carbon-granule
type, as used in the transmitter of an ordinary telephone, is very
inconstant and the e.m.f. generated is not strictly proportional
to the displacement. High quality instruments are available,
however, in which the diaphragm is so tightly stretched that it
is free from resonances in the ordinary speech range, and in
which the diaphragm carries two carbon buttons, one on each
side—a device which practically eliminates non-linear distortion.
Naturally in the double-button type only one side of the diaphragm
is exposed to the sound. An ordinary electromagnetic telephone
receiver (or loud-speaker unit) acts as a microphone under acoustic
excitation, the moving diaphragm generating an alternating electro-
motive force in the windings around the magnet. It forms a more
constant instrument for measurement purposes than a carbon
microphone.

The theoretical equations for a telephone receiver when it is
used as a microphone may be written

di . du
L;}JFRH'ME:O (1)
d®u du .
mE;g+fz't‘+3u—Ml=F (2)

where F is the applied force upon the diaphragm due to the

incident sound, and the other symbols have the same meaning

as those given in connection with the telephone receiver on p. 75.
e 128
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The solutions of the equations are
MF i (R+jwL)F

A 2Z )
and the microphone acts as a source of e.m.f. of magnitude MF/z,
having internal impedance Z equal to the usual free impedance
of the instrument.

If the microphone is in series with an external resistance,
R must be taken to be the sum of the internal and external
resistances (=R;+R,). The e.m.f. available externally is given

by e.m.f.
_MF< R, >_MF rox .
Tz Z_*_Re-—zappo. (4)

if R, is large compared with the impedance of the microphone,
and

iR,

1_«*{ R,+R,+jwl }_Ea o -
z\R, + R, +jwL + M2/zf ~ 5 “PPFO%

if the motional impedance is small. ~Since the motional impedance
of the instrument is Z,,=M?2/z, we may write e.m.f. =FZ,/M.
The sensitivity of the microphone is therefore calculable if M is
known—it is easily obtainable for moving coil instruments (see
p. 78)—provided a measurement is made of the motional im-
pedance Z,, of the receiver or of the mechanical impedance 2
of the diaphragm (see p. 74).

It must be commented that the moving system of an ideal
telephone receiver should satisfy somewhat different requirements
from that of an ideal microphone. For in use the receiver acts
into a small enclosed cavity between the ear and the diaphragm,
and the pressure developed within this enclosure per unit of
current in the receiver coil should be independent of frequency
if the coil impedance is constant. At low frequencies the pressure
developed is very nearly proportional to the amplitude of vibration
of the diaphragm. At high frequencies the acoustical impedance
of the ear becomes important ; this, however, varies greatly from
ear to ear, and it appears that, on an average, constancy of the
amplitude of motion of the diaphragm per unit current through-
out the frequency range is still the best condition to attain in the
design of a receiver. On the other hand, in the case of an electro-
magnetic microphone the voltage generated is proportional to the
velocity of the diaphragm; consequently the diaphragm of a

9
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uniformly sensitive microphone should have, at all frequencies,
the same velocity for unit exciting pressure in the sound wave.
Expressed in another way, the mechanical impedance (force per
unit velocity) of a microphone diaphragm should be the same
at all frequencies, whereas that of a receiver should be inversely
proportional to the frequency.

Generally speaking, commercial types of microphones exhibit
resonance within the range of acoustical frequencies. The
methods of avoiding such resonance effects are
to subject the diaphragm to either very high or
low tension, so as to bring the resonant fre-
quency well above or well below the speech or
music range.

Among the microphones with lightly con-
trolled moving systems, the Marconi-Sykes
microphone * may be mentioned. It is of the
electrodynamic type. A thin annular coil of
aluminium wire is loosely supported in the gap
- L}/ of a‘pot’electromagnet. The support is almost
F16. 41.—Ribbon free from restraint—in one type of the instrument

microphone  j¢ is a trifilar suspension of silk thread, and in
another is merely an annular pad of cotton-wool.

Another microphone of the same class is the ‘strip”’ or ‘ribbon’
microphone of Gerlach and Schottky,t which is illustrated
diagramatically in fig. 41. It consists essentially of a thin un-
stretched strip or corrugated ribbon (3 ) of aluminium foil situated
in the magnetic field of a strong electromagnet. The movement
of the strip under the action of incident sound waves induces in
it measurable electrical currents. The field of the electromagnet
is so strong that the electromagnetic damping of the motion of
the strip equals the damping by radiation—an optimum condition
for efficiency of the receiver. Some microphones of the strip
type are said to have a uniform characteristic over a wide frequency
range—50-10,000 cycles per second. Gerlach made absolute
measurements of sound intensity with this type of instrument
by means of the compensation method, which he devised, and
which has since been applied to other types of microphone.
Gerlach passed through the strip an alternating current of suitable
frequency, magnitude, and phase, so that the forces upon the

* H. J. Round, Wireless World, 15, 26, 1924,
t E. Gerlach and W. Schottky, Phys. Zeits., 25, 672, 675, 1924,
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strip due to the pressure of incident sound waves were exactly
compensated, and the strip was retained at rest—a condition
which was detected by an auxiliary device. The acoustical forces
upon the strip were then deduced from the compensating electrical
forces arising from the measured current in the known magnetic
field.

H. F. Olson,* who gives the theory of the ribbon microphone,
has described results obtained with a microphone of this type.

F1G6. 42.—Moving-coil microphone

\\\\\\\\\\\\\"

On calibration the microphone was found to have a response
practically independent of frequency within the range covered
(100-5000 cycles per second). The instrument may be used
both with and without a baffle. 'When used without a baffle the
acoustical air pressures have ready access to both sides of the
microphone ribbon, and in consequence the microphone exhibits
certain directional characteristics. To a reasonable degree of
approximation the response in a direction inclined at an angle
to the normal to the strip is proportional to cos §. This relation
is practically independent of frequency—except, of course, for
frequencies such that the acoustic path from the front to the rear
of the ribbon is comparable with the wave-length of the sound—
so the directional characteristics of the microphone do not pro-
duce frequency distortion. In measuring the pressure difference
between the two faces of the ribbon, the microphone measures
the pressure gradient in the sound wave and thus the particle
velocity. The instrument has advantages in outdoor tests of
loud-speakers, in that its directional characteristics allow reflec-
tions from the ground to be ignored in the measurements.t

* H. F. Olson, Acous. Soc. Am. ¥., 3, 56, 1931,
t I. Wolff and F. Massa, Acous. Soc. Am. ¥., 4, 217, 1933.



132 MODERN ACOUSTICS

Wente and Thuras * have described a high quality moving
coil microphone (fig. 42), which is similar in general construction
to the receiver described on p. 41, but has the cap omitted so
that the diaphragm may be exposed to the incident sound waves.
It has certain details designed to ensure fairly uniform response
over the frequency range when the instrument is used as a
microphone. In particular, a tube connecting the space at the
rear of the diaphragm with that in front is intended to increase
the low-frequency response to a desired degree. The original
paper should be consulted for an explanation of the design.

Condenser Microphones. Among the microphones with a

Grooves Stretched Metal

D ing
ampin Diaphrac]m

Insulated

lnsulation Thin Rubber Seal

FiG. 43.—Diagram illustrating Wente’s
condenser microphone
(Davis and Kaye’s Acoustics of Buildings)

stretched metal diaphragm is the electrostatic or condenser micro-
phone described by Wente.t An early form of the instrument
is illustrated in fig. 43. It consists essentially of a tightly stretched
thin steel diaphragm separated from a metal back plate by about
1/1000-inch air-gap. The plate and the diaphragm form the
two plates of an electrical condenser, which is charged by being
permanently connected to a battery of about 200 volts through
a high resistance. When the diaphragm vibrates under the action
of sound, the capacity of the condenser varies, and an alternating
electromotive force is set up. Annular grooves cut into the face
of the back plate give the diaphragm the requisite degree of
damping. Moisture is excluded from the space surrounding the
back plate by means of a thin rubber sheet, which, being flexible,
maintains the pressure within the air-gap of the instrument sub-

* E. C. Wente and A. L. Thuras, Acous. Soc. Am. ¥., 3, 44, 1931,
+ E. C. Wente, Phys. Rev., 10, 39, 1917,
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stantially atmospheric Ow,*ng to the tight stretchmg of the metal
diaphragm, its natural frequency of vibration is very high—some
10,000-20,000 vibrations per second, and so the mlcrophone
-—although somewhat insensitive—is almost uniformly responsive
to sounds over a wide range of acoustical frequencies. The
microphone changes but little with time and atmospheric con-
ditions, and is used with amplifiers which themselves, when
properly designed, will maintain constancy for a long period.
The microphone is usually used in conjunction with a valve
amplifier, and the electrical connections are shown in fig. 44.
It may be mentioned that a condenser microphone having a
+200 volts

Mic rophone

F16. 44.—Condenser microphone circuit

capacity of, say, 300 micro-microfarads has an impedance of 6}
megohms at a frequency of 50 cycles per second, and 0-064
megohm at 5000 cycles per second. Hence a resistance of the
order of 10 megohms is necessary in the associated connector
unit, to ensure that the input to the valve shall not fall off at low
frequencies. Long leads from the microphone to the amplifier
not only give trouble from the stray e.m.f.’s, which are very readily
picked up, but also act as an appreciable shunt on the microphone:
for it requires only a very few feet of ordinary leads to have a
capacity greater than the capacity of the microphone. As a con-
sequence the first stage of amplification is frequently incorporated
in a housing as small as possible, attached to the back of the
microphone.

Theory of the Condenser Microphone. When the diaphragm
of a condenser mlcrophone moves under the action of an incident
sound the capacity C varies. Assuming the diaphragm to be
replaced by an equivalent piston of area A ata distance x, + & sin w?
from the back plate, where x, is the equilibrium distance, we
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have, if K is the dielectric constant of air,
.. KA KA < .
4m(%o + % sin wt)  dmx,

- sin wt> * approx. (6)

%o
=C,+ C, sin wt say
where C, is proportional to x if x/x, is small.
If the microphone is set up in series with a polarising potential

E in series with a resistance R, this variation of capacity results
in an alternating e.m.f. across R of

3 EC,R (e
v_Co\/—R_z—-l-<—l—2 sin (wt +¢) (7

Z-é—o>

B in (ot +9)
Xo

if R is sufficiently large and C,/Cy( =x/x,) is small.

Equation (7) shows that the microphone acts as a generator
having an internal impedance of 1/wC, and giving an open circuit
eamnf. of E(C,/Cy)sin (wt+¢). The last equation shows that
the amplitude of the alternating voltage across the resistance R
is independent of frequency and proportional to the alternating
diaphragm displacement. The e.m.f. thus accurately reproduces
the wave-form of the diaphragm motion, and, so far as the dia-
phragm reproduces the pressures of the sound wave, reproduces
the wave-form of the sound itself. The conditions are that x/x,
be small—otherwise octaves are introduced—and that R shall .
be large compared with the impedance of the microphone.

As regards the dynamical theory of the condenser microphone,
it is to be noted that the presence of the back plate has an im-
portant effect on the apparent stiffness and damping owing to
two kinds of motion which occur in the air film between it and
the diaphragm. There is simple compression—which -adds to
the apparent stiffness of the diaphragm—and a lateral escape of
air towards the edge. This latter takes place in confined con-
ditions, and appreciable damping occurs owing to viscosity of the
air. At low frequencies the air has ample time to escape, and the

* Further terms in sin?wt lead to the production of the octave of
the fundamental in the e.m.f. at the terminals when large displacements
of the microphone diaphragm are involved.
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stiffness effect is small. At high frequencies very little air can
escape laterally, and the chief effect is an increased stiffness.
Fig. 45 shows resistance and total stiffness factors calculated for
a condenser microphone used by E. C. Wente. The high resist-
ance at low frequencies and high stiffness at high frequencies are
clearly shown.

It is desirable in a condenser microphone to adjust the resist-
ance suitably. This can be done by altering the separation
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F16. 45.—Resistance and stiffness factors of Wente’s condenser
microphone

between the plate and the diaphragm. Unfortunately increasing
this separation reduces sensitiveness. Consequently in practice
a design is employed which makes the most of the close adjust-
ment, but facilitates the escape of air from the film by perforating
the back plate or cutting deep grooves in it so that the proper
combination of resistance and added stiffness is obtained. The
addition of the grooves, by its effect on the stiffness, decreases
the frequency of diaphragm resonance and increases particularly
the response at low frequencies, where the stiffness due to the
air film is often the greater part of the total stiffness.

Types of Condenser Microphone. In Wente’s microphone and
in other types the diaphragm is often situated at the bottom of
a shallow cavity, and resonance of this cavity leads to an increase
of pressure on the diaphragm. A. J. Aldridge * pointed out the
importance of the cavity when the microphone is used in free

* A.J. Aldridge, P.O. Elec. Eng., ¥., 21, 223, 1928. '
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air. West * and Ballantine 1 have calculated the effect. It may
be mentioned that a cavity } in. deep in front of a diaphragm
of 1-6 in. diameter leads to a resonance at about 3000 cycles per
second, the response being some 2-3 times as great as for a sound
of frequency 1000 cycles per second. Doubling the length of the
cavity lowers the resonance point to 2000, but doubles the height
of the amplitude resonance peak.

Oliver ] has designed a microphone of the Wente type in which
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F1G. 46.—Improved condenser microphone
(Oliver)
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the diaphragm is only very slightly recessed, and is practically
flush with the case (fig. 46). The instrument is used in an oval
shield which fits over the whole of the back of the instrument.
To minimise the distortion of the sound field which arises
when a large microphone is introduced, W. West § used a micro-
phone of 1} in. diameter, and E. Meyer || also employed a condenser
microphone of very small dimensions. H. C. Harrison and
P. B. Flanders q have described a laboratory model of a Wente
type of condenser microphone so small (about } in. diameter)
that reflection from it is negligible (p. 138), and the pressure is

* W. West, I.E.E., Proc., 5, 145, 1930,

t S. Ballantine, Inst. Radio Eng., Proc., 18, 1206, 1930; see also
H. C. Harrison and P. B. Flanders, Acous. Soc. Am. ¥., 4, 451, 1932,

1 D. A. Oliver, ¥. Sci. Insts., '7, 113, 1930.

§ W. West, I.E.E., ¥., 67, 1137, 1929,

|| E. Meyer, E.N.T., 4, 203, 1927.

9 H. C. Harrison and P. B. Flanders, loc. cit.; see also W. M. Hall,
Acous. Soc. Am. ¥., 4, 83, 1932,
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substantially the same (i.e. to 1 or 2 db.) at all points on the dia-
phragm even when the sound is incident upon it at grazing
incidence. For the latter purpose the diameter needs to be less
than half the wave-length of the highest note concerned, and the
microphone they have described is said to respond uniformly
up to a frequency of 10,000 cycles per second. The impedance
of the microphone is specially high, and short leads to the first
stage of amplification are essential. The first stage is therefore
contained in a tube about 7} in. long attached to the back of the
microphone, the diameter of the tube (0-8 in.) being very little
greater than that of the microphone. The whole therefore
resembles a rod about 7} in. long and of 0-8 in. diameter, one
end of which constitutes the microphone diaphragm. A shielded
cable of special construction connects the unit to the second stage
of amplification.

The Riegger condenser microphone (described by Trendelen-
burg *) is of a different construction from the Wente type,
particularly as regards the method of supporting the diaphragm.
The vibrating system consists of thinnest metal foil, and is
sandwiched between two silk membranes. The metal foil with
its silk membranes is situated between two fixed plates, of which
that in front is slotted to admit sound. The damping due to
the two air films is very great. The natural frequency, deter-
mined entirely by the cushion action of the enclosed air space,
is very high since the mass of the system is extremely small. In
use the metal foil and the metal plate form a condenser which
varies in capacity as the diaphragm moves under the action of
sound waves. 'The Siemens condenser microphone, of the Riegger
type, is claimed to cover the range 50-8000 cycles per second.
In use it is not polarised, and unlike the Wente type is not used
as the source of small audio-frequency e.m.f.’s corresponding
electrically to fluctuations in pressure in the incident sound waves.
Indeed the microphone is used as a tuning condenser in a high-
frequency circuit. Audio-frequency variations in its capacity
result in audio-frequency variations in the high-frequency
oscillations, 7.e. in a modulated high-frequency current. .

The complete arrangement is as follows: Oscillations from
a separate high-frequency oscillating valve circuit are passed, via
the resonant microphone circuit, to the grid of a rectifying valve.

* F. Trendelenburg, Zeits. f. tech. Phys., 5, 236, 1924 ; see also Back-
haus and F. Trendelenburg, 7, 630, 1926.



138 MODERN ACOUSTICS

The circuit is arranged so that the condenser microphone circuit
is tuned (nearly, but not quite) to the frequency of the high
frequency oscillator. Then, when the tuning of the resonant
microphone circuit fluctuates consequent upon the arrival of
sound waves at the microphone, considerable fluctuations are
applied to the grid of the rectifier valve, and correspond-
ing audio-frequency fluctuations are observed in the rectified
current.

The procedure adopted in mis-tuning the frequencies of the
oscillator and microphone circuits to the desired degree, is to
keep constant the tuning of one circuit whilst the other is varied.

The reading of an am-
A meter in the rectifier cir-
cuit then varies in the
manner indicated in fig.
47 as the tuning of the
circuit passes through the
resonance with the other.
The value of the ammeter
reading at resonance (A)
is noted, and the tuning then altered until it falls to half this
value, corresponding to a point P on the curve. At this point
small fluctuations in the frequency of the microphone circuit
cause proportional variation in the anode current.

Absolute Calibration of Microphones. A high quality micro-
phone, when calibrated in absolute acoustical units, is a most
convenient and flexible instrument for the absolute measurement
of sound intensity. It should be clearly recognised, however,
that such instruments are often about 2 or 3 in. in diameter,
and are large enough to act as appreciable reflectors of high-
frequency sounds. Now when sound is reflected normally the
pressure at the reflecting surface is twice what it would be if the
reflecting surface were removed. Consequently the pressure on
the diaphragm of a condenser microphone placed normally in a
high-frequency sound field tends to be equal to twice the pressure
which existed at the point before the microphone was introduced.
At very low frequencies, however, the microphone, being small
compared with the wave-length of the sound, does not act as
an appreciable reflector, and the pressure upon the diaphragm is
the same as that which existed in the sound field before the
microphone was introduced. At intermediate frequencies the

Ammeter reading
"o

Capacity in resonating circuit
F1G. 47.—Adjustment of high-frequency circuit
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relation is often incalculable, because microphones do not have
simple shapes.* :

The calibration usually required is that in terms of the
oscillatory pressure existing in the field of sound before the
introduction of the microphone, and this takes account of any
effect which the size and shape of the instrument may have on
the sound pressures actually imposed upon the diaphragm.

It is not necessary to be able to calculate the difference because
the e.m.f. developed by microphones can be calibrated as desired,
either in terms of the pressure on the diaphragm or in terms of
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F1G. 48.—Increase of pressure due to diffraction for a plane wave and
spherical microphone housings of various diameters (Ballantine)

the pressure previously existing in the sound field. It is con-
venient to note, however, that Bostwick 1 inferred from some
indirect experiments that there was a twofold difference between
the two calibrations for frequencies above 2100 cycles per second
in the case of a microphone of 2% in. diameter, and equality for
frequencies below 1100 cycles per second. Ballantine ] attempted
to evaluate the correction by employing a spherical mounting of
which the diaphragm occupied a small area about the pole. The
ratio of increase in pressure for this mounting is calculable
theoretically on lines developed by Rayleigh, and is determined
by the ratio that the diameter of the sphere bears to the wave-
length of the sound. It is indicated in fig. 48 as a function of
frequency for the particular cases of spheres of from 1 in. to 6 in.
diameter. Reasonable agreement with the theoretical curves has
been indicated by experimental calibrations.§ Experiments with

* G. v. Békésy (Ann. d. Phys., 14, 51, 1932) has studied the effect of
the head and ear passages upon sound fields.

t+ L. G. Bostwick, Bell Sys. Tech. ¥., 8, 135, 1929,

1 S. Ballantine, Phys. Rev., 32, 988, 1928.

§ S. Ballantine, Acous. Soc. Am. ¥., 3, 319, 1932,
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Oliver’s * 4-in. microphone of 4 in. diameter have shown that
the pressure ratio increased from unity to 2 in the region between
400 and 1800 cycles per second.

‘Actual Pressure’ Calibrations. Various methods have been
employed in determining the calibration of microphones in terms
of the pressure actually exerted on the diaphragm. At the lowest
frequencies a pistonphone (p. 32) may be used to produce known
pressure variations in a small enclosure closed at one end by
the diaphragm of the microphone. At frequencies above about
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F16. 49.—Pressure calibration of microphones

200-300 cycles per second the pistonphone usually becomes un-
reliable. At frequencies above this value therefore a thermophone
is sometimes used to replace the piston as a generator of known
pressures in an enclosure (p. 34), and may be used up to fre-
quencies for which the wave-length of the sound is comparable
with the size of the enclosure. Usually the largest dimension of
the enclosure is its diameter, and if this is 1} in. the thermophone
can be relied upon up to, say, 8000 cycles per second. By using
hydrogen as the gas in the enclosure the wave-length is increased
about fourfold, and the thermophone can then be employed up
to the highest audible frequencies (fig. 49). A recent discussion
of the theory of the thermophone and detailed description of its
use is that by Ballantine (p. 35).+ The disadvantage of the thermo-
phone is the complicated formula involved, which includes a
dozen or more physical and electrical quantities, some of which
(e.g. thermal conductivity of the gas and thermal capacity of the

* D. A. Oliver, ¥. Sci. Insts., 7, 113, 1930.
t S. Ballantine, Acous. Soc. Am. ¥., 3, 319, 1932,
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foil) are not known with satisfactory accuracy. In another
method of applying a known mechanical force to the diaphragm
of a microphone membrane, a grille-shaped electrode is mounted
in front of the diaphragm at a small distance d of, say, 0-1 cm.
(fig. 49 (b)). An electrostatic force is then applied between the
diaphragm and the grille. Owing to the perforations in the grille
and the separation employed the acoustical reaction on the dia-
phragm is negligible. The force exerted by the grille can be
calculated from its physical dimensions and separation, and in-
cidently is independent of the frequency—a real convenience.
The usual excitation consists of an alternating voltage E sin wt
superimposed upon a large direct voltage E,. If p is the alter-
nating pressure thus applied to the diaphragm we have

p =885 x 10-"E,EK/d? (dynes, volts, cm.)

where K depends upon the geometrical details of the grille.
Agreement with a thermophone calibration has been obtained
within about 5 per cent. above frequencies of 200 cycles per
second, and within 18 per cent. down to 20 cycles per second.*
Meyer 1 used electrostatic forces in making absolute measure-
ments of pure tones with a condenser microphone, and adopted
a compensation principle which had previously been used by
Gerlach.] Meyer compensated the sound forces acting upon the
diaphragm of the microphone by oppositely directed electrostatic
forces. The natural frequency of the diaphragm plays no part
in the measurement, the method being a null one. 'The reduction
to zero of the vibration of the diaphragm was detected by means
of a high-frequency circuit (say 3 million cycles per second) very
similar to that described in connection with the normal method
of operation of the Riegger condenser microphone. A steady
and an alternating voltage applied to the microphone suffice for
the compensation of the sound forces. It can be obtained con-
veniently from a Larsen a.c. potentiometer deriving its current
from the same oscillator as the electrically driven source of sound
under study, and may be conveyed to the microphone through a
high-frequency choke circuit. The audio-frequency compensat-
ing voltage must be prevented from reaching the high-frequency
detecting circuit by means of a high-frequency transformer.

* S. Ballantine, loc. cit.
t E. Meyer, E.N.T., 4, 86, 1927,
1“E. Gerlach, Wiss. Verdff. a.d. Siemens Konzern, 3, 139, 1923.
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The compensation principle is only applicable to pure tones,
but an absolute calibration is possible, the forces set up by
the electrostatic voltages being measured as follows. A steady
negative pressure is applied by suction to the microphone dia-
phragm, and is measured by means of a suitable manometer.
A change in anode current of the high-frequency detector valve
results from the displacement of the diaphragm. By applying a
direct voltage to the microphone the diaphragm is brought back
to its original position. If p is the applied pressure and V the
applied voltage the calibration constant of the condenser micro-
phone is given by k=p/V:. When the instrument is used for
measuring sound the effective sound-pressure amplitude is given
by the equation p =2kVv where V and v are the compensating
direct and alternating voltages, V being large compared with v.
A calibration of a microphone in terms of the pressure on the
diaphragm may also be carried out by a method which involves
observation of stationary sound waves set up in a pipe.* The
microphone diaphragm closes one end of the pipe, and a source
of sound giving pure notes faces the other. A Rayleigh disc is
suspended at a distance of a quarter of a wave-length from the
closed end and the particle velocity ¢ of the air at this point—
which is a velocity anti-node—is thereby measured. From the
measurement the magnitude of the oscillatory pressure p at the
end closed by the diaphragm is inferred from the relation p/¢ =pc
(p. 58). The e.m.f. set up by the microphone under the action
of this pressure is of course noted. If the Rayleigh disc is per-
manently suspended at the middle of the pipe it may be viewed
through a small window of glass or celluloid, but it is at a velocity
anti-node only for a definite series of frequencies for which the
total length of the tube is an odd number of half wave-lengths
of the sound. If any particular frequencies not included in this
series are required, it is necessary to employ a tube in which
arrangements have been made for moving a Rayleigh disc along
its length, and for observing the disc in any position to which
it may be moved. At very low frequencies the pipe method is
somewhat unwieldy on account of the length of pipe necessary to
accommodate one-quarter of a wave-length of the sound, and it
fails at high frequencies because the diameter of the pipe sets an
upper limit to the pitch of the note which may be employed
without exciting resonant radial vibrations of the contained air.

* E. Meyer, loc. cit. ; W. West, P.O. Elec. Eng., ¥., 20, 127, 19217.
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The wave-lengths of the frequencies of radial* resonance of sound
in a pipe of radius 7 are 1-647, 0-90r, 0-62r . . .; the fundamental
corresponds to a frequency of about 8000 cycles per second for
a pipe of 2 in. diameter.

Undoubtedly the pressure upon the diaphragm of the micro-
phone at the end of a pipe could be inferred from measurements
of the radiation pressure exerted upon a suitable acoustic radio-
meter placed in substitution for the microphone. Indeed, such
an experiment was performed by Zernov.

When a microphone, which has been calibrated in the above
manner, is available, other microphones may be calibrated by
comparison. The calibrated and uncalibrated microphones are
used to close the two ends of a small (cylindrical) chamber to
which the sound is supplied through a small hole in the centre
of the curved side. The chamber is so small that the pressures
set up within it are substantially uniform. C. A. Hartmann
described the method and has given a brief outline in English.t

‘Free Air’ Calibrations. The calibration of microphones, in
terms of the pressure p existing in a plane wave before the intro-
duction of the microphone, may be performed by measuring the
particle velocity £ at a point by means of a Rayleigh disc, which
is too small to distort the sound field, and then substituting the
microphone. In a progressive plane sound wave p =pc€, where
pc, the product of density of the medium and velocity of sound,
is 42-6 for air at 0° C. In practice the comparison must be
performed in an enclosure, since draughts which occur in open
air would disturb a Rayleigh disc. For frequencies above, say,
500 or 300 cycles per second it is possible to work in a room or
chamber the walls of which are generously lagged with 6 in.
or 1 ft. or more of highly absorbent material such as cotton-wool
or cotton-waste. This lagging is sufficient to suppress the
reflection of sounds of the higher frequencies from the walls to
such an extent that the inverse square law  holds for a reasonable
working distance from a point source. Pl III, p. 112, shows
a photograph of a lagged chamber, some 6 ft. cube, lagged with
6 in. of cotton-waste behind wire-netting. One side of the

* Other transverse resonances (side to side) occur for wave-lengths
3:4r, 1187, 0:73r . . . (Lamb, Sound, p. 263).

+ C. A. Hartmann, E.N.T., 3, 458, 1926; L.E.E., ¥., 64, 1058, 1926.

t The pressure follows an inverse law, but the particle velocity is

given by equations (p. 58) which depart from an inverse law near the
source.
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chamber has been removed for the purpose of taking the
photograph.

The fact that such chambers are not suitable for work at
frequencies below about 500 cycles per second is not of very
great importance in the calibration of microphones, for at lower
frequencies the ‘free air’ and ‘actual pressure’ calibrations are
practically identical for instruments of ordinary dimensions.
The rest of the calibration may therefore be obtained by one of
the methods enumerated above.

Measurements in a lagged chamber are often taken with the
microphone relatively near to the source so that the effect of reflec-
tion from the walls shall be so minimised as to be negligible. In con-
sequence the wave is spherical rather than plane. Calculations of
the diffraction of a spherical wave around a microphone show that
the pressure-doubling tends to be more complete as the microphone
approaches the source. At distances of the order of 1 ft., however,
it is possible that there is very little difference between a spherical
and a plane wave as regards the pressure-doubling effect.

When a microphone diaphragm is of a size which is com-
parable with the wave-length of the sound concerned, the pressure
exerted on the diaphragm by an incident sound is uniform only
if the microphone is directly facing the sound waves. The
response depends upon the angle between the wave normal and
the normal to the diaphragm. The directivity curves for a
1}-in. microphone diaphragm forming substantially part of a
spherical surface of 5 in. diameter are given in fig. 50 from results
by Ballantine.* The dotted curve for 1660 cycles represents
values computed from an integration of calculations made by
Rayleigh 1 for the pressure rise at poinfs in the surface of a
sphere; the experimental curve is in fair agreement. The
smaller the microphone, the less are its directivity effects ; and a
microphone of about 0-1 in. diameter would be practically free
of such effects 1 for all frequencies up to 15,000 cycles per second.
Directivity measurements involve only the comparison of the
readings of the microphone when its orientation to the oncoming
waves is varied, and can be carried out in open air.

Fig. 51, compiled as far as possible from the sources where the
instruments have been first described, gives calibration data for

* S. Ballantine, Acous. Soc. Am. ¥., 3, 319, 1932,

t Rayleigh, Scientific Papers, 5, 161, 1904,
1 H. C. Harrison and P. B. Flanders, Acous. Soc. Am. ., 4, 451,

1032,
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microphones of various types. It must not be assumed that all in-
struments of the same type will have similar characteristics, for the
effects of variations of diaphragm resonance or damping and other
causes may be appreciable. Moreover, commercial instruments are
not alwaysas free from subsidiary resonances as thesecurves suggest.

The Measurement of Telephonic e.m.f.’s. The e.m.f.’s set
up by several types of microphone are so small that, in order to
measure them, valve amplifiers

Oscillator are used in conjunction with

Al thermal milliametersor with rec-

{r Lg tifiers and galvanometers. It is

I 11 well to adopt an arrangement

which is convenient for the fre-
quent calibration of the ampli-

fier. For this purpose it is use-
Microphone ful to incorporate a small resist-
[ iy ance of, say, 1 ohm, in series

with the leads from the micro-

Loudspeaker Attenuator

Amp1ifier phone to the amplifier. If a

1 known current of the same fre-

quencyasthat of the microphone

Recorder current is passed through this

Fic. 52.—Diagram of convenient circuit resistance by means of an ex-
for acoustical calibrations ternal oscillator, a known e.m.f.

is thereby injected into the microphone circuit. If now the mag-
nitude of the current is adjusted so that the deflection of the
recording instrument is the same whether the excitation is due to a
current through this resistance or to the e.m.f. set up by the action
of the sound.ypon the microphone, then the value of this latter is
known. For the known and unknown e.m.f.’s give the same de-
flections, and they are both injected into the same amplifier circuit
without alteration of the input impedance. The procedure is
specially convenient when the source of sound used is an electrical
loud-speaker. Fig. 52 illustrates diagrammatically the circuits in
such a case. The loud-speaker is actuated by means of an oscillator
unit, and the calibrating voltage is obtained through an attenuator
in a parallel circuit. A key is so arranged that in one position it
supplies current to the loud-speaker for the acoustical experi-
ment, and in the other supplies the calibrating current, through
an attenuator and an ammeter, to the resistance. Potentiometer

methods may also be employed.



CHAPTER IX
REVERBERATION METHODS OF MEASUREMENT

In the chapters relating to the measurement of sound intensity,
reference has been made to the fact that, owing to the reflection
and interference of sound from the walls, floor, and ceiling,
pronounced unevenness of sound intensity occurs in ordinary
rooms unless the bounding surfaces are rendered very absorbent
by the generous application of sound-absorbing materials.
Reference has been made to the desirability of conducting certain
types of experiment in deadened chambers in which reflections
are suppressed.

