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PREFACE

It 1s frequently necessary in acoustical measure-
ments to be able to plot the pressure sound fleld in
terms of 1sobars (curves of equal pressure). Normally
this 1s done by tedlously recording pressure levels in
the space in question, searching for points of equal
pressure, then Joinling them with a curve. The author
of this paper describes a method in which the contours
in a plane are recorded automatically by using the
electrical output of a microphone to modulate a light
source, then photographing it. The amplitudes in a
given plane are picked off 1in 5 db contours.

This is a useful method for plotting contours of
standing waves, e.g. in a resonant enclosure. The author
goes further and shows that 1t 1s also posslble to re-
present progressive waves. To do this a phase detector
is included in the recelving system and the phase of the
recelved signal 1s compared to that of the source. This
undoubtedly finds applications in measurements made in
free space or anecholc chambers, e.g. in the pattern
produced by scattering obJects or the directivity
patterns of sound sources. Finally, the author, after
showing how the technlque works for simple sources,
considers more exotic examples such as bells and violins.

The Division of Bullding Research wishes to record
its gratitude to Mr. D.A. Sinclair, Head, Translations
Section, National Research Council, for translating this
paper and to Dr. R.J. Donato of this Division who checked
the translation.

Ottawa R.F. Legget
September 1066 Director
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THE OPTICAL REPRESENTATION OF SOUND FIELDS
WITH PHASE AND AMPLITUDE RECORDING

Abstract

The conatruction and mode of operation of an apparatus are
described, which permits the optical representation of gtationary
gsound fields in air. From the method prcposed by Kock and Harvey
for the optical representatlion of progressive waves a new method
has been developed, which permits also the recording of 1gobars of
the sound pressure, The sound pressure pattern of a sound fleld
is now represented by six 1sobars wlth a level difference of 5 db.
This method is applied to the fields of various sound sources, a
spherical radiator, a group of two single radiators, a bell, a
¢ylindrical tube and a violin.

1. Introduction

Practically gspeaking there is only one method of representing sound
fields in alr optically, namely by scanning with a probe microphone. The
acoustical process is thereby converted into an optical one which i1s imaged
at the probe aperture. The image 1s produced as a result of the microphone
and lamps scanning a plane of the sound field in a darkened space. This
process 1s photographed (Fig. 1).

In 1950 Kock and Harvey 1 reported the visualization of sound waves
and electromagnetic waves in the centimetre reglon. Chlefly emphasized
was the representation of progressive waves. Thils kind of representation
is obtained when a phase-locked comparlson voltage 1s superlmposed on the
voltage generated at the mlcrophone, and the total voltage 1s used to
control the lamp. The resulting lmage 1s more or less an 1lnstantaneous
plcture of the sound field,

The amplitude distribution in the field was represented by the fact that
the brightness of the lamp was controlled by the sound pressure. Thus a
plcture 1s obtalned in which reglons of high sound pressure appear bright.
However, thilis method 1s not very sultable for quantitative evaluation, which
1s extremely complicated at best (evaluation by the grey scale).

In recent years several authors(z_s) have dealt wilith Kock and Harvey's
method wilithout finding a satisfactory solution to the amplitude recording
problem. The present paper offers a new posslbllity of accurate representa-
tion of the sound fleld with respect to phase and amplitude 6). The
uncertainty of recording 1s less than 1 cm, the level uncertainty in the
drawing of the l1lsobars, less than 0.2 db. TFleld segments of approximately
1 m2 can be photographed.
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2. The Construction of the Measuring Apparatus

2.1. Mechanlcal part

The mechanical part of the apparatus comprlses the device for scanning
the sound fleld. TIts purpose is to gulde the lamp and the microphone through
the sound fleld along the deslred path. Spiral-shaped scanning paths are
employed. For purposes of photographlc recordlng the distance between two
congecutive raster lines must be constant and less than the light exit
aperture. Thls prevents any unexposed strips from appearing on the film
between lines. The dlstance between consecutive splral paths must be small
enough 30 that no interfering lines appear on the sound field picture. The
distance between lines must also be adapted to the "acoustlic resolving power"
depending on the dlmenslions of the microphone probe.

The apparatus 1s constructed as follows (Fig. 2).

A plpe 30 mm 1n diameter and about 3 m long rotates about a horizontal
axls. On this pipe is mounted a slide which can move parallel to the axis
of the pipe. but cannot rotate about the pipe axis. On one end of the slide
the microphone 1s mounted, so that when the slide is stationary it describes
a clrcle in a vertical plane. A rack 1s mounted on the slide which engages
with a pinion. The latter 1s controlled so that the slide moves 2.7 mm
along the pipe every revolution. As a consequence, the microphone follows
a spiral path.

The driving mechanism 1s designed to keep the scanning speed constant.
The exposure of the £ilm thus depends exclusively on the brightness of the
lamp. (For constant intensity of the light, a change 1in the scanning speed
would affect the exposure time). The upper speed limit is glven by the
development of wind nolses and i1nterferences due to the Doppler effect.

For automatic control of the rpm a continuously variable gpeed trans-
mission is employed. The mlcrophone speed 1is 1.5 m per second and is kept
constant to approximately 10%.

2.2. Acoustic-electric part

The microphone must meet the following requirements:
1. Its directional characteristic must, as far as possible. be spherical.
2. Sound field distortions due to the microphone must be kept as small as
possible,
3. The microphone must show sufficient sensitivity.

