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ABSTRACT

This article deals with a characterization of the early reflections generated by a linear Wave Field Synthesis
(WFS) array. Techniques based on the use of planar microphone arrays suffer from an inability to discriminate
side-wall reflections from ceiling-floor reflections. An approach combining the use of a high spatial resolution
microphone with a geometric model is investigated in order to overcome this problem.

1. INTRODUCTION ting aside the case of extended sources, it can be approx-
A current topic of research in surround sound con-imated that real instruments on stage will exhibit point
cerns the application of Wave Field Synthesis to the ensource radiation patterns. This is not the case for virtual
hancement of live concert performances, whereby virtuasources reproduced using a linear WFS array; though
sound sources are rendered on stage alongside real itheir sound field in the horizontal plane may resemble
struments. This juxtaposition of real and virtual sourcesthe target source’s sound field, the array itself radiates as
on stage implies the possibility for the audience to assesa finite line source in 3D. This entails a different mode
the quality of the WFS rendered sound field by directof interaction with the listening room, and differences are
comparison with a real source sharing the same physicdb be expected when comparing the room effect associ-
space. ated to a real source and the room effect that is naturally

duced by a WFS s
On one hand, thelirect sound field produced by real produced by a array

sources will be compared to the direct sound field of 4 dv of the | b
virtual sources rendered by WFS. Previous research hdg [4] & study of the late reverberance component asso-

yielded a content-dependent multi-channel equalizatiorﬁ:IatEd to WFS sources is carried out. For a real source

scheme which allows an optimization of the direct soundradiating sound into a concert hall, the total power emit-
field within the horizontal plane situated in front of the ted by the source above the Schroeder frequency does not

loudspeaker array [1]. This algorithm, which Supposesdepend on its position or orientation. It follows that the

free field conditions, generates a set of filters to be alo1ate reverberance will remain steady during source move-

plied to the loudspeakers in order to produce the best pogaents and rotgtlodnz on f/t/aFgSe. In [4]'the :Euthors shovxl/)thﬁt
sible least-squares approximation of a real source’s githe power emitted by a array Is subservient to bot

rect sound field. The proposed framework also offers th ositioning and _or_ientation of the vi_rtual source, mair_ﬂy
means to render the direct sound fields of virtual source hecause of .tlrlle f|.n|te eXtﬁmff thg window th'ra\oughr\]/v lec.h
displaying variable directivity patterns, based on a lineq e source illuminates the listening room. A method is

decomposition of the sound field onto a basis of spatiap,mposed allowing to predict the power associated 1o a
eigenfunctions [2],[3] virtual source synthesized by a WFS array for any po-

sition and orientation of the source. When directivity
On the other hand, the audience will be able to judge thend/or spectral characteristics of the transducers cannot
realism of virtual source reproduction by comparing theeasily be modelled, in-situ measurements of the array
room effect associated to real and virtual sourcesSet-  synthesizing a given virtual source can provide the power
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estimation through time-frequency analysis proposed irnThe microphone used in this study is a third-order, full-
[5]. sphere acoustic field microphone, as described in [9]. Its

The goal of the present article is to expose a compli—prinCiIOIe is based on the decomposition [10, 11] of an

mentary characterization of the room effect produced byacou_st_m fieldp(r, 6, <p7t_) nto a series of .FOU'T'ef"?esse'
a WFS array, in which the focus is shifted towards thecoefflmentsphm(t_). This decomposition is given in the
early components of the impulse responseMethods frequency domain by

for characterizing the early components of an impulse w |

response using microphone arrays have been developedP(r, 6, ¢, f) = 4HZ; z A.m(f) i'ii(kr)yM(6,9) (1)

in the past as tools for auralization [6]. It was shown =0m=—I

that a circular array geometry could be used to performNhere:

a high order cylindrical harmonic decomposition of the
sound field in a concert hall [7]. However when consid-
ering 2D microphone arrays the problem of discriminat-
ing floor/ceiling reflections from wall reflections arises,
as stated in [8]. This discrimination is crucial for proper e R ,(f) is the Fourier transform af m(t),

sound field characterization, since the reflections stem- . .

ming from the vertical dimension are "re-mapped” upon ® P(T;8, @, f) is the Fourier transform g(r, 8, ¢.t),
the 2D plane and can therefore constitute a source of er-
ror in the interpretation of the array measurements.