In some circumstances, however, an alternative method of
treatment may be adopted. In this case the walls of the chamber
are kept highly reflecting, the sound is mixed as adequately as
possible by means to be referred to later, and an average measure-
ment of the intensity of sound is made by means of a moving
microphone or by some corresponding device. In practice,
measurement of this ‘ reverberant’ sound is most readily conducted
by means of experiments in which the interference system is
changing rapidly, as is the case when the sound is dying away
after the source has been stopped. The rate of decay depends
upon the absorbing power of the room, and the dyzation of audi-
bility on the rate of emission of acoustical energy by the source.
The method thus demands calibrated rooms. It is of obvious
value in determining the absorbing power of introduced materials
—the use to which it was first applied—but should have important
applications in measuring the total emission in all directions
from sources, and in the study of the overall sensitivity of receivers
to randomly directed sound. The potential importance of the
method lies in the fact that in everyday life sound in rooms is
mainly reverberant, so that measurements of reverberant sound,
and of the behaviour of sources, receivers, absorbents, and other
acoustical devices in reverberant rooms, bear a close relation to

practical requirements.
147
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Theoretical Equations. If a source of sound which has been
sounding within a closed room is suddenly stopped, the sound
heard in the room does not cease at once, but dies away gradually.
This is due to the fact that it is being reflected to and fro in the
room, and indeed would not die away at all if it were not absorbed
to some extent by the surfaces of the room at each reflection.
The subject of reverberation deals with this repeated reflection
of sound to and fro within a closed space. Reverberation is the
general effect arising from a multitude of random reflections
following each other in rapid succession, and differs from echo
in which the reflected sound is a detectable repetition of the
original.

Sabine’s Formula. The first experimental work on reverbera-
tion appears to have been carried out by W. C. Sabine,* and the
earlier equations were his. The theory has been expressed since
in rather more comprehensive forms by Jaeger,t Buckingham,]
and others. In all cases it is recognised that a sound suffers
some two or three hundred reflections before it finally dies away,
and, in consequence, it is assumed that through random arrange-
ment the sound energy rapidly becomes uniformly distributed
throughout the enclosure. Interference phenomena give rise to
a complicated distribution of maxima and minima of sound
throughout the space and make it difficult to assess the average
acoustical energy, and the shifting of the interference system
during the decay of the sound causes it to appear to die away in
waves. The ear, however, appears to ignore these fluctuations
in decay and to concentrate upon averages over short-time
intervals, so that the interference phenomena are not of
primary importance. 'They are ignored in reverberation
theory, so results are only valid to the extent to which this
is justifiable.

Jaeger’s analysis notes that sound waves from a simple source
of musical sound proceed outwards and suffer reflection, diffrac-
tion, and absorption at the various enclosing ‘surfaces.” If for
4Tay of sound the mean numberof-ineidences upon-the surfaces
157 per second, and if the mearmr absorption coeicient (or ratio
of absorbed to incident energy)of the surfaces 15 @; and ifthe

Wergy per uni i the room at any
’__,,—-A-—\_,)F

* W C. Sabine, Collected Papers on Acoustics, 1922,
t G. Jaeger, Akad. Wiss. Wien. Sitz. Ber., 120, 613, 1911,
1 E., Buckingham, Bur. Stds, Sci. Papers, No. 5086, 1925,
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instant is I, then the change in intensity by absorption at the
surfaces inatime dtisdl=-1.a.n.dt.*

a closed room the mean free path is 4V/S, so that the mean
number of reflections per second is given by 7 =cS/4V, where ¢
is the velocity of sound and V and S are respectively the total
volume and the total surface area of the room. If E denotes
the rate of emission of energy from the source, the total rate of
change in unit volume of the room is given by

dl/dt =E|V - caSI[4V (1)
Solutions of this fundamental differential equation for various
special cases are :
(i) Uniform sound emission beginning at zero time

4E
I =—7;;§(l _ e—caSt/AV) (2)

(ii) Steady state reached by uniform emission

4E
max 7;@ (3)
(iil) Emission stopped in steady state
I = Imﬂxe—caSt/W (4)

The standard period of reverberation of a room is the time
which elapses after the finish of a sustained note before the
intensity of the reverberant sound falls to one millionth of its
initial value. For this case 10-¢=¢~“®*V  whence putting

* It is necessary to comment here that this equation is only an
approximation, for it assumes that the amount of sound absorbed during
the small interval of time is proportional to the number of reflections.
This is only true if the absorption per reflection is relatively small so
that the intensity of the incident sound is not materially altered by a
limited number of reflections. It is more satisfactory to suppose that the
intensity is reduced at each reflection to a definite fraction of its incident
magnitude, so that the formula for “repeated reflection should be
I.=I,(1 -a)". This yields dI=I.n.(-log,l —a).dt. Thus in Jaeger’s
analysis —log,(1 —a) should be substituted for a : when a is less than
0-2 there is no appreciable difference. If the substitution is made in
formula (5) of p. 150 the modified formula becomes identical with that
proposed by Schuster and Waetzmann and also by Eyring for the case
of diffuse reflection within a room (p. 161).
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T for this standard period we have

552V

T- caS

(5)

The total absorbing power aS is, of course, equal to the sum of
the absorbing powers of the component surfaces S,, S,, S,, etc.,
and is given by

aS =a,S, + a;S, + asS; ' (6)

W. C. Sabine found that the duration of audibility of reverberant
sound in a room was largely independent of the positions of the
source of sound, of the observer, and of the absorbent surfaces.
Moreover, the standard reverberation period agreed satisfac-
torily with the above formula in the case of ordinary rooms and
halls. V. O. Knudsen * has made measurements of the mean
free path of sound in three dimensional models of eleven typical
auditoriums such as rectangular rooms with and without balconies,
fan-shaped theatres, churches, and rooms with gabled, barrelled,
or domed ceilings. He found the mean free path to vary from
3-8V/S in a large rectangular room with a low ceiling to 4:3V/S
in a cruciform church. Corresponding to this result, the formula
for the reverberation period would depend slightly upon the form
of the auditorium, and the constant 55-2 in equations (5), (9), and
(11) would vary between 52 and 59.

Later Reverberation Formulee. Since W. C. Sabine’s time
the formula has been found to be defective when applied to very
large halls, or to rooms which are unusually absorbent, such as
highly lagged acoustical studios. Schuster and Waetzmann t
first pointed out that Sabine’s equation applies essentially to
‘live’ rooms, and indicated that the reverberation time may
depend to some extent upon the shape of the room. They
derived a new formula. C. F. Eyring ] derived the same formula
by considering the sound reflected from the walls as arising from
a sequence of image sources which all come into action at the
moment when the source starts. More recently G. Millington §
has proposed another formula, which differs from Eyring’s
mainly in the manner in which the average absorbing power of
a number of different surfaces in a room is reached. Millington’s

* V. O. Knudsen, Acous. Soc. Am. ¥., 4, 20, 1932,

t K. Schuster and E. Waetzmann, 4nn. d. Phys., 5, 671, 1929,
1 C. F. Eyring, Acous. Soc. Am. ¥., 1, 217, 1930,

§ G. Millington, Acous. Soc. Am. ¥., 4, 69, 1932,
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analysis may be regarded as following the lines of Jaeger’s up to
a point.

He notes that in a time ¢ any particular ray of sound will make
nt reflections, where as before n=cS/4V. He states that the
simple ray theory can be applied provided each of the areas
51, S, etc., is large enough to act as a reflector of the sound, and
that the edge effects are negligible. Provided that none of the
ratios S,/S, S,/S, etc., is very small, then of the n¢ reflections a
fraction S,/S will take place on the surface S,, a fraction S,/S
will take place on the surface S,, and so on. At each reflection
from S, the energy reflected is (1 — a,) times the incident energy,
and is (1 - a,) for the surface S,, and so on. If the initial energy
is I, then the energy remaining after ¢ seconds is

T, =Io(1 — a)S/O0(1 — g0 (1 - g, )En/SXn) (7)

and it does not matter in what order the reflections have occurred.
This may be rewritten

I,=Ie* where k=- ‘%7281 log, (1 —a,) (8)

which yields for the standard reverberation period
55-2V
= - 9
cXS, log, (1 —a,) ©)

Eyring’s formula differs from this only in the method of averaging
the absorption contributions of different elements, and contains
the term S log, (1 - a) instead of XS, log, (1-a,). In Eyring’s
formula aS =Xa,S,+. Eyring stresses the point, however, that
in rooms of special shape special methods of averaging may be
necessary. Millington regards the sound as reflected from various
different surfaces in turn, and Eyring considers it to suffer an
average absorption on each reflection.

Comparison of Reverberation Formule. In effect Eyring
takes an arithmetical mean for the average absorption coefficient
of the room, Millington the geometrical mean. At the present
time the difficulty of selecting the correct formula has not been
overcome. For specified values of absorption coefficients
Eyring’s formula tends to give higher values of the calculated
period of reverberation than Millington’s; and in the converse
process in which a reverberation room is used to find the absorp-
tion coefficient of a given sample, Eyring’s gives the highest value
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for the coefficient calculated. Indeed, sometimes in practice it
comes embarrassingly high. On the other hand, Millington’s
formula fails when an area of the chamber is completely
absorbent.

A possible line of research would be to ascertain the true
absorption coefficients of a material by making measurements
when the material was used to cover the whole surface of the
chamber—for which case Eyring’s and Millington’s equations
agree—and then to experiment again with only a limited area
(say 100 sq. ft.) of the absorbent in the chamber. Again a
comparison of absorption coefficients obtained by decay methods
and by steady-state measurements might be of assistance.

It should always be borne in mind that, in so far as the various
reverberation formule depend upon statistical averages, they
presuppose a complete mixing of the sound in the chamber. In
very absorbent rooms the sound dies away in a few reflections,
and the statistical basis of the formul® is weakened. Similarly,
in a very large hall, as the sound cannot cross the room many
times during an observed reverberation period of a few seconds,
the validity of the formule is affected. Sabine’s formula has the
defect that from it a finite reverberation period can be calculated
for a hall of which all the surfaces are completely absorbent, a
defect from which Eyring’s and Millington’s formulz are free.
Millington’s formula fails, however, when an isolated area of the
chamber is completely absorbent.

A comparison of Sabine’s and Millington’s formule is interest-
ing. The only difference between them is that Millington’s con-
tains — log, (1 - a,), etc., where Sabine’s contains a,, etc. Thus,
if in Millington’s we write a,! for - log, (1 - a,), etc., his equation
is identical in form with Sabine’s.

This fact has an interesting practical consequence in con-
nection with auditorium acoustics. It is usually desired to ascer-
tain what period of reverberation a hall would have if certain
areas of specified absorbents were introduced. Experiments are
therefore necessary in a reverberation chamber to determine
the absorbing powers of the materials proposed. On Sabine’s
formula certain absorption coefficients a,, etc., are obtained
which, equal to @,* on Millington’s formula, are to be regarded
on Millington’s basis as a logarithmic function of the absorption
coefficient rather than the absorption coefficient itself. To
calculate the reverberation period of the hall concerned, it is
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necessary to introduce the values determined (e, in the Sabine
case and the identical a,' in the Millington case) into the same
formula, and identical values are therefore obtained for the
reverberation period of the hall.

Summarising, therefore, Sabine’s equation is applicable only
to ‘live’ rooms, and gives incorrect relations between reverbera-
tion and true absorbing power in ‘dead’ rooms. Both Eyring’s
and Millington’s are based upon a more accurate statement of
the law of decay, but differ in the manner in which the average
absorbing power of surfaces of a room are obtained. Where
absorbing powers used in calculations have been obtained by
reverberation experiments, differences between the three formulae
are not great if the same formula is used consistently for the
experiments and for the calculations. If, however, the true
absorbing power is known from theoretical or other considerations
(for instance, 1 for a large open window) Eyring’s or Millington’s
formule unquestionably give a nearer approximation to the true
period of a ‘dead’ hall than Sabine’s.

Damped Free Vibrations of Air in an Enclosure. M. J. O.
Strutt * and also K. Schuster and E. Waetzmann + have con-
sidered reverberation by regarding it as a case of free damped
vibration of the volume of the air enclosed in the room. The
analysis involves the general wave equations, with suitable
boundary conditions imposed. They regard as unsatisfactory
theories which deal with the paths of separate sound rays. The
various ‘eigentones’ or modes of resonant vibration of the air
columns in the room appear in the analysis. In Strutt’s inves-
tigation Sabine’s law is revealed as an asymptotic property to
which the decay of reverberation tends as the frequency of the
(forcing) sound becomes infinitely great compared with the lowest
free frequency of the air itself; or, in other words, when the
dimensions of the room become infinitely great compared with
the wave-length of the sounds concerned. He finds that during
the decay of reverberation the frequency of the sound remains
substantially constant, although not identically so, particularly
if the absorbing power of the surfaces of the room is not markedly
dependent upon frequency. The rate of decay is proportional
to the volume divided by the total absorption, and, as Sabine
found, is independent of the shape of the room and of the positions

* M. J. O. Strutt, Phil. Mag., 8, 236, 1929,
t K. Schuster and E. Waetzmann, Ann. d. Phys., 5, 671, 1929,
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of the source and observer. His equations show that on an
average the sound decays in an exponential manner with time,
as in Sabine’s law, but the equations also contain certain terms
which imply that oscillatory fluctuations are imposed upon the
instantaneous rate of decay. 'These fluctuations correspond, of
course, to interference systems floating through space and causing
the sound to die away in waves when heard by the ear. Strutt
states that it is always possible to dispose absorbent material in
a room in a manner such that Sabine’s law is not followed, namely,
by placing absorbent to coincide with the loops or nodes of a
free mode of oscillation in the neighbourhood of the frequency
of the test sound. One special mode of oscillation then decays
faster than the other modes. In general, however, the high free
modes of oscillation all die out at exactly the same rate.

V. O. Knudsen * has observed, by oscillographic methods,
the form of decay of sound in rectangular rooms, which were
not large compared with the wave-length of the sounds concerned.
The observed ‘eigentones’ were shown to agree with the
theoretical frequencies n for the vibrating volume of air in a
rectangular parallelopiped, namely,

S P Q_z _7_2 (10)

where ¢ is the velocity of sound, Z;, l,, and /, the dimensions of
the room, and p, ¢, and 7 are integers. One or more of these
integers vanish when one or more surfaces in the room are
covered with absorptive material. When a tone, which is nearly
of the same frequency as the frequency of one of the ‘eigentones,’
is sounded and then stopped in the room, the decay, especially
during the latter stages, reveals the frequency of the ‘eigentone’
rather than that of the original sound. Thus in a room in which
the fundamental frequency was calculated to be 70 cycles per
second, oscillograms revealed that sounds of frequencies of 65,
68, 70, 72, or 75 cycles per second all decayed at the fundamental
frequency of 70 cycles.” The reverberation was about 50 per cent.
longer for the resonant frequency (70 cycles) than it was for
frequencies only 5 cycles lower or higher. Similar effects were
observed in the vicinity of several of the overtones for the room.
The results show that volume resonance must be considered in

* V. O. Knudsen, Acous. Soc. Am. ¥., 4, 20, 1932,
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measurements by the reverberation method, and suggest that fre-
quencies in the region of resonant frequencies should be avoided.
The Effect upon Reverberation of Absorption of Sound in the
Air, The above analyses assume that no absorption of sound
takes place in the air of the reverberation chamber itself, but that
all occurs at the reflecting surfaces. However, P. E. Sabine *
and E. Meyer t found experimental evidence that for frequencies
above about 2000 cycles per second, the reverberation period of
a room depended upon the humidity of the air of the room. It
is true that this might have been due indirectly to the effect of
humidity upon the absorption of sound by exposed surfaces in
the room. However, by conducting experiments in two rooms
of different sizes but with surfaces of the same absorbing power
(varnished painted concrete in each case) Knudsen { was able
to disentangle the two effects of surface absorption and absorption
by the air. As a result he found that at high frequencies absorp-
tion does take place in the air, and he has also shown how the
necessary allowance may be made in the theoretical equations.
When absorption occurs the intensity in a plane wave which has
travelled a distance x in a medium is, if displacements are not
too large, I,e~s=, where I, is the intensity at the position x =0,
and s is the attenuation coefficient for the wave in the medium
(p- 223). We have seen that the rate of decay of sound in a room,
if all the absorption takes place at the boundaries, is given by
the equation, I =I,e~*, where & has various values according as
Sabine’s, Eyring’s, or Millington’s expressions are accepted. If
the effect of air absorption is introduced into this equation it
becomes I =1y e*te= =T e-(kts0)t since x=ct. As a result the
Eyring form of the formula for the reverberation period of a
room becomes
_ 55-2V (1),
c[ - S log, (1 —a)+4sV]

Knudsen found in his experiments that s had the values given
in fig. 53. From them it appears that absorption of sound by
slightly humid air is important when frequencies above about
1000 cycles per second are concerned.§ Knudsen noted also that

* P. E. Sabine, Frank. Inst., ¥., 207, 341, 1929,

t E. Meyer, Zeits. f. tech. Phys., 11, 253, 1930.

1 V. O. Knudsen, Acous. Soc. Am. ¥., 3, 126, 1931. )

§ When s=0-002 ft.-}, the attenuation is about 46 db. per mile or
about 9:8 db. per second.

T
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for humidities up to 80 per cent. the absorption coefficients of
the painted concrete itself were practically independent of the
humidity and of the frequency of the test note. Above that
limit, however, an increased surface absorption at saturation
was probably attributable to condensation upon the walls of
the chamber. V. L. Chrisler and C. E. Miller* have recently
indicated that for large rooms having a volume of, say, one million
cubic feet, aerial absorption can be measured at frequencies as
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F16. 53.—Dependence of s upon humidity for tones of frequency
2048-6000 cycles per second (Knudsen)
(Temperature of air 21° to 22° C.)

low as 512 cycles per second, and that the humidity effect depends
upon temperature and barometric pressure as well as upon the
relative humidity of the air.

Knudsen,t experimenting at various temperatures in two
small steel reverberation chambers (one a 2-ft. cube and the
other a 6-ft. cube), has generally confirmed his earlier results on
sound absorption in air, and has extended them. He finds
maximum absorption in the region of low humidities—a result
of theoretical interest (p. 224).

Experimental Measurements of Reverberation and of
Absorbing Power. The fundamental experiment in reverberation
measurement is the determination of the rate of decay of sound in
the room, and thus of the standard reverberation period. By Me
of the theory of reverberation, the total absorbing power of the
surfaces of the room is then known. Sabine’s technique em-
ployed the human ear to note the duration of audibility ¢, of a

* V. L. Chrisler and C. E. Miller, Bur. Stds. ¥. Rch., 9, 175, 1932,
t+ V. O. Knudsen, Acous. Soc. Am. ¥., 5, 112, 1933.
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certain source, and also the duration £,, of another source of m
times the activity. The difference ¢, —#, represents the time
taken for an m-fold decay in the intensity of the sound in the
room, and from this the standard period of reverberation can be
calculated. For best results the same source should be used in
both cases, the activity being varied in the m-fold proportion.*

Nowadays instrumental methods have been substituted for
aural methods of observing the decaying sound. The source is
sounded and then stopped ; the act of stopping the source sets
a chronograph in operation. The decaying sound affects a
microphone-amplifier-rectifier system which operates a relay and
stops the chronograph when the sound has decayed to some
pre-determined value.t The experiment may be repeated with
an m-fold change in the activity of the source, or alternatively
with the gain of the amplifier altered in an m-fold ratio. Thyratron
relays are suitable for the work (p. 96). In practice the experi-
ment is carried out for several values of m, and the results are
plotted. If the ordinary reverberation law is being obeyed a
linear law should be found between the duration of reverberation
and log m.

In another instrumental method of studying reverberation
oscillograms of the decay of the sound are taken, but the chrono-
graph technique is the more rapid.

Considerable accuracy is necessary when measurements are
being made of the changes in the absorbing power of a room
resulting from the introduction of a test absorbent or other
experimental variable, and the chronograph is satisfactory. In
cases where it is merely desired to ascertain the reverberation
period of an auditorium or of a studio less accuracy is demanded,
and various reverberation meters and bridges may be employed.}
In some a balance is obtained between the decay of electric
current due to sound picked up by a microphone and rectified,
and the decay of potential of a condenser discharging through

* A. H. Davis, Phil. Mag., 2, 543, 1926; and A. H. Davis and N.
Fhm’ing, Phil. Mag., 2, 51, 1926.

t M. J. O. Strutt, 'E.N. T., 7, 280, 1930; E. Meyer, Zeits. f. tech.
Phys, 11, 263, 1930; N.P.L. Annual Report, . 85, 1930; E. C. Wente
and E. H. Bedell Acous. Soc. Am. ¥., 1,422, 1930; W. F. Snyder, Bur.
Stds. ¥. Rch., 9, 47, 1932 (bibliography); R. F. Norris and C. A. Andree,
Acous. Soc. Am. ¥., 1, 366, 1930.

1t H. E. Holmann and T. Schultes, E.N.T., 8, 387, 1931; 8, 539,
1931; H, F, Olson and B, Kreuzer, Acous, Soc. Am. ., 2, 78, 1930,
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an adjustable resistance. In another the sound is picked up by
a microphone, and when the intensity falls to a pre-determined
level the source is automatically switched on again. It remains
on until the level of intensity rises to another definite value, when
it is automatically switched off and the operation repeats itself.
The frequency with which the controlling relays operate is a
measure of the reverberation period of the room.

If the reverberation period of a room is known, it is possible
to calculate the energy emission from a source by measuring the
average intensity of sound ultimately set up in the room by
continuous sounding of the source. Also changes in the absorb-
ing power of the room may be observed by noting the change
in the average intensity set up by a given source. These measure-
ments of the steady state are difficult, however, on account of
the variations of intensity which occur from point to point in the
room owing to interference effects. Warble notes are therefore
necessary, and it is desirable to employ several microphones
situated in different parts of the room.* In many ways the
steady-state measurement must be inferior to the decay form of
measurement, because in the latter case the interference system
moves continually as the sound dies away, and the process of
averaging is thus much simplified.

Conditions Desirable in Acoustical Measurements by Re-
verberation Methods. It is well to recapitulate some of the
requirements of reverberation methods of measurement, particu-
larly those where accuracy is required, as in the measurement of
the absorbing power of test absorbents.t In the first place,
interference effects—which are ignored in the theory—should
be minimised. To this end Sabine ] employed large rotating
reflectors in the experimental room, and thus kept the inter-
ference system constantly on the move. Later experimenters
have employed moving, warbling (p. 93), or intermittent § sources.
A large room is desirable so that its natural resonances shall be as
low as possible. A large room is also advantageous in order that
its area may be large compared with the area of any test absorbent,
and uniformity of mixing of the sound thereby ensured. Reson-
ance frequencies of the air of the room should be avoided when

* V. O. Knudsen, Phil. Mag., 5, 1240, 1928,

t A. H. Davis, Phil. Mag., 2, 543, 1926,

1 P. E. Sabine, Phys. Rev., 19, 402, 1922,

§ M. J. O. Strutt, Rev. d’Acoustique, 2, 1, 1933,
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measurements are made, partly because of the special rates of
decay which may occur near resonances, but also in some in-
stances because of the special reaction the room may have upon
the source. Clearly a room with parallel sides is liable to have
several series of pronounced resonances, and for that reason
the reverberation chamber at the National Physical Laboratory
(fig. 54) has been designed to have five walls, no two of which
are parallel, and a ceiling which is not parallel to the floor.
Special precautions have been taken to exclude noise (pp. 29, 292).

Plan

\
Section

Fi1c. 54.—Chamber for reverberation experiments (N.P.L.)
(To exclude noise the room is double-walled, the inner chamber being

supported upon insulated piers)

It is desirable to work at a constant temperature and humidity
of the air, particularly for tests at frequencies above 1000 cycles
per second, where the effect of humidity is possibly appreciable.
The importance of absorption in the air of the chamber can be
minimised by making the surface of the reverberation chamber
moderately absorbent, but the remedy reduces the reverberation
and increases the accuracy necessary in measurements. 'To
average out any lack of uniformity in the distribution of sound
within the room, the positions of source, absorbents, and observer
should be varied as far as possible : satisfactory rooms should
show little dependence upon these variations. Sources should
preferably be of a type which are not greatly affected by the
reaction of the room upon them.

When the absorbing power of test absorbents is being measured,
the sample should not be small compared with the wave-length
of the sound concerned, and a standard size—say 10 ft. by
10 ft.—should be employed. For owing to diffraction effects,
the absorption per unit area of small samples is liable to depend
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noticeably upon the size and shape of the sample. Also variations
which arise from humidity effects, etc., make it advisable to con-
duct the experiments with the chamber empty, on the same day
as the test is carried out with the absorbent present. It is
convenient therefore to have heavy steel shutters (fig. 54) for
covering on such occasions the wall recess which accommodates
the absorbent. "



CHAPTER X
MEASUREMENT OF FREQUENCY

IN modern acoustics electrical methods are freely employed in
me asurements of frequency—as ifi the measurements of intensity
—on account” of their general convenience. In their highest
development they are capable of an accuracy approaching even
that with which time itself may be measured. When the fre-
quency of the note of an electrical source of sound is required,
it is merely necessary to ascertain the frequency of the exciting
electrical current. In cases where the source is not electrical it
is often possible to tune an electrical source to exact unison with
it ind then to measure the frequency of the electrical source. On
tL. . other hand, the sound could be converted into electrical form
by microphone and amplifier apparatus, and then measured. The
actual procedure depengs upon circumstances, and it is sufficient
to outline the frequency-measuring devices which may be used.
Reed Frequency Meter. In approximate measurements at
frequencies of the order of, say, 20-150 cycles per second, it is
often convenient to employ an. instrument containing a graduated
series of reeds, each clamped at one end and tuned to a definite
frequency. A convenient arrangement is to have approximately
a 1 per cent. frequency interval between successive reeds. The
electrical current of which the frequency is desired is passed
through an electromagnetic system which attracts all the reeds,
but it is only the reed which is tuned exactly to the electromagnetic
forces which is set in appreciable vibration. This reed may
be observed visually and thus the frequency is known. Two
frequency ranges are possible, one double the other, according
as the unknown a.c. is applied alone to the electromagnet coils,
or is superimposed upon a moderately large direct current (cf.
electromagnetic telephone diaphragm, p. 38). Kempf-Hartmann *

* R. Kempf-Hartmann, E.T.Z., 22, 9, 1901; Phys. Zeits., 11, 1183,
1910, '

161 11
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constructed reed meters covering ranges from 2 cycles per
second to 1500 cycles per second. Incidentally, if such a meter
is merely set upon a vibrating platform or machine the appro-
priate reed will be set into vibration by mechanical action alone,
so that the frequency of vibration is measurable in this manner
if it is within the range of the meter.

Deflectional Frequency Meter. In addition to the vibrating-
reed type of frequency meter, instruments may be obtained in
which a pointer indicates on a scale the instantaneous value of
the frequency of the applied e.m.f. In the instrument, which
is of the ‘moving iron’ type, the current passes through two
operating windings which act differentially upon the pivoted
moving iron which is attached to the pointer. If the frequency
of the current changes, the current through one winding increases,
and that through the other decreases, thus altering the forces
upon the pointer and causing it to move to a new position of
equilibrium. The controlling and actuating forces are entirely
electrical, and the reading of the instrument is practically un-
affected by, say, 30 per cent. of variations in the applied voltage.
The instrument is not sensitive to temperature variations. To
render the indications independent of wave-form, inductances are
inserted in both windings to filter out higher harmonics. \

Deflectional meters are used for observing the frequency of
ordinary a.c. electric supply, and different instruments are neces-
sary for different frequency ranges. Each instrument can cover
a range of the order of an octave. Types are made for ranges
from, say, 20-60 cycles per second to, say, 550-700 cycles per
second. By reducing the range of a given instrument it is possible
to obtain a more open scale and greater precision.

Wire Sonometer. For higher frequencies a wire sonometer
may be constructed, on the resonance principle, capable of giving
.an accuracy of about 1 in 1000 over a considerable range. The
‘meter was first used by L. V. King * for the range 360-1600
cycles per second. Kennelly and Mannebach 1 developed a form
suitable for the range 250-2500 cycles per second.

An instrument of the same type designed by Dye  is shown
in PL. IV, p. 129. A phosphor-bronze wire, 0-3 mm. diameter,
held in a terminal at its upper end, has a weight hung on its

* L. V. King, Frank. Inst. ¥., 187, 611, 1919,
t Kennelly and Mannebach, Frank. Inst ¥, 192, 349, 1921
1 D. W. Dye, N.P.L. Annual Report for 1924, p. 83.
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lower end. It is tightly strained by this between a fixed nodal
point in the form of a V groove between two small steel balls in
contact, and a lower groove formed by a small wheel on a light
steel spindle. This lower nodal point is on a sliding carriage
which can be raised or lowered by screw motion, so that the
free length of the wire—and thus its natural frequency—can be
varied between wide limits. The carriage carries pointers which
indicate the natural frequency on direct reading scales. A current
of, say, 100 milliamps. from the source of unknown frequency is
passed through the wire, a portion of the free length of which
lies between the poles of a permanent magnet. When, through
adjustments of the position of the frequency-controlling carriage,
the natural frequency of the free length of the wire equals that
of the source, a large resonant vibration occurs, and may be noted
visually or aurally. The frequency corresponding to this position
of the carriage is noted. Since the wire may be made to vibrate
in 1, 2, 5, or any number of loops (provided the magnet is moved
so that it is not situated at a node), the instrument may be fitted
with a number of scales covering a long range. Actually in one
instrument the range is from 200 to 400 when the wire is vibrat-
ing as a single loop, from 400 to 800 when it is vibrating in two
loops, and so on; the top range with ten loops is from 2000-
10,000 cycles per second. The range for one loop serves for
two loops when multiplied by 2, but the other ranges have
separate scales because the stiffness of the wire causes them to
depart slightly from exact multiples of the unit scale.* Over
practically the whole range a frequency change of 1 part in 1000
corresponds to a length of not less than about 4 mm. Frequencies
between 100 and 200 are obtained by using a weight of a quarter
of that used for other ranges. The power taken by the apparatus
is only about 1 milliwatt.

Campbell Frequency Meter. A different type of instrument
applicable to electrical frequency measurement is the Campbell
frequency meter, a diagram of which is given in fig. 55 (a). Two
mutual indpgtances, M; and M,, are connected with an alter-
nating source A and a detector G (e.g. a vibration galvanometer
or telephone) as shown, their secondary circuits forming a loop
having total self-inductance L and resistance R, of which a
portion s is tapped off into the detector circuit. 7 is a

* See also G. E. Allan, Phil. Mag., 4, 1324, 1927,
t A. Campbell, Phys. Soc., Proc., 37, 97, 1925.
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non-inductive resistance. If z is the frequency of the source the
bridge will be balanced and G will show no current when (putting
w = 2mn)

w®M;M,=Rr and M;s=Lr (1)

The latter condition is satisfied once for all by fixing M,, r, L,
and s. Then for any given frequency the first condition can
be satisfied by adjusting only M, Then w?=Rr/M;M,, or
n oc aR/v'M, where a is a constant. In the actual instrument the

scale of the variable M, is

, N M .

oL marked to read »n directly

il ) e for a given value of R, and

" s ¢ anumber of different ranges

are obtained by altering R
" in suitable proportions to
give simple scale multi-
pliers. An instrument with
five ranges covers the range
180-4000 cycles per second,

~
the accuracy over the middle
M ; I | c portion of the range (600-
| 2500 cycles per second)
(A)

being generally within 1 per
\i.‘/ cent. The ranges of the
instrument are practically
free from any temperature
coeflicient.

Campbell * had earlier described an electrical method of
measuring large capacities which is applicable to measuring
frequency ; the circuit is illustrated in fig. 55 (b). The bridge
is balanced when MCw? =1, where M is measured in henries
#nd C in farads. The method is sensitive to small changes in
frequency of the order of, say, 1 part in a million. It provides a
simple and sensitive method of testing the purity of the applied
electrical current, for if a harmonic of only one ten-thousandth
of the amplitude of the fundamental were present, it would be
detected. Even the best condensers show, however, a consider-
able variation of capacity with temperature, and the frequency
scale of the circuit thus has a considerable temperature coefficient.

Phonic Wheel. Absolute frequency measurements resolve

* A. Campbell, Phys. Soc., Proc., 21, 69, 1908,

(a) Campbell frequency meter

(b) An earlier frequency circuit

Fi1G. 55
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themselves into counting directly or by inference the number
of vibrations which occur in a measured time. A useful instru-
ment for counting electrical oscillations is a phonic wheel, or
synchronous motor. Invented independently by La Cour and
Rayleigh,* it consists essentially of two electromagnets and a
rotating wheel-armature having an even number of iron teeth
spaced equally on its circumference. The phonic wheel designed
by Dye t consisted of an aluminium wheel, about 11 cm. in
diameter, on which was forced a steel rim about 4 cm. thick,

O

Driving a.c. » Chronograph Drum

Standard
Clock .