Putting the upper limiting frequency at 15 k¢, we get an estimated
permlissible dimension d of the microphone (tn order to satisfy requirements



1 and 2) of
5 ; (1)
and on account of x15 ke = 2.2 cm:

d < 1.1 c¢m,
More sultable than the use of such a mlcrophone 1s the use of a probe
mlcrophone. In this case only the probe needs to be dimensioned according
to the requlrements. IFrom the gcoustical standpoint, the length of the
probe shound be as great as posslble, in order to keep disturbances of the
sound fleld due to nearby parts of the roctary framework small. On the
other hand, the dlameter of a probe must be kept as small as posslble in order
to avold sound field distortions due to the probe i1tself and to get a spherl-
cal characteristic for high freguencies. HNelther requirement can be fully
realized because the plpe dampling would be too great.

The dimensions of the probe, accordingly, should be 80 chosen as Jjust
to ensure realization of points 1 and 2 for the limlting frequency.

The probe was designed to have a length of about 750 mm, an inside
dliameter of 8 mm and an outside diameter of 10 mm. For f = 15 ke (A = 2.2 cm)
a pipe damping of approximately 6 db is obtailned.

The directional characterlstic of the probe can be determlned approxi-
mately by obtaining the directional factor of a circular pilston membrane, the
diameter 4 of which 1s equal to the 1inslde diameter of the pipe:

% xd
ioe 5 (58 otn )

— 34

g%%g-sin Y
gy (x)
R=2 Lo for x = gg-sin v . (2)

where J, (x) 1s the Bessel function of first order, y 1s the angle of direc-
tion, forming the corresponding stralght line projection with the 2z axis. The
system of coordlnates 1s so chosen that the z axis coincides with the pipe
axls, and the opening of the pipe lies in the x, y plane. The principal axis
is then situated at v = 0°, i.e. in the direction of the z axis.

In the test set-up, the tip of the probe 1s situated in the x, y plane.
The test obJect can be situated either 1in the %, y plane, or in front of it.
In the former case the field is photographed only in the one direction of
propagation which is of interest (for Instance loud-speaker records). In

* Translator's note: An underlined symbol signifies gothic typescript in
the original.
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this case y 1s always 90°, and the directional characteristic, on account of
the rotational symmetry of the probe, plays no part., However, if the test
obJect 1s situated In front of the x, y plane, as 18 often the case, then vy
may be anywhere between 0 and 90°.

For v = 90°, sin v = 1 and f = 15 k¢, KIS e = 2.2 cm for d = 0.8 cm
gilves a ratio of

d=0.8= 1 . ()
A 2.2 2.8
Thus
x = 5% sin 4, (1)
_ ®0.8 _
X =55 =1.12 and
R =215~ 0.8, (5)
- X
Since for v = 0° R = 1, the departure from the spherical characteristic
is
3
20 1log %8 = =2 av. (6)

This 1s the least favourable case possible.

To sum up, we may say that up to £ = 10 ke the requirement of a
spherical characteristic 1is practlically satisfied. For f > 10 kc an error
arises which c¢an be reduced elther by reducing the diameter of the probve,
or by avolding a very large angle.

2.5. Electronic part

The signal from the microphone is fed to a preamplifiler (Fig. 3).
Despite careful atmospheric and vibration insulation of the drive mechanisms,
interferences get to the microphone and these must first be removed. The
high pass filter, primarily, serves thls purpose, because the interference
level components from the motor contaln predominatly low frequencies.
Additional filtration 13 carried out with the ald of a third order filter.

What 18 the form of the useful voltage when the source emits a
ginusoidal sound? On passing through the sound fileld a signal 1s received
which 1s amplitude, frequency and phase modulated. The amplitude modulation
arises from the fact that the receiver 1s moving through regions of
dilfferent sound pressure. The modulation frequency is comparatively low.

It depends on the sound field structure and the scanning speed. The phase
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and frequency modulations arc due Lo the fact that the dilstance between the
microphone and the statlonary sound source ls continually changling in the
course of the scannlng process (Doppler effect).

The amplitude and phase wmodulations are used to contrel the llght source.
The f{requency modulatlion 1s nol evaluated as such. At the maximum 1t can
only be 0.4% and would be a disturbing factor only 1f very narrow band fllters
were employed.

2.%.1. Phase channel

The phase modulated signal 1s used to represent the progressive wave
in the sound fleld, much as 1n the manner suggested by Kock and Harvey(l).

At distancesr = A, 2A, A, ... slmllar phase condltions prevall. When
we consider the phase angle between the generator voltage whlich feeds the
sound source and which may serve as a comparison voltage, and the microphone
voltage, then the phase rotates 2wv as the mlcrophone moves a distance A\ away
from or towards the source. Thils fact 1s used to represent the progressive
wave by superimposing the wmlcrophone voltage on a phase-locked comparilison
voltage. The total voltage 1s used to modulate the lamp current. In order to
obtain a degree of modulation which 1s 1ndependent of the mlcrophone distance,
the value of the microphone voltage must be kept constant with the aid of a
limiter. 1In general, the generator voltage can be used for comparison
purposes. However, 1t 1s equally possible to use the output voltage of a
second microphone 1n a flxed position.

The manner of operation of the phase channel 1s indicated in Fig. 4.

The oscilllogram shows the conversion of the microphone voltage (at the top of
the picture) into the lamp current (below). In scanning the sound fleld a
segment was chosen 1n which the microphone was moving towards a polnt sound
source and then moving away from 1t again. The frequency was 4 kec. It will
be noted that the modulation of the lamp current 1s largely 1ndependent of
the microphone voltage.

