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One of the fundamental assumptions in free-field reciprocity calibration of microphones is that the
microphones can be substituted by point sources at the positions where the acoustic centers are
located. However, in practice the microphones have finite dimensions and, at the distance and in the
frequency range where the measurements are made, the direct wave and the subsequent reflections
from the microphones interfere with each other, creating a “standing wave.” This interference effect
gives rise to deviations from the inverse distance law, indicating that the free-field assumption is not
strictly valid. The interference has been thought to be caused by specular reflection between the
parallel diaphragms of the microphones, and a solution based on tilting the axis of one of the
microphones a few degrees has been proposed, but never examined in practice. In this paper a
time-selective technique is applied for analyzing the interference and for removing it in the time
domain. It is shown that the phenomenon is due to multiple backscattering rather than specular
reflection. Thus tilting one of the microphones does not alleviate the problem, as also demonstrated
experimentally. However, the time-selective technique is quite effective in removing the interference
effect and other disturbances from the direct wave between the microphonez00©Acoustical

Society of America.[DOI: 10.1121/1.1795333

PACS numbers: 43.20.Fn, 43.20.Ye, 43.38[K3Z] Pages: 2771-2778

I. INTRODUCTION “standing wave” between the microphones, has been ob-
served in some practical implementations of the

Free-field reciprocity calibration of condenser micro- US55 Thi
phones is a well-established technique used for obtaining thChNique:™"This problem has been thought to be caused

absolute sensitivity of condenser microphones under fred2y “Specular” reflections between the parallel diaphragms of
field conditions. This is reflected in the fact that there is anth® microphones. Since such an interference represents a de-
international standard for such calibratidnhe theoretical ~Vviation from the basic assumptions of the technique, it has a
foundation of the free-field reciprocity calibration of micro- hegative effect on the accuracy of the calibration.
phones was developed by MacLé&amd Wathen-DunnA De- One of the solutions proposed for solving this problem
scriptions of the practical implementation of the techniqueconsists in finding the “optimal” distance where the magni-
have been given, e.g., by Rudnick and Sfeand more re- tude of the “standing wave” becomes negligiiélowever,
cently by researchers from a number of national metrologyas the distance between the microphones is increased, the
laboratories’ Some years ago an international comparisorinfluence of reflections from the walls of tiim practice less
among several national metrology laboratories was carriechan perfedgtanechoic chamber will be more serious, making
out? yielding results that have motivated further research onhis solution impractical. It has also been suggested to tilt the
certain aspects of the calibration technique. axis of one of the microphones a few degréedut this

One of the basic assumptions of the underlying theory isnethod has never been examined in practice because of the

that the microphones can be substituted by point sourcegfractical difficulties in the mechanical positioning of the mi-
receivers with a given diffraction factdr3 This greatly sim- crophones.

plifies the procedure, and a quantity proportional to the prod-
uct of the free-field sensitivities of the two microphones, th
electrical transfer impedance, can be obtaih@te diffrac-

tion factor is the result of the finite size of the
microphones:*® However, another result of the finite size of
the microphones, a phenomenon often referred to as

The interference problem has hitherto been analyzed in
he frequency domain by comparing transfer impedances
measured using different distances between the micro-
phones:® However, a fast Fourier transforitiFFT)-based,
time-selective technique has recently been developed and ap-
Slied to the free-field reciprocity calibratidhThis technique
makes it possible to determine the impulse response corre-

, Electronic mail: sbf@oersted.dtu.dk sponding to the electrical transfer impedance and thus iden-
Electronic mail: kr@oersted.dtu.dk