F1c. 56.—Phonic wheel and auxiliary apparatus

and having 20 teeth and spaces about 1-5 mm. deep cut evenly on
its circumference. It was mounted on a hardened steel spindle
running on jewelled bearings. A pair of telephone receivers
were used as electromagnets, and were so adjusted that diametri-
cally opposite teeth were simultaneously passing between the
polarised magnets of the respective receivers. As a synchronous
motor a phonic wheel, after it has been run up to speed by a

Eccles valve-driven motor (Dye) or by a blast of air directeﬁ
against the teeth of the wheel,] continues to run for hours, if it
is actuated by steady alternating current. The condition for
continuance is that the passage of teeth past the electromagnets
shall correspond exactly to the fluctuations of the exciting
current. To ascertain exactly the frequency of the steady

* Rayleigh, Nature, 18, 111, 1878; P. La Cour, Comptes Rendus, 87,
499, 1878. ‘

t D. W. Dye, Roy. Soc., Proc., 103, 240, 1923,

1 E. Klein and G. F. Rouse, Op. Soc. Am., ¥., 14, 263, 1927,
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current driving the motor, it is thus only necessary to count the
number of teeth on the rim which pass the magnets per second.
By suitable gear, as shown diagrammatically in fig. 56, it is
possible for the motor itself to record upon a chronograph at
the end of, say, every 50 revolutions, i.e. every 1000 alternations
of the current. If the apparatus is run steadily for several hours
in conjunction with a standard clock the number of oscillations
in the electric current in that period may be estimated with great
accuracy. The instrument finds its most accurate use when it
is employed for calibrating high precision standards of frequency,
such as valve-maintained tuning-forks, which will run steadily
for long periods of time. Clearly the frequency of any other
type of source of sound could be determined by arranging an
electric oscillator and loud-speaker to give a note exactly in tune
with the unknown source, and then counting the oscillations in
the electric circuit by means of the phonic motor.

Cathode-ray Oscillograph. Frequency calibrations can often
be conveniently carried out, particularly where the frequency con-
cerned is exactly or approximately the harmonic of a standard
frequency, by means of a cathode-ray oscillograph. For instance,
if an e.m.f. of a known standard frequency is applied to two
plates of the oscillograph so as to give a deflection of the spot in
one direction in the field of view, and the e.m.f. of unknown
frequency is applied (amplified if necessary) to the other plates
to give movement to the spot in the direction at right angles,
then the moving spot will trace out Lissajous’ figures in the
field of view (fig. 57 (a)). The figures will be stationary if the
known and unknown frequencies are in exact harmonic relation,
and will move slowly at a rate which can be counted if the relation
is only approximately integral.

A more easily interpreted arrangement, however, is to apply
an e.m.f. of the standard frequency and pure wave-form to both
sets of plates, but with a phase difference of 90°, so that, in the
absence of the unknown frequency, a circle appears on the screen
of the oscillograph. A suitable circuit is shown in fig. 57 (b),
where the current of standard frequency is applied to a resistance
R and a variable capacity C in series. The potential difference
across the resistance is applied to two plates of the oscillograph,
whilst the potential difference across the capacity is applied to
the other two plates. If the resistance and capacity are suitably
adjusted in magnitude, the two e.m.f.’s applied to the plates are
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equal in magnitude, but differ by 90° in phase ; the oscillograph
spot thus traces out a circle upon the screen. The size of this
circle depends upon the

anode voltage applied to |
the cathode-ray oscillograph.
If therefore the unknown fre- ‘l §
quency is applied in series | T
with the anode battery of i r—— -

. . (a) Two sources giving Lissajous’ figures on oscillograph
the oscillograph, the circle screen
will tend continually to in-
crease and decrease in dia-
meter, The trace on the R
oscillograph will thus re- 1 Q
semble the circumference of a ¢ ‘l" LT
toothed Wheel’ and the num- (b) Single source giving circular figure on oscillograph
ber of teeth in the wheel will screen

be equal to the ratio which the  Fic. 57.—Cathode-ray oscillograph cir-
unknown fre quency bears to Cuits for use in comparing integrally related

frequencies
the standard frequency. If
the ratio is not exactly integral, the wheel will revolve one way or the
other at a rate which may be counted and which may be allowed
for in computing the unknown frequency: This methed is very

useful for setting an oscil-
-
]
]
1
|
v
T
|
[}

lator to give a series of
definitely known high
frequencies (up to, say,
15,000 cycles persecond),
such as might be of value
in calibrating Galton
whistles.

Il Multivibrator.  An
{1’1_4_; extremely useful equip-
ment for obtaining fre-

_—

= quencies which are an

F16. 58.—Abraham-Bloch multivibrator exact multiple of a stan-
dard (without recourse to

frequency - counting devices such as a cathode-ray oscillo-
graph) is the multivibrator, originally described by Abraham
and Bloch.* It is essentially a form of controllable thermionic
valve oscillator which gives a note which is exceptionally rich in

* H. Abraham and E. Bloch, Ann. de Physique, 12, 237, 1919,
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harmonics. A circuit is indicated in fig. 58. With the resistance
and capacities as shown, the fundamental frequency of the
oscillator is roughly, but not accurately, equal to 1/(C,R; + C,R,).*
Suitable values for a frequency of about 1000 cycles per second
are 7, =75 =50,000 ohms, R, =R; =75,000 ohms, C,=C,=0-008
pF. By putting at I, in series with the anode battery, a small
voltage from a valve-maintained fork having a frequency approxi-
mately equal to that of the multivibrator, the frequency of the
multivibrator may be controlled and its fundamental frequency
thus maintained at a steady standard value. The output from
the oscillator may be obtained from the coil connected at O in
series with R,. As stated the output is rich in harmonics. Any
required harmonic may be selected from the constituents by

Multi- L, Tuned
Vibrator 000 J{or, Amplifier

Loud-
Speaker

[Selector
Circuit

Fi16. 59.—Circuit arrangement for selecting known high fre-
quencies from the output of a multivibrator

means of the general arrangement shown in fig. 5§9. Here the
output from the multivibrator passes through the coil L;,. A
harmonic selector consisting of a variable condenser and a coil
L, very loosely coupled to L, may be set to resonate at any desired
harmonic of the multivibrator note. A pick-up coil, L, is so
placed that it picks up nothing directly from the multivibrator
coil L;, but picks up from L, an e.m.f. having the resonant
frequency of the selector. This e.m.f. is passed to an amplifier
(preferably regenerative and tunable to the desired harmonic)
and thus to a loud-speaker or telephone, from which a note of
the required high frequency will be emitted. Such an apparatus
is useful in.calibrating whistles, etc., at high frequencies.

The principle of the controlled multivibrator may be extended
and a second instrument, tuned to, say, 20,000 cycles per second,
can be controlled by the first. Thus Dye attained frequencies
up to 1-5x 10® per second in two stages, using as standard a
1000-cycle maintained tuning-fork.

It may be stated that the advantage of the multivibrator and

* C and R are measured in farads and ohms respectively,
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cathode-ray oscillograph devices lies in the fact that the direct
phonic-wheel calibration of the frequency of electrical currents
cannot conveniently be carried out at frequencies above 1000 a
second. Thus, whilst highest accuracies are possible at fre-
quencies below this value, great accuracy at higher frequencies
can only be attained by ascertaining that the high frequency is
an exact multiple of an accurately known frequency within the
range of the phonic wheel. Incidentally, if a single-standard
frequency of, say, 1000 cycles per second is available, sub-
multiple frequencies of 100, 200, etc., can be accurately compared
with it by reversing the process and using the unknown frequency
to give the fundamental circle on the oscillograph, or the funda-
mental frequency of the multivibrator. It should be mentioned,
however, that the multivibrator indicated in fig. 58 can be con-
trolled at frequencies which are exact sub-multiples of the
frequency injected at I by the standard fork; also, to a lesser
extent, at a number of subsidiary frequencies which are fractions
p/(p +q) of the fork frequency, where p and g are simple integers.
Thus with a multivibrator and a controlling fork of frequency
1000 cycles per second, a series of standard frequencies may be
obtained in the range 50 to 20,000 cycles per second.

Electrically-maintained Tuning-forks. It is well known that
tuning-forks may be maintained in vibration by electrical means.
For forks of low frequency, below 100 cycles per second, the
principle of the electric bell may be employed, the vibrations of
the prong making and breaking an electrical contact through which
the exciting electromagnet is controlled. For precision various
features of design are desirable,* and these have been incor-
porated in certain forks which are commercially obtainable.
The fork should have a massive stiff base, prongs parallel to the
base, and contacts designed to give exact timing of the ‘make’
and ‘break’ of the current as the prongs move to and fro.
A fairly large inductance is necessary in the circuit to ensure
efficient running, and it is therefore desirable to include a
condenser in parallel with the fork contacts to reduce the lia-
bility of arcing at the break. The frequency of the fork varies
slightly with the setting of the contacts operated by the prongs,
and with the change in the electrical constants of the electro-
magnetic circuit.

* H. M. Dadourian, Phys. Rev., 13, 337, 1919; A. B. Wood, ¥. S¢i.
Insts., 1, 330, 1924; A. B. Wood and J. M. Ford, ibid., 1, 161, 1924,
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Eccles * has described a method of driving a tuning-fork by
means of a thermionic valve in appropriate circuits, which
suitably excite electromagnets which act upon the prongs.
Mechanical contacts with the moving prongs are avoided, and the
drive, which is one of considerable precision, is applicable to
forks of higher frequency. A 1000-cycle fork used by Dye t
in studying the value of a fork as a precision standard, is illus-
trated in fig. 60. Eckhardt, Karcher, and Keiser } have described

F1G. 60.—Valve-maintained tuning-fork (Dye)

a modified form of drive which has some advantages, and Horton,
Ricker, and Marrison § adopted a variation of the latter for
maintaining a 100-cycle fork. In Dye’s apparatus two electro-
magnetic coils L, situated respectively in the grid and plate
circuits of the thermionic valve, are mounted upon a laminated
projection of a polarising magnet M. The fork is self-starting—
a convenience, since for constancy such forks are often kept in
a constant temperature enclosure where they are not readily
accessible.

Variation in the temperature of forks is the chief cause of the
variations of frequency. Such variations with steel forks are
usually of the order of 0-01 per cent. decrease in frequency per
degree rise in temperature, and arise mainly from changes in
elastic properties. To obtain constancy to 1 part in a million, it
would be necessary to keep the temperature constant to 0-01° C.,
and Dye pointed out that ‘elinvar’ (a nickel steel) would give a
tenfold improvement in this respect. No important frequency
changes arise from ordinary variations in the electrical voltages

* W. H. Eccles, Phys. Soc., Proc., 31, 269, 1920.

t D. W. Dye, Roy. Soc., Proc., 103, 240, 1923,

1 E. A. Eckhardt, J. C. Karcher, and M. Keiser, Op. Soc. Am., ¥.,
6, 949, 1922.

§ J. W. Horton, N. H. Ricker, and W. A, Marrison, A.1.E.E., Trans.,
42, 730, 1923, .



MEASUREMENT OF FREQUENCY 171

applied to the valves, nor from changes in the electrical constants
of circuits.

Butterworth,* in a mathematical treatment of the problem,
pointed out the utility of connecting condensers in parallel with
the plate and grid coils. Hodgkinson,t considering circuits
without condensers, found it advantageous to employ transformers
between the valve and the magnet coils, in the case of forks having
a frequency of about 50 cycles per second.

* S. Butterworth, Phys. Soc., Proc., 33, 345, 1920.
t T. G. Hodgkinson, Phys. Soc., Proc., 103, 240, 1923,



CHAPTER XI
ANALYSIS AND FILTRATION OF SOUND

Analysis with Selective Microphone Equipment. Where it is
desired to identify the frequencies and intensities of component
tones of a complex sound, the analysis may be performed in various
ways. On the one hand, instruments like the Helmholtz resonator
-——in conjunction with suitable hot wire, Rayleigh disc, or mem-
brane detectors—may be used for measuring the intensity of
sounds of a definite pitch. Consequently a continuously variable
resonator or a series of such resonant instruments would enable
‘the whole audible range of pitch to be explored. In practice it
is not possible to cover the whole audible range with one instru-
ment, and a series is required. This is a disadvantage. A more
elastic method of analysis is to employ a high-quality microphone
to reproduce the acoustical wave in electrical form, and to analyse
the electrical e.m.f. generated. The method has the advan-
tage that continuous tuning can be adopted, and control is
possible at a distance from the point where the microphone is
situated.

A simple form of analyser consists of a tunable electrical
circuit introduced into the electrical amplifier associated with a
microphone. This tuned circuit may be located at the input
of the amplifier, at the output, or at an intermediate stage.

Crandall and MacKenzie * analysed speech by means of
electrically tuned output circuits. After preliminary amplifica-
tion the wave-form to be analysed was transmitted to twin single-
stage amplifiers in parallel. Coupled to the output of one of
these amplifiers was a resonant circuit containing a hot-wire
microammeter, the deflections of which gave a measure of the
amount of energy which lay within the limits of transmission of
the tuned circuits. Coupled to the other was an untuned circuit
and microammeter which dealt with all frequencies equally, and

* 1. Crandall and D. MacKenzie, Phys. Rev., 19, 221, 1922,
172
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thus gave the total energy of the syllable uttered. The syllable
was necessarily repeated many times, and the untuned circuit
gave a check upon the total loudness on any occasion. The
frequency range 75-5000 cycles per second was covered in
23 steps. The damping * (A varied from 75-250) was such that
the response fell off by about 50 per cent. if the analyser were
mistuned by about 12-40 cycles per second.

©

o— -0 o)
()] (¢
Fic. 61.—Single selector circuits for analysis

(In cases (b) and (d) the sensitivity varies considerably with frequency for a given sound
pressure)

Wegel and Moore + described an analyser in which the
variable-tuned circuit was located at the input of the amplifier.
The instrument, which was extremely elaborate, was direct
recording and covered a frequency range of 20-5000 cycles per
second. Fig. 61 (a) is a diagram of the essential elements of the
arrangement. The wave to be analysed was introduced to an
input-shunting network N and to the variable-tuned circuit.
The input network (actually a condenser in parallel with an
inductive resistance) had a low impedance varying from 0-4 ohm
for direct current to 10 ohms at 5000 cycles per second. A low
impedance in parallel with the input was essential to the per-
formance of the analyser, but the variation of this impedance

* If an analyser circuit has a damping factor A, two equally strong
components, of pulsatance o, and w, respectively, will need to be
separated by an amount of about w,; — wy =2A befpre they can be separ-
ately detected, and by an amount w; —w,=10A before they can be
separately measured without more than, say, 26 per cent. error in
amplitude.

t R. L. Wegel and C. R. Moore, A.I.E.E., ¥., 43, 798, 1924,
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with frequency represents an empirical design found necessary
to compensate for certain high-frequency losses in the amplifier
rectifier system, and thus to make the arrangement equally
sensitive to all frequencies in the range 80-5000 cycles per second.

The tuned circuit consisted of a variable condenser of capacity
C and inductance L of ohmic resistance R. The value of the
capacity C was varied from 0-05-200 microfarads in small steps
by an automatic device. The inductance L consisted of four
identical windings (100 millihenries and resistance 3-16 ohms)
on a toroidal core which, by means of a switch, could be thrown
in series or in parallel, thereby changing the value of the induct-
ance in the ratio 16 :1. With the same range of capacity the
instrument then had two frequency ranges 20-1250 cycles and
80-5000 cycles per second. By means of the high ratio trans-
former T of negligible impedance the response of the circuit
was applied to an amplifier-rectifier unit, and registered by means
of a recording meter.

The impedance of the source of the complex wave was in
practice maintained high at all frequencies in comparison with
that of the input network, so that the input wave-form was
independent of the small changes in impedance of the analyser
due to varying the condenser C. For each capacitance value

there was a frequency (f,=1/27VLC) for which the impe-
dance Z of the tuned circuit was R. For other frequencies
Z was much greater, being actually R+jwL +1/jwC. An in-
coming current of frequency f, was therefore largely shunted
through the tuned circuit, while current of any other frequency
passed through the input network. In this way, as the capaci-
tance C was varied gradually, the tuned circuit shunted selectively
from the input network the successive components of the complex
wave. The apparatus measured component frequencies as close
together as 15 cycles per second at the lower end and 200 at the
upper end of the range, and detected even closer components.
Sharper tuning arrangements would be advantageous by affording
better resolution in this latter region. Pl V, p. 225, shows
an analysis of a buzzer note made with the instrument. Fire-
stone * described a portable arrangement which was designed
closely on the above general principle, but which was not automatic
in operation. The analysing circuit (fig. 61 (4)) was included in

* F. A. Firestone, Soc. Auto. Eng., ¥., 19, 461, 1926.
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an intervalve coupling, and a simple 3-ohm resistance was used
instead of an equalising network in parallel with the tuned circuit,
and the output from the analyser was obtained from the potential
difference across the inductance L instead of from a transformer.
This arrangement is most sensitive to high frequencies. Spooner
and Foltz * have also described analysers (fig. 61 (c) and (d)) with
two types of intervalve coupling, one of which (c) resembles
that of Wegel and Moore, except that a resistance replaces the
transformer T.

The disadvantage of a single-tuned circuit is that no very
great sharpness of resonance is obtainable, particularly at low
frequencies. Unless coils of prohibitive weight are employed,
their resistance is such that blunt tuning only is attained. Im-
provement may be sought by using a second tuned circuit to
follow the first in the same apparatus, and may be achieved in
various ways. Selectivity may be afforded by means of two
tuned circuits inserted at two successive intervalve stages of an
amplifier. This double tuning of the amplifier gives better
resolving power between notes of neighbouring frequency, with-
out too great a sensitivity to small variations in the frequency
of the component being measured—i.e. without too great a sharp-
ness in the immediate neighbourhood of the tuned frequency.
It discriminates against extraneous harmonic components near
the tuned frequency in proportion to the square of the differences
between their frequencies and that to which the circuits are tuned.
The response curve is therefore approximately parabolic in form
—flat near the tuned frequency, but falling off sharply at fre-
quencies substantially removed. The two tuned circuits may be
inserted at two successive stages of an amplifier, or may be coupled
together at one intervalve stage. Churcher and King 1 used
two tuned circuits loosely coupled together as an output coupling.
For high frequencies the coupled coils had an air core, but at
low frequencies coils with an iron-nickel core were employed
so that requisite values of resistance and inductance could be
obtained in a small space at reasonable cost. Each core had
an air-gap which alone controlled the inductance of the coils,
so that there was no appreciable variation of inductance with
current.

The coupling between the iron-core c01ls was varied by having

* T, Spooner and J. P. Foltz, A.I.E.E., ¥., 48, 199, 1929,
t B. A. G. Churcher and A. J. King, I.LE.E., ¥., 69, 97, 1930,
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a variable number of turns on the second coil in series with the
first coil.

Analysers Involving Heterodyne Arrangements. Just as it
proves convenient in generating audio-frequency currents to
avoid unwieldy condensers by heterodyning two high-frequency
oscillations, it has proved possible to get increased convenience
and great selectivity * in analysers by adopting heterodyne
arrangements. In this method of analysis (fig. 62) the con-
stituent tones of complex sound, after being converted into the

= Ampliﬁer

Microphone (exposed fo Valve LJ]Low Pas Ampﬁfier@

noise under analysis) $ | Reetigier [ Filter.50. [ Detostor

F, Search
requenc:
Genqul’o:’

F16. 62.—Analysis of complex sounds using a search frequency
(Griitzmacher) diagram of apparatus

corresponding electrical audio-frequency variations by a high-
quality microphone, are heterodyned in turn by an.electrical
exploring voltage of pure wave-form and constant amplitude, but
variable frequency. The mixture is then rectified and passed
on to an amplifying and detecting unit. The rectifier unit
generates—and passes on with the general noise and search
frequencies—the combination tones between the search tone and
components of the noise. That is, if the search tone has a
frequency s, and if a component of the noise has a frequency #,
the rectifier passes also the difference tone of frequency s-n
(or m~s) and the summation tone of frequency s+n. Actually
tones of frequency 2s and 2n are also generated.

In Griitzmacher’s + form of analyser a filter now suppresses
all frequencies greater than 30 cycles per second. When, as is
usually the case, the fundamentdl of the noise and the search
tone are both higher than 30 cycles per second, the indicator is
affected only when s —# is less than 30, 7.e. when the search tone
—of which the frequency is known—lies within 30 cycles per

* This selectivity is usually welcome. Where, however,*a noise is

not of fixed pntch but is varylng sllghtly, too great a sharpness rencfers

the analyser inconvenient in operation.
+ M. Griitzmacher, E.N.T., 4, 633, 1927,
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second of a component of the noise. For the other frequencies
s, n, 25, 2n and s+n are all rejected by the filter. Thus the
frequencies of constituent tones of the noise may be detected as
the frequency of the search tone is gradually varied over the audible
range. For a search tone of constant magnitude the amplitudes
of the components of the noise are respectively proportional to
the amplitudes of the difference tones they set up, and may
therefore be measured.

One inconvenience of Griitzmacher’s form of analyser is that
each component of the noise gives two indications upon the
indicator. The first of these arises when the search tone is
0-30 cycles per second below the frequency of the component
of the nbise, and the other when it is 0-30 cycles above. When
the search tone and the noise component are identical in frequency
the difference tone is of zero frequency (i.e. is not alternating),
and nothing is passed by the amplifier to the recorder.

_The analyser of Moore and Curtis * avoided double indications.
It employed as search tone the output from a variable high-
frequency oscillator ranging from. 11,000 to 16,000 cycles per
second. For detecting the combination tone s—n a highly
selective resonator was used instead of the filter shown in fig. 71.
Then, as the search frequency was varied continuously, an
indication was obtained on the detector instrument whenever
(s —n) became equal to the natural frequency of the resonator.
The resonating element was tuned to 11,000 cycles per second.
As the search frequency was always above this, no summation
frequencies affected the resonator. The instrument was not used
for sounds above 5000 cycles per second, so that the octave term
in 27 lay below the resonant frequency of the selector. Indeed,
the frequency ranges had been carefully chosen to exclude all
undesired terms which could not be made negligibly small.

It may be mentioned that if the resonating element had a
frequency of 16,000 cycles per second, whilst the search tone
varied 4s before between 11;000 and 16,000 cycles per second,
the instrument would operate on the summation tone s+,

Naturally, an. extremely sharply tuned resonant circuit was
necessary, and Moore and Curtis employed a mechanical one.
They made use of the longitudinal vibrations of a steel bar
clatped in the middle, and having a natural frequency of 11,000
cycles per second. It was excited magnetically at the driving

* C, R, Moore and A, S, Curtis, Bell Sys. Tech. ¥., 6, 217, 1927,
- , 12
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end by means of the magnetic element of a telephone receiver,
deriving its current from the rectifier of the analyser. The
response at the other end of the bar was detected by another
magnetic element which, in turn, communicated with the
indicator. The bar had a sharpness of resonance (w/A) of about
30,000. Corresponding to this a departure of 10 cycles per
second from the resonant frequency gave a loss of over thirtyfold
in voltage, so that, even at frequencies as low as 50 cycles per
second, the frequency discrimination was quite satisfactory.

Some further details of heterodyne analysers may be noted.
The indicator should be quick acting and well damped. By
means of a recording drum rigidly coupled to the frequency-
changing condenser of the heterodyne oscillator, Griitzmacher
(who analysed the sounds of combinations of pure notes, of the
violin, of organ pipes, and of German vowels) was able to record
photographically (Pl. V, p. 225) the deflections corresponding
to the separate partial tones of a sound. Complete records over
the frequency range 80-10,000 cycles per second were taken in
a few seconds. There are limits to the speed at which the
frequency range can be traversed, because oscillations will not
be fully set up in the filter circuit or resonator unless a certain
amount of time is allowed for exciting them. Griitzmacher
claimed that a speed giving in each second a frequency change
of 300 cycles per second could be combined with a sharpness
of 30 cycles. He indicated also that, even if only impulsive
excitation is applied to the filter circuit, a quantitative evaluation
of the analysis is possible. Salinger * has dealt with the theory
of analysis by means of exploring tones.

It is desirable to note that mixing the sound frequencies and
the search frequency in a common resistance, as shown in fig. 62
and in fig. 63 (a), has disadvantages. In the case of a noise, or
of a complex sound having several components close together,
the measuring instrument may give a deflection entirely inde-
pendent of the frequency of the search tone, and which persists
even when the search tone is removed. This is due to difference
tones—produced by the rectifier—between components of the
sound which are so close together that the difference tone is
lower than 30 cycles per second. Griitzmacher’s solution of the
difficulty + is to adopt a push-pull form of rectifier, using accurate]y

* H Salinger, E.N.T., 6, 294, 1929,
t M. Griitzmacher, Zeits. I tech. Phys., 10, 570, 1929,
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matched valves, and to apply the sound and search frequencies
as shown in fig. 63 (b). With proper winding of the centre-tapped
transformer the sound frequencies themselves are not passed
onwards, as the two valves

give equal and opposite Sound
effects in the output. <‘$ (a)
Combination sounds be-

tween the search tone and _Search
the sound frequencies are, Frequency
however, passed by the ¢,.nd
rectifier to the filter as
before.

In the rectifiers use is
made of the quadratic por-
tion of the valve character-
istic) since no difference F1c. 63.—Rectifier units for heterodyne
tones of higher order are analysers
then produced. Calculation for quadratic rectification gives for
the anode current I, :

Search
Frequency

I, =K(ay+ a, sin pt + a, sin gt)?
=K{a,2+ 2a,a, sin pt + 2a,a, sin gt + }a,® cos 2pt
+3a,? cos 2qt — a,a, cos (p +q)t —a,a; cos (p—q)t} (1)

p and ¢ being respectively the frequencies of a component tone
of the complex voltage, and of the search tone. Only the differ-
ence tone passes the filter. The amplitude of the difference tone
is seen to be proportional to the producing voltages a; and a,,
so that, when the amplitude a, of the search voltage is constant
over the frequency range, the amplitude of the difference tone is
proportional to the amplitude a, of the component of the sound.

It is important that the characteristic of the rectifier valve
shall not be of a higher order than the second, for difference
tones of higher order such as 2p — ¢ and 2g — p would be produced,
and result in false partial tones in the analysis. Care is there-
fore necessary in selecting the rectifier valve, its working point,
and its loading. By ‘analysing’ a known pure tone, the function-
ing of the analyser may be tested and any tendency to produce
false partials detected. Also by analysing a mixture of two pure
tones one may detect any defect in the apparatus which would
give rise to a difference tone between the two pure tones,
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The disadvantage of heterodyne analysers of the above types
is the necessity for employing only an accurately quadratic por-
tion of the characteristic of a rectifying valve. The elimination
of false components due to failure in this respect is a matter of
some difficulty. T. Theodorsen * employed a method of search-
tone analysis in which this difficulty was obviated. He availed
himself of the heating effect of audio-frequency currents—a
property which depends essentially upon the square of the current
concerned, and thus is accurately quadratic. His method may
conveniently be regarded as based upon the fact that the ohmic
loss in an electrical resistance is equal to the sum of the losses
of the harmonic components of a complex wave except for the
case in which two components are nearly equal in frequency
and equal (or opposite) in phase. In the latter case the ohmic
loss is then increased (or decreased) by a definite amount. When
the frequencies are nearly equal, the resistance wire thus exhibits
a slow periodic temperature variation at a frequency equal to the
difference between the frequencies of the two components. The
heat capacity of the resistance ensures that although it follows
these slow fluctuations it does not follow the higher-frequency
fluctuations. The selectivity of the device thus depends upon the
heat capacity of the wire and it is not dependent upon frequency.

In practice the ohmic resistance employed is the filament of
a valve, and the complex current and search tone are both passed
through it. 'The filament is chosen to have the correct dimensions
to obtain suitable selectivity, and the temperature fluctuations are
easily made manifest by changes of anode voltage due to variations
in the electron emission from the filament. For small fluctuations
of filament temperature it was considered sufficiently accurate
to assume proportional changes in anode voltage. The device is
followed by an amplifier, and, through a transformer if necessary,
by a recording milliammeter having a natural frequency of about
three vibrations per second.

Provided the search-tone current is constant in magnitude, the
indications so obtained are proportional in magnitude to the
amplitudes of the constituents of the complex wave.

A diagram of the actual arrangement is shown in fig. 64.
Two valves, Vy, V,, are used, and the complex wave and search
tone are supplied to their filaments so that if the phase-angle

93‘ T. Theodorsen, -U.S., Nat. Adv, Cttee. Aero., Report, No. 395,
1931, _
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difference is a in one filament it is 7 + « in the other. This push-
pull method of introduction of the voltages, combined with
accurate matching of the valve circuits, ensures that the output
voltage taken from across the anode resistances R, and R, shall
not contain fluctuations due to the combination of two con-
stituents of the sound which may happen to be close in frequency,
but only those due to the combination of the search tone with
separate constituents of the noise. Certain high-resistance
potentiometers which permit adjustment of the grid bias and

Search

Frequency iy
Sound

Freqcuencies v l'\;\?/ZV\F

F1c. 64.—Essential features of heterodyne analyser due to Theodorsen

thus of the valves have been omitted from the diagram. The
output is led to an amplifying valve (shown to the right of the
figure) and thence to a recorder. When the apparatus is adapted
for automatic recording about 5 minutes are required to obtain
a record (PL. V, p. 225).

Meyer * has devised a very simple method of sound analysis
which requires a minimum of apparatus and which he claims to
be sufficiently good for many purposes. The principle is that
an alternating current J sin 2mst is passed through a carbon
microphone instead of the usual direct current, and if at the
same time the microphone is subject to a pure tone of frequency p,
then the voltage across the microphone is given by

E =(R +dR sin 2mpt)] sin 2zst (2)

where R is the constant and dR the variable part of the micro-
phone resistance. This gives

E =]JR sin 27st + 4] . dR cos 2n(s — p)t ~ 4] . dR cos 2n(s+p)t (3)
* E. Meyer, E.N.T., 5, 398, 1928,
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-
In order to carry out an analysis the search frequency s is varied
at constant current over the desired range, and an a.c. instrument
tuned to a low frequency is employed to select the difference
frequency s—p from the voltage E. This difference frequency
is proportional to dR and thus, with a distortionless microphone,
to the amplitude of the partial tone in the sound under analysis.
The summation tone s+p does not affect a low-frequency in-
strument. The search fre-
quency may do so, however,
at low frequencies, and is
eliminated by the bridge cir-
cuit shown in fig. 65. A capa-
city C in parallel with a low-
resistance choke serves to shunt
the higher frequencies—especi-
ally the frequency p —s when it
reaches high values. With a
Reiss microphone at M and a
sensitive galvanometer,
measurements down to 0-1
Search Frequency - dyne/cm.? can be made with-
Fic. gsrb—o—fx;nﬁr;ﬁ gﬁglg':e(li\g;ggymg out amplifying arrangements.

Meyer analysed without
amplifiers a pipe note, a vowel sung for 15 seconds, a violin
note, and an inharmonic note caused by striking an electric bell

continuously at intervals of about 1 second.

Incidentally Meyer tested various types of carbon microphone
for non-linear distortion, by ‘analysing’ a mixture of two pure
sounds with the aid of the test microphone. When non-linear
distortion set in the microphone gave rise to combination tones in
the e.m.f., and these were detected in the analysis. It was found
that an ordinary carbon microphone gave considerable non-linear
distortion. A Reiss microphone gave only small distortion,
practically negligible up to intensities of about 6 dynes per sq.
cm.—a considerable intensity. Distortion was found to be
practically negligible in a double microphone, consisting of a
highly stretched diaphragm of duralumin carrying a small carbon
button on each side. In such a microphone the sound acts only
on one side of the diaphragm. The arrangement of the micro-
phone in the analyser bridge is such that the second carbon button
occupies the place of the resistance P.
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Analysis by Means of Oscillog%aph Records. Regular notes
consisting of a single harmonic series of tones may be analysed
by obtaining an oscillograph record of the wave-form, and
analysing this into its Fourier components by mathematical
processes. Inspection of the oscillograph record may also give
useful information where (as in fig. 9 (3), p. 30) a fundamental
note is accompanied by an overtone which is inharmonic. With
sounds or noises in which several unrelated tones occur, the
oscillograph record is not an accurately repeating pattern, and
analysis into Fourier components is not possible. Consequently,
whilst for complete measurement of a complicated sound an
oscillograph record is valuable, there are limitations to its use
in analysis, particularly where irregular noises are concerned.
On the other hand, the electrical analysers described above will
detect components irrespective of whether they are harmonically
related or not. Sacia * has analysed vowel sounds of short
duration by obtaining an oscillograph record in the form of a
black profile on a transparent strip, then reproducing the wave-
form as a fluctuating beam of light controlled by the passage of
the strip in front of a lamp at a steady rate, then converting the
wave-form of the fluctuating light into electrical form by means
of a light sensitive cell, and finally analysing the wave-form by a
resonant electrical analyser of the type described above. The
oscillograph records of vowels were naturally of short duration,
so the ends of the strip were joined to form an endless belt, and
continuous repetition was possible.