2.5.2. Amplltude channel

In order to extend the earller type of representation of the progressive
wave, an apparatus was developed which makes possible the visualization of
isobars (lines of equal sound pressure), so that besldes the phase relation,
the amplitude dlstribution can also be made visible. For this purpose the
amplified and flltered microphone voltage 1s rectifled and fed to a voltage
divider (Flg. 5). The latter has 5 tap stages, delivering incremental
voltages U1 to US in 5-db intervals. Iach of these voltages controls a
voltage discriminator (schmltt-Trigger). If the voltage goes eilther above or
below the latter's threshold voltage, a posltive or negative 1lmpulse, as
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the case may be, 15 obtalned as an oulput voltage. The outputs of the six
discriminators arc connected In parallel. This apparatus operates as follows:
As the mlcrophone voltage 1ncreases, the larpgest of the tapped voltages
(U,) reaches the responge value of the corresponding discrilminator 1, which
then delivers an Impulse. When the sound level at the probe tip has risen
by 5 db, the second largest voltage U, willl have Just reached the value neces-
sary in order to produce a response of discriminator 2. The lmpulge 2 appears
;3 to Uy 1in

turn reach the trigger voltage of thelr discriminators, so that 1n each case

at 1ts output. As the sound level continues to rise voltages U

an lmpulse 1s emltted at intervals of 5 db, The sawme thing occurs as the
level drops: the 1ndividual voltages control thelr discriminatorz in the
reverse output state, thus generating impulses for the opposite direction.

The lmpulses are then used to control the lamp. In this manner pulses
of light are produced as the sound level goes above or below certain defined
levels. Curves of equal sound pressure are produced on the film from these
pulses of light.

The discriminators were adjusted so that the hysteresis would be as
small as possible(T).

The hysteresis itself guarantees that the 3chmitt discriminator will
operate 1n a stable manner. 1t 1is possible, of course, to make it very
small, but then a danger arises that even a very slight disturbance of the
input voltage would result in an unintentional reversal. Moreover, another
result of reducing the hysteresis 1s that the anode voltage Jumps become
smaller and smaller, and finally reach O. On the other hand, by suitable
selection of tubes and of the correct operating point, the hysteresis can be
reduced without the above-mentioned disturbing properties. The circult was
chosen so that the hysteresis would be less than 100 mv for a response voltage
of 2.5 v. The resulting error is less than 4% or *+0.3 db. \e shall have
more to say below about the effects of this.

The change of response level durlng the exposure time 1is less than 0.05
db, and is thus negligible.

The pulses are formed by differentiation of the anode voltage Jumps.

Je now get a dilagram in which the sound field would be characterized by
lines of equal sound pressure. However, it would be impossible to distinguish
whether a glven line, which owing to an equal impulse level produces equal
blackening of the fi1lm, would represent an isobar of higher or lower sound
level than the adjacent line. For this reason the impulse level of the
discriminator ocutput voltage was varied in such a way that the output pulse
of the first discriminator, which responds to the smallest voltage and hence
generates the O db isobar, recelves the lowest 1mpulse level. 1In the
poslitive of the sound field photograph this corresponds to a thin and narrow



line. The pulses of the remaining discriminators are staged in such a way
that discrimlinator 6, which generates the 25 db isobar, has the greatest
amplitude, which in turn modulates the maximum permissible lamp current and
thus traces the brightest and thickest line.

Figure 5 shows an osclllogram which gives the microphone voltage at the
top and the lamp current in amplitude representation below. The staging of
the pulse levels 13 clearly recognizable. At the right and at the left of
the photograph it will be seen that some 1mpulses come in rapid succession
and some overlap. This 1s because the decrease of microphone voltage at
comparatively great distance does not occur contlnuously owing to reflections.
The fact that the impulses are not symmetrical with respect to the peak of the
mlcrophone voltage wlll be discussed below 1n greater detail in connection
wilth the diagram errors.

The available bits of information (impulses of the amplitude channel,
the filtered and amplified microphone voltage, and the phase-locked comparison
voltage) are suitably mixed and amplified in mixing and output amplifiers,
and are fed to the lamp.

2.4. Electrical-optical part

The signals, which flow through the output tube in the form of impulses
and pulsating direct current, must be converted into an equlvalent light
beam. The lamp must meet various requirements, of which the most important
are the following:

1. The lamp must be subject to modulation of 1ts brightness with little
inertia. By little 1nertia, we mean here that every detail of the sound
field structure should be imaged without distortion at a scanning speed of
approximately 1.5 m/s. In converting the pulses, the aim must be to
have a pulse recorded as a point, with the result that a thin line will
appear in the figure when the polnts are put together. The lumilnous dura-
tion should therefore be such that during the movement of the lamp it will
11llumlnate a path only of approximately 1 mm. Referred to the time, this
means that a light pulse of approximately 0.8 ms duration must be produced.
The top limiting frequency must therefore be greater than 1 kc.

This eliminates all incandescent lamps, even those that are preheated
and have very thin fillaments.

2. The second requirement relates to susceptibility to modulation. The 1light
source must have as great as possible a range of modulation. Between the
two boundaries given by the permissible load or acceptable overload (100%
modulation) and the unloaded state (modulation 0%), there must be a
constant relationship between current or voltage on the one hand and the
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light intensity on the other.

3. The light intensity of the lamp must be great enough so that even after
taking all losses into account the illumination intensity on the photo-
graphic £11lm 1s sufficlently great to produce adequate blackenlng,

4. The 1light source must be point shaped and be as small as possible, since
it must be situated 1In the vicinity of the sound fleld that is being
scanned.

Requirements 1 - 3 are met by the Osram 767740 point source glow lamp.

The lamp is | = 80 mm long, with a diameter of d = 25 mm. With these

dimensions it is impossible to mount the lamp on the tip of the probe. A

secondary emitter must therefore be provided.

2.5. Fhotographic recording and 1maglng errors

From the photographic point of view, the aim 13 to get a light distri-
butlon curve of the emitter which will ensure a uniform exposure of the film
in relation to the solld angle.