9Electronic mail: fia@oersted.dtu.dk tify the direct impulse response between the microphones
9Electronic mail: Imuniz@cenam.mx and responses resulting from unwanted reflections. Subse-
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quently the undesirable components can be eliminated bgecondary reflection at the receiver microphone. To get an
means of time-windowing. idea about this ratio three cases can be considered: pure
Quantifying the interference phenomenon is not easyspecular reflection, scattering when the dimensions of the
There is no analytical solution to the wave equation for thewo bodies are much shorter than the wavelength, and scat-
geometry of the two microphones facing each other. Numeritering when the dimensions are much larger than the wave-
cal methods such as the boundary element metB&M) length.
can solve the problem, but substantial computer resources
will be required. In a recent paper concerned with the scat-"
tering of an array of closely spaced microphones; rthia Consider a point source located on an infinite, rigid
and Jacobsen used a three-dimensional BEM formulation fdpaffle, and a second parallel, rigid baffle located at a distance
simulating a X3 microphone array and added the pressurel in front of the baffled source. The receiver is the point on
increase on the diaphragm of the microphone located in théhe second baffle directly in front of the point source. A wave
center of the array caused by each of the surrounding micreemitted by the source will travel the distandeoward the
phones, one at a timé.Although this procedure does not baffled receiver, where it will be reflected back. The reflected
give the complex interference that occurs when all the miwave can be regarded as generated by an image source lo-
crophones are interacting at the same time, it gives a fairlgated at a distanced behind the reflecting baffle. The re-
good approximation. This approximate procedure was devellected wave will travel back to the baffle with the original
oped because of the large amount of computational resourcésurce, where it is reflected once again. This second reflec-
required for direct modeling of the microphone array. Al-tion can be thought to be caused by a second image source
though there are only two microphones in the free-field recidocated at a distance ofd2behind the baffled source. Thus,
procity arrangement, it is specified in the standard that thevhen the second reflection reaches the receiver in front of
length of the rods on which the microphones are mountedhe source, the sound wave has traveled three times the dis-
should be “long compared to the diameter of the micro-tance between the baffles. Note that the second image source
phones,” to avoid interference from the end of the rbdasid  has the same strength as the original source, because the
in practice rods more than 20 times longer than the diametegnergy is fully reflected from the infinite baffles. Therefore,
are used. Thus, the number of required elements of the BENhe logarithmic ratio of the amplitude of the second reflection
model would be as prohibitive as in case of the microphondo the amplitude of the direct wave at the receiver position is
array studied in Ref. 12. However, the case where the axes of
the microphor_les are aligned_ can be modeled using a far R=20|o%i)=—9.54 dB. 1)
more economical axisymmetric formulatidh. 3d
The problem of the interference between the transmitter i )
microphone and the receiver microphone is not only relevanf "€ rélation between the amplitudes of reflected waves at
in a free-field reciprocity calibration, but also for comparison WO different distances between the baffles can be expressed
methods where the transducers under study are closely 1S the logarithmic ratio of the distances,
cated in front of each other. Thus, our purpose in this paper is d,
R'=20 Iog{ —) . 2
d;

Specular reflection

to analyze the interference between the source and the re-
ceiver in free-field calibration in general. The time-selective
technique described in Ref. 11 is used for examining the
“standing wave” when the microphones are aligned and forB. Scattering
investigating the effect of tilting one of the microphones. The

) . When the diameters of the source and the receiver are
experiments are supplemented by BEM calculations.

smaller than or comparable with the wavelength, specular
reflection is not very realistic; it seems more reasonable to
assume that the sound wave generated by the source is scat-

Consider a source with finite dimensions and anothetered by the second body. This means that the reflected en-
(passive body, the receiver, some distance away in a freeergy will only be a fraction of the energy emitted by the
field. If a portion of the surface of the source moves with asource. This fraction may be expected to be related to the
given velocity distribution it will generate a sound wave thatsolid angle formed by the receiver, as seen from the source.
propagates away from the source. A fraction of the sound’he most adequate way of establishing the relation between
energy is scattered by the receiver back toward the sourcéhe direct wave and the backscattering from the receiver mi-
When this backscattered wave impinges on the body of therophone would be to solve the wave equation with the
source, it gives rise to yet another wave that propagates td3oundary conditions posed by the bodies of the microphones.
ward the receiver. Thus, the receiver will register the directHowever, this problem cannot be solved analytically. There-
wave and the secondary reflection from the source. fore the simple case of scattering by a sphere is analyzed

In the case at hand the source and the receiver are comstead, on the assumption that it can, at least, illustrate the
denser microphones in a free-field reciprocity calibrationphenomenon and give an idea about orders of magnitude.
setup. As specified in the standard, the two microphones are Assuming harmonic variation with the 1! sign con-
mounted on long cylindrical rods with the same diameter andrention, the sound pressure scattered by a solid sphere of
placed in front of each other in an anechoic robthwould  radiusa, centered at the origin of a spherical coordinate sys-
be interesting to estimate the ratio of the direct wave to theem, can be calculated from the expresétfon