Electrical Filters. We have seen that the incorporation of a
single resonant element in a circuit leads to the selection of a
particular frequency from a complex electrical current, and the
practical suppression of frequencies appreciably outside the
resonant region. G. A. Campbell has shown that it is possible
to devise circuits such that selected ramges of frequency are
transmitted without appreciable distortion or attenuation, whereas
other frequencies are suppressed entirely. In general such elec-
trical filters, as they are called, consist of a chain of similar
networks, each composed of specially arranged capacities and
inductances. Ideally the chain consists of an infinite number of
sections ; alternatively it may be closed at any section by an
impedance corresponding to that of the rest of the infinite line
(i.e. to the impedance of the infinite line itself). This impedance

* C. F. Sacia, Op. Soc. Am., ¥., 9, 487, 1924,
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with which the end of the line can be replaced without affecting
the currents in previous sections is known as the characteristic
impedance of the filter. The theory is outlined on p. 329.

There are two general types of filter section. Each is shown
in two forms in fig. 66 according as the section is arranged in a
T circuit or in a IT circuit. Assuming that the impedances of the
limbs of the filters are represented by Z, and Z, as indicated in
the figures, and that the inductances are resistanceless, Type I
will transmit two bands of frequency without attenuation and
suppress all other frequencies as shown below the circuit diagram
for Type I. The four critical angular velocities w;, w,, wg, and
w, have the same values for the T and the II circuit, and are given
by the solution of the equations

Z, Zy
zZ." 0 Z. +2=0 4)

The values are tabulated later for important special cases, but
further details may be obtained from textbooks, or from a paper
by A. B. Morice * which has been used in selecting the present
material. For reference it may be stated that the characteristic
impedances Z, of the two circuits are

. 2
T circuit :—Zy = VZ2 + 2Z,Z,; 11 circuit :—Z, = \/ z?lzzzz, (%)

and the four critical frequencies are related as follows :—

Wy [wy = wy/w,

Filter Type I is a double ‘band-pass’ wave filter. There
are several ways of reducing it to a single band-pass filter, includ-
ing the following :—

(a) If L,C,=L,C,, then w,=w;,, and the two bands become
confluent.

(6) If Ly=C;=0, all frequencies above a specified value are
transmitted (high-pass filter).

(¢) If L, =C,; =00 (i.e. L, disconnected and C, short-circuited)
all frequencies below a specified value are transmitted (low-pass
filter).

Filter Type II is illustrated in the T and Il forms to the
right of fig. 66. It will trahsmit all frequencies except a band
between w, and w;. As before, the critical frequencies are given
by the solution of equations (4), and the characteristic impedances

* A. B. Morice, Phil. Mag., 3, 801, 1927.
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by equations (5). This type of ‘filter has only one critical
frequency

(@) if C; =0 or L, =0 (low-pass filter) ; or

(b) if Cy=00 or L; =co (high-pass filter).

It should be reiterated that the properties of these two types
of filter only apply rigorously when an infinite number of sections,

TYPE 1 TYPE 1I
T Ci .
L G C L, Circuit c, c,
°—‘“““"“:1:J_'F—“"°“*’z 2
Lo Cz |Zz Lo b L
o - S o T 0
L, Cl n CirCuit C'
o—-——r—mno—-"——l—o 5 o ’ il ' 0
lc L ' AP La
L T L -]-sz Z c L c
o l ) vel o *T T2 0
"Ranges transmitted (T) and suppressed (S)
W W oy Oy W, Wy
0 ——t—t+—i —---4 00 o} — ----400
K-8 - -K-TH S - T- K- §- - Ko T-ok-§-m---T-=-)

F1c. 66.—General types of electrical wave-filters

similar to those shown, are connected in series, or when the last
of a finite number of sections is closed through the characteristic
impedance of the filter. As a general rule it is not necessary,
however, to use more than three sections of a filter, but it is to
be noted that a multi-section filter will have a number of humps
in the pass section of its transmission curve equal to the number
of sections used. Further, the greater the number of sections
the sharper the cut-off. The effect of resistance in the coils and
of leakance in the condensers is to make the action of the filter
more or less imperfect : the critical frequencies are, however,
the same as those of an ideal filter.

Important particular types of the above filters are shown
as three-section filters * in fig. 67. The corresponding critical

* Note that two capacities C in series, one from each T section, have
a resultant capacity of C/2.
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frequencies and characteristic impedances of infinite filters of these
types are set out in Table VI. Ultimately, in the pass region,
the characteristic impedances all become of the form k+~L/C,
where k is a numeric of value depending upon which circuit is
High Pass Low Pass

T Circuit
C +C #C C L 2L 2L L

o o el Rl Rl R
&t?t?té—l@ o T T°T |

C IT Circuit L L

c c L
F*T*T L%ﬂ fTI 2c-|-I chT cTI )

F1G. 67.—High-pass and low-pass filters (3 sections)

involved. This impedance is of the nature of a pure constant
resistance, so that often a filter circuit may be appropriately
terminated by a suitable output resistance, as far as the greater
part of the transmission band is concerned.

TABLE VI
Characteristics of High-pass and Low-pass Filters
Critical Characteristic
Type Frequency Impedance
W, = Zy=
1 V4 2 _
High-pass—T type \/ 3LC ———2—15‘%)—1
1 oL
mtype . - 2L.C V2LCw? -1
9 L2 - LCao?
Low-pass—T type . . \/ ic \/ w
- \/ 2 \/ L
type S LC C(2 -LCow?

C. A. Beer and G. J. S. Little * give useful information
concerning the design of filters. They mention that the

* C. A. Beer and G. J. S. Little, P.O.E.E., ¥., 17, 298, 1925.
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terminating impedance of a finite filter cannot be made equal to
the characteristic impedance at all frequencies, but that it can
be at all frequencies which lie well in the transmission band. A
good empirical rule with a low-pass filter is to make the equality
at about 0-8 times the critical frequency. Details of the con-
struction of various filter ranges are given in the paper, together
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Fi1c. 68.—Distribution of sound energy in street noise (Sivian)
(Average pressures per frequency interval of 1 cycle per second)

with information on the stalloy stampings suitable for produc-
ing the iron-core inductances (with air-gap) that make suitable
inductances for filters.

Analysis with Band-pass Filters. L. J. Sivian * described a
method of analysis of sound in which exact analysis is not achieved,
but in which measurement is made of the sound energy which
occurs in each of a series frequency bands, each about half an
octave wide, which together cover the audible scale from 30-
10,000 cycles per second. For this purpose band-pass filters
are adapted for use with the microphone-amplifier equipment
employed in sound measurement, and arranged to pass into it,
one after the other, selected frequency bands—say, 30-100
cycles per second, then 100-150 cycles per second, and so on.
Fig. 68 shows an analysis of this kind for street noise, due chiefly
to street traffic and an elevated railway. It should be noted

* L. J. Sivian, Bell Sys. Tech. ¥., 8, 646, 1929,
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that the pressures recorded are regarded as equally distributed
within the bands, and the results are therefore plotted in the
form of “‘average pressures per interval of 1 cycle per second.”
The chief present limitation of the method is that the separation
of successive bands selected by the electric filters is not as sharp
as might be desired.

Stewart’s Acoustical Filters. Following the development of
electrical filters, G. W. Stewart * has proposed certain acoustical
filters which are applicable to transmission of sound through
tubes, and which consist of repeated resonator sections. The
impedance theory upon which Stewart worked is analogous to
the theory of electrical filters. It involves the ‘lumping’ of
acoustical elements in the manner which was adopted (p. 119)
in the theory of Helmholtz resonators, where a short column
of air was regarded primarily as a lumped mass of air, and an
enclosed volume was regarded as a capacity. In order that this
procedure may be justifiable in the theory of acoustical filters,
the length of each section and the dimension of each branch must
be small compared with the wave-length of the sound, so that no
change in phase may occur in any element.

In the theory of acoustical filters a circuit of tubes and con-
tainess is analogous to an electrical circuit, and the direct analogue
to electrical current in the electrical circuit is the volume flow of
air in the mechanical network. Thus for filter circuits the corre-
sponding equations of p. 21

LQ'+Rq'+—%=E0 cos wt (6)

mé +ré +5é€ =F, cos wt

become most strictly analogous when we deal with the acoustical
volume changes X(=5¢) and acoustical pressures per unit area
fo=(F,/S), where S is the area of cross-section of the acoustical
conduit at the point concerned : that is, when the mechanical
equation is written in the form

m r $
—S—zx + §5X + —S_ZX =f0 cos wi (7)

Thus the true analogues to the electrical L and 1/C which occur

* G. W. Stewart, Phys. Rev., 20, 528, 1922; G. W. Stewart and R. B.
Lindsay, Acoustics, p. 161.
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in the equatlons for electrical filters, are the mertaace m/[S? and
the capacxtance §/S? respectively.

Fig. 69 is a diagram of a low-pass acoustical filter. The
total inertance—analogue of inductance—of each section of con-
duit of length /, is p/,/S;, where S, is the area of cross-section.
If V, is the volume of
the resonator chamber, its
capacitance is C,=V,/pc%
Neglecting the inertance
of the resonator neck
which is strictly in series
with the capacitance, the cut-off pulsatance (w,=2mn,) is, by
analogy with the formula for a low-pass electrical filter,
2cV/'S,/;V,. Stewart shows that if allowance is made for the
inertance po/K of the neck the equation becomes

S. 7 1
=2 J 1
NIV, 5, (8)
IK

F16. 69.—Low-pass acoustical filter

Here K, the conductivity of the neck, is given by l—fz—, where
a

l is the length and A the sectional area of the neck (p. 120).

Stewart’s acoustical analysis in this case may be set out briefly
as follows. If the parts of the filter are small compared with the
wave-length of the sound concerned, the mass of air in the conduit
between successive junctions moves as a whole. Let the filter
be infinite, let P,, P,.;, etc., represent the pressures at the
junctions between the conduit and side branches, and let X,
X,+1, etc., represent respectively the volume currents in the
sections of conduit following the junctions. The corresponding
particle velocities may be denoted by £, and £,4,, and the volume
currents into the resonators at the junctions may be denoted
X, and X,/,,, etc.

From the motion in the air in the section between p, and
Pns1 We have

Pn—Pnn1 =Pl£n = i“’Plén =iwplX,/S, (9)

From the continuity at the junction the volume flow into the
resonator is equal to the difference between the flows in the con-
duit on the two sides of the junction, Consequently, if Z, is the
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acoustical impedance of the resonator at its opening, we have

Xn—l - Xn = an =Pn/ Zz» ie. Pn= Zz(Xn-l - Xn)}
(10)

Similarly b= Zz(Xn - Xn+1)
Consequently, rewriting we have
Zz(Xn—l - Xn) - Zz(Xn - Xn+ 1) = inan (1 1)
Whence
twpl
X,,+1—<2 zzsp >X +X,=0 (12)

It is readily evident that in an infinite filter the relation between
adjacent sections will be independent of the position of those
sections in the length of the filter, consequently we may write *

n =_n_ - -2 - n+1=__n_
Xn Xn—l ¢ Say Pﬂ Pn-—l (13)
The solution of (12) is then
coshy = 1+1}sz[ (14)

1

and it may be inferred (see p. 330) that the acoustical conduit
acts as a filter, the limit of no attenuation being bounded by

the limits

Z, is given by the formula on p. 121, the term in kw/2m
having been neglected because damping due to radiation from
the aperture into free air does not now occur. Thus

w
% =bl ) o

It follows on substitution in (15) that the region of no attenuation
is bounded by the frequency given by (8) and by w=0.

Fig. 70 (a) gives a sketch of a Stewart low-pass filter calculated
to have a cut-off at 3175 cycles per second, together with the
experimental curve obtained.

A high-pass filter is indicated in fig. 70°(5). The branch lines
consist merely of orifices. A somewhat empirical theory indi-

* A formal proof of this identity can be derived on the lines of that
given for electrical filters on p. 329,
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cates that the cut-off frequency for such filters is given by
w,=cVK/V,, where V, is the volume of one section of the line,

and K the conductivity of
one of the branch lines.
Band-pass filters can
be constructed. Such a
filter due to Stewart is
shown in fig. 70 (¢). If
Stewart’s simple theory
applied over the whole
range only one band
should be obtained, but
the beginnings of an ad-
ditional high - frequency
band are noticeable in
the experimental results.
Physically the existence
of additional transmission
bands is due to the fact
that for high frequencies
the dimensions of the filter
are no longer small com-
pared with the wave-
length. G. W. Stewart*
has extended his theory to
meet the case. W. P.
Mason + has, however,
abandoned the lumping of
impedances, and studied
the filters as regular com-
binations of acoustic tubes
in each of which wave
transmission occurs. In
his treatment he ascertains
the acoustical impedance
of each tube or element,
and incidentally is able to

evaluate corrections for viscous and thermal dissipation.
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F1c. 70.—Acoustical filters (Stewart)

(a) Low

pass, (b) high pass, (¢) band pass, with corre-

sponding experimental transmission curves

He also

calculates the effect of inserting filters in any given acoustic

* G. W. Stewart, Phys. Rev., 25, 90, 1925,
+ W. P, Mason, Bell Sys. Tech. ., 6, 2568, 1927,
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system. His theory reveals at once a number of transmission
bands in the characteristics of the Stewart type of filter.
Waetzmann and Noether have given measurements of transmission
through filters.*

In conclusion it may be stated that, within limits, acoustical
filters may be designed from Stewart’s formule based upon
lumping of the impedances. The formule fail at higher fre-
quencies because it is no longer justifiable to assume no wave-
motion in the elements, and acoustical filters differ from electrical
filters with lumped impedances in that the former have an infinite
number of transmission bands.

Quincke Acoustical Filter. When a resonator is fixed to the
side of a sound conduit (fig. 71) it acts as a filter and suppresses

— —

Fi1G. 71.—Quincke filters

certain frequencies in the sound transmitted through the conduit.
The frequencies suppressed are those natural to the resonator.
A stopped pipe (of corrected length I) can of course be used as
one form of resonator, and in that case the frequencies are those
corresponding to wave-lengths, A, where /=nA/4, and 7 is an
odd integer. The author has employed ripple photographs to
illustrate the action of a Quincke acoustical filter.] Water waves
were passed through a conduit fitted with a side tube of adjust-
able length.

An interesting case of filtering action due to resonance was
shown in some ripple experiments with a curved conduit repre-
senting a section of a loud-speaker horn.f Pronounced stationary
waves occurred at a certain bend (the direction of vibration being
transverse to the axis of the horn), and the bend acted as a filter
over a moderate range of frequency. For frequencies above and
below the resonant region, the waves emerged freely from the
flare of the horn.

* E. Waetzmann and F. Noether, Ann. d. Phys., 13, 212, 1932.
t G. Quincke, Pogg. Ann., 128, 177, 1866 ; see Rayleigh, Sound, 2, 210,
T A, H. Davis, Phys, Soc., Proc., 14, 90, 1928,
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Silencers for Engine Exhausts. So far as the writer is aware,
no formal theory of the action of silencers of engine exhausts
has been given. The following considerations show, however,
that the ordinary silencer, which consists of a series of perforated
baffle plates inserted in a conduit (fig. 72 (a)), is a form of acoustical
filter. For simplicity the silencer is considered to be infinitely
long and to have an infinite % M X
number of sections, and in pnot o ) nel
the first instance it is as- 4' v Q v Q v [

sumed that each baflle is

perforated by one hole only. ,Pn-: I Pn | Prsi I
The radius of the hole is (@) Baffie-plate silencer
denoted by ‘a,’ the volume

of the silencer between the { v [ v 1
baffles by V. In the figure l l ]
the apertures in the baffle

plates are all axial; the <l

b) Modified baffle-plate silencer
theory, however, would ®l

apply if they were not axial
but were irregularly placed so that, as in practice, exhaust gases
would necessarily take a somewhat tortuous path in moving from
inlet to outlet.

It is assumed, however, that the apertures in the baffle plates
and the dimensions of the interbaffle space are small compared
with the wave-length of sound. The pressures in any particular
interspace at any moment are therefore uniform and calculable
from the adiabatic volume changes which occur. Let the pressures
at any moment in the various sections of the silencer be
p1e?t . . . p.eiot etc., and let the volume velocities in the
apertures be X e, etc.; the volume displacements will then be
(X, /iw)eiet, etc.

On expressing the excess pressure in the nth section in terms
of the excess of gas which has moved into it over that which has
flowed out, we have

(X” - X”_H)eiwt -_p”eiwt —P”eiwt
iwV T 9P %

Fi1G. 72.—Exhaust sileftcers

where ¢ =velocity of sound,
P =mean pressure of gas,
p =mean density,

y =ratio of specific heats of gas,
13
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whence
1wV
(Xn - Xn+1) = %—Pn (17)

Since the apertures in the baffle plates are small compared
with the wave-length of sound concerned, the pressures will be
uniform and the gas in each aperture will oscillate to and fro
almost as though it was incompressible. Let Z, be the acoustical
impedance (ratio of pressure to volume flow) of the air in the
orifice, an impedance which arises from the effective impedance
of the air to pressure exerted upon it.

We then find from consideration of the motion of the air in
the apertures

(P -1 — Pn)ei®t = pressure on air in nth aperture = Z,X et
(P = Par)et = Z,X 6000 (18)

Evaluating (X, —X,+,) from considerations (18) above and
equating to the value given by (17) we find

iwV
(Pn=1= 2P0+ Prr1) = Zo(Xp = Xnt) —“l—(:“ n
whence
iwVZ,
! pn-—l'<2+ wczp I)Pn+Pn+l=0 (19)
writing
Pn-1_ Pn

=T etc., et say

P‘n Pn+1

We may rewrite (3) in the form

jwV
e—1-<2+mzzl>+e}'=0
cp

whence
cosh A =§(eA+e?) =1 + }(iwVZ,/c%) = 1 + }(Z,/Z,) say  (20)

It follows from this (p. 320) that the region of no attenuation
is bounded by the limits
Z,_

If the quantity Z, is taken to be due to the inertance * of an

* The term representing radiation into infinite space is omitted.
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aperture of the same diameter in an infinite wall of zero thick-
ness (see p. 200), we may write Z; =ipw/2a, where a, the radius
of the aperture, is small compared with the baffle. The limits of
the attenuation region then occur at frequencies given by

WV 109 _0 o 4
¢ 2a .
2a ¢
hen w=0 h =20/ = =2/ 22
i.e when w or when w=2c\/ <=2,/ (22)

where ¢, is the ‘conductivity’ of the aperture.

If, however, the aperture does not consist of a single hole,
but of % holes each of radius a, the conductivity is increased.
If they are widely separated the conductivity becomes hc,. If
they are close together it probably tends to be equal to that of a
single aperture of A times the area of one, and thus of radius

av'h. Thus for a silencer in which the baffle is perforated with
h holes each of radius a the cut-off frequency is given by

2am
W, = 2C —v— (23)
where
Vh PmPh

For a few well-separated holes 7 tends towards %; for a number
close together the tendency towards A is probably operative.
Rewriting this in terms of the total area S of the A perforations
we have

S=h.ma?

/ om [S
W, = 2¢ -V— 7177 (24)

If the apertures in the baffles of a silencer are of finite length,
and possibly tubular (fig. 72 (b)), equation (20) still holds, but

and

Z, takes the value iwp é+cl instead of l—-%)e where [ is the length
0 0
of the tube of cross-section S.

For the cut-off frequency to be lower by an octave or more
than that for a simple perforated baffle, clearly 2/ must be greater
than 3ra, i.e. [ > 5a approx. Thus there is but little difference
between a simple perforated baffle and one in which tubes replace
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the simple apertures, unless the tubes are fairly long. Tubes
could be curved so as to enter the chamber obliquely, and thus
impart to the gases a swirling motion which might assist to cool
them and thus to reduce their pressure—a factor whxch is not
considered in the above analysis.

When the sections of the filters are so large that they are
comparable with the wave-length the above theory fails, and
certain bands of high-pitched sounds are transmitted. For
instance, transmission occurs at frequencies corresponding to
longitudinal resonances in the silencer sections.

Full calculation of the behaviour of silencers is difficult,
because they do not conform to ideal geometrical forms. More-
over, some allowance should presumably be made for the effect
of the flow, turbulence, and progressive cooling of the exhaust
gases as they pass through the conduit, and also for the fact that
the large displacements which occur in an actual silencer may lie
outside the limits to which pressures may be assumed to be pro-
portional to displacements. In practice also, since an infinite
series of sections is not used, it is important that the inlet and
outlet impedances should be as nearly as possible the same as the
characteristic impedance of the filter.

There are possibilities, for silencing purposes, in other types
of conduit. For instance, if an infinite cylindrical exhaust pipe
having a diameter d; has interposed in its length a short section
of length / and diameter d,, the ratio of the acoustical pressures
before and after the expansion chamber so formed is given by

j—b—‘—\/l +{l<m—l> sin kl}2
b: 2 m

where k=2x/A and m=d,?d2

The attenuation, which is zero only when / is an even number of
quarter wave-lengths, reaches a maximum value of }{m+ (1/m)}
when [ is equal to an odd number of quarter wave-lengths. An
expansion chamber can thus be arranged to give attenuation in
the region of a chosen low frequency such as that of the funda-
mental note of an engine exhaust. It will also reduce odd
harmonics as well. Two chambers in series, suitably separated,
would be more effective than one.

A low-pass Stewart filter (fig. 70 (a), p. 191) or a series of side-
branch Quincke tubes with stopped ends (p. 202) also have
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possibilities. Again, Schuster and Kipnis * have shown recently
that high-pass acoustical filters of the side-branch type may be
used as silencers.

Silencing by absorption (¢f. p. 287) may be achieved if a
section of an exhaust pipe is freely perforated with holes and
surrounded with an absorbent material, such as glass wool,
enclosed in an outer metal jacket: such a silencer attenuates
high frequencies appreciably, although it has but little effect
upon low.

It is desirable to mention a practical aspect of silencers which
has not been referred to above. It has been assumed that the
periodic discharge of exhaust gases into the silencer can be
resolved into (a) a steady flow of gas, upon which is superimposed
(b), an oscillatory flow of complex wave-form. Whilst preventing
excessive oscillations of pressure from reaching the atmosphere,
a silencer must at the same time release the exhaust gases steadily
without exerting undue back-pressure upon the engine. Various
arrangements of baffles for constricting and changing the direction
of the exhaust gases give rise to appreciable back-pressure and
accompanying loss of power. Many acoustical filters, however,
present no serious obstacle to steady flow, and would appear to
be advantageous in this important respect. Indeed, Kauffmann
and Schmidt,} who recently designed certain motor-car silencers
on acoustical principles, attained the degree of silencing usual
with a ““normal” car silencer by means of “filters” which gave
considerably less back-pressure. Their filters consisted of ab-’
sorbent sections of exhaust pipe, either alone, or in series with
lengths of expansion chamber. The latter were tuned to reduce
the low-pitched exhaust fundamental, and the former (which
always followed expansion chambers to suppress turbulence
noises, and sometimes preceded them as well) attenuated the
high frequencies.

Whilst the present position appears to be that many com-
mercial silencers have been arrived at by empirical methods,
it is probable that design from acoustical principles would be of
assistance, and there are signs of development on these lines.

* K. Schuster and M. Kipnis, Ann. d. Phys., 14, 123, 1932,

+ A. Kauffmann and U. Schmidt, Schalld@mpfer fiir Automobil-
motoren (M. Krayn), Berlin, 1932,



CHAPTER XII

ACOUSTICAL IMPEDANCE AND
SOUND TRANSMISSION

Acoustical Impedance Defined. We have seen that the concep-
tion of mechanical impedance is of value in calculations of the
behaviour of vibrating bodies, and that the quantity known as
specific acoustic impedance is of convenience in dealing with the
transmission of sound from a source to an infinite medium. It
will be recalled that the mechanical impedance is the ratio which
the total force on a body bears to the impressed velocity, and
that the specific acoustical impedance of a medium is the ratio
that the pressure at a point bears to the particle velocity ; i.e.
it is the ratio of the pressure to the volume flux measured over
unit area. Often, as when dealing with the transmission of sound
through tubes, it is more convenient to deal with the total volume
flow of the air than to concentrate upon its velocity. For,
particularly when the conduit branches, the total flow of air in
‘the branches must be equal to the flow in the feeder tube. The
name ‘acoustical impedance’ is given therefore to the complex
quotient of the pressure (force per unit area) at a surface to the
volume velocity (linear velocity multiplied by the area). The
unit is the acoustic ohm.

To prevent misunderstanding it should be noted that if a
piston of area S is vibrating with velocity £, and a pressure p is
developed in the medium at its surface, the acoustical impedance
is equal to p/S€. The specific acoustic impedance of the medium
is equal to p/é. When a piston of area S is acted upon by a
pressure p and thus set in motion with a velocity ¢, the mechanical
impedance of the piston is Sp/¢.

Writing the acoustical impedance in the form Z =R +iX, the
real component R of the acoustic impedance is known as the
acoustic resistance ; the imaginary part X is known as the acoustic

reactance. Acoustic impedances are often written in the form
198
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Z=R+iX=R +i<Mw - 5) (¢f. p. 56), which separates out the

positive and negative parts of the reactance. In the positive
part the quantity M is known as the ‘inertance’; in the negative
part the quantity 1/s is known as the ‘capacitance.” M has the

stiffness

. . mass ) .
dimension and s the dimensions “arent (cf. p. 189).
: r

area?®

Some Values of Acoustical Impedance. The acoustic impe-
dance of an infinite uniform tube of cross-section S is equal to pc/S *
where p is the density of the medium in the tube, and c the velocity
of sound in the medium. It is a pure resistance. An ideal
exponential horn having the same aréa S of cross-section at its
throat should have the same acoustical impedance pc/S. -~

The acoustic impedances of the medium surrounding a
pulsating sphere, and of the semi-infinite medium into which a
piston radiates, may be inferred from the specific acoustic im-
pedance 2, given on pp. 60, 61, by dividing z, by the area of the
driving surface. ~

The case of the semi-infinite medium driven by a piston in
an infinite wall is of some importance. When the piston is small
the acoustical impedance becomes

272

ﬁc—z[]fiﬂ%—q 1)

ma?l 2 3
The real part is the acoustic resistance (pck?/27), and the acoustic
reactance is positive corresponding to an inertance of value
8513m%a = 0-27p/a (since kc/w =1). This inertance is equal to that
of a cyclindrical mass of air attached to surface of the piston and
having a length o =0-277a?/a =0-85a. Again from (1) the impe-
dance of an aperture in an infinite wall may be deduced. For,
assuming the air in the aperture moves to and fro as if it were
a piston, the total impedance of the aperture will be due to
motion on both sides of the wall, and will be twice the acoustic
impedance of the semi-infinite air driven by the piston. In
enclosed conditions where radiation of energy is prevented the
radiation resistance term will vanish, and the total inertance of
a small aperture will be 0-54p/a, its impedance being #(0-54wp/a).

* This follows, since in a plane wave p =pcé, whence, for a plane
wave proceeding through a tube of section S, p/Sé=pc/S. The effect
of viscous dissipation in the tube is dealt with on p. 225.



200 MODERN ACOUSTICS

Actually the air in the aperture does not move as a rigid piston,
so these values are only approximations, but fairly close ones.

It is useful to note the relation which the inertance of an
orifice bears to its conductivity ¢,—a well-known quantity cal-
culated by Rayleigh. If ¢, and ¢, are the velocity potentials on two
sides of an aperture, and if X(=S¢) is the volume flow through
the aperture, then ¢, is defined by the relation X =co(¢; — ).
The total kinetic energy of the moving medium is found to be
30X2/c,, so that pyS?/c, is the effective mass of moving fluid in
the opening and p/c, its inertance. Rayleigh calculated the con-
ductivity ¢, to be equal to 2a, so that the inertance is 0-5p/a,
which is in fair agreement with the calculation given above on
the basis of the reaction upon a piston of air moving in a hole
in an infinite wall.

With an open-flanged pipe the impedance of the air into which
it opens can be represented by the formula on p. 61, on the
assumption that the air in the end of the pipe moves as a piston.
In the case of a pipe of small diameter (ka small) the inertance
0-27p/a due to the open end is equivalent to that which would
arise if a length (0-27/a)ma® =0-85a were added to the length on
the pipe—the well-known ‘end correction.” Rayleigh has shown,
by hydrodynamical considerations, that the correction for a flanged
end lies between ma/4 and 8a/3w, i.e. between 0-785a and 0-85a.
An empirical value is 0-824. If the flange is omitted the empirical
value is usually 0-6a. It should be noted that the total correction
for two ends is equal to S/c,, where ¢, is the conductivity of an
orifice of the same diameter in an infinite wall.

The acoustical impedance of a Helmholtz resonator is given
on p. 121. If the resonator is not open to free air, but is, say,
attached as a side branch to a tube, the expression for the radiation
of energy disappears, and the acoustical impedance simplifies to
the reactance ip(w/K - ¢?/Vw).

Infinite Tube with a Side Branch. An infinite tube, of uni-
form cross-section, with a side branch of acoustical impedance Z,
(general in nature), is an interesting conduit (fig. 73) for which
the sound transmission is calculable. Let the pressure in the
incident plane wave measured at the junction be p,ei@t ; then the
associated volume change will be given by X, =p,¢it/Z, where Z
is the acoustical impedance of an infinite tube, and is known to be
pc/S. Let the pressures in the transmitted, reflected, and side-
branched waves be p,, p,, and p, respectively.
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At the junction we have continuity of pressure so that

bitPr=po=p: (2)
Moreover, if the diameter of the tube and of the branch near the
junction are small compared with the wave-length of the sound,
the pressure in the region of the junction at any moment will be
uniform, and the air in the region will all be at the same density.

Vo
f \
\

F1G. 73.—Acoustical conduit with side branch

Consequently there is continuity of the volume current at the
junction, and we may write

X, =X, +X,+X, 3)

where volume current amplitudes in the incident, side-branched,
etc., waves are represented by X;, X,, . . . etc.
If the acoustical impedance of the side branch is Z,, this
becomes
Pi Py Pt Pr
e 0 rr, o 4
777,277 )

Z being as before the impedance pc/S of the tube.
From these equations p,, p,, and p, can be found. For instance,
to find p, note that p, =p, and then eliminate p,, whence

e 1Z _ 1 )
LA PR T
2Z, = 257,

The acoustical impedance Z, is in general complex, and may
be due to several types of branch. It may be due to a Helmholtz
resonator (p. 121)—a case in which G. W. Stewart * has compared
theory with experiment with rather striking agreement. Although
the resonator may have sharp selectivity when used in free air,

* G. W. Stewart, Phys. Rev., 27, 487, 1926,
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its influence as a side branch may extend so as to affect trans-
mission seriously over more than an octave.

Another important form the side branch may take is that of
a simple orifice radiating into outer air (Z,=pwk/27 +ipw/c,).
The formula for this case too has been checked experimentally
with generally satisfactory result. Orifices diminish transmission
for high frequencies more than for low ; the effect of the radiation
from them is small, and the reduced transmission is due primarily
to reflection at the junction. When the side branch takes the
form of a cylindrical tube, the arrangement constitutes a Quincke
filter (p. 192). The appropriate impedance, Z,, for this case is
given on p. 207, except that a slight end correction should be
added to I (0-82r where 7 is the radius of the orifice) to allow
for the open end at the point of attachment to the main conduit.

Agreement with experiment is not quite so good in this case,
possibly owing to uncertainty about the end correction and the
neglect of damping in the Quincke filter. Nevertheless it is
generally striking, and confirms the marked selectivity of a Quincke
filter.

Filters of the Stewart type consist of a series of side branches
equally spaced along the conduit; they have been dealt with
on p. 188. Papers by Mason * give attenuation, impedance, and
design data for conduits having side-branch elements such as
Quincke filters, and deal also with tapered filters and horns.

Infinite Tube, with sudden Change of Sectional Area. An
infinite tube which suddenly changes its area from S, to S, at
a point in its length is somewhat similar to a tube with a side
branch. To determine the wave transmitted past the junction,
and that reflected from it, the procedure may therefore be the
same as in the previous section. Using the same notation for
pressures and volume flows we have

Ditpr=p:
X, =X,+X,
i.e.
bi_te P
Z, Z, 1, (6)

Z,, Z,, being the impedances pc/S, and pc/S, of tubes of cross-
section S; and S,. '

* W. P, Mason, Bell Sys. Tech. ¥., 6, 258, 1927; 9, 332, 1930.
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From these we find

P 2 2 2
b Z, S, l4m
1+=—= 1+==
"7, S,

where m is the ratio S,/S,.