Accordingly, therefore, the light beam should be guided so that the
divergent radlation from the lamp 1s at first collected, is conducted parallel
to the probe as far as the tip, and then strikes the secondary emitter, which
provides for the desired distribution in space. For the emitter a small
plane~-convex lens about 8 mm in diameter 1s used, with the surface of the
plane side roughened so as to act as a ground glass screen and cause addi-
tional scattering.

This light beam conversion is not very efficient. Therefore maximum
photographlic sensitivity, i1.e. a fast objective and film material of the
highest sensitivity, must be used. We employed Agfa Rekord film, which can
be pushed to about 36/10 DIN.

The lag between the acoustical measurement at the probe tip and the
optical signal causes a distortion equal to the distance through which the
microphone and lamp have moved in the same perlod.

The lag At 1s about 10 ms, and comprises the time taken by the sound

to traverse the probe, the time taken to 1lnitiate the filters, and the time
constant of the rectifier circuit. Added to this is the hysteresls error in
the amplitude representation, which acts as an apparent lag.

The resulting imaglng error can be eliminated in a simple manner, by
displacing the position of the optical image (the ground glass plane at the
tip of the probe) a distance corresponding to the lag time (about 13 mm). The
light signal 1s then recorded at the posiltion at which the probe axis was
situated 10 ms earlier.



~11-

This assumes, of course, that At 1s constant, a condition that applies
only to the phase representation, The error which arises in the amplitude
representation owing to the hysteresis of the discriminators, is not so
easlly taken care of. e shall therefore invesatigate 1t briefly. As al-
ready mentioned, the hysteresis is 0.5 db. For an increasing microphone
voltage, the impulse for producing the izobars 1s only given when the
control voltage is +0.5 db above the rated value. In the case of dropping
voltage the impulse 1is generated at -0.3% db. If we agaln conslder Fig. 5,
where the microphone voltage, owing to the cougtant scanning speed and the
point form of the sound scurce follows a symmetrical curve, two facts will be
recognized:

1. The hysteresis causes both impulses of a stage to be "too late" by the
same amount on account of the symmetry of the voltage curve. As a
consequence an additlonal apparent lag 1s brought about, which however can
be corrected by displacement of the optical image, so that the value of
*0.5 db for the hysteresis ls not identical with the uncertainty involved
in the 1sobar dilagram.

2. The magnitude of the apparent lag depends on the steepness of the voltage
increase or decrease as the case may be. dU/dr is greatest in the vicinity
of the emitter and hence the distortion cauced by the hysteresis i1s
smallest here. With increasing dlstance the steepness decreases and the
recording error becomes greater. Assuming a 1/r curve of sound pressure,
and drawing the isobars for the maximum level, for example, so that r, =
1.5 cm, then the isobars of the lowest level will be r, = 27 cm (~25 db).
At thls distance the steepness is approximately 0.2 db/cm, with which the
displacement attains a value of approximately 1 cm. Theoretically this
effect would be recognizable in the sound fileld pilctures, however it has
been found that at this dlatance acoustical disturbances already predomi-
nate, as i1s shown in the next sectlon. 1In the vicinity of the emltter,
however, the error 1s compensated by the dilisplacement of the optical lmage.

Nevertheless a slight inaccuracy remains, since the total lag tlme for
the amplitude record is a few mllliseconds greater than for the phase record.
The dilstortion,can therefore, amount to a few millimetres, but in most cases
thils 1s entirely unlmportant, since the discrepancy 1in the pictures can no
longer be recognized.

The optlcal imaging of a sound field 1s further supplemented by the
superposition of a system of coordinates (grid lines 10 cm apart).
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5. Applicatlons

3.1. Sound field records of a spherical emitter

The gimplest case 13 that of oumnldlrectional omission of the type
produced by a spherical emitter of zeroth order. The individual elements of
the surface of the sphere here osclllate wlth constant velocity amplitude,
outwards and lnwards 1n phase. The gound field of such an emmiter is
characterized by the fact that both the surfaces of equal phase and the
surfaces of equal sound pressure amplltude are concentrilc spheres with the
emitter as a commnon centre. Practically, an emitter of zeroth order in the
form of a dilatling sphere 1s unreallzable.

For the tests a minlature magnetic earphone was used which had the
following dimensions: dlameter 20 mm, height 11 mm and diameter of sound-
emltting aperture 2 mm. Ior the lower frequencles a spherical characteristic
13 1ndeed obtained, but the amount radlated 1s very small.

For sound fileld representation a section 1s cut through the fleld, In.
the present case the se~ction 13 best taken through the origin. Owing to
the finlite dlmenslons of the emltter, of course, thls can not be exactly
realized in the present case, but the departures from 1t are very small. The
distance between the emitter and the probe tilp of the wmicrophone was about
10 mm.

In the sound field represents’>lon the curves of constant phase produce
concentric circles whose distance apart 1s equal to the wavelength. For
making the record (Fig. 6) a frequency of f = 3.4 ke was chosen. The wave-
length 18 then A = 10 cm.

The 1lines of equal sound level, to be sure, also form concentric circles
but thelr distance apart is not constant. They vary in accordance with the
law of propagation. In the spherical wave the sound pressure decreases
continuously (even in the near field) at the rate 1/r. The six isobars are
recorded In 5 db stages of the sound level. Denoting the 1sobars so that
1sobar 1 1s assigned to the relative sound level 0 db, 1lsobar 2 to level 5 db,
then 1sobar 6 corresponds to the largest level L, = 25 db. 1In Table I the
gound levels L, the sound pressure amplitudes p and the corresponding fleld
point intervals r, as obtained from the 1/r law, are given for the six isobars.