Il. THE INTERFERENCE MECHANISM
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Tmal—is Ps2 _ a
ps(r,0)=—AX {(2m+1)j™ e 1% Al lar ©)
m=0
X $in 8, P C0sH) (KN}, &) Equation(7) shows that the scattered pressure is much

lower than the direct pressure at low frequencies, but de-
where A is the amplitude of a plane wave incident in the pends strongly on the frequency. It can also be seen that the
direction =0, h,(x) is the spherical Hankel function of first ratio decreases roughly by 12 dB as the distanisedoubled.
kind and ordem, P, is the Legendre function of orden, k At high frequencies, Eq9) shows that the scattered pressure
is the wave number,is the distance to the observation point, approaches a frequency-independent fraction of the direct

and the angle5,, is defined as pressure, and the ratio decreases by 12 dB when the distance
. . is doubled.
5m=arctar{ (M+1)m+a(ka) ~Min-1(ka) _ 4 Equation(3) shows that the scattered pressure depends
mny,_g(ka)—(m+1)np. i (ka) on the cosine of the incidence angke,which equalss for
In this expressionj,, andn,, are the spherical Bessel and Straight backscattering as in E). The cosine is a slowly
Neumann function of ordem. varying function for arguments around At high frequen-

If the two transducers in a free-field calibration setupCies there is no influen.ce of the angle at(abk(;ept ay=0in
may be approximated by spheres, and if it can be assumdfje shadow zone.behlnd the ;phéﬂaThus, insofar as one
that the wave from one sphere may be regarded as localf2" draw conclusions about microphones from spheres, only
plane when it arrives at the other sphere, it follows that the? modest influence of small tilting angles in the calibration
amplitude of the sound wave impinging on the receivingSetUP can be expected.

sphere after being scattered by both spheres in succession, is |t S€éms reasonable to present the results of the forego-
ing considerations in the same way as HEdsand(2). Thus,

* el i from Eq. (7), the ratio of the secondary reflection to the
ps,2:_psm2:0 {(2m+1)jm e Iom direct sound is

. 5 k?as

X SiN 8P y(cosm)hy(kr)} R~401lo 5 d |’ (10
—A 2 {(2m+1)j™* e i%m at low frequencies, and, from E(p),
m=0
a
2 R=40 Io% %) , (11)

Xsin 8P m(cosm)hy(kr)} (5)

at high frequencies, and the ratio of the amplitudes of the

where the distance between the spheres i is apparent secondary reflection at two different distances is

that the ratio of the secondary reflection to the incident sound , d;

pressure depends on three quantities; the radius of the R"=60 |0‘\<d_2 ' (12)

spheres(which is present in the angle,), the distance ] .

between the spheres, and the frequency. Whase1 the &t low as well as at high frequencies.

infinite series in Eq.5) can be truncated to the first two

terms,m=0 and 1, and thus lll. EXPERIMENTAL RESULTS

@%(je,jﬁo sin 8,Po(cos)hy(Kkr) Some experiments have been carried out with a setup for

A free-field reciprocity calibration in an anechoic room using
—3e 1%15in8,P,(cosm)hy (kr))? the measurement te_chnique desc_ribed in Ref. 11. The

anechoic room used in these experiments was not the very
ekl o s i\1? small room described in Ref. 11, but DTU’s “small anechoic
:[W e )%sindy+3e )% sind; cosar| 1+ - H , room,” with free space dimensions 4«&.1X2.9 m and a

lower limiting frequency of about 100 HZ. The micro-
©) phones were mounted on long cylindrical rods. The electrical
which, with the asymptotic values of the spherical Bessetransfer impedance between two microphones was measured
and Neumann functions for small argumeltsjmplifies to ~ frequency by frequency, and the corresponding impulse re-
e 3 ) sponse was calculated by an inverse fast Fourier transform.
Ps2_ [ € (ka) Two cases were studied, frontal incidence where the axes of
A \wos D the mi inc ique inci
e microphones coincided, and oblique incidence where one
of the microphones was tilted a few degrees. The experimen-
tal arrangement is shown schematically in Fig. 1.