If the incident wave reaches a point where the cross-section
diminishes, m is less than unity, and the pressure in the transmitted
wave is greater than that in the incident wave. We also find

pr= —p.~<—:’;%> ®)

If m < 1, p, and p; have the same sign, so that the incident and
reflected waves are in the same phase. If m > 1 they are in
opposite phases. The fraction of the incident energy which is
transmitted is p,2S,/p;*S;, which is found to be 4m/(1+m)2. The
fraction reflected is (m — 1)?/(m + 1)

Acoustical Coupling Units, Gramophone Sound-boxes. The
acoustical output of a diaphragm or piston source of sound may
often be increased by coupling it, via a sound-
box, with an orifice of which the cross-section
S, is smaller than the cross-section S; of the
diaphragm. Let fig. 74 represent the coupling S,
unit, of thickness /. If the enclosure is small
compared with the wave-length of the sound
concerned, the pressure p and density p of the
medium within it are substantially uniform. F6- 7453;5"““‘1‘
Considering a piston source for simplicity, we
note that if the piston displacement is ¢;, and the displacement
of air in the orifice of the unit is £, the volume flows are
respectively X, =S,& and X, =S,{,. At any instant when the
piston displacement is ¢ the volume of the enclosure is S,(/ - ¢),
and to a first approximation the mass of the enclosed air is
PeS1l — peSafs, for peS,! represents the mass of air originally in
the enclosure, and p,S,£, is the mass of air which has flowed
out. Thus the density of air in the enclosure is

Po{l + (Xo/S:D}H{1 +(X1/S10)} = pof1 + (X — Xo)/S,0}
By definition (p. 52) the condensation s is given by
s = (X, - X0)/Sul

T

>«
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Conse pressure in the enclosure is
X,-X
P =poc®s =poct 7 9.
S,

This relation may be expressed in terms of acoustical impedances
by noting that if Z, is the impedance of the medium at the
position of the piston, and Z, the impedance at the orifice, we
have p =Z,X, and p =Z,X,. By noting also that for a harmonic
disturbance of frequency w/2r we may write X;=iwX,; and
X, =iwX,, we find

__Pﬁ(_ji_f_\ 10
P=i05i\zZ; z,) (10)
whence
Bl eadas AN 11
Zy  poc? +Z2 (1)

The acoustical impedance Z, at the piston may thus be inferred
from that of the orifice or of the horn to which it is attached.*

The power radiated by the diaphragm is equal to} Py Ximax €08 0,
which is equivalent to $X2,,, x (real part of Z,).

If the unit were replaced by a long tube of the same area as the
piston, the acoustical impedance Z," would be pc/S;. It follows
that

Z, iwl pc
Z. ¢ S.Z (12)

If the attachment were absent the impedance Z,” would be
(p. 199) that for a semi-infinite medium driven by a piston of
area S, in an infinite wall. Hence for a given motion X_,, of the
piston the amplification factor of any coupling attachment is
equal to the ratio that the real part of Z; bears to the real part
of Z,". '

Conduits of Variable Cross-section (Horns). To obtain the
equation for the transmission of sound through a conduit of
variable sections, the following procedure is satisfactory if the
diameter of the conduit is everywhere small compared with the

* If l is not short, it may be shown that

2
iwZs cos kl —ﬂgi sin kl
1

Zg sin kl +iw cos kI

Zy= (11a)

w’Sl
= pkc?

where k=2n[A=w0/c.
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wave-length of sound concerned, and if the particle velocity ¢
and the condensation s are small.

Consider (fig. 75) a thin lamina of the medium of thickness
dx transverse to the conduit at a point (distant x from one end
of the conduit) where the cross-section area is S. If the mean
density of the medium is p, the mass of the lamina is p,Sdx. If
the pressures on the two faces of the
lamina are p and p +(9p/ox)dx respec-

tively, the total force on the lamina in dx
the x direction is — S(9p/ox)dx. Its equa-
. . )
tion of motion is thus

poSédx = — S(op|ox)dx (13)
if ¢ represents the displacement in the Fic. 75 —Horn

x direction.
The difference between the rate of flow into the lamina and
that out of it is

- a—i(psf)dx

a quantity which is equal to the rate (5Sdx) of increase of mass
of the fluid in the lamina. Consequently

- 2sh-s5-5 (149

for 4 may be shown to be equal to p§=p/c?, since p =p,c2s
(p. 52). To a first approximation this may be written

7 S
- Pogc(sa = ;2?

or
(85 =5 (15)

as the variation of p with x gives only a second order effect if the
condensation s (defined by p =p,1 +5) is small. Hence, combining
(13) and (15), we find

P _ o 1S op 82p+8(log S) op

¢? ox? Sox ox oxt ox ox (16)
If p varies harmonically with frequency w/2m( =kc/21), this becomes

6“p 9(log S) ox _
i 313+k’p-0_ 17)
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the fundamental differential equation first used by A. G.
Webster. *

The solution of (17) shows that the pressures (p,, p,) and
volume displacements (X,, X,) at the two ends of the horn are
related by the equations

pa=ap; +bX,

Xy =fp1+£X, (18)
where a, b, f, and g depend upon the geometrical form of the

horn. Their values in certain cases are given in Table VIL.
TaBLE VII
Transmission of Sound through Conduits
Values of a, b, f, and g
Tubular Conical Conduit, Exponential Horn,
Conduit S =Sx? S =Syem=
% sin k(I + €;) - (ﬂl) m .
a cos kil %, sin ke, e \? [2—)/ sin yl + cos yl]
B B bk ~(%) .
b g sin kl S, x, S0 kl S,ye - sin kl
S . Sex; sink(l+e —¢) S,k — ('E_’) .
f ~B sin &l ~ B, sin ke, .sin Fe, - 73 2/ .sin yl
Suxy sinkl-¢) | S, ~(F) _m .
g cos kl “S%,  sinfie ~5.° 2 l: “% sinyl + cos yl]

Where [ is the length of the conduit =x; —x,, and where B =*kc?p,,
kx, =tan ke,, kxy =tan ke,, and p? =k? - m?/4.
(Suffix , relates to one end of conduit and suffix , to the other.)

Since the terminal impedances Z; and Z, are respectively equal
to p/X; and p,y/X,, i.e. to py/iwX; and p,fiwX,, we find
twgZ,—b
Z,=—>"

' iwa + 0¥ Z, (19)
and the impedance at one end of the horn can be calculated from
that at the other.

Thus for a horn excited at its small end the pressure p, and
volume displacement X, at the large end can be calculated. From
these latter the energy radiation from the large end can be inferred

* A. G. Webster, Nat. Acad. Sci., Proc., 5, 275, 1919; 6, 316, 1920.
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if it is regarded as similar to that from a piston of equal area in
an infinite flange.

Closed Tube. In view of various uses to which closed tubes
may be put in acoustics, a consideration of their properties is
of value. Let the end D of a closed tube of sectional area S
(fig. 76) be closed by a perfectly reflecting piston moving with
velocity £,¢i@t. Suppose absorption in the tube is negligible,
but that the end A, distant [ from D, is closed by a partially
absorbing plug or other form of acoustical impedance Z. Let

' A W W W W W W R VO W WL W WD W W W W WL W WL WD WD W W W VA W W W ¥

=3 A W WA W VL W VO W W WA WA VA W WA W WA WL W, W W W WA W W W W W <

F1c. 76.—Tube closed by absorbing plug A

the reflection factor of the impedance for pressures or velocities
be g, a complex quantity. It is possible to infer the magnitude
of Z (or of g, which is related to it) from various measurements
of the stationary sound waves in the tube.

The acoustical impedance at the driving piston may be calculated
as follows :—*

The air velocity at D is equal to the piston velocity e,

The pressure at D is made up of the first outgoing wave
(P, = Répe™@?) plus the first reflected wave from A (p, = gR§ ei(@t-20)
plus the wave again reflected from D (py =gR&ye!@t-20) and so
on, where R =pc. Thus the total pressure at D is

. _ [ 1+ ge2it

P =R 1 +2ge~21 4 g2kl 4] = Rfoe"’”[—-———J (20)

1- ge-—2ikl
Hence the acoustical impedance at D( =p/S¢,) is given by

R 1-g? . 2gsin 2kl :I
Zp== -
P S[l + g% — 2g cos 2kl 1 + g2 — 2g cos 2kl LG

* W. West, P.O.E.E., ¥., 21, 293, 1929,

t If the piston has a reflection coefficient g and the other end of the
tube is occupied by a perfect reflector, we find the impedance at D is
given by

R/1 + %k

z=5 (1= m):
a result independent of g.
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The impedance Z of the reflector is related to the reflection
coefficient g by the relation

R/1+ g> Z-R/S
Z'§<1-g £=Z+R/S (22)
For as the driving piston is brought close to A, the distance /
approaches zero, and Zy, approaches the value R(1+g)/S(1 - g).

The pressure at any point in the tube distant x from the piston
may be shown to be,* if X, =S¢,

E

R Z cos kl +i1—; sin kl
p= —S—Xoe"w‘ cos kx —i sin kx (23)

5 cos kl+1Z sin kl

This latter equation T indicates numerous methods of deter-
mining Z (and g) experimentally. For instance, it may be
measured from the values of £, and p at any point in the tube,
including the driving point as a particular case. It may also
be deduced from the pressures at two known positions in the
tube, say at positions of maximum and minimum pressure (p. 211),
or at the reflecting surface ¥ =/ and half a wave-length in front
of it (x=1I/-2/2); the latter arrangement leads to the simple
relationship p,/p;-1/5=ZS/R. Other methods include measure-
ments of the pressure at a point—say the driving point—for
constant piston velocity when two different lengths of tube are
employed, or when a known impedance is substituted for the
unknown one.

Special uses to which a closed tube have been put include
measurements of the impggance of human ears (p. 248) and of
the absorbing power of materials (p. 210).

Measurement of Acoustical Impedance. The earliest measure-
ments of acoustical impedance as such were made by Kennelly
and Kurokawa, who measured, the motional impedance of a
telephone receiver with and without an attached acoustic im-
pedance. The method was inaccurate, except near resonance,
because the acoustic impedance was associated with a relatively

* E. C. Wente and E. H. Bedell, Bell Sys. Tech. ¥. '7?‘1, 1928.

t If there is dissipation in the air of the tube, so that waves are

propagated with an attenuation constant P =a +:f, the medium having
a specific acoustic impedance Z,, the pressure p is given by

-—Z-“X ‘M[Zo cosh Pl +Z sinh P/
P =54 7 Cosh Pl + Z, sinh Pl

cosh Px —sinh Px:l
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large mechanical impedance. Stewart * described a direct method
in which the change in acoustic transmission through a long
uniform tube was measured both as regards amplitude and phase,
when the unknown impedance was inserted as a branch. His
method was specially suited to middle frequencies. Mason }
measured the propagation constants of acoustic filters and sound
tubes by inserting them in an electro-acoustic transmission circuit,
and measuring the resul-

tant changes in the mag-
nitude and phase of the o
transmitted disturbance.

P. B. Flanders{ has
described a method in [:IJML,,.“
which the unknown im-

(O]

@

m
CONDENSER
TRANSMITTER

. L:]
pedance is attached to the AESSTANCE
1 VARIABLE

end of a tube having an I ARUBLE

INDUCTANCE

electrically excited source

of sound at the other end. Fi6. 77.—Apparatus for measurement of
Flanders makes measure- acoustical impedance (Flanders)

ments, by means of an exploring canal communicating with
a microphone, of the magnitude and relative phase of the
pressure e; set up at the point where the unknown impedance
is attached to the tube. He then substitutes a perfectly reflecting
plug § for the known impedance (fig. 77), and obtains a new

* G. W. Stewart, Phys. Rev., 28, 1038, 1926.

t W. P. Mason, Phys. Rev., 31, 283, 1928,

1 P. B. Flanders, Acous. Soc. Am. ¥., 4, 402, 1932,

§ Flanders makes use of the acoustic analogue of Thevenin’s theorem,
which states that in any invariable electrical network the current in any
branch is equal to the current that would*flow in a simple series circuit
composed of an electromotive force and two impedances. The electro-
motive force is the voltage that would obtain at the branch terminals
on open circuit. The impedances are the impedance at the terminals
looking back into the source of power, and the impedance of the branch.
By the acoustical analogue (see also Mason, Bell Sys. Tech. ¥., 6, 29,
291, 1927) Flanders’s tube, loud-speaker, oscillator, etc., may be replaced
by one pressure and one impedance. The pressure is the ‘open-circuit’
pressure at the end of the tube, or, in other words, the pressure that would
be exerted on a rigid wall placed there. The impedance is the complex
ratio of pressure to velocity at the end of the tube which would exist if
acoustic energy were sent into it toward the loud-speaker, the oscillator
being shut off. In electrical terms this would be called the impedance
looking into the source. The velocity or acoustic current that flows into
an impedance attached to the end is then the current that would flow in
an analogous circuit composed of this vibromotive force or pressure and
the two impedances in series.

14
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reading e, of the pressure. He further substitutes a pure acoustical
reactance for the reflector and obtains a value e;. All these
pressures are complex, and are represented by the correspond-
ing e.m.f.’s given by the microphone. Their phases as well as
amplitudes are measured by a potentiometer of the Larsen type,
fed by a.c. derived from the oscillator which drives the source.
It may be shown that if Z is the unknown impedance and Z,
is the known impedance of the pure resistance (pc per unit area)
Z ey—e (r—1y)+in(my—m,)

4 _ - : 24
Zy e3—ey (r3—1,)+iw(mg—my) (24)

where 7 and m are the co-ordinate components of the complex
e.m.f. e. The pure re-

. - COMPUTED FOR | A

i, e e === actance is obtained from

§§ kP | aclosed tube of uniform

¢ - e e bf)re, whose length is one-

et bt == 7 | | |1 eighthof the wave-length
FREQUENCY IN CYCLES PER SECOND

Acoustic radidtion impedance of hole, 0.7 inch in diameter, in flange having Of the sound concerned
lumeter of 6 nches. (see equation, p. 207).

Fi1G. 78.—Acoustical impedance of piston source As an example of im-
pedance measurement fig. 78 shows the radiation impedance
of a hole 0-7 in. diameter and surrounded by a flange which
approximates to an infinite wall for frequencies of interest. The
dotted lines are the resistance (R) and reactance (X) calculated
by Rayleigh.* The figure is due to Flanders.

‘ Stationary-wave’ methods of measuring reflecting power have
been applied for some time to the study of the absorption of
sound by materials. In recent work phase changes on reflection
as well as amplitude changes have been measured, and such
stationary-wave experiments constitute methods of measuring
acoustical impedance. They are referred to below with special
reference to the measurement of the sound-absorbing powers
of materials.

Stationary-wave Measurement of Acoustical Impedance, and
of the Absorption of Sound by Materials (Normal Incidence). In
the stationary-wave method of determining acoustical impedance,
a long pipe is provided with a source of sound at one end and is
closed at the other by the test specimen. Sound waves from the
source travel down the pipe and, incident normally upon the
specimen, are reflected to an extent depending on its absorbing

& * Rayleigh, Theory of Sound, 2, 164, 1896,
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power. The superposition of the incident and reflected waves
.gives rise to a stationary-wave system, and the pressure ampli-
tude varies continuously along the pipe, going through a series of
maximum and minimum values. The same description applies
to the velocity amplitude, with the difference that the pressure
maxima coincide in position with the velocity minima and wice
versa. _

To determine the absorption coefficient ‘a’ of a material it is
sufficient to determine the ratio N/M which the minimum ampli-
tude—either of pressure or of velocity—bears to the maximum.
The absorption coefficient, defined as the ratio of absorbed to
incident energy, is then given by

a=4/<2+%+11:]—/1> (25)

Various methods of measuring this ratio have been adopted.
Tuma,* who first suggested the stationary-wave method of
measuring absorbing power, used the ear as detector; Weisbach ¥
used a telephone ear-piece ; Hawley Taylor { employed a Ray-
leigh disc placed outside the pipe and communicating with the
interior by means of a narrow tube; Paris§ used a hot-wire
microphone ; Eckhardt and Chrisler || used a telephone ear-
piece communicating with the interior of the pipe by means of
a long narrow tube ; Heimburger § employed a Rayleigh disc
placed in the pipe, the pipe being tuned. Wente and Bedell,**
using as source an electrically driven diaphragm occupying the
whole section of the pipe, measured the pressure amplitude imme-
diately in front of the diaphragm by a short narrow tube leading
to a microphone. The specimen was moved along the pipe and
the maximum and minimum pressure amplitude determined.
They assumed that, in consequence of the specially massive
diaphragm used, the velocity of the diaphragm was unchanged
when the specimen was moved along the tube. They did not
find it necessary to correct for absorption at the walls of the pipe.

* Tuma, Wien. Ber., 111, 402, 1902.

1+ Weisbach, 4nn. d. Phys., 33, 763, 1910.

} Taylor, Phys. Rev., 2, 270, 1913.

§ Paris, Phys. Soc., Proc., 39, 269, 1927,

|| E. A. Eckhardt and V. L. Chrisler, Bur. Stds. Sci. Papers, No. 526,

1926; see also N.P.L. Annual Report, p. 67, 1924,

9 G. Heimburger, Phys. Rev., 31, 275, 1926,
** E. C. Wente and Bedell, Bell Sys. Tech. ¥., 7, 1, 1928,
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Theory of the Stationary-wave Method. It will be convenient
to have the following brief statement of theory. Neglecting, in
the first instance, dissipative effects at the walls of the pipe, and
taking the face of the test impedance as the origin x =0, let the
wave incident upon the specimen be the real part of

¢1 = A¢tPxgiot (26)

Then confining our attention throughout to real parts the reflected

wave may be written
¢y = Be—iBreiot (27)

where ¢ is the velocity potential, w = 27 x frequency, B =w/c =27/,
¢ =velocity of sound, and A =wave-length. The resultant potential
in the pipe is

é =, + p, = Agilwt +p) 1 Beilwt - fz) (28)

If A and B are wholly real, so that there is no phase change on
reflection, the pressure amplitude P at any point is

P=|pt

= pw[A2+ B2+ 2AB cos 28]t (29)

Thus P? varies harmonically with x, maximum values p2w?(A + B)?
occurring at x =0, A, A, etc., and minimum values p?w?(A - B)?
at x =12, A, £A, etc.

The absorption coefficient

a= 1——=4/K2 “““> (30)

mm max

If a change of phase occurs on reflection, B is complex
(B =Be69), and the velocity potential is given by the real
part of

¢ = Aeilwt + ) 4 Beilwt - fz +3) (31)

If we substitute x; =x+8/2, ¢, =% — 88/2w, we find, as pointed out
by Paris,
¢= Acilwty + ) + Boei(wtx - pz,)

which is identical in form with (14), and A and B, are both real.
Thus the effect of the phase change 8 is to shift the whole of
the stationary-wave system a distance of 48 towards the origin.
Accordingly, the phase change can be determined from a know-
ledge of the position of the stationary system relative to the
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specimen. Since the reflection coefficient is thus known in
amplitude and ‘phase, the acoustical impedance is calculable
(p. 208).

One arrangement employed * in measurements of the absorb-
ing power of materials is that shown in fig. 79. The iron test
pipe, 250 cm. long, had a flange at one end to receive the test
specimen and a steel plate which backed it. The pipe diameter,

F1G. 79.—Stationary-wave apparatus for measuring amplitude and
phase changes which accompany reflection of sound

15 cm., was such that radial vibrations of the contained air might
be set up for a number of frequencies above 1290 cycles per
second, and might thus impose an upper limit on the working
of the apparatus. A moving-coil horn-type loud-speaker, excited
by a valve oscillator, was used as source. The mouth of the
horn, which was of the same diameter as the unflanged end of the
pipe, was placed close to that end of the pipe, but not in actual
contact. The loud-speaker, together with the adjacent end of
the pipe, was enclosed in a felt-lined box. For the measurements
of sound amplitude at points within the pipe an exploring tube
of 12 cm. internal diameter and 2 mm. wall was employed,
communicating with a microphone in a travelling carriage with
micrometer adjustment, situated on the table outside the pipe.
By bending the exploring tube into U-form (like a trombone
slide) space was saved. To suppress certain lateral vibrations
of the exploring tube which were found to give rise to sound

* A, H. Davis and E. J. Evans, Roy. Soc., Proc., 127, 89, 1930.
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leakage into the conduit, the tube was passed through grooves
tightly packed with cotton-wool, and separately supported just
behind the loud-speaker cabinet. Special arrangements prevented
leakage of sound and vibration to the microphone. In taking
readings at various points the whole microphone system was
moved along. A second microphone and tube (not shown) was
used as a check in order to detect any change of the loud-speaker
output when the exploring microphone system was moved. For
each frequency this second tube was in a fixed position near a
maximum at the loud-speaker end.

In practice some correction is often necessary for the absorp-
tion of sound at the walls of the pipe, an effect which causes both
maxima and minima to increase with their distance from the
closed end. To obtain an estimate of the effect of dissipation
at the walls it is assumed * that the amplitude of a progressive
wave in the pipe decays exponentially, and the velocity potentials
in the incident and reflected wave are written respectively

¢, =Aela+iflrgiot  and ¢, = Be-(a+if)zgiwt

where a is the attenuation coeflicient, assumed to be small. The
total potential is

& =¢, +d, = Aela+if)zgint 4 B~ (a+if)zgint
and the pressure amplitude
P =pw[A2e?% + B%~2az + 2AB cos 2Bx]t

The positions of the maximum and minimum values of P, given
by o(P?)/ox =0, are found to be very nearly the same as for no
dissipation. ’

Let pwA =P; and pwBy =P, ; let M,, M,, M,, etc., denote the
Ist, 2nd, and 3rd . . . maxima, and N,;, N,, N, the 1st, 2nd,
and 3rd . . . minima.” Then

M,=P;+P, M, =P;+P,+}aA(P, - P,),
M, =P, +P,+§(n~1)aX(P,—P,)
and ‘
N]_ = (Pi - P,) + ia)\(Pi + Pr), N2 = (Pt - P,,.)“j‘ %GA(P' + Pf)7
N, =(P;-P,)+(2n - 1)}aA(P, + P})

* 1. B. Crandall, Theory of Vibrating Systems and Sound, p. 95 ;
Eckhardt and Chrisler, Bur. Stds. Sci. Papers, No. 526, 1926,
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We see, then, that the effect of absorption is to cause both the
maxima and minima to increase with their distance from the
closed end, this increase being negligible in the case of the maxima,
but appreciable for the minima, especially with highly reflecting
specimens. The correction }ad is therefore conveniently deter-
mined by preliminary measurements with the highly reflecting
steel plate at the closed end of the tube. The correction may
then be applied to the minima measured under other conditions.

Davis and Evans * found a (i.e. m’ of p. 226) to be of the order
of magnitude expected on theoretical grounds.

It is interesting to note that the absorption of sound in ventilat-
ing ducts could be measured by exploring the distribution of sound
along their length, just as the distribution of sound along the
stationary-wave pipe is explored.

Comparison between Stationary-wave and Reverberation
Measurements of Absorbing Power of Materials. Measurements
of the absorbing power of a material by the reverberation method
yield results which relate to sound incident upon the specimen in
a random manner from all directions. They are directly appli-
cable to the calculation of the degree of reverberation of sound
in an auditorium. They should be distinguished from absorbing
powers which are determined by the stationary-wave method, in
which the sound is incident perpendicularly upon the absorbent.
Paris (p. 228) has calculated the relation to be expected between
the two. The equation must be regarded as tentative, as no
experimental confirmation of the formula has been given.

Apart altogether from the question of the variation of sound
absorption with the angle of incidence of the sound, it is to be
noted that in reverberation tests large areas of sample can be
employed, and mounted upon the wall of a room on studding
or in panels or in any other manner which would be employed
in actual building practice. Thus any’ absorption due to the
vibration of the panels is allowed for. In the stationary-wave
measurements, however, the material cannot be used in sufficient
size for this, so the material is usually attached rigidly to the
backing-plate and the effect of panel vibration is eliminated.
Thus no universal relations are to be expected between the two
types of measyrement. However, since surface absorption often
plays a predominating part, and in view of the importance of
reverberation figures, fig. 80 * has been compiled from such data

* A. H. Davis and E. J. Evans, loc. cit.
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as are available, showing the actual experimental ratios between
the two. The results have been compiled from various sources,
and whilst the materials are proprietary articles which have the
same name, the samples were tested at widely different times
in different countries and may well differ appreciably. An infer-
ence is that the reverberation coefficient in the ordinary practical
range is generally greater than the stationary-wave coefficient, the
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F16. 80.—Showing the ratio (reverberation coeffi-
cient/stationary-wave coefficient) plotted against the
stationary-wave coefficient for a frequency of about

500 cycles per second

ratio being greatest for low frequencies. Similar results were ob-
tained at other frequencies. In view of the miscellaneous nature
of the materials no definite relations are to be expected.

Transmission of Sound at a Plane Junction of Two Media. If
a sound wave in a medium of specific acoustic resistance R;( =p,¢,)
is incidental normally upon a plane surface bounding a second
medium Ry(=pyc,), some of the sound will be transmitted and
some reflected. Let the wave displacements at the interface in
the incident, reflected, and transmitted waves be respectively
Aot A et and-A,eiot,

Pressures in the waves are calculable from the specific acoustic
impedance relations p, =R,{,, etc. The boundary conditions at
the interface are :

(1) Continuity of pressure, i.e.

pi+pr=p: whence RA;+RA, =R,A, . (32)
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(2) Continuity of volume displacement, i.e. +
§i=&+¢& whence A=A, +A, (33)

These relations yield immediately for the amplitude coefficients
of reflection and transmission:
A, = R_’-__B! : A = _23_1_ (34)
A; R,+R, A; R,+R,

Energy ratios are proportional to the squares of these quantities.
It may be noted that for air R =41 ; for ordinary metals R varies
from about 1-37 x 10¢ (lead) to 4-23 x 10® (nickel); for water
R is about 1:43 x 105, It will be clear from these results, on
substituting in the equations above, that the fraction of sound
transmitted across an interface from air to metals or to water,
or from water or metals to air, is extremely small.*

Transmission of Sound through a Slab of Finite Thickness.
In the transmission of sound through a slab of material, the
sound falls upon the first face of the slab and is there partly
reflected and partly transmitted. The transmitted sound pro-
ceeds to the second face, and is itself divided. The part that is
reflected will, in due course, be again partially reflected from
the front surface, and so on. The total acoustical disturbance
due to multiple reflections in the plate can be expressed as the
sum of two waves, one travelling forwards and one backwards
in the slab. The total emission from the back of the slab—i.e.
the total transmission—can be expressed as one emergent wave.
From these considerations, and from continuity of pressure and
velocity at each interface, the sound reflected from the slab and
that transmitted through it can be calculated. Rayleigh 1 shows
that the fraction of incident sound energy reflected in air from a
rigid plate of non-absorbent material is given by

e e e () )
<R2 R, 4 cot ;) + R2+R1 (35)

* A fuller proof would take the incident, reflected, and transmitted
waves to be represented by the velocity potentials

@it (“‘“:T) y P (ot +:“,) y Pt (“’"f‘,)

and would introduce boundary conditions (continuity of pressure and
velocity) at the interface, assumed to be, say, at x =0,
t Rayleigh, Theory of Sound, 2, 88, 1896,
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where [ is the thickness of the plate, A the wave-length of sound
in the plate, and R; and R, are respectively the radiation resist-
ances (p;¢; and pyc,) of the air and of the material of the plate.
Assuming that there is no absorption of sound in the plate the
remainder is transmitted and may be shown to be

27l
4+4 2 —
+ 4 cot < )\>

<R1+R2>2+4 , <27rl> (36)
R, R,/ T\

The reciprocal of this is the sound-reduction factor for the
plate, and may be written

R, R2>2 ., 2ml
1+i<§;—R—1 sin® —- (37)

It will be noted that a plate half a wave-length thick (or any
integral number of half wave-lengths) transmits all and reflects
none of the incident energy. When the thickness is an odd
multiple of A/4 the reflected sound is a maximum, and the trans-
mitted a minimum. Boyle and Lehman * have verified the
relations experimentally for a flat plate immersed in water. In
their experiments the incident waves were supersonic, being of
frequencies of the order of 135,000 cycles per second.}

When the slab is not a thick one compared with the wave-
length of sound in the material, 7.e. when 2x//A is small, we may
write 472[2/A? for sin? (2ml/A). If, further, R, is large compared
with R;, as it is when R, relates to a solid and R, to air, we have ]

77212R22

Reduction factor 1+ WRE

approx.

which yields when rewritten
w?m?

1+ m (38)

where m(=p,l) is the mass per unit area of the plate. It is
seen that the reduction factor tends to vary as the square of the

* R. W. Boyle and J. F. Lehman, Roy. Soc. Canada, Trans., 21,
115, 1927.

t R. W. Boyle and W. F. Rawlinson (Roy. Soc. Canada, Trans.,
3, 233, 1928) have extended the analysis to angles of incidence other
than normal.

1 A. H. Davis, Phil. Mag., 15, 309, 1933,
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frequency of the incident sound except for materials so light as
paper, for which the additive term in unity is important : less
variation then occurs. The only property of the partition which

TaBLE VIII

Transmission of Sound through Homogeneous Panels. (Comparison
of Experimental Results with Calculated Values)

N.B.—R, (air) =41. .. 4R,2=6700

Reduction
P p
anel Pulsa- Calculated IS:::E&:
tance of Reduction
Sound, Factor,
Type Weight, w 1 +(w?m?/6700) | Calcu- | Ob-
m lated | served
grm./cm.?

Paper . . 0.015 1880 1.1 0.8 0.5
6280 2.3 4 2
10000 4.4 6 4
Sailcloth . 0.-044 1880 2.0 3 3
6280 12 11 10
10000 30 15 9
Fibre board . 0.-32 - 1880 54 17 14
6280 600 28 27
10000 1500 32 32
Mahogany 2in.| 2.4 1880 3000 35 26
6280 34000 45 36
10000 86000 49 39
Brick wall .| 20 1880 210000 53 38
6280 2400000 64 59
10000 6000000 68 55

appears in this formula is its mass per unit area. The preponder-
ating effect of mass in determining transmission through building
partitions is commented upon elsewhere, from an experimental
basis. The equation agrees in general magnitude with experi-
mental results for transmission of sound through paper, sailcloth,
light boards, etc., at a series of frequencies, but there are evidences
of variations at particular frequencies, possibly due to resonances
(Table VIII). Transmission through thicker partitions, such as
brick walls, appears to exceed calculated values. This is possibly
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due to flexural resonances, the wall vibrating as an elastic plate
clamped at the edges, a factor which has not been considered in
developing the formula.

Transmission of Sound by a Thin Slab, under Elastic Restraint.
The theory of sound transmission through a thin partition,
capable of flexural vibration and clamped at the edges, presents
many complexities, owing to the many modes of vibration
possible. A simple case which will be considered * as an example
is that of an infinite, thin, but rigid piston that can vibrate as a
whole under the action of elastic restraints.

Let an infinite rigid slab of mass m per unit area be located

. z

in the plane x =0. Let a sound wave ¢, = £, (++3) be incident
normally upon the diaphragm from the medium to the left of the
origin, where £, represents particle displacement at a time ¢
in the plane x =x, ¢, being the velocity of sound in the medium.
Under the action of this sound the plate will be displaced and will
move in a manner represented by £, =£,¢". There will also be
a transmitted wave sent out into the air from the other side of
the diaphragm, and a reflected wave 1 sent back towards the
sending region.

The following equations therefore represent the conditions:—

In the first medium

b= e () 4 e ()

the second term representing the reflected wave.
For the partition
&y = Eppe™

For the wave transmitted on the other side of the partition

N z
€y =Ene” (‘—E)
At the boundary between the first medium and the panel
velocity must be continuous, and we have

o1+ €’ =fos

similarly, considering the second medium,

éoa=éoz

* A. H. Davis, loc. cit.
s t 'I;sl:is arises from the fact that the solutions of the equation
6‘—,=C(—s;§ must be of the type 0 =A. f(ct — x) + B.F(ct +x).
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The pressure variations causing the motion of the panel
arise from the sum of the effects of the pressure variations associ-
ated with the incident, reflected, and transmitted waves. The
total force on unit area of the plate may be written

3Po1+8por’ — Pas, 1.e. pclor — En’ — £oa)eiedt

since 8p = + ¢pf. Particular attention has been paid to the sign
of ¢, which depends upon the direction of propagation. It is
convenient to write R for ¢p, and we thus arrive at the following
equation to represent the motion of the panel:—

mgz‘*"éz"'s‘fz:R(éol ) Gt (39)

where s defines the elastic restraint of the panel and r the dissi-
pative resistance.