Now consldering Filg. 7, which shows the sound distribution of the fileld
for the frequency = 4.0 kc, we agaln see the expected concentric circles
in the viclinlty of the emitter. Wilth Ilncreasing dilstance, the curves
gradually lose thelr circular shape, and are subject to wavy indentations.

In addition, individual 1slands form between the concentric curves.
These departures from the theoretlcally expected curve shape at first
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strike us as anomalous, but are easy to explain. The s3pace in which the
records are being made, although very strongly damped wlth respect to sound,
is not totally free from reflectlons. Even 1f 1t were, some interfering
reflectlons could not be entirely avolded, since the apparatus required for
the measurement mugdt be sltuated in the viclnlty of the fileld to be
investigated.

In what follows, the sound fileld records are to be quantitatively
evaluated. It wlll then be possible to say something about the order of
magnitude of the interferences observed. It will be the alm of this evalua-
tion to determine whether the sound emission 1s spherical. At the given
frequency f = 4 k¢ the ratio d/A = 1/4.25 1s obtained. Uith this only a
slight departure from the spherical characteristic 1s expected.

For the evaluation diameters D to D, of the recorded 1isobars are
measured. In the case of the no longer circular curves, the extreme values
Dmax and Dmin are determined. These values are entered in columns % and 4
of Table II1. The mean values Dmean determined from this are gilven in column
5. ilith the aid of the 10 cm grid, the gcale of reduction M for the diagram
is determined. Multiplying the values for Dmean by M/2, we get the radii r'
in the image plane (column 6). For small radli r' a correction must be
applied which takes into account the distance a between the emitter and the
tip of the probe. The distance r sought between fileld points 1s the
hypotenuse of a triangle, the bases of which are the radius pr' and the
distance a. According to the Pythagorean theorem, then

N/”IZ s 2
r = a + r .

The distances r between fleld polnts thus calculated are entered in column 7.
For these points we calculated the sound level values L obtained from the

1/r law. It is best to choose a reference point in the central reglon,

since that will glve the most accurate value. For the present example the
radius of the isobar 4 was chosen as reference. In column 3 the sound

levels Lcalc. are entered. The difference between Lcalc. and L is entered

as a mean deviation In column 9. Assumlng a reading accuracy of 0.5 mn,

then we get the uncertainties given in column 10, referred to the sound level.
The waviness of the lsobars at a greater distance 1s a consequence of level
fluctuations, which are given in the last column.

Considering the mean errors In column 9, it will be recognized that the
latter increase from -0.9 db (isobar 1) to +1.1 db (isobar 6). The drawing
of the 1sobars themselves entalls an uncertalnty of about *0.% db, made up
of the error owing to the nysteresls of the dlscrimlnators and the calibration

of the response voltage. Cven when all poasible sources of error have been
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taken into account, a part of the mean error still remains in the sense that
the drop in the level 1s steeper than glven by 1/r. Thus the regquirement
with respect to the spherical characteristic 1s not wholly satisfied. The
direction of the preferred sound emlsslion I1s perpendicular to the plane of
scanning, or, seen from the position of the earphone, is in the direction of
the sound-emlssion aperture.

The strikingly wavy character of the more distant l1sobars 1s a conse-
quence of fluctuations of level amounting to *#0.8 db in the vicinity of
isobar 1 and 0.6 db near isobar 2, In themselves these fluctuations are
slight and would scarcely cause any Iinterference for most practical measure-
ment purposes in the sound field. The fact that they appear so prominently
in sound fileld photography lies first of all in the nature of the 1/r
decrease and secondly 1n the exact character of the reproduction method,
which shows every detall of the field. In ordinary graphical repregentation
of fields, determined by point-by-point measurement, these fine details
cannot be brought out. The same applles to the 1slands appearing 1in the
plctures.

3ince the evaluation showed that for the minlature earphone and a
frequency f = 4.0 kc departures from the spherical characteristic were still
measurable, an attempt was made to realize the spherical emltter in another
manner. For this purpose a thin plpe having an outside diameter of 6 mm
and a length of 1 metre was used for sound transmission. A miniature ear-
phone is coupled to one end of the tube while the other end projects as a
probe into the sound field. TFor the frequency f = 4 kc, we thus get a ratio

d _0.6_ 1
AT B85 TIET
Compared to the first test the value is reduced by 1/3.

Flgure 8 shows the sound record of thils set-up. The evaluation 1is
carried out in Table IIXI, The mean error lies between O and +0.4 db. With
an uncertalnty of *0.2 db the level decrease corresponds to the expected
L/r relationship. In comparing thils with the sound picture of Fig. 7 1t is
noted that the departures from the circular shape of the isobars are greater
in Fig. 8, as the evaluation (last column, Table III) also indicates. Whereas
in Fig. 7 the 4 inner isobars are practically circular, in Fig. 8 only the
two innermost are undistorted. The magnitude of the level fluctuation as a
functlion of the distance follows different courses 1ln the two cases. Accord-
ing to Table III (the plpe) we get a fluctuation of *0.3 to +0.9 db for
1sobars 1 to 2, whereas with the mlnlature earphone the distortion becomes
greater with increasing distance. Presumably this effect depends on the fact
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that the pipe 1tself contributes to the sound emlgssion, so that an inter-
ference fleld 1is formed. Lffectlive insulation of the plpe would result in
an increase of diameter, which in turn would increase the ratio d/A.

For a broad class of experliments in which spherical emitters were
needed, therefore, miniature earphones were employed, since these do not cause
any additional sound fleld dlstortions and satisfy the spherical
characteristic requirement approximately.