1-1—3
2

j
1+H

Whenka>1, Eq.(3) become¥

a . .
_ A. Frontal incidence
lpdl=IAl5-, ®)
Although microphones are not spheres it is interesting to
and thus compare the experimental results with a prediction based on
J. Acoust. Soc. Am., Vol. 116, No. 5, November 2004 Barrera-Figueroa et al.: Interference between microphones 2773
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sponses, calculated from E@.3), on the assumption that the
microphones scatter sound as spheres with the same diam-
eter.
om— B Whereas it may be difficult to separate the direct sound
uwh from the reflections in the frequency response, these compo-
o nents are clearly differentiated in the time domain. The per-
FIG. 1. A simplified sketch of the experimental arrangement. The top figurdurbation that occurs just after the direct impulse response is
represents the case of frontal incidence, and the figure below represents thgle to the “standing wave” between the microphones; as
case where the axis of one of the microphones has been tilted at anﬁangleexpected, it appears at an instant Corresponding roughly to
the time it takes a wave front to travel three times the dis-

Eq. (5). The electrical transfer impedance between two mi-tance between the microphones. Subsequent disturbances are
crophones represents the ratio of the output voltage of theaused by reflections from the walls; they appear at instants
receiver microphone to the input current through the transcorresponding to the time it may take a wave to travel from
mitter microphoné. If microphones scatter sound as sphereghe transmitter microphone through reflections from the

then the electrical transfer impedance is modified as followswalls to the receiver microphone.
According to the analysis in Sec. Il the secondary reflec-

tion will decrease rapidly as the distance between the micro-
phones is increased if the phenomenon essentially is scatter-
ing; according to Eq(12) it should decrease by 8.8 dB when
whereZ, 1, is the ideal electrical transfer impedance and thethe distance is increased from 200 to 280 mm. On the other
second term in the parentheses represents the error due to thgnd, if the phenomenon is specular, the reflection should
“standing wave.” The ideal transfer impedance is calculatedjecrease much less, only 2.9 dB according @4. It can be

as described in Ref. 11 on the basis of expressions given i§een from Fig. 2 that the peak value of the secondary reflec-
Ref. 1. tion decreases by about 10 dB both in the experimental case

Figure 2a) shows the logarithmic modulus of the Hil- and in the theoretical prediction based on approximating the
bert envelope of two impulse responses between two 1-ifmjicrophones with spheres. This demonstrates, perhaps not
laboratory standartLS1) microphones of type Bel & Kjeer  surprisingly, that the phenomenon is scattering rather than
(B&K) 4160 at two different distances, 200 and 280 mm.gpecular reflection. It also confirms that the amplitude of the
Figure 2b) shows the corresponding theoretical impulse re«standing wave” is reduced more rapidly than the direct

sound when the distance between the two microphones is

40+ , , - increased. However, this may not be a practical solution be-

(@) cause the signal-to-noise ratio becomes very poor as the dis-

tance is increased, and reflections from the walls become
more serious.

At a distance of 200 mm between the objects the sec-
ondary reflection is about 15 dB stronger compared with the
direct sound in the experimental results than in the case of
scattering by spheres. This is not totally unexpected since
backscattering depends on the shape of the scattering object.
For example, at low frequencies the amplitude of a scattered
wave from a sphere differs from the scattered wave from a
disk by a factor of &/4.1° The shape of the pulse represent-
ing the secondary reflection also depends on the scattering
B0+ o object; for example, the double peak seen in Fi@p) & due
(b) to the fact that the sound wave travels around the sphere.

Furthermore, LS1 microphones have a small front cavity or
recess that may act as a resonator, increasing the backscatter-

1+ Pe2

Al 13

ro_
Ze,12_ 26,12

Logarithmic modulus (dB)

or ing; see Fig. 3.
The influence of the front cavity has been examined ex-
20 perimentally by measuring the electrical transfer impedance
between two microphones with and without the front cavity.
40 i~ Figure 4 shows the Hilbert envelope of the impulse response
' SR NEAT f ts with a pair of microphones of type B&K
, ‘ _ VOAARAAS © e of measurements wi pai icrop S yp
600 1 2 3 4 4160 and a pair of microphones of type B&K 4145 without a

Time (s) x10°° protection grid located 200 mm from each other. The impulse
responses have been normalized to the same amplitude of the

FIG. 2. The logarithmic modulus of the Hilbert envelope of the impulse girect sound.