This may be rewritten when the relations between £, £/,
and £,; are considered,

méy+ (r + 2R)E, + s€, = 2RE  efeot (40)
Solving this gives

&

_ 2R, . it

7A = ozeiwt (41)

where

2
Z=(r+2R)+i<mw-c‘;) ie. Z2=(r+2R)2+<mw—i>

The energy transmission coefficient for the panel is given by
2
<§—°3> , and its reciprocal, the reduction factor as ordinarily
01
defined, becomes

2

. . . (PH2R) w—£>
5w

The expression for the reduction factor may be put in another

form by writing w, for the natural pulsatance \/ 3 of the panel,
m

and becomes
7+ 2R)2 + m2w?(1 — w?y[/w?)?
( ) : 2( ofw?) (43)
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When there is no appreciable dissipation in the panel itself
may be neglected and the reduction factor becomes

. (mw — s/w)? 14 m2w?(1 — wy?/w?)?

! 4R? 4R?

(44)

This reduces to the form given earlier for a thin unconstrained
panel when s is put equal to 0, or when w, is small compared
with w. Also it should be noted that the effect of resonance at
the frequency determined by w, is to reduce the reduction factor
below what it would be if resonance did not occur. The new
formulee are thus consistent with the observed fact that the sound-
reduction factor of a brick wall or of a mahogany board falls
below those calculable by Rayleigh’s formula. When, however,
calculation is made of the values to be attributed to w, to account
for the observed reduction factors these partitions at various
frequencies, it is necessary to assign some value to the damping
r. Assuming it to be negligible in comparison with mw—a
reasonable assumption—it appears that a single resonance will
not suffice to reconcile theory with experiment at all test fre-
quencies. The inference is that each partition as tested has
several resonant frequencies, a conclusion which is consistent
with the well-known fact that a clamped elastic plate has several
modes of vibration, and with observations of the resonance of
actual panels.

Transmission of Sound through Apertures, and Diffraction
by Screens. For recent work on transmission of sound through
slits and apertures reference may be made to papers by Strutt on
transmission through slits of finite width,* by Ritchie,t and by
Wintergerst and Knecht } on transmission through apertures.
Sivian and O’Neil § have dealt with the diffraction of sound by
variously shaped screens.

* M. J. O. Strutt, Zeits. f. tech. Phys., 69, 597, 1931,
E. Ritchie, Acous. Soc. Am. ¥., 3, 402, 1932,
Wintergerst and W. Knecht, V.D.I., 76, 777, 1932,

t
1 E.
‘§ L. J. Sivian and H. T. O’Neil, Acous. Soc. Am. ¥., 3, 483, 1932.



CHAPTER XIII
DISSIPATION AND ABSORPTION OF SOUND

Viscous Dissipation in Free Air. In previous chapters the effects
of the viscosity of the medium in which sound is propagated
have been largely ignored, and they are usually so small as to be
negligible. The effects of viscosity upon the propagation of
sound in a medium have, however, been investigated by Stokes *
(1845).

The differential equation for plane waves corresponding to
equation (6) on p. 53 for inviscid media becomes

oo o
dt? Ox? Ox20t

(1)

Here ¢ is the particle displacement at a time # at a point distant
x from the origin ; v is the kinematic viscosity of the medium ;
and ¢ the velocity of sound in an inviscid medium of the same
density and elasticity.

In the case of free waves the amplitude dies away exponentially
with time ¢, the displacement being proportional at any point
to e~Y7 cos (wt+€) where T=3/2vk?, k having the usual valyg
of 2m/A. Actually w?=k22—1/72. In all cases of aerial sounds’
1/kcr is small, so that k=w/c practically, the viscosity having
no appreciable effect on the relation between frequency and
wave-length.

For the case of forced harmonic waves arising from a constant
disturbance £ =a cos wt T maintained in the plane x =0, we find
¢ =ae~/' cos w(t — x/c) where I =3c3/2vw? =c7, on the assumption
that vw/c® (i.e. 3/2kr) is small. The wave has (sensibly) the
usual velocity ¢, but diminishes exponentially in amplitude as

* See Rayleigh, Theory of Sound, 2, 316; Lamb, Dynamical Theory
of Sound, p. 188. .
+ The solution is readily effected by means of complex quantities by
assuming as a solution §=ae*»**™*, and evaluating m,
223
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it proceeds. It will be noted that since I =c7 the decay in amph-
tude suffered in reaching a distance x from the source is that
calculable from the time modulus 7 and the time interval z
involved. If the wave-length of the sound is expressed in
centimetres, we find /=9:56 x A2 x 103 cm. It follows that the
effect of viscosity on amplitude is very slight exccpt for sounds
of very short wave-length.

Kirchhoff showed that a further cause of dissipation of
sound energy is to be found ‘in the thermal processes con-
sequent upon alternate rarefactions and condensations of air.
A complete investigation taking into account this thermal
effect as well as viscosity shows that the effect is equivalent
to an increase in the kinematic viscosity v, but the order of the
effect is unchanged.

The calculated sound absorption in air due to viscosity and
heat conduction fails, however, to account for the anomalous
absorption noted in moist air by Knudsen * and others in re-
verberation measurements, The absorption calculated on the
above basis increases proportionally with the square of the fre-
quency of the sound, and depends very little on small amounts
of admixed foreign gases. The observed absorption in moist
air, however, is about 10-100 times as large as the value pre-
dicted by classical theory, increases only linearly with fre-
quency, and depends in a very characteristic way on the
amount of water vapour present. The absorption is lowest
for dry air, reaches a maximum at a fairly low moisture content
which depends upon the frequency, and falls again as the
humidity is further increased. The extent of the absorption
depends upon the temperature (p. 155).

It appears that at least part of the special absorption actually
observed in moist air may arise from intermolecular exchange
of energy, in which a finite period is involved in the adjustment
of equilibrium. Maximum absorption is to be anticipated for a
sound wave for which the frequency equals approximately the
rate of adjustment of thermal equilibrium, but no absorption at
very high or very low frequencies. Theories by Einstein,
Herzfeld and Rice, Bourgin, Kneser, Henry, and Rutgers have
dealt with absorption arising from the transfer of energy between
translational and either rotational or vibrational forms of energy

’:‘;V. O. Knudsen, Acous. Soc. Am. ¥., 3, 126, 1931; 5, 112,
1933,
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during molecular collisions.* Kneser 1 suggested as an explana-
tion of Knudsen’s results that a large part of the absorption was
attributable to collisions between water and oxygen molecules.
The later experiments by Knudsen showed that this explanation
is probably correct, for, as regards absorption of sound, water
vapour has about five times the effect on oxygen that it has on
air (a mixture of which about } is oxygen), and is without
appreciable effect on nitrogen. Indeed the absorption in nitrogen,
whether dry or moist, does not greatly exceed the classical value,
and is about the same as that for dry air.

Rocard 1 has discussed damping, in air, due to the reciprocal
diffusion of the constituent elements, and later that which would
arise from the evaporation and condensation of water in the
regions where a sound wave heats and cools the air. In the
latter work he finds that the consequent absorption of sound
would be independent of the frequency within the audible range,
and would have a definite relation to the optical transparency of
the atmosphere in good weather.

Sound in Tubes: Effect of Viscosity. The differential equa-
tion for the propagation of sound waves in a viscous gas in a
tube of uniform cross-section is §

0 [v\ex¢ o Jyw o _ 0% 9
<1+§\/§Z,>Ei+§ 2 ot ° ot @)

where ¢ denotes the displacement of the fluid at a distance x
from one end of the tube,

v =the coefficient of kinematic viscosity of the medium,
0 =perimeter and S = cross-sectional area of pipe,

w =pulsatance of the sound,

¢ =velocity of sound in the unrestricted medium.

This equation is valid for tube diameters and frequencies such that

w S
—_— 1
N@Af

* A. Einstein, Ber. d. Berl. Akad., 19, 380, 1920 ; K. F. Herzfeld
and F. O. Rice, Phys. Rev., 31, 691, 1928 ; D. G. Bourgin, Nature, 122,
133, 1928 ; Phil. Mag., 7, 821, 1929 ; Phys. Rev., 34, 521, 1929 ; 42,
721, 1932 Acous. Soc. Am. _‘)' 4, 108 1932 ; H. O. Kneser,Atm .
Phys 11, 761 777, 1931; 16, 337 350, 1933 P S. H. Henry, Camb. Phil.
Soc., Proc 28 249 1932 A J. Rutgers, Ann d. Phys., 16, 350, 1933.

1- H. O Kneser, Acous. Soc. Am. ¥., 5, 122, 1933.

1 Y. Rocard, ¥. de Phys. et le Radium, 1, 426, 1930 ; 4, 118, 1933.

§ Rayleigh, Theory of Sound, 2, 319, 1896, 15
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and hence can be used for all frequencies of interest in connection
with acoustic filters.
The velocity of sound in the tube is

(NG

which in the case of a circular tube of radius 7 is

SEENIE)

This result was first obtained by Helmholtz.*

Kirchhoff + (Rayleigh, p. 325) extended the theory to take
account of the losses due to heat conduction in the medium, and
showed that in the above equation Vv should be replaced by a
quantity 5’ where

y'=v;+<«/;__\%>\/;

where « is the coefficient of thermal diffusivity of the medium
and y is the ratio of specific heats. By the kinetic theory of
gases « has the value 5v/2 for monatomic gases, and 1-90v for
diatomic gases.

Rayleigh gives as the solution for the velocity u( =0f/ot) at
points at a finite distance from the walls

u=C,e™? sin (wt +m"x + 8;) + Coe~™'? sin (wt —m"x+3,) (3)
where C,, C,, 8,, and §, are four arbitrary constants.

, Y o w'y'\/w

”

av: " TTav:

Clearly m’ determines the attenuation the waves suffer and m"
the velocity of propagation. This velocity is

" Y’
¢Gi=wm’ =¢q1 - _}
! / { V2w

Experiments on the velocity of sound in pipes confirm this
equation to the extent that the correction to the velocity does
vary inversely as the radius of the pipe and inversely as the
square root of the frequency, although the actual constant may

* H. Helmholtz, Crelles ¥., 57, 1, 1859.
t G. Kirchhoff, Pogg. Ann., 134, 177, 1868,
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not be identical with the calculated value. Consequently the
velocity of sound in free air may be deduced, from measurements
in two tubes of different radii », and r,, from the relations
¢1=¢(1 - k[ry) and ¢, =¢(1 - k|r,), which together yield

¢ =(roCs —1161)[(r2 - 71)

Mason * gives the following solution of the differential
equation as one which is of value in the theory of combinations
of acoustic conduits :—

£ =¢w(A cosh ax+ B sinh ax) 4)

where A and B are constants, and a by analogy with an electric
line is the propagation constant of the tube. It is found that
the latter equation is a solution of (2), when

10 10 [y? .
_—— Jdi+2= [T
a=a-+ib 378 +zc|: +2S\/ :l approximately

provided 0y'/SV 2w is a small quantity. He finds the acoustical
impedance of the tube to be

pe 10 y_z> 10\/ ]
Z—"s‘[<‘+‘2‘s %) '3 §

This reduces to the acoustical impedance pc/S when the effects
of viscosity and of heat conductivity are small, i.e. when y’ =0.

In a later paper Mason } discusses a method of measuring
the attenuation characteristics of tubes and filters.

Among recent papers dealing with the absorption of sound in
transmission through tubes, reference may be made to measure-
ments by Carnac,{ who studied tubes of rubber and flexible
metal, by Davis and Evans (p. 215), and by Kaye and Sherratt,§
who were concerned ultimately with tubes of graphite, etc., which
could be employed in furnace construction.

Absorption of Sound by Porous Surfaces. Rayleigh || first
calculated the absorption of sound at the face of a rigid porous
surface, from considerations of the dissipation of sound energy

* W. P. Mason, Bell Sys. Tech. ¥., 6, 258, 1927,

W. P. Mason, Phys. Rev., 31, 283, 1928,

F. Carnac, Rev. d’Acoustique, 1, 52, 1932.

G. W. C. Kaye and G. G. Sherratt, Roy. Soc., Proc., 141, 123, 1933,
|| Rayleigh, Theory of Sound, 2, 328, 1896,

1
1
§
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into heat through viscous and thermal actions in capillary channels
into which the sound waves penetrate. When the channels are
cylindrical, small (less than 0-01 cm. dia.), perpendicular to the
surface, and of a depth small compared with the wave-length but
large relative to the diameter, and sufficient to ensure that the
sound that enters does not return, then the absorbing power per
unit area of a rigid porous surface normal to the incident waves
was calculated to be given by

4M
VR e vet (®)
2M?4+2M +1
where
2(1+)Vvy
o .
g =ratio of unperforated to perforated area of porous surface,
v =kinematic viscosity of the gas,
y =ratio of the specific heats of the gas,
r =radius of the pores,
w =27 x frequency.

M=

When the holes are very small (say 7 =0-001 cm.) reasonable
values of M are fairly large, and the absorption coeflicient tends
to be ultimately proportional to the square root of the freq/ency
of the sound. If the holes are only moderately small (» = 0-01 cm.)

may be even less than unity. Now it may be shown that the

absorption coefficient ‘a’ above is a maximum when M =1/V'2.
Consistent with this result, some porous materials often have a
region of maximum absorption in the audible range.* A fairly
appreciable thickness would seem to be necessary (say 10 cm.)
in this case to prevent return of sound waves from the channels.
In a later paper Rayleigh 1 dealt with sound waves incident
at any angle upon a porous wall. The amplitude of the reflected
wave depends upon the angle of incidence, and in certain circum-

1 .
stances at certain angles { cos _T+_g the reflected wave vanishes

and the absorption is complete.
Paris derived formule by which the absorption coefficient of
a material at any angle of incidence can be inferred, if a special

* See I. B. Crandall, Theory of Vibrating Systems and Sound, p. 188,
1 Rayleigh, Phil. Mag., 39, 225, 1910.
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property which he defined * as its ‘ acoustical admittance’ (repre-
sented by Q below) is known. Paris made no special assumption
as to the nature of the absorbent, except one which implies that
disturbances are not propagated laterally, from one part of the
porous medium to the other, to any appreciable extent.

If the velocity potential of the wave incident at an angle 6
upon a reflecting surface in the plane x =0, and moving towards
- x, is represented by

é = Aetk(vt +2 cos 0 +y sin 0)
and that of the reflected wave by
b= Betk(vt —x cos 0 +y sin 6)
the ratio
B cos 0-2Q cos 6 - vQ 6)
A cos 0+0Q cos 0 +vQ (
ag being the absorption coefficient of the material appropriate to

2
whence ag=1-

the angle of incidence. In general Q is complex; in other words,
there is on reflection a change of phase as well as a reduction
in amplitude.

On the basis of the above formula Paris deduced from stationary-
wave measurements at normal incidence that a certain plaster
would exhibit maximum absorption (approx. 0-8) at an angle of
incidence about 8° removed from grazing, the absorption falling
to zero at grazing incidence, and to about 0-3 at normal incidence.

Incidentally Rayleigh’s results for oblique reflection from a
perforated porous wall are identical with the above if

1 1 K tank'l
v 1+ g ik

where k'? =k? —iwh[v?, k =2x/), h is Rayleigh’s dissipation factor,
and / is the depth of the perforations. This therefore is the
theoretical value of Q for Rayleigh’s problem. When the channels
are so long that no sound returns from them, a very simple equa-
tion results, viz. Q =1/v(1+g). Absorption is unity (complete)
when cos 6 =9Q, 7.e. when cos § =1/(1 +g).

V. Kiihl and E. Meyer t have indicated qualitative agreement
between experiment and the above theory for variation of absorb-
ing power with angle of incidence.

* E. T. Paris, Roy. Soc., Proc., 115, 407, 1927; ‘‘acoustical admit-

tance” is equal to p times the reciprocal of the acoustical impedance.
t V. Kuhl and E. Meyer, Nature, 130, 580, 1932,
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The admittance Q can be calculated if the ratio of the amplitudes
of the incident and reflected waves are measured at some given
angle of incidence, together with the change of phase on reflection.
Paris proposed making the measurements at normal incidence
by the stationary-wave method. He has since proceeded further,*
and shown how the reverberation absorption coefficient (p. 156)—
i.e. the coefficient for miscellaneous incidence—can be inferred.
His equation is

14 20Q 1+0Q
a, = SvQ[ 1_:_ ol 20Q loga< +Q >] (7

k%

Experimental confirmation of this formula is not yet forthcoming.
Variation of Absorption Coefficient with Thickness (Normal
Incidence). Crandall,} from certain assumptions, has worked out
a formula for the variation of the absorbing power of a porous
material with thickness. The formula relates to normal inci-
dence, and the material is supposed to be backed by a rigid,
perfectly reflecting plate. He regards the transmission through
the material as being represented by the formula £ = £, —(a +iB)ziwt,
where o and B are attenuation and phase factors which have to
be determined experimentally. He considers the case of a unit
incident wave. Allowing for reflection to and fro within the
material, Crandall arrives finally at the result for a thickness /:

r— e—2(d+iﬁ)l
=1 7e-%a+ibl (®)

where £ is the (complex) displacement amplitude of the reflected
wave, and 7 the reflected amplitude for infinite thickness. If
pressure amplitudes are considered instead of displacements the
formula becomes o

7+ e—2(¢1 +Zﬂ)l

P = e Ha+ipy

Experimental data corresponding to these formule have been

obtained by stationary-wave method.] Measurements were

made both of the amplitude and of the phase displacement of

the wave reflected from various thicknesses of cotton-waste.

From these data the constants 7, a, and 8 were deduced, and reflec-

tion coefficients for various thicknesses thereby calculated. The
* E. T. Paris, Phil. Mag., 5, 489, 1928.

+ I. B. Crandall, Theory of Vibrating Systems and Sound, p. 195.
1 A. H. Davis and E. J. Evans, Roy. Soc., Proc., 127, 89, 1930.
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theoretical curves thus obtained for a series of frequencies are
exhibited in fig. 81, and show good agreement with the experi-
mental results plotted upon them as points. It is of interest
to note that the velocity of sound in cotton-waste at 1200 cycles
per second, calculated from B, is approximately 21,000 cm. per
second. For certain regions of thickness, an increase of thick-
ness produced a decrease of absorption coefficient. This effect,

-+
ToS0cms results
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F1G. 81.—Absorption coefficient of cotton-waste variation
with thickness at different frequencies
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which had not been noted before, is due to the interference
between sound reflected directly from the front surface and that
emerging from the material after reflection at the backing surface.

Results were also obtained for felt and for cotton-wool in
layers. 'The behaviour is generally the same in all cases, the
absorption rising to a maximum at roughly }A for each frequency,
then falling away and finally becoming constant.

Variation of Absorption with Distance of a Material Layer
from a Backing-plate (Normal Incidence). Davis and Evans *
derived a formula for the absorbing power of a layer of material
set with its back surface at various distances / from a rigid reflect-
ing backing-plate, the sound being incident perpendicularly.
On incidence upon the absorbent, part of the sound is reflected
and part transmitted. The fraction transmitted is reflected to
and fro between the backing-plate and the material, and at each
arrival at the material a fraction emerges again on the side of the

* A. H. Davis and E. J. Evans, loc. cit.
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incident wave. At a point ¥ cm. in front of the specimen the
pressure in the composite reflected wave is found to be given

by
T2e - 2ifl
1-Re- 2iﬂl:l

where R and T are the coefficients of reflection and transmission
for the layer of absorbent itself, and are in general complex.
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F1c. 82,—Absorption coefficient of §-inch felt at different
distances from backing-plate (frequency of 1200 cycles per
second)

Writing R = Rye -9 and T =Tye -, it is found that the constants
of the equation can be determined from the values P,, and P,
of the amplitude of the pressure of the reflected wave for distances
l=A/2 and [ =)/4 between the material and the back plate. Thus

Tﬂﬂe -2te = %(P21I' —_ ")(1 — Roze - 2"6)

Thus from a knowledge of P,, and P, one can calculate R,, 9,
Ty, €, and hence find the reflected wave for any position of the
absorbing material.

As a test of the formulz, measurements were made of the
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amplitude and phase of the sound reflected from $-in. felt placed
at different distances from the backing-plate of a stationary-
wave apparatus. In each case the theoretical curves for variation
were calculated from measurements at two distances by formula
as indicated above. Fig. 82 shows the comparison between the
theoretical and the experimental results, at a frequency of 1200
cycles per second. It will be noted that both theory and experi-
ment agree that the absorbing power increases very rapidly
within a short distance of the plate, and that the results are
repeated for positions 3A apart.

Absorption of Sound by Non-rigid Materials. Sound can be
absorbed by materials which are not porous, if the incident
sound sets the material in vibration. The extent of the absorp-
tion depends upon the damping to which the vibration is sub-
jected by the viscous and similar processes which occur in the
material itself. The equations for this case are of the type of
those given earlier in connection with the transmission of sound
through a thin slab of material under elastic restraint. For a
given incident sound the response £, of the panel is given by
equation (41) (p. 221), so far as this equation is applicable. The
rate of dissipation of energy in the panel is 7£,%, a quantity which
is absorbed from the incident sound, and neither reflected nor
transmitted.



CHAPTER XIV
THE EAR AND HEARING

The Human Ear. The human ear may be regarded as divided
into three parts : the outer, the middle, and the inner ears. The
outer ear consists of the external parts (pinna) and the ear canal
(external auditory meatus), and it terminates at the ear-drum
(membrana tympani). The middle ear contains three small
bones (ossicles), the hammer, anvil, and stirrup, which connect
the drum with the small oval diaphragm or window (fenestra
ovalis) of the inner ear. The inner ear is a complex structure,
and reference should be made to appropriate textbooks for
details.* It contains the semicircular canals which are concerned
with the maintenance of equilibrium, as well as the cochlea which
is really the end organ of hearing. The cochlea is a spiral cavity
in the bone, and it is filled with liquid; into it a spiral ledge
projects, and the liquid above the ledge is separated from that
below by a flexible membrane along which the nerves of
hearing are distributed. Two windows, the oval window and
the round window, retain the liquid at the base of the spiral,
but at the apex there is a small hole (helicotrema) through
the membrane which allows liquid to flow from the upper side
to the lower.

Sound entering the ear sets up minute changes in the air
pressure in the ear canal, and these cause the ear-drum to vibrate.
This vibration is communicated to the oval window, and thus to
the liquid in the inner ear by means of the chain of ossicles.
By their lever action the ossicles act as a transformer for facili-
tating communication of vibrational energy from the light medium
(air) in the outer ear to the denser (liquid) in the inner ear. The
processes within the inner ear are not fully understood, and there
are various forms of the theory of hearing. For details reference

* See also Phys. Soc., Discussion on Audition, 1931,
234
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must be made to other works. We may perhaps suppose that
the vibrations of the liquid in the inner ear affect the central
membrane in different positions depending upon the frequency
of the sound, the high tones disturbing the thick end of the
membrane—i.e. the end near the oval window—and the low
tones affecting the other. In some way the pattern of the
disturbance of the membrane is conveyed to the brain and there
interpreted.*

When the aerial waves entering the ear consist of a regular
succession of vibrations the sensation is that of a tone, but an
irregular disturbance results in an unpitched sensation. The
aerial waves giving rise to a tone may differ in frequency, in
amplitude, and in wave-form. Amplitude determines the loud-
ness of the sound sensation, frequency determines pitch, and
wave-form determines the quality of the tone.

Pitch. The relation of the frequency of the vibration to the
sensation of pitch is well known. Doubling the frequency results
in raising the pitch by an octave, as is seen from Table IX.

TaBLE IX
Frequency Pitch
(vibrations per second) !
64 C
128 ¢
256 ¢t
512 ¢’
1024 o
2048 ctv
4096 cv
8192 cv!
16384 cvit
32768 cvin

More generally equal ratios of frequency give rise to equal
intervals of pitch. Clearly if frequency is plotted on a logarithmic

* See H. Fletcher, Speech and Hearing, 1929; H. Fletcher, Frank.
Inst. ¥., 196, 289, 1923; V. O. Knudsen and I. H. Jones, Ann. of Otol.
Rhin. and Laryngology, December 1925 and March 1926; H. E. Roaf,
Phil. Mag., 43, 349, 1922,

t Middle ¢ on piano.
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scale,* equal increments of the scale correspond to equal frequency
ratios, i.e. to equal intervals of pitch. Such a method of plotting
is almost universally adopted, and different notes are spaced
along it in the manner in which they are spaced along a pianoforte
keyboard. On the ‘tempered’ scale a semitone—of which there
are 12 to the octave—is associated with a frequency ratio of
2112 = 1-05946-fold. A unit which is often convenient is the
centi-octave, defined by the ratio 21/ or 1-0069 approximately.
There are, of course, 100/12 =8} intervals of a centi-octave in a
semitone.

The range of pitch to which the human ear is sensitive depends
somewhat upon the individual. The lowest frequency sensed as
a note is given variously, but may be taken perhaps as 16 vibra-
tions per second. The upper limit depends upon age, and is
about 20,000 vibrations per second. This is a total range of
some ten octaves. The range of the piano is seven and a half
octaves. :

In the ten octaves to which the ear is sensitive, about 1500
gradations of pitch can be distinguished when notes are sounded
successively. For sounds of moderate loudness and of fre-
quencies above 400 per second the minimum perceptible frequency
change is about 0-3 per cent. (i.e. about 1/20 of a semitone or 0-4
centi-octaves). For lower notes a rather greater ratio is neces-
sary. Thus the ear can just barely distinguish between tones of
128 and 129 d.v. (i.e. about 1 centi-octave) and between tones of
50 and 50} d.v. (about 1} centi-octaves). Probably a greater
ratio than 0-3 per cent. is also necessary at higher audible fre-
quencies above, say, 10,000.+

Apparently training and musical talent do not enable smaller
differences of pitch to be detected, but increase the nicety of
judgment as to whether a tone is sharpened or flattened. Disease
of the ear does not impair discrimination of pitch.

Quality. The quality of a tone of given pitch is determined
by the wave-form—that is, by the manner in which the aerial
pressures at the ear rise and fall during each vibration. The

* It has been proposed that the logarithm, to the base 2, of the
frequency shall be given the name of frequency level, and Fletcher (Speech
and Hearing) has employed a scale in which pitch is expressed in terms
of the number of octaves by which the note lies above a zero pitch taken
at a frequency of 1000 cycles per second.

+ V. O. Knudsen, Phys. Rev., 21, 84, 1923; see also E. G. Shower
and R. Biddulph, Acous. Soc. Am. ¥., 3, 275, 1931.
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simple pendular motion of the prong of a tuning-fork in free
vibration gives rise to a wave-form represented by fig. 9 (a) (p. 30),
which is the characteristic ‘sine wave’ associated with pure
tones. In the violin, however, where the string vibrations are
constrained by the bow, or in, say, a reed-organ pipe, a more
complicated wave-form is obtained (fig. 9 (¢)). In this figure it
is seen that the more leisurely fundamental vibration is accom-
panied by subsidiary fluctuations of higher frequency evidenced
by the wavelets present. Expressed in another manner, the note
contains a number of overtones in addition to the fundamental
note. In general, overtones consist of tones having frequencies
exactly 2, 3, 4, 5, etc., times the frequency of the fundamental
tone, and in general any note of accurately repeating wave-form
can be shown mathematically to be composed of a fundamental
tone in combination with selected overtones of suitable strength.
By sounding suitable harmonic combinations of tuning-forks
the total qualities of the violin or of the reed-organ pipe or of
other instruments may be built up.

Limits of Audibility, Before a tone can give rise to the sensa-
tion of hearing, the vibrations must attain a certain minimum
amplitude. This minimum amplitude varies greatly with the
pitch of the tone. Low tones require considerable amplitude
as also do tones of highest pitch, and the ear is most sensitive
for notes in the region of ¢’’’ to ¢¥ on the musical scale, corre-
sponding to a frequency range of 1000-5000 vibrations per
second.

As the amplitude of the sound is increased, the sensation
becomes progressively louder until the sensation of feeling or
tickling supervenes in the ear and, shortly afterwards, pain is
experienced. There is no doubt that the character of the sensa-
tion alters at this point. For it has been found that even deaf-
mutes, who have no sensation of tone, may, with such intense
sounds, experience the sensation of feeling in the ear. Also, if
the same intensity of sound is impressed against the finger, it
excites the tactile nerves. The intensity at which the sensation
changes from hearing to feeling is regarded as the maximum
utilisable for hearing.

The amplitude of a sound wave is frequently expressed in
terms of the variations of aerial pressure. The upper and lower
curves of fig. 83, based upon curves by Fletcher and Wegel,*

* H., Fletcher and R. L. Wegel, Phys. Rev., 19, 553, 1922,
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represent the upper and lower limits of audible sound as a function
of pitch. The unit of pressure—1 dyne per sq. cm.—corresponds
to about one millionth of an atmosphere, and is of the order of
the pressure variations in conversation as ordinarily heard. It
is to be noted that enormously greater amplitude is required
with low notes than with notes of middle pitch before the ear
perceives the note at all, but also that low notes become painful
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F1c. 83.—Auditory sensation curves and equal loudness contours

sooner than middle ones. Acoustical power and energy ratios are
proportional to the square of amplitude ratios, and the scale to
the right of fig. 83 shows the enormous range of power—a million
million-fold—to which the ear is adaptable. In the region of
painful sounds it may be calculated that an instrument giving a
painfully loud note of middle C in pitch, at a distance of 10 ft.,
would be sending some 5 h.p. of sound energy across a spherical
boundary at this distance. For moderate everyday sounds it
has been calculated that if a million people were to talk steadily,
and the energy of their voices were converted into heat, they
would need to talk for an hour and a half to produce enough heat
to make a cup of tea. At the threshold of audibility the energy
output of a source of medium pitch is almost too small for
description : it would take a million such sources about two
centuries to produce enough heat to make a cup of tea.

Various methods have been employed in determining the
minimal audible intensity of sound, and bibliographies of early
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work were given by J. P. Minton * and C. M. Swan.} In 1877
Rayleigh made estimates from the energy consumed in a whistle
of high pitch and the distance at which the whistle became
inaudible. Rayleigh ] also studied the question by measuring
the currents in a telephone receiver which gave sounds on the
borderline of audibility. Wien § also published results obtained
with telephone receivers. This early work suffers from the fact
that the ear’s characteristics were marked by those of the receiver.
Advances in connection with the theory of receivers has, however,
made it possible to obtain reliable results with these instruments.
Fletcher and Wegel || carried out an extensive research over the
range 60-4000 cycles per second, using a special air-damped
telephone receiver pressed to the ear, and excited by alternating
current supplied from a valve oscillator and controlled in magni-
tude by a calibrated attenuator. J. P. Minton * employed a
telephone receiver tuned to a natural frequency of 5215 cycles
per second. He controlled the current supplied to the receiver
by means of a form of Wheatstone’s bridge, and calculated the
acoustical energy at various frequencies from a knowledge of
this current, and of the electrical and vibrational characteristics
of the receiver as determined by impedance analysis. In 1921
Kranz 9 employed as a source of sound a thermophone pressed
against the ear, and Lane,** using a Hewlett generator as a source
of calculable intensity, conducted measurements out of doors over
the range 2000-14,000 cycles per second.t+

For relative measurements audiometers are available; in
these an oscillator is arranged to actuate a telephone receiver
with notes of frequency 64, 128, 256, 512, 1024, 2048, 4096, or
8192 cycles per second. The intensity of the note is varied by
means of a calibrated attenuator.

Intensity Discrimination (pure tones). Between the upper
and lower limits of audibility the human ear can distinguish some
270 gradations of loudness at a frequency of 512 vibrations per

* J. P. Minton, Phys. Rev., 19, 80, 1922,

t C. M. Swan, Proc. Am. Acad., 58, 425, 1923.

1 Rayleigh, Phil. Mag., 38, 285, 1894.

§ M. Wien, Phys. Zeits., 4, 69, 1902,

|| H. Fletcher and R. L. Wegel, Phys. Rev., 19, 553, 1922,

9 F. W. Kranz, Phys. Rev., 17, 384, 1921; also 21, 573, 1923.

** C. E. Lane, Phys. Rev., 19, 492, 1922.
+t L. J. Sivian and S. D. White (Acous. Soc. Am. ¥., 4, 288, 1933)

give free air thresholds some 10 decibels lower than those in fig. 83.
They give a useful bibliography.
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“second, but rather fewer at low frequencies and high frequencies.

It has been found that at ordinary loudness levels, 7.e. for inten-
sities (energy units) greater than 104 times the minimum audible,
the minimum change of sound intensity just perceptible is
approximately the same for all frequencies, and is about 10 per
cent.* For fainter sounds rather larger changes are needed, and
a 20 per cent. change is necessary in the case of a sound having
only 10 times the energy of minimum audibility.

It may be mentioned that these figures apply to two notes
sounded successively. If asilent interval of only one half second
elapses between the two notes, double the above loudness changes
are required, and the number of just perceptible steps of loud-
ness falls to, say, 120 at 512 cycles per second.

The total number of pure tones which the human ear can
distinguish from each other in pitch or in loudness has been
estimated from available data on pitch and intensity discrimina-
tion, and appears to be somewhat over 300,000.