To conclude these remarks, two additional points may be mentioned:

1. The evaluatlion of 1sobars in the immediate vicinity of the emitter is
not always possible within the speciflied uncertainty of measurement.
For one thing, the determination of the dlstance a between emitter and
recelver is not always unequivocal, and, for another, we cannot be
certain whether in every case the propagatlon of the sound can be re-
garded as undistorted, 1f the mlcrophone probe aperture is very close to
the emltter.

2. The 1sobar curves are as a rule interrupted or broken in two places.
This 1s a minor lack of refinement, due to the followlng causes:

During the time the microphone 1s moving along an 1sobar, 1.e. is not
intersecting 1t, the control voltage of the discriminator 1involved remains
congtant. If the response voltage 18 not exceeded, then the discriminator
cannot deliver a pulse. The consequence 1is that during this time recording
is interrupted. The scanning of the fleld takes place in the viecinity of
the emitter in an approximately perpendlcular direction. The figures show
that at places where the 1isobars are touched perpendicularly, the record is
briefly interrupted.

3.2. The group of two separate emitters

In this section a number of experimentally obtalned sound fleld records
are contrasted with graphical representations of calculated flelds, as
presented by Stenzel and Brosze 8),

In the near fileld, the group of two 1ndividual emitters shows very
complex fileld structure. In the theoretical representation of the fleld it
18 necessary to calculate a multiplicity of points in order to be able to
review the entire fileld by interpolation. HMoreover it 1s necessary to carry
on a separate calculation for each ratio d/A (geometrical elongation to the
wavelength)., 3Stenzel, therefore, confined himself to a number of specific
examples. The graphlcal representation of the calculated fields 1s carried
out, as for the gound field photograph, by means of curves of constant sound
pressure amplitude and equal phase in the plane of the emitter, which is
defined by the two emltters and the field poilnts. This type of representation
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permits direct comparison between the results of the theoretical calculation
and the practical results of measurement in the form of a sound field
photograph.

For the calculation of the field it was agssumed by Stenzel that the two
emitters are of zeroth order, 1.e. their dimensions are small compared with
the wavelength, and that the distance between the two emitters 4 = 2A. The
difference of initial phase between the two emitters 1s denoted by ¥, the
relationship between the two initlal amplitudes by b.

In the préctical execution of the comparison two minlature magnetic ear-
phones, which beat meet the requirements, were employed as emitters.

S0 that the sound fleld photograph could be readily compared with the
graphical representation, the phase distribution and amplitude distribution
in the field were recorded separately, A frequency of 6.8 kc was chosen for
the phase pictures, while the recording of the sound-pressure amplitude was
carried out at £ = 3.4 kc. Here, owling to the larger distance between
emitters (d = 2A
the interference field the isobars are very close to each other. The en-

it

20 cm) a better resolution is obtalned, because owing to

larged segments were chosen 30 as to correspond approxlmately to the scale of
Stenzel's sound fleld representation.

The following case 18 investigated:

Equal initial amplitude (b = 1), same 1initial phase (¥ = 0)

Sound fleld record of phase Flgure 0
Sound field record of amplitude Figure 11
For comparison: (after 3tenzel)

Graphical representation of phase Figure 10
Graphlical representation of amplitude Figure 12

Wwhen we compare the sound fleld records with the theoretically determined
field patterns, good agreement 1s obtalned. However, the following points
must be borne 1n mind:

Stenzel's representations of the lines of constant phase show curves
situated closer together than those of the sound field records. In the
former case they are drawn with an interval of w/4, while in the photo-
graphs the interval 1s 2w. There 1s also a difference in the curves of equal
sound pressure amplltude. In the photograph the ilnterval between two lines
corresponds to a sound level difference of 5 db, hence gradatlon conforms to
a logarithmlc scale. 3tenzel, however, shows a linear sScale. Here the
sound pressure ampllitudes 0.2% p, 0.5 p, 0.7 p, 1L.0 p, 1.5 p and 2.0 p are
asslgned to the curves,

It cannot be expected, of course, that the sound fleld photographs will
be entirely similar to the calculated representations, for the sanme
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disturbances (waviness of the isobars) must be expected that were dealt with
in the preceding section.

3.5. Investigation of a model bell

3.3.1. Introduction

Having now dealt with sound fields that can eaglily be grasped, or that
have already been calculated, we now conslider an emitter whose complete sound
propagation conditions have not yet been 1investigated, namely the bell.

People talk, of course, about the "tone" of a bell. Frequency analysis
shows a line spectrum: the tone 18 made up of various individual tones.

Each individual tone of the bell 18 a certain form of vibration, and 1s thus
asgsociated with a specific sound field,

The first 1nvestigations into the vibraticnal behaviour of the bell
were made 100 years ago by H. v. Helmholtz. 1In his book "The theory of
sound sensationa" & , which appeared in 1862, he wrote: '"The usual kinds of
vibrations (of the bell) are those in which 4, 6, 8, 10 etc, nodal curves
form which descend in equal intervals from the crown to the rim."

v. Helmholtz had already recognized the existence of nodal rings: “Other
bell vibration forms are also possible, Iin which nodal circles form that are
parallel to the rim; however, thegse appear difficult to produce and have not
yet been investigated."

The optical sound rleld representation of a model bell 1s 1interesting
from two points of view. In the first place it gilves information concerning
the composition of the total sound fleld from the flelds of the individual
partial tones. 3Secondly, it 1is generally possible without difficulty to draw
conclusions concerning the vibrational behaviour of the emitter. The method
usually employed hitherto to investigate the individual vibration forms was
the polnt-by-polnt scanning of the bell surface with vibratlion pilckups.