response with two different distances between the microphones: —, 20 . . . . .
mm; ——, 280 mm.(a) Experimental resultgp) the calculation in which the The first dlsturbancg after the d”e.Ct impulse response Is
microphones are approximated by spheres. the result of the “standing wave,” which appears at an in-
2774 J. Acoust. Soc. Am., Vol. 116, No. 5, November 2004 Barrera-Figueroa et al.: Interference between microphones
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Diaphragm

1.95 mm nominal
1.95 mm nominal

Diaphragm
FIG. 3. (8 Microphone of type LS1
(B&K 4160); (b) the microphone of
type B&K 4145 with a protection grid;
(c) the microphone of type B&K 4145
without a protection grid.

Diaphragm \

gt
—

i

(UL (CU

2 23.77 mm nominal

stant corresponding to the time it takes a wave front to travelvave” between the microphones changes significantly for
three times the distance between the microphones. Later réiting angles up to 4°, and the impulse response with angles
flections from the mounting setup can be neglected in thigf 0° and 2° almost coincide. The most significant change
analysis. It can be seen that the amplitude of the secondagyccyrs with an angle of 8°.

reflection of the microphones with a front cavity is nearly A similar experiment was made with microphones with-

tW(.) times larger than that of the B&K 4145 mlcrophones.out the front cavity, type B&K 4145, without protection grid;
This may be due to a transversal resonance of the front cay-

ity, or the cavity may act as a focusing element that amplifies 9. 6 s.hows.the results. As mentioned pefore, there is a
the backscattering geometrical difference between an LS1 microphone and the

B&K 4145; the former has a front cavity and the latter has
not. It is known that this difference has a significant effect on
the free-field sensitivity’ The temporal positions of the ech-
Figure 5 shows the Hilbert envelope of the impulse re-ges are the same as in the previous experiment, but the
sponses between two LS1 microphones obtained from me@yange in the amplitude and shape is much less pronounced.

o

surements where one of the microphones has been tilted 0I ; P : :
n fact, there is no significant change in the amplitude at an
2°, 4°, and 8°. The amplitudes are normalized by the ampli- g g P y

tude of the direct sound. Again there is first an echo at abouf%ngle’ although the shape of the echo seems to widen and

2 ms, which is the time it takes the secondary reflection toSpllt into two components at 8° in the same way as observed

reach the receiver microphone. Subsequent reflections afdth the B&K 4160 microphones. Presumably the stronger
caused by traverse rods of the mounting setup; they can HeAckscattering of the B&K 4160 microphones and the larger
disregarded in this analysis. It can be seen that neither thffect of tilting the microphone can be attributed to a focus-
amplitude nor the shape of the echo related to the “standinggd effect due to the front cavity.

B. Oblique incidence

Normalized Amplitude
Normalized Amplitude

o
=]
&)
N
-
o
N
&)
w
w
n
s

ol\)
o
w»
—
-
&)l
N
»
w
w
4
I

2
Time (s) %1078 2 }
Time (s) %10 °
FIG. 4. A comparison between the Hilbert envelope of the normalized im-
pulse response of the electrical transfer impedance between two micrd=IG. 5. The Hilbert envelope of the normalized impulse response corre-
phones located at a distance of 200 mm from each other. —, LS1 microsponding to the electrical transfer impedance between two LS1 microphones

phones(type B&K 4160; —-—, microphones of type B&K 4145 without a (type B&K 4160, one of which is tilted at different angles. —, 0%, 2°; —,
protection grid. 4° —.— 8°.
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0 0.5 1 1.5 . 2 25 3 35 4
Time (s) -x107 FIG. 7. The ratio of secondary reflection to direct sound at a distance of 200

mm between the objects.G—, numerical results for LS1 microphones;
FIG. 6. The Hilbert envelope of the normalized impulse response corre—+—, numerical results for microphones of type B&K 4145 without a pro-
sponding to the electrical transfer impedance between two microphones déction grid; ——, spheres; —, experimental results for LS1 microphones
type B&K 4145 without a protection grid, one of which is tilted at different (type B&K 4160; —, experimental results for microphones of type B&K
angles. —, 0°%: -+, 2°; —, 4°;, ——, 8°. 4145 without a protection grid.

ing wave” using the technique described in Ref. 11, and then
transforming them to frequency responses by applying the