Relation between Loudness and Stimulus. It will be noted
that, except at the various limits of audibility, a percentage change
in the energy of the stimulus is the minimum perceptible to the
ear. It is not the actual increase in sound energy that matters,
but the fractional increase. It follows that the loudness level in
just perceptible steps above threshold is closely related, within
certain limits, to the logarithm of the intensity of the exciting
sound,t and a logarithmic unit called a ‘bel’ is adopted. If I
and I, are two different values of the sound energy, the difference
in energy level is given by

L =log,, (I/1,) bels

A unit (the ‘decibel’), which is 1/10 of the ‘bel,” is more con-
venient in acoustical work, and the difference in energy L may
be expressed in decibels thus :

L =10 log, (I/I,) decibels

From this it is found that a 26 per cent. change in intensity
alters the energy level by 1 decibel. The ‘decibel,” equal to the
well-known ‘transmission unit’ of telephony, is purely a unit

* V. O. Knudsen, Phys. Rev., 21, 84, 1923; see also R. R. Riesz,
Phys. Rev., 31, 867, 1928,

t The Weber-Fechner law of psycho-physics, which applies within
limits to all the sense organs, states that equal increments of sensation
are associated with equal increments in the logarithm of the stimulus.
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of power ratio.* It is important because it is practically the
smallest change in energy level that the ear can ordinarily detect.
Actually the 10 per cent. energy change detectable under best
laboratory conditions is about 0-4 decibel.

Observations have been made of the intensity differences
which exist when observers judge one sound to be ‘half as loud’
as another of the same pitch. Results are interesting, but not
very concordant at the present time.t

Comparison of the Loudness of Pure Tones of Different
Frequencies. Fig. 83 shows, in addition to the maximal and mini-
mal audible intensities of pure tones of various frequencies, some
curves based upon data by B. A. Kingsbury ] connecting the
intensities of sounds of different frequencies which are judged
to be equally loud by the ear. There is no significant sex
difference. It is seen that for frequencies above about 700 cycles
per second, if two pure tones of different pitch are to be equally
loud, they remain equally loud when the amplitude of both are
increased in the same ratio. It appears from the closer spacing
of the curves at low frequencies that low notes require less
increase of amplitude than high notes in order to raise their level
of loudness. These facts are expressed in another manner in
fig. 84, where curves for various notes show the necessary intensity,
in decibels above threshold, to yield a loudness equal to a given
intensity of note of 800 cycles per second. The curves are barely
distinguishable for frequencies above 700 cycles per second. As
a consequence of the rapid increase in the loudness of low notes
when the‘y' are amplified, amplification of complex notes is liable
to give greater prominence to low-pitched constituents.

* There is a need for a mathematical terminology for expressing any
quantities (not merely power) in common logarithmic form. The writer
finds of value, in acoustics and in other sciences as well, the following
terminology based on the name of the inventor of common logarithms:—

Brig.—Two numbers N, and N, are said to differ by »n brigs (or
10n decibrigs) when n =log,o(N,/Nj).

As the term bel is used in this book it is simply a change of 1 brig in
acoustical energy ; moreover, since intensity or energy is usually men-
tioned for completeness wherever the bel is employed, the term bel
could nearly always be replaced by the term brig, and decibel by
decibrig, within the pages of the present work.

+ L. F. Richardson and Ross, ¥. Gen, Psycho., April 1930 ; Laird,
Taylor, and Wille, Acous. Soc. Am. ¥., 3, 393,1932; L. B. Ham and J. S.
Parkinson, ibid., 3, 511, 1932 ; P. H. Geiger and F. A. Firestone, ibid.,
5, 256, 1933 ; B. G. Churcher and A. J. King, Nature, 131, 760, 1933.

} B, A. Kingsbury, Phys. Rev., 29, 588, 1927.

16
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From the curves of fig. 83 it is clear that the loudness of any
pure note may be expressed as a number by stating the intensity,
in decibels above threshold, of an equally loud note of chosen
standard frequency—say 800 ~. Moreover, it would probably
be a convenience to choose the pitch of the standard note in the
region above about 500 ~, where a decibel has approximately a
constant loudness effect. The figures on the contours in fig. 83
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(Curves showing, for various notes, the necessary intensity (in
decibels above threshold) to yield a loudness equal to that of an
8oo-cycle note of given intensity)

express the loudness of the various notes by stating the loudness
in decibels above threshold of an equally loud 800-cycle note.

It is to be noted that in expressing the loudness of a sound
no mention is made of its intensity, but the intensity of a com-
parison note of equal loudness is given in decibels above threshold.
Now in the absence of a separate term for loudness many writers
treat the term ‘decibel’ as applicable equally to ‘intensity’ and
‘loudness.” When the form of expression of these different ideas
is exact it is cumbrous. When the form of expression is loose,
persons but slightly acquainted with the subject are apt to think
that a noise having a loudness of # decibels, has also an intensity
of n decibels above its own threshold. This is not true and leads
to confusion. In what follows the word ‘ decibels’ will be reserved
for expressing intensity ratios. When a sound has a loudness
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equal to that of a standard audiometer note at a level of n decibels
above threshold, it will be said to have a loudness of z ‘ phon.’ *

The Loudness of Complex Tones. Theloudness of a pure note
on such a scale can clearly be inferred from the curves when its
pitch and physical intensity are known. There appears, however,
to be no accepted method of deducing the loudness of a complex
sound from a knowledge of its constituents, although it is true
that complicated relations have been proposed. Consequently, at
present the only method of expressing the loudness of a complex
note or of a noise would appear to be the direct experimental
comparison with a note of standard pitch and controllable intensity.
Within limits such comparison appears to be possible.

As regards formule for the loudness of complex notes
Barkhausen + and his collaborators suggested as a simple rule
that the loudness was equal to that of the physiologically loudest
overtone, the remaining partials contributing nothing to the
loudness if they differed by more than 20 per cent. in frequency.
This rule, however, was found later to be inadequate.}

Steinberg § found that the subsidiary partials make a contri-
bution, and that the loudness of certain complex notes could be
assessed from a weighted summation of the effects of the various
constituents. His formula, however, proved to be inadequate
to cover a wide range of conditions.

Steudel,|| following Barkhausen, has proposed for sounds of
loudness exceeding 50 phon a different type of formula. It is
based upon experiments with notes, sound pulses, and noises.
The loudness L in phon (referred to a 1000-cycle note as standard)
is said to be given by

1 1f (bt
L —20log [17., ;{j (p —po)dt} ]

to

where p is the instantaneous sound-pressure in dynes per sq. cm.

* In Germany a ‘phon’ used to be an intensity ratio defined by a
twofold change of amplitude, i.e. a fourfold change of intensity or 6 db.
Now the ‘phon’ is used as the equivalent of the decibel. In this book
the word decibel will be used for intensity relations, phon for expressing
loudness.

1 H. Barkhausen and G. Lewicki, Phys. Zeits., 25, 537, 1924 ; H. Bark-
hausen and H. Tischner, Zeits. f. tech. Phys., 8, 215, 1927,

{ H. Barkhausen and U. Steudel, Hochfrequenztech. u. Elektroakustik,
41, 115, 1933.

§ J. C. Steinberg, Phys. Rev., 26, 507, 1925.

|| U. Steudel, Hochfrequenztech. u. Elektroakustik, 41, 116, 1933,
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at the entrance to the ear, p, the pressure at time #, and 7 a
short interval of time (7 =3 x 10~ seconds). It is also necessary
to know, or to determine, the threshold pressure P, for the sound
concerned. According to the formula the loudness is determined
by the integrated oscillatory pressure over an interval of 3 x 10-4
seconds in the region of the peak pressure; in other words,
by the maximum impulse delivered to the ear in the interval
mentioned. If the pressure impulse is repeated more than
once per second an addition must be made to L. ; the additional
loudness is about 5 phon for 5 repetitions per second, and rises
to 10 phon for 50 or more repetitions per second.

Fletcher and Munson * have proposed the following formula
for the loudness (L) of steady sounds having # components:—

G(L) =§ka(Lk).

The loudness L, of the kit component is calculated in phon
from its frequency and intensity. Its contribution to the total
loudness (L) is determined partly by a function G(L,) which
is tabulated in the paper for various values of Ly, and partly by
the factor b,. This latter quantity depends in a specified manner
upon the frequency, intensity, and loudness of the kth component,
and upon the frequency and loudness of its ‘ masking’ component
(usually the neighbouring component of lower pitch). All
constituents in certain specified frequency bands have to be
treated as one. The formula has been tested for steady complex
sounds in which the partials were harmonically related. Work
is said to be in progress on the loudness of unsteady sounds.

Annoyance. Many persons have suspected that the annoyance
experienced as a result of noise is a function of pitch as well as
of intensity. Many people unhesitatingly state that high notes
are to them more annoying than low notes. On the other hand,
some observers claim that prolonged exposure to low notes is
especially troublesome.

Laird and Coyet conducted some experiments (not fully
described) on the loudness of notes of different pitches which
were judged to be equally ‘annoying’ to a number of observers
trained in acoustical work. Preliminary work showed that there
was not a single pitch which was not ‘annoying’ to some observer,

* H. Fletcher and W. A. Munson, Acous. Soc. Am. ¥., 5, 82, 1933,
+ D. A. Laird and K. Coye, Acous. Soc. Am. ¥., 1, 168, 1929,
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but the least annoying were notes of 256, 512, and 1024 cycles
per second. Laird and Coye plotted lines of equal annoyance
on a graph upon which contours of equal loudness were also
shown. For notes below, say, 500-700 cycles per second they
found the ‘annoyance’ and the loudness curves were parallel,
and inferred that for low notes annoyance is determined by
loudness alone. But for notes above 500 cycles per second they
found a tendency for the high notes to be specially annoying,
particularly when they were very loud. It was not, however,
possible to find a method of measuring annoyance. The offensive-
ness of some motor-horns with loud high-pitched constituents—
to which reference will be made later—together with other observa-
tions of everyday life, tend to confirm Laird and Coye’s conclusions.
They themselves claimed that the irritation produced by certain
tenor and soprano voices is in harmony with their findings.
Beats, and Combination Tones. It is well known that two
tones differing slightly in pitch produce ‘beats’ when sounded
together, i.e. they unite so that the resultant tone periodically
augments and diminishes in loudness. The frequency of the
fluctuation of the loudness is equal to the difference of the fre-
quencies of vibration of the two tones. If the frequency of the
fluctuations (beats) is not greater than about 20 per second, the
fluctuations are sufficiently slow to be followed by the ear.
Usually as the frequency of the beats is increased beyond
this limit the ear senses a musical tone having the frequency of
the beats. This tone is not simply a beat phenomenon, but is
a combination tone owing its existence to the fact that the response
of the ear is not strictly proportional to the amplitude of the
exciting sound. The ear-drum is not symmetrically loaded, and
the response depends to some extent upon the square of the
amplitude of the sound as well as upon the first power. We have
seen, when considering forced vibrations (p. 23) and in the
electrical case (p. 179), that this leads to the production of sum-
mation and difference tones in the transmitted disturbance, and
the apparent ‘beat tone’ is in reality the difference tone. Con-
sistent with this explanation, it is to be noted that the ear also
senses the summation tone having a frequency equal to the sum
of the frequencies of the constituent tones. For the satisfactory
hearing of combination tones the primary tones should be loud
and sustained, and it is an advantage if the pitch of the
combination is in the middle of the audible range. Combination
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tones are readily observed when two loud high-pitched Edelmann
whistles are sounded simultaneously and the pitch of one is
altered slowly.

The combination tones mentioned are subjective, for they
are produced by the behaviour of the ear and have no existence
in the incident sound. Combination tones may also be produced
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in the air itself in the case of loud sounds, for there is not strict
proportionality between pressure and condensation unless the
amplitude of the sound is very small. It is to be noted also
that detecting instruments other than the ear—microphones, for
instance—may fail in proportionality for loud sounds, with a
consequent production of combination tones.

Masking of one Sound by Another. Experiments have been
carried out upon the extent to which one sound interferes with
the hearing of another.* The effect, known as masking, may be
measured by noting the amount by which the threshold of audi-
bility for the masked note is raised by the interference. Experi-
ments on the masking effect of one pure sound upon the audibility
of another have revealed that, in general, a sound is most easily
masked by a note of approximately the same pitch. Where the
masking tone differs in pitch from the masked it is found that
a pure tone more easily masks a tone of higher pitch than one
of lower, particularly when the masking tone is comparatively
loud, say as loud as, or louder, than conversational speech. This
is illustrated in fig. 85, where the masking effect of a tone of

. * R. L. Wegel and C. E. Lane, Phys. Rev., 23, 266, 1924.
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400 cycles per second is shown for masked tones of higher and
lower pitch. Very similar results are obtained for other fre-
quencies of the masking tone.

Very loud tones give rise in the ear not only to the funda-
mental tone, but also, owing to the non-linear behaviour of the
ear, to combination tones (harmonics) as well. In consequence,
the masking effect of a very loud note shows signs of masking
by the subjective octave (27) and by the twelfth (3n) superposed
upon the masking effect of the fundamental (). The masking
effect of complex tones shows signs of the masking by the com-
ponents, and also by the subjective harmonics and combination
tones.

Perception of Direction. Whilst a single ear can give some
information concerning the direction of a source of sound, the
use of two ears is necessary if any great accuracy is to be obtained.
It is not known exactly how the judgment of direction is made,
but it must be due to some difference between the impressions
received by the two ears. These impressions differ in loudness
and in phase relation. On the whole, it appears that the phase
relation is the predominating feature for sounds below about 1000
cycles per second. Above that frequency the distance between
the ears soon becomes greater than the wave-length of the sound,
so several directions may be found in which the path differences
differ only in an integral number of wave-lengths. Since the
phase relations associated with these various directions are the
same, the phase effect becomes ambiguous as a criterion in
direction finding. For these frequencies, however, the head has
a definite shielding value, and the intensities received by the two
ears will differ by an appreciable amount which might assist the
location of direction. For the region 100-1000 cycles per second
for which the phase effect would appear adequate, Stewart *
found results which could be represented by the formula
$/0 =0-0034N + 0-8 approx., where ¢ is the phase difference in
degrees at the two ears, 6 is the number of degrees to the right
or left of his front that the observer locates the source of sound,
and N is the frequency of the sound in cycles per second.

In sound locators + which are used for anti-aircraft defence,
listening trumpets are employed some half-metre apart, one
communicating by means of a stethoscope tube with the right

* G. W. Stewart, Phys. Rev., 25, 425, 1920,
t E. T. Paris, Science Progress, p. 457, 1933.
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ear of the observer, one with the left. In this way, since the
observing base is much greater than the distance between ears,
time differences at the ears are enhanced and accuracy of location
increased.

Mechanical Data Concerning the Ear. The ear-canal, which
has a length of some 2-2-6 cm. and an opening of area }-%
sq. cm., has a volume of about 1 c.c. The drum has an area
of about % sq. cm., and is slightly elliptical, the vertical and
horizontal diameters being about 0-85 and 1-0 cm. respectively.
The mechanical impedance of the ear-drum, according to Wegel
and Lane, is of the order of 20-30 c.g.s. units over the fre-
quency range 200-4000 cycles per second. Bekesy estimates
the logarithmic decrement of the ear as a whole to be 0-1—
representing a considerable degree of damping. Barkhausen *
found A=0-72 over the range 500-1500 cycles per second.
W. West + and J. Troger I have estimated the impedance of
the ear at various frequencies. The determination involves the
development of standing waves in a tube, the end of which is
closed by the ear or ear-drum. The resistance component is
deduced from the damping of the tube and the reactive com-
ponent from the phase change.

West, who was interested in telephonic aspects of the questlon,
studied the impedance of the ear as seen through the orifice of the
cap of a telephone ear-piece. He placed the ear-cap and ear at
the end of the pipe and noted the resonance of the pipe. He
expressed the reactance component in terms of the equivalent
volume of an adjustable brass vessel which on substitution for
the ear gave rise to the same resonance frequency of the pipe,
i.e. to the same change of phase on reflection. He compared the
absorption of sound on reflection by the ear with the absorption
by a long tube closed at the far end by a totally absorbing plug.
The data obtained express the impedance Z of the ear in terms
of a resistance and a reactance in parallel thus: 1/Z =1/R+1/iX.

West observed that a semi-infinite rigid-walled tube of }-inch
internal diameter provides a good match to a real ear, having an
acoustical impedance (alternating pressure/rate of volume dis-
placement, z.e. p/S¢) of about 130, a rough average value for the
acoustical resistance of the ear. West constructed an artificial ear

* H. Barkhausen, Phys. Zeits., 25, 537, 1924.
+ W. West, P.O.E.E., ¥., 21, 293, 1929.
{ J. Troger, Phys. Zeits., 31, 26, 1930,
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based upon this fact.* It was for use in assessing the pressures
set up in human ears by telephone receivers under test. His
construction made use of 9 ft. of a }-inch metal tube (having
strands of wool in the last foot or two to act as absorbent) for
providing the necessary dissipation of sound energy, some lack
of rigidity in the wall being permitted locally for operating the
condenser microphone with which the pressures set up were
measured. The essential details are shown in fig. 86. The

To 8 ft tube

| Brass cup

FAluminium

foil

Condenser Microphone
Fi1c. 86.—Artificial ear (West)

telephone receiver under test is simply placed over the rim of the
brass cup. On test the resistance of the artificial ear was found
to be about 100, and the equivalent volume (to give the reactance
measured) was about 2-8 c.c. as against some 1-5 c.c. for real ears.

Troéger, interested in the mechanics of the ear, studied its
impedance when employed as the termination of a tube having
a diameter approximately equal to that of the ear-canal. No
telephone ear-cap was involved, and his experimental conditions
were therefore different from West’s. The impedance is ex-
pressed in his case in the more usual form of additive components
thus: Z =R, +¢X;. Trogers results, when expressed in the same
form as West’s, give 1-7-2-7 c.c. for the equivalent volume and
1100-1500 for the equivalent resistance.

Inglis, Gray, and Jenkins 1 have recently described a new
form of artificial ear, and have given a number of further measure-
ments of the acoustical resistance and reactance of the human
ear. When the ears were studied as seen through the aperture
of a cap of a telephone receiver, the acoustical resistance varied

* W. West, P.O.E.E., ¥., 22, 260, 1930.

+ A. H. Inglis, C. H. G. Gray, and R. T.. Jenkins, Bell Sys. Tech. ¥.,
11, 293, 1932.
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from about 1 to 200 acoustic ohms and the reactance from
about —300 to + 100 acoustic ohms. For an average ear the
reactance was about — 100 at a frequency of 500 cycles per second,
a figure which corresponds to a volume of some 6 c.c. Individual
ears vary considerably from the average. The average impedance
of the auditory canal was found to have a resistance component
varying over the range 10-100 as the test frequency was altered,
the reactance varying from - 500 to + 200, and being about — 200
at 1000 cycles per second. This latter figure corresponds to the
reactance of a volume of about 1-5 c.c.

Speech. In the production of speech air is forced through
the vocal passages by the lungs. In the larynx, situated at the
upper end of the windpipe, the air-stream passes through a straight
slit between two muscular ledges, known as the vocal cords.
Through vibration of the cords the slit is alternately opened and
closed, so that a train of sound waves is set up in the throat. The
frequency of the waves varies from about 90 cycles per second
for a deep-voiced man to about 300 for a high-voiced woman.
As the waves pass out of the mouth certain resonant characteristics
are imposed upon them by the vocal cavities of the nose, throat,
and mouth, and certain impulsive characteristics by the move-
ments of the tongue and lips. These variations constitute the
voiced sounds of speech. There are also, however, a few speech
sounds in which the vocal cords play no part, and these (p, k,
t, f, s, ch, sh, th) are known as unvoiced sounds. Both unvoiced
and voiced speech sounds may be divided into two classes. In
one of these, the continuants, the sounds (such as o, z, and s)
are produced by a continuous flow of air, whilst in the other,
the stops (such as p, b, and t) are due to sudden stoppage of the
air.

Vowel sounds consist essentially of vibrations which build up
to a certain loudness, are sustained for a short interval, and
then decay to inaudibility. Each vowel has two characteristic
frequency regions (fig. 87), and the nasal continuants n, ng, m
have three. The frequencies of vowel sounds embrace a range
from, say, 300-3000 cycles per second.* J. Obata and C. Satta t
find evidence that the falsetto voice is produced by reed-like

* R. A. S. Paget, Roy. Soc., Proc., 102, 752, 1903; H. Fletcher,
Speech and Hearing, 1929.

t J. Obata and C. Satta, Phys. Math. Soc. japan, Proc., 14, 341,
1932,
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vibrations of the edges of the vocal chords, whereas the chest
voice is produced by the opening and closing of the air passage.
Consonants, which are not sustained to any great extent, consist
mainly of high-frequency sounds above 2000 cycles per second,
or in some cases—the ‘hiss sounds’—even above 5000 cycles
per second. Thus, to transmit speech naturally and distinctly

v asin put
who — — -

no — ——
all P —_—
not ———

calm —
up —_—
sofa —_—

earth —

hat  — —_—

men _— —

hay — —
it | ——

eat p— —

=R oxmwp>0de s

T T L T

300 500 " 1000 2000 3000
Frequency (cycles per sec.)
Fi1G. 87.—Characteristic frequency regions of vowel sounds (Paget)
a telephone system must deal faithfully with a range from 60-
5000 cycles per second. However, although the naturalness may
suffer, there is but little loss of intelligibility if a narrower range
of 200-4000 cycles per second is adopted.

It is important to notice that although the vocal chords give
quality and energy to the voice, they are not responsible to any
great degree for the distinguishing characteristics of speech. The
fact that whispered speech is readily intelligible is evidence of
this. Experiments with filtered telephone circuits have shown
that the main energy of the voice is of comparatively low pitch,
the normal male voice having a pronounced constituent of fre-
quency about 120 cycles per second, whilst the female voice has
one about an octave higher. The characteristics essential to in-
telligibility are, however, of high pitch. For instance, if speech
currents in a high-quality telephone line are passed through a
filter which removes all sounds higher in pitch than 1500 cycles
per second, although only 7 per cent. of the sound energy is
suppressed, the percentage of unconnected syllables received
correctly by a hearer drops to 62 per cent.—a result well below
the limit for satisfactory conversations. On the other hand, a
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filter removing all sounds below 500 cycles per second removes
62 per cent. of the energy and results in a somewhat unnatural
quality of voice, but leaves the distinctness practically unaffected.
Table X is a summary of the effect of filtering high- and low-
frequency ranges from speech; the intelligibility results were
obtained directly by applying filters to a high-quality telephone
circuit,* but the energy data were deduced from an analysis of
the distribution of energy in speech carried out by Crandall and
MacKenzie.t

TaABLE X

Showing the Proportions in which the Energy Content and the Intelligibility
of Speech are affected by removing from the Speech all Frequencies
above or below certain Limits of Pitch

Frequencies above 7 Frequencies below n
removed removed
Limiting
Frequency, Per Cent. of Per Cent. of
n Per Cent. of | Unconnected | Per Cent. of | Unconnected
Energy Syllables Energy Syllables
remaining | understood remaining | understood
by Hearer by Hearer
250 40 2 60 98
500 62 7 38 96
1000 86 40 14 85
1500 93 62 7 68
2000 96 75 4 40
3000 98 82 2 10
4000 100 87 0

The Intelligibility of Speech. The method used in obtaining
the figures for the distinctness of speech is known as an ‘articula-
tion test,” and is that adopted by telephone engineers for testing
speech transmission over telephone lines. Several lists of mean-
ingless syllables are drawn up, each list containing the sounds
of the language in approximately the proportions which occur
in conversation. A reader calls each syllable separately, and a
hearer records what he has heard. The percentage of sounds
correctly recorded is known as the ‘percentage articulation’

* H. Fletcher, Frank. Inst. ¥., 193, 6, 1922,
t I. B. Crandall and D. MacKenzie, Phys. Rev., 19, 221, 1922,
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obtained under the conditions. An articulation of 96 per cent.
is the greatest perfection usually obtainable in ordinary conver-
sation. [Figures in excess of 85 per cent. represent quite good
conditions, which do not necessitate specially attentive hearing ;
an articulation of 70 per cent. represents the limit taken by tele-
phone engineers as practicable for speech. The subject is a
specialised one, and lists of suitable syllables are in regular use.
A simplified test, in which lists of simple monosyllabic words are
employed, is preferable with untrained observers (p. 307). The
relation of articulation to the intelligibility of sentences has been
investigated.*

The Effects of Loudness and Distortion upon Speech. The
loudness of speech affects distinctness, which is best for the ordinary
loudness of conversation. Under these circumstances the oscil-
latory pressure in the sound wave at one foot from the mouth is
about one dyne per sq. cm. Increasing or decreasing the ampli-
tude to a tenfold extent has but little effect upon distinctness,
but a decrease in amplitude to one-thousandth reduces the
intelligibility of isolated syllables to about 60 per cent. Fig. 88 (a)
(due to H. Fletcher) expresses the articulation obtained at various
intensity levels, in terms of a factor k; referred to later{ (p. 256).
It is found that consonants are more seriously affected than
vowels by reduction of speech intensity, and in ordinary conversa-
tion 50 per cent. of mistakes can be traced to confusion over
three consonants alone.

A special type of distortion occurs when, in gramophone
reproduction, the speed differs from that employed in recording.
This raises the pitch of the speech, and also increases the rapidity
of enunciation. It is found that such changes of speed have but
little effect upon intelligibility unless the change exceeds 10 per
cent. Above this limit the articulation falls off rapidly with
further deviation from the normal speed, especially if the speed
is being decreased below normal.

Resonances in a telephone or other system of reproduction

* H. Fletcher, Frank. Inst. ¥., 193, 729, 1922; Speech and Hearing,
1929; B. S. Cohen, L.LE.E., ¥., 66, 165, 1927; J. Collard, Electrical Com-
munication, 1928; H. Fletcher and J. C. Steinberg, Acous. Soc. Am. ¥.,
I, Supplement 1930.

1+ The percentage articulation is equal to 100k, The zero of the
intensity scale is at a level corresponding to an energy flux in a plane
wave of 10-° ergs per sq. cm. per sec. (i.e. 2:9 x 10-1¢ ergs or 2.9 x 10-1®
microwatts per c.c.). From this it follows (p. 109) that the 70-db. level
corresponds to an acoustical pressure of 0-9 dyne per sq. cm.,
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affect the transmission of speech, but, not seriously if the reson-
ance is in the region 900-2000 cycles per second. The impair-
ment is greatest at high intensities, presumably because the
frequencies near the resonance become overpoweringly loud. This
is said to be particularly noticeable in the case of deaf aids, when
the user complains of having his ear ‘banged’ by certain vowels
before the loudness is sufficient for him to hear the consonants.

The effect of removing certain frequency ranges from tele-
phonic speech has been referred to. It is interesting that
Collard * has shown that the articulation of a telephone circuit
can be calculated from a knowledge of air-to-air attenuation of the
circuit for a series of bands, each 200 cycles wide, over the range
0-3000 cycles per second. He can allow for frequency distortion,
loudness, and interference by noise within the bands. The full
calculation is of course complicated, but it is of value in telephone
work, and is understood to be promising. The possibility of the
calculation is due to the fact that each speech sound is carried
in general by two or three frequency bands, so that if the trans-
mission of the bands is measured it is reasonable to anticipate
that calculation can be made of the articulation of sounds in
which these bands are involved. ‘The matter is of some import-
ance as providing a link between physical measurements of the
response curves of telephones, loud-speakers, etc., and an inter-
pretation in terms of the intelligibility of reproduced speech by
the instruments concerned.

Speech and Interfering Effect of Noise and of Reverberation.
The effects of extraneous noise on the hearing of speech have
received some attention from experimenters, and, for small or
moderate noises, the effect is as though the ear were deafened
by an amount equivalent to something of the order of the average
deafening effect the noise has on the ear for a series of pure notes
(500, 1000, and 2000 cycles per second respectively) in the speech
range.t In other words, it is as though the loudness of speech
were reduced by this amount. Loud noises affect speech to a
greater extent than this. No experiments appear to have been
carried out to elucidate the type of indiscriminate noise—high
pitch or low pitch—which is most disastrous to the hearing
of speech, but observations in noisy aeroplanes] suggest that

* J. Collard, Electrical Communication, 1929, -
t+ H. Fletcher, Speech and Hearing, pp. 185 and 297, 1929,
1 A. H. Davis, Roy. 4ero. Soc. ¥., 35, 675, 1931,



©)

@)

THE EAR AND HEARING

kn

o ? [
S .
o L 2 1 1 1 1.1 42
oy J
S
S
3
& n
S o]
S|
kh
18
2 13
o S
? s
31a
[29
a~
e
a
Speech Power
s o 3
; llll?AllJl
w micro-watts
N
& o
S -
o O
° >
<
D o]
()
3o
i
10
1R
ME
St
=
(-8

Fic. 88.—Knudsen’s data for calculating the probable percentage

(v)

Y2239S fo A11suajuf

@

wooy jb ©0210439LI09Y]

0S

001

265

° e s
)] o
B T T T W | |
T
i
1)
[
49
Q
~
-N
x>~
13
o
i
o
.
I8
&y
o

‘238

articulation of speech in a room



266 . MODERN ACOUSTICS

high-pitched noises interfere most. With pure tones as the inter-
fering sound, Knudsen * foupd that the interference was almost
independent of pitch when the loudness did not exceed the loud-
ness of speech, but that for louder tones greater interference was
caused by low-pitched tones. He also found that the interfering
effect of noise was greater than that of tones of any pitch, but
no quantitative experiments appear to have been carried out to
find the effects of different types of noise.

Knudsent has evolved a formula, which must be regarded
as somewhat tentative, for expressing the effects of intensity,
reverberation, and noise upon the hearing of speech in audi-
toriums. He calculates the percentage articulation to be expected
in an auditorium by means of the equation

Percentage articulation =&;k,k,k, x 100
where k;, k., k, and k, are reduction factors expressing re-
spectively the effects of average intensity, of interference by
reverberation, and by noise, and of effects due to unusual shape
of the auditorium.

The intensity factor{ &, is given by the curves of fig. 88 (a).
The average intensity of public speech as heard in auditoriums
was found by Knudsen to be about 51 decibels above threshold in
small auditoriums (27,000 cu. ft.), and about 46 decibels in large
ones (240,000 cu. ft.). This intensity is at a critically low level, so
that slight disturbances from reverberation or noise are deleterious.

Actually the average intensity built up in a reverberant room
depends upon the absorbing power and size of the room. The
above are average values, but for any particular case the probable
intensity may be calculated from the following formula based
upon reverberation theory :—

Speech intensity in ET 108 x ET
decibels above } =10 logm< W> =10 logm<——~\7——> approx.
threshold. 0
where, T =period of reverberation of room, of volume V (cu. ft.),

E =average speech power (microwatts) in a room of volume
V (values given in fig. 88 (d) due to Knudsen),
o =minimum audible intensity of speech in microjoules
per cu. ft. (taken to be 82 x 10-19),
* V. O. Knudsen, Phys. Rev., 26, 133, 1925.
+ V. O. Knudsen, Acous. Soc. Am. ¥., 1, 56, 1929,

1 Knudsen speaks of the loudness of the speech, but strictly it is the
intensity to which Fletcher’s curve, fig. 88 (a), refers,
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Knudsen’s results for the extent to which reverberation
reduces intelligibility are given in fig. 88 (5). They were obtained
in a series of auditoriums of the general shape and size (200,000~
300,000 cu. ft.) but different periods of reverberation. The re-
verberation was measured in each case for a note of pitch 512
cycles per second. The articulation decreases by about 6 per
cent. for each increase of 1 second in the reverberation period.
Knudsen’s curves for the interfering effect of noise in auditoriums
were obtained in a room of 15,000 cu. ft. capacity having a rever-
beration period of 1-3 seconds, the speech being maintained at
a level of 47 db. above threshold. The results are shown in
fig. 88 (c). Knudsen’s formula makes no allowance for the char-
acter of the interfering noises, nor for unusual characteristics of
the room. Indeed, for the shape factor 2, Knudsen, in the absence
of information, takes a factor of unity. The formula is, however,
an attempt to apply existing information in a broad manner to
a calculation of the probable articulation of speech in auditoriums
under various conditions.

Speech Power. The average speech power delivered by an
average speaker in ordinary conversation is 10 microwatts,* or
100 ergs per second. Some 15 per cent. of speakers use powers
less than 1/10 of the average, and another 15 per cent. use more
than twice the average. In loud shouting the average emission
of energy is raised a hundredfold, and in soft (but intelligible)
whispering it falls to about one ten-thousandth. Data for the
average emission by speakers in public halls are given on p. 255.
The greatest power is associated with some of the vowels such
as ‘aw’; the least with certain consonants such as ‘th’ in thin.