3.53.2. The recording of the sound fields

Wwhen struck with a clapper all individual tones of the bell are excited
simultaneously and contlnue sounding 1n accordance with thelr damping. This
manner of excltation 18 not suitable for the photographing of the sound fleld.
We must be certain that the sound fileld magnitudes remaln constant for the
entire recording time,

The bell was excilted to sinusoidal vibrations by means of an electro-
mechanical converter (phonograph record cutting system). It was thus
possible to exclte the essentlal partilal tones of the bell effectively. These
are tones of the following frequencies: 1.4 ke, 3.35 ke, 3.7 ke, 4.7 ke,

6.0 ke, and 9.0 kec.



..18.-

For each partial tone, three records were made as follows:

1. in a plane parallel to the axls of symmetry of the bell (slde view of the
bell) ;

2, and 3. 1n planes perpendicular to the axis of the bell, one below the
mouth of the bell (looking down) and the other above the crown (looking
up).

In all cases the distance to the object of measurement was made as small
as possible, so that from the point of vliew of the observer the recording
plane 1s lmmedlately behind the bell,

The model bell has a dlameter of 177 mm, a helght of 142 wm and a
welight of 3.2 kg.

3.%5.3. Evaluation

The evaluations wlth respect to the given form of vibration are carried
out according to the followlng scheme:

The plan view of the bell from below glves an 1dea of the position and
number of nodal meridlans. These can be determined both from phase and
amplitude records. The followirg 1is common to all records: In the phase
records, radially disposed zones of phase discontlinulty can be recognized.
They determine the number and position of the nodal meridlans. In the region
of the phase dlscontinuity the sound pressure amplitude is O, whlle the
maximum sound radlation occurs over the vibration bulges. The sound 1isobars,
therefore, yield u pattern cliaracterized by lobes in a stellar arrangement.
The number of lobes and their positions determine the vibration bulges.

Fig. 13 and Fig. 14 show examples of vibration forms with different numbers
of nodal meridians (4,6, 8 and 10).

The sound fleld records showlng the side of the bell yield information
on the lateral sound radiatlon, and thus on the cexlastence of nodal rings
(Fig. 15). Here the interpretation is cften somewhat more difficult. First
1t 1s neceszary to realize once more that the sectional plane is situated be-
hind the bell, the lobes which travel radially outward from the bell are
thus sectioned.

In general, the sound radlation is such that two main regions may be
distinguished. These are the components which are radlated by the vibrating
wall of the bell (a) outward and {(b) inward (towards the interior of the
bell). In view of the fleld configuration recorded in the plane of the
sectlon, these regions must be distingulshed. The part of the bell nearest
to the scanning plane ylelds the outwardly radiated component of the sound for

* Viewed from the directlon of the picture of the suspended bell.



-19-

recording purposes. Obviously it is in the vicinity of the radiating surface.
The opposite part of the vibrating bell wall also contributes to the fleld
configuration by reason of the component which i3 radlated towards the
interior of the bell. The sound emitted from this part of the bell willl be
visible in the right-hand part of the records of front of the mouth of the
bell,

For the evaluation the record originatlng from the inwardly radilated
sound 1s of secondary lmportance. The interesting part of the fileld lies
behind the bell and is in part concealed by 1t. However, if a nodal ring
exists, the sound pressure behind the bell must become O, 1n any event along
a perpendicular line (Fig. 15b). It must be possible to read this from the
position of the isobars in a part not masked by the bell. However, sound
field pictures Fig. 15%a is an example of the case where no nodal ring exists.
Here the phase pattern does not play so important a part as the field pictures
in the radial plane. The correlation, owlng to the different distances
between the sectlional planes and the radiating parts of the bell, 1s not
always unequlvocal.

The individual results thus obtained are summarized 1n Table 1V,

Table IV gives a review of the nodes of the bell vibrations. With
increasing frequency a bell vibrates wlth an ever greater number of sub-
divided elements. The subdivision 1s carried out according to certain laws
by newly added nodal meridians and rings (lO-ll)_

The very different sound field structure of the individual partlal tones
emphasizes the known fact that to the ear the bell sounds "dead" whenever the
bell itself does not move (for example, the striking of the hour by church
steeple clocks). In thils case a spectrum 1is offered to the ear of the
observer which varies but slightly. If the bell is tolled, however, the
partial tone composition changes continuously at the observer's ear, owlng
to the fact that because of the sharply differentiated directional
characteristics the 1ndividual partlal tones swell and fade. This makes the
sound appear dynamic and alive.

3.4, The gound field of a cylindrical pipe

The sound generated by a hollow cylinder when struck in some respect
resembles that of a bell. In geometrical form also there 1s a relationship
between the bell and a short plpe that 1s closed at one end. It seems chvious
therefore, that similaritles 1n the acoustical behaviocur willl be found.

The following investigations zre intended to show that the principal
forms of vibration of an open plpe are also characterized by the formation of
longitudinal nodal lines (parallel to the longltudinal axis of the pipe) and
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nodal rings (perpendicular thereto at the circumference).

The sound emitter was a brass pipe with the following dimensions:

Length 500 mm, outslde diameter 90 mm, wall thickness 5 mm.
The plpe was suspended horlzontally In two bands of ribbon. As with the bell,
the vibrations were excited wilth the ald of a cutting system 1n such a way
that vibrations are generated in the radlal directlon. Whereas 1n the bell
that was investigated the number of nodal meridians vary between 4 and 10,
only O or 1 nodal ring occurs. PFor the sound field records of the pipe fre-
quencies were selected which also show a greater number of nodal rings:

1. £ = 3549 cps, 6 longitudinal nodal lines, 1 nodal ring (Figure 16a);
2. f = 3743 cps, 6 longitudinal nodal 1lines, % nodal rings (Figure 16b);
3. £ = 4380 cps, 6 longitudinal nodal lines, 6 nodal rings (Figure 16c).

The sound fleld records show these condltions very clearly with respect
to the nodal rings.