To obtain a more realistic estimate of the amplitude ofFourier transform, and eventually calculating the ratio of the
the secondary reflection than provided by approximating thélisturbance to the direct wave. The case of the sphere is also
microphones with spheres, a numerical solution of the scateresented.

tered field is needed. This can be obtained by applying the It can be seen that the ratio is significantly larger for
Boundary Element Metho(BEM). microphones than for spheres. It is also apparent that there

First, the problem of obtaining an estimate of the factorare substantial differences between the backscattering of the
(ps2/A) for frontal incidence is considered. For this pur- two types of microphones. Whereas the calculated ratio for
pose, an axisymmetric BEM formulation is usédA plane  the microphone without the front cavity increases nearly mo-
wave is incident on the body of a microphone mounted on &otonously with the frequency, there is a change in the slope
long rod. The rod has a length of 60 cm and is rounded at th&om ka values between 2.5 and 5 for the microphone with a
end. The finite length introduces a small disturbance in thdront cavity. This more irregular behavior may be caused by
simulated results because of the reflections from the end, biiie influence of the first radial resonance of the front cavity.
it is expected that the amplitude of such a disturbance ighe experimental results for the B&K 4160 microphones
small. The highest frequency in the calculations is 30 kHzappear to be in tolerable agreement with the numerical cal-
The size of the smallest element in the axisymmetric mesh igulations, considering the fact that they are experimental
2.5 mm. Thus, there are at least four elements per wavesecond-order data determined with a very poor signal-to-
length at the highest calculation frequency. noise ratio. The experimental results for the B&K 4145 mi-

It is well known that BEM solutions for exterior prob- crophones are in poor agreement with the numerical results
lems can be contaminated by spurious results associated wifr ka values between 2 and 5.
fictitious eigenfrequencies in the internal domain of the  Finally, it would be interesting to have an illustration of
geometr)}:S This is also known as the nonunigueness problhe sound field around the microphones. This can be deter-
lem. In the case at hand this problem can occur above abotitined by simulating two microphones in front of each other.
10 kHz. The nonuniqueness problem has been avoided bjhe diaphragm displacemeny, of the transmitter micro-
adding a random CHIEF point, as described in Ref. 18 andghone under uniform pressure conditions is
further checked by calculating the condition numbers of the Jo(Kyt)

. . . . o\hMm
BEM matriced® and by repeating calculations with small n(r)=|———
frequency shifts. Jo(kua)

Figure 7 shows the modulus of the facta,/A) for  whereJ, is the Bessel function of zeroth ordey is a con-
the microphones with and without a front cavity. The modu-stant that describes the amplitude of the movenigpis the
lus has been determined from the BEM calculations and, fowave number of the diaphragm,is the radius of the dia-

a comparison, also from the experimental results shown iphragm, and is the radial coordinate. Equatida4) is ex-

Fig. 5. The BEM calculations are based on the ratio of thepected to represent the actual distribution fairly W&thus,
direct wave to the backscattered wave. The experimental rehe simulated geometry consists of two microphones
sults have been determined by time windowing the directmounted on rods, facing each other. The same meshing pa-
impulse response and the disturbance caused by the “stanthmeters as in the previous calculations were used, but this

IV. NUMERICAL RESULT

1 70, (14)
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by the two microphones. This interference cannot be elimi-
nated by tilting the axis of one of the microphones a few
degrees, as suggested; fairly large angles are required. How-
ever, this would introduce additional complications. For ex-
ample, the acoustic center of a microphone, which is essen-
tial to know in free-field reciprocity calibratiohdepends on

the angle of incidence.

The interference problem is larger for LS1 microphones,
which have a front cavity, than for microphones without a
front cavity, such as B&K 4145 without a protecting grid, in
agreement with the fact that the latter have a more uniform
directional behavior as a function of frequency than micro-
phones with a front cavity/

VI. CONCLUSIONS

The interference between the two microphones in a free-
field reciprocity calibration has been analyzed in some detail.
The phenomenon is an interference effect due to multiple
backscattering from the bodies of the transducers rather than
a “standing wave” between the diaphragms. Therefore, tilt-
ing the axis of one of the microphones cannot eliminate the
phenomenon. Time-selective techniques seem to be more ap-
propriate.
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