Music. The analysis of musical sounds has received attention
at various times since the days of Helmholtz, who carried out
measurements with resonators. Early results were largely con-
cerned with the determination of the frequencies of the essential
components responsible for the characteristic quality of the
instrument. In later work with electrical analysers and filters it
has been possible to measure the magnitude of the components,
and to assess the total power of the instruments.+}

* L. J. Sivian, Bell Sys. Tech. ¥., 8, 646, 1929,

t E. Meyer and P. Just, Zeits. f. tech. Phys., 10, 8, 1929; L. J. Sivian,
Bell Sys. Tech. ¥., October 1929; L. J. Sivian, H. K. Dunn, S. D.
White, Acous. Soc. Am. ¥., 2, 330, 1931; E. Meyer, Zeits. f. tech. Phys.,

12, 606, 1931; H. Lueder, Wiss. Verdff. a. d. Siemens-Konzern, May
1930.
17
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Fig. 89, due to W. B. Snow,* shows the actual tone range of
various instruments, the minimum range which could be employed
in hearing without 80 per cent. of the hearers detecting the
introduction of the limiting filter, and the range of noises which
accompany certain of the instruments. Ranges for a few other
noises and for speech are also given. The lower limit for music

ACTUAL TONE RANGE
s ACCOMPANYING NOISE RANGE
©=-CUT-OFF PITCH AT WHICH 80% OF THE OBSERVERS
COULD DETECT THE FILTER

BASS DRUM
SNARE DRUM
14"CYMBALS

MASS viOoL
CELLO
PIANO

VIOLIN

RASS TUBA
YROMBONE
FRENCH HORN
TRUMPET

BASS SAXOPHONE
BASSOON

BASS CLARINET
CLARINET
080

E
SOPRANO SAXOPHONE

FLUTE
PICCOLO

MALE SPEECH
FEMALE SPEECH

FOOTSTEPS
HAND CLAPPING
KEY JINGLING

62-5 250 1000 4000 16000
Frequency (Cycles per sec.)

F16. 89.—Audible frequency range for speech, music, and noise (Snow)

is determined by the bass tuba, the bass viol, and the kettle drum,
and is in the region of 40 cycles per second. The upper limit is
seen to be about 15,000 cycles per second, as required by the
violin, the cymbals, and the snare drum. The range of hearing
necessary for the full appreciation of music is thus much wider
than that required for the hearing of speech. The important
region is said to be from 50-5000 cycles per second.
Measurement of the maximum instantaneous emission of
acoustical power from typical musical instruments has yielded,
for fortissimo playing, the results given in Table XI.t Generally
speaking, the emission from a given instrument is reduced by
* W. B. Snow, Acous. Soc. Am. ¥., 3, 165, 1931; see also H. Fletcher,

Acous. Soc. Am. ¥., 3, No. 2, part 2, 1931.

+ L. J. Sivian, H. K. Dunn, and S. D. Whlte, Acous. Soc. Am. ¥.,
2, 330, 1931,
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about fourfold to tenfold from these levels by pianissimo playing.*
To find the lowest level used in orchestral music a violin was
played as softly as is ever customary when playing in public, and

TaBLe XI
Peak Power of Musical Instruments (Fortissimo Playing)
Instrument Peak Power (Watts)

Heavy Orchestra . . 70

Large Bass Drum . . 25

Pipe Organ . . . 13

Snare Drum . . . 12

Cymbals . . . 10
Trombone 6

Piano 0.4
Trumpet 0.3

Bass Saxophone 0.3

Bass T'uba 0.2

Bass Viol 0-16
Piccolo . 0.08

Flute 0.06
Clarinet . 0.05
French Horn . 0.06
Triangle 0.05

the power emission was found to be about 4 microwatts. This
is about one twenty-millionth of the peak power of the sound
from an orchestra of 75 players.

Figures given by Fletcher for the power radiated by a singer
having a voice of ordinary choir strength show that the power
varies from about 1000 microwatts for alto pianissimo singing, to
30,000 microwatts for fortissimo bass. These emissions are con-
siderably higher than those used in conversational speech.

The mean value of the sound during the rendition of an
orchestral selection sometimes varies by as much as 100,000-fold—
a fact which makes it difficult to deal with the telephonic trans-
mission of such music.

Acoustic spectra of various musical instruments have been
given by Sivian, Dunn, and White,t and by Meyer.}

* H. Fletcher, Speech and Hearing, p. 97, 1929,

t L. J. Sivian, H. K. Dunn, and S. D. White, Acous. Soc. Am. ¥.,
2, 330, 1931.

! E. Meyer, Zeits. f. tech. Phys., 12, 606, 1931; Phys. Soc., Discussion

on Audition, p. 53, 1931; E. Meyer and G. Buchmann, Preuss. Akad.
Wiss. Berlin, Ber., 52, 735, 1931.



CHAPTER XV
NOISE: ITS MEASUREMENT AND SUPPRESSION

Noise and its Effects. Noise is becoming of increasing importance
and interest in modern life, largely through the increasing use
of mechanical devices for transport, and for operations of all kinds
in industrial, business, and even domestic occupations. When
complaints are analysed it is found that the offending noises con-
sist largely of loud traffic sounds, loud radio at home or in streets,
sleep-disturbing noises, and certain specially loud sources—such
as pneumatic drills—for which the number of complaints is
limited because the noises are not frequent. It is found, however,
that some persons complain of noises which others find innocuous,
and this, together with the fact that one person’s radio music can
be a neighbour’s noise, suggest that for ordinary purposes noise
should be defined simply as any sound undesired by the hearer.
Many of the noises enumerated above, however, are of the ir-
regular non-musical type of sound which may perhaps be called
unpitched sound, and which was formerly the only type which
was technically regarded as noise by physicists. A wider use of
the term noise is now general.

The question of the effect of noise upon human beings is a
psychological and medical one, and lies outside the scope of the
pure physicist. Some reference may be made, however, to a
paper by Laird,* who has summarised experimental data on the
effect of sound on living beings. According to his review, there
is evidence that sound affects motor functions such as strength
of grip and reaction times, and interferes with cerebral functions
such as ability to perform psychological intelligence tests and to
carry out multiplication sums at speed. Breathing rate and pulse
are altered and blood-pressure increased. Stomach contractions
are affected.t There is interesting evidence that the effects are

* D. A. Laird, Acous. Soc. Am. ¥., 1, 266, 1930.
+ E. L. Smith and D. A. Laird, Acous. Soc. Am. ¥., 2, 94, 1930,
260
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essentially biological, not only in that the functions affected are
sometimes beyond voluntary control, but also in that they are
exhibited alike by animals which have had their cerebral hemi-
spheres removed as well as by those with intact nervous systems.
Tests in daily work are said to have revealed improved output
by certain workers due to reduction of noise.

The effect of noise upon working efficiency is under investiga-
tion by the Industrial Health Research Board. It is complicated
by the possible adaptability of the worker. A series of tests
carried out by K. G. Pollock and F. C. Bartlett,* in which 80
undergraduates took part, indicated that noise tends to produce
slight but recoverable diminution of motor and mental efficiency.
Any appreciably greater effect upon mental as opposed to motor
performance is probably due to the relative complexity of the
former. The investigators comment that noise tends to be dis-
liked particularly by people unaccustomed to it, and that mental
work of any difficulty is best done in silence. In another test
made under industrial conditions, H. C. Weston and S. Adams *
studied the output of weavers, a class of operators who work in
the extremely noisy environment associated with looms. The
results suggest that the output increases slightly when the weavers
are protected from the noise by ear defenders. Even after years
of work in the noisy conditions, the worker does not become
completely adapted to the noise, but goes through the process
of adaptation daily, the adaptation appearing to wear off when
fatigue sets in.

Pollock and Bartlett found that loud mechanical noise was
more disturbing when it was discontinuous than when it was
continuous, but soft gramophone noises were almost as distract-
ing, especially when the subject-matter was interesting. Eminent
members of the medical profession have referred to the serious
cumulative effects of disturbed sleep which make the question of
disturbing noises one of importance. The noises most disturb-
ing to sleep are said to be all kinds of sudden unexpected shocks,
such as uncontrolled exhausts, drills, vibrations, whistles, barking
dogs, milk cans, and all kinds of strident horns.

Physical Measurements of Noise. In measuring sound with
physical apparatus such as a microphone-amplifier system it is
possible—

* Industrial Health Research Board, Report No. 65, 1932,
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(1) To make an estimate of the average sound pressures
measured by a microphone.

(2) To ascertain the wave-form of the noise by taking an
oscillograph record of the variations of acoustical pressure.

(3) To analyse the noise and thus determine either (@) the
intensity and frequency .of its components—a procedure of
special value in identifying the sources of machine noises by
correlating constituents with, say, the frequency of meshing of
teeth on gear-wheels—or () the distribution of energy in various
frequency bands.

The above methods of measurement have been dealt with
elsewhere, and are generally applicable to noise.

Simulating the Response of the Ear. Inview, however, of the
different sensitivities of the ear at various frequencies the results
of physical measurements cannot be interpreted as loudness to
the ear, except perhaps in the case of the analyses. For closer
estimates of the aural importance of a noise the amplifier of any
of the above types of apparatus may be adjusted so that it has
an ear-like frequency-response curve. It is impracticable to
arrange this for all loudness levels, but it is comparatively simple
by suitable choice of the intervalve coupling units when the
approximate loudness level is known. For instance, a small
coupling condenser reduces low-frequency response, and a con-
denser in parallel with the grid leak weakens high-frequency re-
sponse. The graphs of fig. 83 (p. 238) show equal loudness curves,
and it is possible to arrange an amplifier and valve voltmeter
to give equal deflections for sounds of different pitch as defined by
one of these curves. A convenient curve for moderate sounds
is that corresponding to a loudness level of, say, 40 phon above
threshold.* For fairly loud sounds the 80-phon curve is useful.
It should be noted, however, that the 80-phon curve is practically
flat, so that for fairly loud sounds it is fairly satisfactory to employ
an equipment with a uniform response curve. It is also satis-
factory as a rule if very high or very low tones are not involved.
F. Trendelenburg + has arranged an amplifier so that only one
valve is used for loud sounds, but additional valves are introduced
to deal with quieter sounds. By suitable choice of intervalve
coupling units it is possible for the amplifier as used for loud
sounds to have a frequency characteristic corresponding with that

* See E. E. Free, Acous. Soc. Am. ¥., 2, 18, 1930.
1 F. Trendelenburg, Phys. Soc., Discussion on Audition, p. 92, 1931.
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of the ear at, say, 60 phon above threshold; as used for moderate
sounds to correspond with the 40-phon curve; and as used for
threshold sounds to correspond with the threshold curve.

Trendelenburg obtained oscillograph records using amplifiers
adjusted to have an ear-like frequency response. An interesting
example is given in Pl. V, p. 225, relating to the noises of a
motor-car engine exhaust when used without and with a silencer.
The upper curves (a) were recorded by means of a uniformly
sensitive amplifier, the lower (b) with the aid of an amplifier of
ear-like frequency response. In the upper curves low frequencies
having the period of the ignition cycle are distinctly evident in
the sound of the unsilenced exhaust, and the superposed higher
components are relatively weak. As judged by the upper curves
fitting the silencer causes but little improvement. Lower
components have been practically unaffected. To the ear,
however, which is not very sensitive to low notes, the silencer
does reduce the exhaust noise, by reducing the higher com-
ponents, to which the ear is relatively sensitive. This improve-
ment in high frequencies is brought out (lower curves) when
the amplifier is weighted to have ear-like characteristics. The
unsilenced exhaust is then seen to be rich in high frequencies,
and their amplitudes are considerably reduced when the silencer
is fitted.

One of the most useful applications of the ear-like response
was revealed when oscillograms of ‘heart murmurs’ were made.
There was little correlation between the aural results of auscula-
tion and the oscillograph records until the oscillograph amplifier
was adjusted to have appropriately reduced sensitivity to low-
pitched sounds.

It should be realised that an instrument adjusted to have an
ear-like frequency characteristic at one or two levels has definite
limitations, and its readings must be interpreted with discrimina-
tion. Particularly it should be noted that a small change in the
intensity of a note of very low frequency is equivalent in loudness
to a considerably greater change in the intensity of notes of
medium pitch. An instrument adjusted for only one or two
loudness levels takes but little cognisance of this fact, and is
therefore unlikely to give very reliable estimates of overall loud-
ness where low-pitched notes and medium-pitched notes occur
together.

Mention should also be made of the fact that the ear differs
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from high-grade physical apparatus in certain other respects.
The ear has a non-linear characteristic to changes of intensity,
and as a consequence subjective harmonic and combination tones
are formed and sensed as new sounds. Again when a complex
sound strikes the ear certain loud components may mask others,
so that components which exist objectively do not exist subjectively.
These facts need to be borne in mind in interpreting physical
analyses and measurements.

Noise Meters. Various meters for the measurement and
analysis of noise have been described. In a convenient portable
microphone and amplifier unit in use at the National Physical
Laboratory * (PL. VI, p. 240) for general acoustical work, which
will measure the overall acoustical pressures, dials are provided
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F1G. go.—Analysis and oscillogram of motor-horn note

for altering the sensitivity of the instrument in decibel steps over
the range of 110 decibels. By plugging into the amplifier circuit
one or two tunable electrical circuits or filter circuits the instru-
ment will measure the intensity of components, or the energy
level in selected frequency bands. Where greater selectivity is
desired the apparatus may be used in connection with an auxiliary
input stage, for analysis by Grutzmacher’s method. An output
plug allows a cathode-ray oscillograph to be connected to the
output of the amplifier when required.

Fig. 90 is an analysis of the motor-horn note as obtained with,
the instrument illustrated, in conjunction with a single tuning
unit. It is shown in conjunction with an oscillogram obtained
by connecting the output of the amplifier to a cathode ray oscillo-
graph. The oscillogram was drawn from an average of several
superimposed curves. This horn had components which did not
fit in a harmonic series and was rich in powerful high-frequency
notes. Apparently these factors are both conducive to stridency.

Simple switches throw into circuit (@) a network giving to

* A. H. Davis, Roy. Aero. Soc., ¥., 35, 875, 1931,
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the apparatus a response curve corresponding to that of the human
ear at a level of moderate noise (say 40 phon above threshold),
and () a network correcting a resonance due to the microphone
used with the equipment. It is also possible to substitute for
the microphone an instrument for detecting vibration, constructed
on the lines of a gramophone pick-up. When this is held in
contact with the parts of a machine or the walls of a building,
vibrations may be detected and relative measurements and analyses
made. Such procedure assists in elucidating the actual areas
responsible for emission of sound.

Aural Measurement of Noise. Since it is not yet possible to
deduce accurately the loudness of a complex noise even when
its constituents are known, it is often almost compulsory to
conduct some part of any study of noise by an aural method.
Moreover, very simple apparatus may be used for these measure-
ments, which are themselves often adequate for the purpose
in view.

From the curves of fig. 83 it is clear that the loudness of any
pure note can be expressed as a number (in phon) by stating the
intensity in decibels above threshold of an equally loud note of
chosen standard frequency. In expressing the loudness of a
complex sound or noise it would appear desirable to conduct a
direct experimental comparison with a note of standard pitch.
When the intensity of the equally loud standard note is # decibels
above threshold, the noise itself, as stated earlier, will be said to
have a loudness of # phon.

Experimental data giving the masking effect of a sound or
noise upon a note of standard pitch—that is, the extent to which
one sound interferes with the audibility of another—may also be
used as a measure of a noise, in that they show the reduction of
the capacity of the ear in the presence of the noise, and thus
express the interference the noise causes. It is often illuminating
to observe the deafening due to the noise for each of a series
of notes in the audible range. A spectrum of the deafening effect
is thus obtained.

Aural measurements are somewhat speculative when the noise
fluctuates rapidly, because of the short time available for obtaining
the match between the noise and the audiometer tone.

Electrical Audiometers. Various forms of apparatus are in
use. In all forms a standard note is varied in strength until it
is either just drowned by the noise, or is judged to be equally
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loud. In the Siemens Barkhausen * audiometer a comparison
note is produced in a telephone ear-piece by means of suitable
buzzer and electrical circuits. The magnitude of the current
through the telephone, and thus the intensity of sound produced,
may be varied by means of a calibrated potentiometer. With the
telephone ear-piece held to one ear the current is adjusted until the
sound emitted is judged to be equal in loudness to the sound
heard in the other ear. Alternatively, or better still, in addition,
the current is adjusted until the telephone note is just inaudible
in the presence of the noise. The instrument is supplied so
adjusted that zero reading corresponds to the average threshold
of audibility for the note concerned.

A useful procedure in adjusting for equality of loudness is
to adjust the telephone note first to be clearly too loud, then
to be clearly not loud enough, and thus to approach the point
at which the observer is equally ‘aware’ of the noise and of
the telephone note as they are sounding together.

The sound output from the telephone ear-piece may be cali-
brated in absolute units + to avoid the indefiniteness of the human
threshold of hearing. For purposes of calibration the telephone
receiver is placed tightly over an ‘artificial ear-canal’ (1 cm.
diam. and 3 cm. length) communicating with the diaphragm
of a calibrated microphone. Measurements are made in dynes
per sq. cm. of the oscillatory acoustical pressure set up in the
canal. The instrument may then be calibrated to read in decibels
above 1 millidyne per sq. cm., a convenient round figure repre-
senting approximately the minimum audible note for a frequency
between, say, 600 and 900 cycles per second. With some instru-
ments the calibration remains constant to 1 decibel or so for
several years. Tests in quietest conditions may reveal that rather
a lower intensity than the zero on the scale can be detected by
observers accustomed to such work (some decibels lower), but
the round figure stated is a convenient practical zero.}

In an audiometer due to the Metropolitan-Vickers Electrical
Co., a valve oscillator is used instead of an electrical buzzer ;

* H. Barkhausen, Zeits. f. tech. Phys., %7, 599, 1926,

t A. H. Davis, Roy. Aero. Soc. ¥., 35, 675, 1931.

1 There is at present no agreed pitch or zero for audiometers used
in aural measurement of noise; see E. E. Free, Rev. Sci. Insts., 4, 368,
1933. A note of frequency 1000 cycles per second, and of an intensity
corresponding to a pressure of about 0-2 or 0-3 millidynes per sq. cm. is,
however, becoming usual as a reference standard.
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the instrument has the advantage that it is quite silent except for
the note produced in the telephone receiver.

A more elaborate instrument, due to the Western Electric Co.
of America, employs several valve oscillators instead of a buzzer,
and is adjusted to give a choice of eight different notes ranging in
pitch from 64 to 8192 cycles per second. In this case the tele-
phone ear-piece is so constructed that the noise under investi-
gation enters the same ear as the audiometer note ; the cap of the
ear-piece has the usual central hole to permit sound to pass from
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204 Large roam

in active use.

Room with
telegraph

sounders.

Deafening (db
2 3
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F1G. 91.—Room-noise audiograms (Galt)

the diaphragm to the ear, but in addition circumferential slots
are provided to admit external noise with a minimum escape
of diaphragm sounds.

Another form of audiometer uses a gramophone record and
electrical pick-up as the source of the note in the telephone ear-
piece. In this case, instead of employing single-frequency notes,
‘warbling’ notes are employed in which the frequency varies,
say, about an octave some six times a second. A series of six
notes on the record will thus cover the greater part of the audio-
frequency range. The object of the ‘warbling’ note is to avoid
the beats which may occur if the noise under investigation con-
tains a component nearly equal in pitch to a single-frequency
testing-tone. Such occasions are infrequent, but we have seen
that unusually great masking occurs when two notes are of
approximately the same pitch (p. 246).

Fig. 91 represents some audiograms of room noise obtained
by Galt* by means of a phonograph audiometer having a series
of notes of the warble type. Galt mentions that variations of
from 5-10 db. in the threshold setting in the presence of
the noise may occur with different observers or with the same

* R. H. Galt, Acous. Soc. Am. ¥., 1, 147, 1929,
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observer at different times. These differences are subjective,
and the variations due to the apparatus are smaller than this.
The effect of needle variations is ordinarily less than 1 db., but
the reproducer may vary by 3 db.

Tuning-fork Audiometer. As a very convenient portable
audiometer it is possible to use a tuning-fork.* The fork is struck
in a standard manner, and note is made of the time which elapses
before the loudness of the fork, when placed as close to the ear
as possible with the flat of the spring facing the auditory meatus,
falls to the loudness of the observed noise. The total interval
which elapses before the fork is masked by the noise is also taken
for check purposes. Readings are facilitated in practice if, as the
fork approaches the matching value, it is moved to and from
the ear so that it is alternately louder and softer than the noise.
A particular fork used had a frequency of 640 vibrations per
second, the intensity of the note when first struck was about
90 db. above the threshold, and the measured rate of decay was
on an average about 1} db. per second, a simple relation which
arose from the fact that the sensation-stimulus law of the ear
and the law of decay of the fork are both practically logarithmic.
It is important to realise that mo very special precautions are
necessary, in striking the fork, in order to attain a standard
initial intensity correct to a decibel or two. In calibrating the
fork the loudness may be compared, over a very wide range,
with that of a note of variable intensity in the telephone receiver
of a calibrated audiometer. Usually the rate of decay of the
fork is greater for large amplitudes than small. Calibrations of
the rate of decay may also be effected by holding the fork near
a recording microphone-amplifier equipment, for experiment
shows that the two methods give similar results. Over a restricted
range optical methods of calibration may be adopted.

In measurements, by means of the tuning-fork, of everyday
noises of various kinds, an approximately linear average relation
was found between ‘equality’ values and ‘masking’ results. By
extrapolating this relation it was possible to use masking values
alone in assessing noises which were louder than the fork, and
the scale was thus extended to 110 phon above the threshold.
The fork yielded results similar to those obtained by an audio-
meter of the same pitch.

* A. H. Davis, Nature, 125, 48, 1930; Phys. Soc., Discussion on
Audition, p. 82, 1931. 'The latter paper gives details of technique.
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E. E. Free* and R. H. Galtt have verified that tuning-forks
yield results similar to those obtained with other types of audio-
meter. In America sets of forks of frequency 128, 256, 512, and
1024 cycles per second are now made at the Riverbank Laboratories
for noise measurements. They are designed to have a duration
of audibility of 60-70 seconds, and are supplied already calibrated,
with the rate of decay—as well as the frequency—stamped upon
each fork. E. Z. Stowell 1 has described some work carried out
with an elaborated tuning-fork audiometer; simplicity and easy
portability are of course lost by elaborations.

Fig. 92 presents a series of noise measurements made in
England by the writer, either by means of tuning-fork of frequency
640 cycles per second, or by means of a Barkhausen audiometer
of the same pitch. The threshold of audibility was taken to be
at a pressure of 1 millidyne per sq. cm. as set up in an artificial
ear-canal ; actually it was a few decibels lower. Table XII,
compiled from various sources, presents results for noise in
buildings.

TasLe XII

Some Approximate Noise Levels in Buildings

100 45 Noisy residence
Boiler factory
95 40
Quiet office
90 35
Average residence
85 Various factories 30
80 25
75 20
Quiet residence
70 Typing room 15
65 Average factory 10
60 5
Noisy office
55 0
50

* E. E. Free, Acous. Soc. Am. ¥., 2, 18, 1930,
1+ R. H. Galt, Acous. Soc. Am. ¥., 2, 30, 1930,
} E. Z. Stowell, Acous. Soc. Am. ¥., 4, 344, 1933,
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Comparison of Methods of Noise Measurement. Some com-
ments upon the differences between the above methods of aural
measurement would seem to be desirable. On the whole,
‘masking’ values require a more definite judgment than ‘equality’
values ; they are not necessarily more reliable. Moreover, they
would appear to have the disadvantage that an appreciable level
of sound is sometimes necessary before masking occurs. This
fact is illustrated in fig. 85, where an appreciable level of sound
at frequency 400 cycles per second is seen to be necessary to
mask in the same ear a note of frequency, say, a thousand cycles
per second. In consequence the masking method is inapplicable
to measuring the loudness of comparatively quiet sounds, and the
‘equality’ values give the best proportional indication of the energy
content of the noise concerned.*

There does not seem to be much difference in practice whether
the noise and the audiometer note are introduced into the same
ear or into different ears. The use of different ears requires
either that the two ears of the observer shall be substantially
alike in sensitivity, or that the observation shall be repeated after
changing the ear to which the audiometer is applied. For normal
observers the interchange appears to be usually an unnecessary
refinement. On the other hand, the use of different ears for
observing equality between the noise and the audiometer note
has the advantage that it protects the ear which is listening to
the noise from interfering stimulation due to the presence of
the audiometer note. A balance between two separately heard
sounds can thus be obtained. As regards masking values, how-
ever, if it is specially desired to ascertain the extent to which the
presence of the noise interferes with the hearing of the audio-
meter, clearly the sounds should be applied to the same ear.

J. Obata and S. Morita 1+ have studied the accuracy of aural
methods from various points of view. They found a rather un-
expected high accuracy, and conclude that aural measurements
of noise, if conducted with the necessary care, have a sufficient
and important value. Accuracy was markedly increased by the
observer’s skill or familiarity with the characteristics of the
sounds, and steady noise levels were more readily determined
than those which were changing rapidly through a wide range.

* This is also evident from the fact that the masking curves of fig. 93
are more complicated than the equality curves of fig. 92.
1 J. Obata and S. Morita, Acous. Soc. Am. ¥., 4, 129, 1932,
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Fatigue had no very important effect. Obata and Morita comment
also that a physical noise meter in which the frequency character-
istic corresponded to the hearing curve, was not—contrary to its
apparent trustworthiness—free from error in measuring a com-
posite sound in which the masking effects of various sound
components played an important réle.
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F1G. 93.—Physical and aural measurements of street noise (Galt)

Whilst in general any relationship that may exist between the
masking and equality values depends upon the pitch and con-
stitutions of the sounds concerned (cf. figs. 84 and 85) in practice,
for audiometers of medium pitch and for everyday noises, the
equality value is related to the masking value in an approximately
linear manner, and, indeed, by a simple difference which is nearly
constant. With the notes and noises introduced into the same
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ear, a tuning-fork of medium pitch i$ masked when its intensity
is some 16-30 db. below ,the roise equality level, according to
the loudness of the noise observed.: In measurements of intense
noises with the audiometer note ‘and the noise applied to different
ears, the difference is about 20-30 db.*

‘R. H. Galt } indicated that a microphone amplifier apparatus,
fitted with a series of four band-pass filters, and in addition
weighted so that in each band the instrument had a sensitivity
correspondmg to that of the ear at 30 phon above threshold,
gave noise measurements comparable with aural values obtained
by means of an audiometer (fig. 93). Actually he found that
the level of noise as measured by the meter was some 15 db.
above the masking value obtained with an audiometer.

E. Meyer  has compared audiograms of various types of noise
with physical analyses obtained by Grutzmacher’s method of
analysis. Fig. 94 (a) shows the analysis and audiogram of a
warbling tone of 800-1000 cycles per second. The objective
spectrum (upper curve) contains only this one frequency range,
whilst the subjective audiogram includes neighbouring frequencies
because they also are influenced by the masking sound. Fig. 94 ()
relates to the noise produced by a wooden hammer striking a
wooden board. The results of the two methods are seen to have
a general resemblance, the deviations observed being natural.

The Principles of Noise Investigation. In connection with the
suppression of noise at its source, it must be realised that if
several sources of different loudness exist together, no appreciable
improvement can be attained by suppressing any but the loudest.§
When that is reduced the next loudest dominates and must be
suppressed in turn. A useful procedure in noise investigation is
therefore to ascertain which causes are responsible for the loudest
components of the noise under study.

In some cases, particularly where sources of noise can be
separated and tested alone, simple audiometer measurements of
total loudness can be of value. Such a case is illustrated by the
Aeronautical Research Committee’s work on noise in passenger
cabins of aircraft.* Aural measurements of noise were made near

* A. H. Davis, Roy. Aero. Soc. ¥., 35, 675, 1931; Aero. Rch. Cttee.
Rpts. and Memo., No. 15640, 1933.

+ R. H. Galt, Acous. Soc. Am. ¥., 2, 30, 1930.
1 E. Meyer, Phys. Soc., Discussion on Audition, 1931,
. § Even removing one of two equal sounds would only lower the
energy by twofold, a step of 3 db.
18
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air-screws, exhausts, and engines w}mcn they were running in static
experiments upon the test benches. It was found that high-speed
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F1G. 94.—Objective and subjective analyses (Meyer)

air-screws were the most important single source of noise ; that
the noise of a driven air-screw of medium tip speed was approxi-
mately equal to that of an aircraft engine, say, 100 phon; that
to minimise air-screw noise large air-screws of steep pitch and
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slow speed should be employed ; “and that the effect of a silencer
was to reduce exhaust noise by some 10 phon. Experiments on
light structures suitable for the walls of aircraft cabins indicated
that the transmitted sound could be reduced in loudness by some
20-30 phon, provided filled double walls of some $ Ib. to 1 Ib.
weight per square foot were employed. Cabin walls of this type
would reduce the noise level (90-100 phon) of the power plant
outside the cabin to 70-80 phon inside. A further reduction
could be attained by locating passenger accommodation away from
close proximity to the power plant and screening it from the
engines and exhausts, say, by interposing wings. Simple measure-
ments in the cabins of passenger aircraft were generally consistent
with the separate experimental findings. Consequently the re-
duction of cabin noise to practically that (60 phon) in a railway
train was regarded as within the bounds of early developments,
and considerable strides have already been made.

In other cases, where the possible causes cannot be investigated
separately, the elucidation of causes is achieved by analysis. For
instance, when machinery noises are studied by this means,
components are often found which have frequencies which are
recognisable, such as frequencies corresponding to the funda-
mental frequency of rotation of the motor, to the frequencies
of the passage of fan-blades, of the meshing of gear-wheel teeth,
of the contact of armature sections with the commutator, or of
the opposition of stator and rotor teeth in synchronous motors.
Components may also be found which have the same pitch as
the note which is set up when parts of the machine are struck
with a hammer. Such results clearly indicate the causes of the
noise, and show where improvements are desirable. If the
analyser is adjusted to weight components in an ear-like manner,
the relative importance of the sources as regards loudness are
immediately evident.

Since emission of sound is likely to be enhanced by resonances
of parts of the machine, such parts should be discovered. A
convenient method of search is to explore the surfaces with a
vibration-detecting element (p. 265). Resonant parts should be
thickened with a view to suppressing the resonance.

Applications of Analysis to the Study of Machine Noise.
The following brief survey of sources of noise in machines may
assist investigation in particular cases :—

1. Gears. Noises may be due to (@) the regular meshing of
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teeth, (b) the passage of occasional defective of imperfectly cut
teeth, (c) the ringing of gear-wheels when there is no load on
the machine.*

Good gearing, correctly mounted and in perfect order, pro-
duces a smooth, continuous sound. High-pitched screeching
may arise from rough tooth faces. Intermittent or fluctuating
noise may be due to irregular tooth spacing, misshapen teeth,
(hobbing noise), or eccentricity of gears on spindles. Inadequate
strength of the shaft or of its supports is a common defect, and
may cause pulsating sound of varying pitch. Accuracy in the
machinery and finish of the tooth faces tend to reduce noise, and
in general fine-pitched teeth and wide faces are advantageous.
Accurate mounting is essential. Noise is often greatly reduced
when one gear-wheel of a pair is made of raw hide or other
substitute for metal. Noises and vibration due to the regular
meshing of metal teeth are largely eliminated when double helical
gearing is employed. The teeth are then in continuous engage-
ment, and considerable power can be transferred smoothly from
tooth to tooth. Spiral gears, well designed and constructed, are
relatively smooth and noiseless in operation.

2. Electric Motors and Generators. There are several causes
of noise from rotating electrical machinery, viz. (a¢) unbalance,
(b) the passage of armature sections past the commutator, (¢) the
passage of rotor teeth past stator teeth, (d) windage and siren
frequencies from fans or even from the rotor, (¢) ringing of frames
and parts, which usually arises from magnetic forces or from
resonances at certain speeds.}

Direct current motors may usually be made comparatively
quiet. Induction motors are frequently a cause of annoyance, as
a consequence of the pulsations of magnetic force. Such pulsa-
tions occur as rotor teeth pass the teeth of the stator, and magnetic
noise may also arise at twice the frequency of the supply mains.
The part of the structure set in vibration by the forces is usually
the stator, but may be the rotor, and is accentuated by mechanical
resonance.] Such resonance should be avoided in design.

3. Transformers and Induction Regulators. The noise emitted
by transformers and induction regulators is usually due to

* T. Spooner and J. P. Foltz, A.I.E.E., ¥., 48, 199, 1929,

t B. A. G. Churcher and A. J. King, I.LE.E., ¥., 68, 97, 1930.

1 Q. Graham, S. Beckwith, and F, H. Milliken, 4.I.E.E., Trans.,
50, 1056, 1931,
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