3.,5. 3ound field records of a violin

Finally, we present sound fleld records of a violin. Although the re-
presentations obtained are scarcely sultable for an evaluation, they are
interesting for purposes of comparison with the sound fields hitherto shown.
The violin is distinguished as a sound emitter from all other investigated
types of emitter, by showlng no easlly recognizable regularities in its
vibrational behaviour.

Again, excltation was brought about with the aid of a phonograph record-
cutting system. The needle was located in a small hole in the bridge of the
violin. In this manner the violin can be excited to vibration with sinusoidal
stresses.

The sound field records (Fig. 17) show a side view of the violin
(Meistergeige L. Aschauer, Mittenwald, 1953). Figure 13 shows the section
through the field at the level of the bridge.

In Fig. 17a the frequency 13 £ = 3400 cps. In Fig. 17b and 18 £ = 5300
cps. These values were selected from the frequency curves of the violin,
which shows marked resonance at these points.

It is seen from Filg. 18 that the sound box vibrates 1in counterphase in
the plane of the section. The slde view records show that the vilolin vibrates
as an emitter of higher order.

Backhaus(le) and Backhaus and Ueymann(lj) determined the vibration forms
of the sound box for varlous frequencies by scanning the vibrating surface.
They found that a good violin vibrates as an emitter of second order at low
frequencies (f ® 200 cps) and as one of zeroth order at an intermediate fre-
quency (about f = 270 cps). Within increasing frequency the sound box again
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becomes an emitter of higher order. The position and number of nodal lines
vary radically wlth the frequency and also differ on the upper and lower
slde of the sound box,

From this an extremely compllcated field structure results, for which
the sound fileld records are intended to serve as an example,.

3.6. Tests in the ultrasonic region

Although the apparatus was not orilginally intended for frequencies
above the audible range, it neverthelesgss could still be uged in the ultra-
sonic reglons (f = 30 ke). For this purpose it is only necessary to use a
thinner probe (4 mm diameter). An emitten whose sound fleld has been recorded,
was bullt by P. Bocker and was used to generate ultrasound of high intensity
in air. The results have already been 1:'epor't:ed(lu
The 1nvestigations were carried out 1in the Ascoustics Section of the
Physikalisch-Technische Bundesanstalt. The author wishes to thank Professor
Dr. M. Grlitzmacher, Chief Director of the Department, for encouraging him to
do this work and for continually helping wlth 1t. Thanks are also due to
Dr. W. Kallenbach for many valuable discusslons and suggestions.
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Table I

Decrease of sound level by the 1/r law

Relatlve Asgoclated sound | Assoclated distance
Isobar sound pressure between
No. level amplitude fileld points
L p r
db
1 0 P, 17.8 r,
2 5 1.73 p, 10.0 T,
> 10 3.16 p, 5.6 1,
4 15 5.6 p 3.16 r,
5 20 10.0 p, 1.78 r,
6 25 17.8 b, T

Table II and Table IIX
see
Pages 2% and 24

Table IV

Oscillation forms of the model bell

Number of Number of
Frequency nodal llnes nodal rings
ke
1.4 4 0
3.25 6 0]
2.7 b 1
b7 3 1
6.0 8 0
9.0 10 0
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Flg. 1

Ground plane of the experlmental
get-up in the photography room.
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Flg. 2
Scanning apparatus

Fig. >
Block diagram

Fig. 4

0Oscillogram of the microphone
voltage (above) and of the
lamp current in phase
representation (below). f = 4 ke
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Fig. 5

Oscillogram of the microphone
voltage (above) and of the
lamp current in amplitude

representation (below). f = U4 ke

Fig. 6

Sound field of a spherical
emitter. Phase representation.
f = 3.4 ke

Fig. 7 Fig. 8
Sound field of a spherical emitter. Sound field of a spherical emitter.
Amplitude representation. Amplitude representation.
f =4 ke. d/n = 1/4.25 £ =4 ke. d/N = 1/14.2

(@ = diameter of emltter) (d = dlameter of emitter)



Fig. 9 Fig. 10

Sound field of two emitters. Sound field of two emltters in
Phase representatlon. graphical representation.
b=1; ¥ =0°;, f = 6.8 ke Curves of constant phase.

b=1; ¥ = 0°, (Taken from ref. 3)

Fig. 11 Fig. 12
Sound field of two emitters. Sound field of two emitters in
Amplitude representation. graphical representation. Curves of
b=1; ¥=0° £ = 3.4 ke constant sound pressure amplitude.

b=1; ¥ = 0°, (Taken from ref. 3)
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Fig. 13

A model bell excited with
various natural vibrations.
View from above. Combined phase
and amplitude representation.
Frequency of partial tones:
a) 1.4 ke, b) 3.35 ke, c) 3.7 ke,
d) 4.7 ke, e) 6.0 ke




Fig. 14

Jound field of a model bell. View
from above. Phase representation.
Partial tones: 9.0 kc

Fig. 15

Sound field of a model bell.
Excited to various natural vibratlons.
Slde view. Combilned phase and
amplitude representation. Frequency of
partlal tones: a) 3.35 ke, b) 4.7 ke
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Fig. 16

Sound field of a cylindrical pipe
exclted to various natural vibrations.
Combined phase and amplitude
representation. Frequency of
partial tones: a) 3.5 kc, b) 3.7 ke,
c) 4.9 ke

Mg, 17

Sound field of a violin excited
with sinusoildal tones. Combined
phase and amplitude representation.
Slde view. Excitatlon frequency:
a) 3.4 kc, b) 5.3 ke



Sound fleld of a violin.
Comblined phase and amplitude representation.
Sectlon through the field at the level
of the bridge. Excitation frequency 5.3 ke