e k=2mf/c, cis the speed of sound, approximately
340 m/s,

i1(x) is the spherical bessel fonction of ord€g],
In light of this problem, the authors investigate a new * ¥'(6,9) is the spherical harmonig, m) [9].

method for characterizing the early components of the

room effect associated to a WFS array. This methooUSing this formalism, it is possible to scan the full 3D

combines the use of a 3D high spatial resolution micro-aCOUStiC field using the discrete set of sigralg(t). In

phone array [9] with a simple geometric model of the lis- _real-world applications_ of this dgcomposition the_ series
tening room in order to identify different reflection com- IS truncated above a given maximum valu.e. iowhich
ponents. The proposed characterization will focus on thé® referred to as the orderof the decomposition.
horizontal plane because of its importance in regard torhe Fourier-Bessel coefficients can be interpreted in
spatial perception. This can be properly done becausthree different ways, as represented on figure 1:

the use of a 3D array mitigates the influence of vertical

components. e a directivity function giving the source distribution

The first section of this paper will be dedicated to de- ' SPace,
scribing the functionalities of the microphone and how
it can be used to extract directional information in a 3D
sound field. In the second section, a simple image source
model is used to simulate the in-situ measurement of an e a spectral representation of the amplitude of the
ideal source and an ideal WFS array by the 3D micro- Fourier-Bessel coefficients arranged in a triangle.
phone array placed in the Espace de Projection concert

hall in IRCAM. The model is used to analyze the dis- The microphone used throughout the present article is
crepancies that can be found between the early room ef third-order Fourier-Bessel microphone, which means
fect produced by an ideal point source and that producethat it delivers an estimation of the Fourier-Bessel coef-
by a WFS array synthesizing at the same position in thdicients of the acoustic field in which it is immersed, up
room. In the final section, the results of the simulationto order 3.

are confronted with real measurements of a 48 channe}lzl Principle

WEFS array in the Espace de Projection.

The design of the microphone is based on spatial sam-
2. DESCRIPTION OF THE HIGH SPATIAL RES- pling [9]. This general approach considers a microphone
OLUTION MICROPHONE ARRAY consisting in an array of capsules of known character-
2.1. Presentation istics (by measurements or modelling). Each capsule

¢ a field representation that gives the pressure level
for any point in space,
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Type R - —

Coef. # Directivity Field Coefficients

-2-10 1 2
I1=0,m=0
I=1,m=1
I=2m=2

Fig. 1: Various representations of acoustic fields.

extracts a portion of the information contained in the coefficientsp from the capsule signats This operation
acoustic field to be estimated. This is mathematicallyis calledencoding and can be expressed as:
represented with the followingampling relation, writ- .

ten in the frequency domain: p=Ec ®3)

whereE is theencoding matrix. This matrix can be deter-
mined fromB using least squares methods, for example.
where [9] gives a more precise description of the principle of
this microphone.

e Bis thesampling matrix dependent only on the mi- 2.3, Spatial resolution of the microphone array
crophone characteristics (position and directivity of

its constituent capsules),

c=Bp 2

The approach described above allows to design an any-
order microphone, provided that the array being used is
e pis a vector containing the Fourier-Bessel coeffi- large enough and contains enough capsules. Trinnov has
cients of the acoustic field being measured, manufactured a 24-capsule array allowing to reach order
3. The capsules are omnidirectional and irregularly dis-
e cis a vector containing the signals delivered by thetrihyted inside a ball of with an approximate diameter of
capsules. 20 cm.

This matrix relation expresses the fact that it is p OSSi_Acoustlc field estimation is not perfect for the following

ble to know the signals delivered by the capsules from ©2SONS:
the knowledge of the acoustic field in which they are im-

e Acoustic field representation is truncated at a given
mersed.

order, here 3. A consequence of this is the limited
Estimation of the Fourier-Bessel coefficients from the angular resolution of the resulting directivities. In
capsule signals is the reverse problem of the spatial sam-  other words, a plane wave, which is represented in
pling process. Bynverting matrix B, it is possible to de- the directivity approach under the form of an angu-
termine an estimatiop of the unknown Fourier-Bessel lar dirac is not seen as an infinitely narrow source
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Amplitude (dB)
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Fig. 2: Angular response of the microphone to a frontal -135] i
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but as a lobe which has a finite width. Smaller sec-
ondary lobes often appear in directions where noFig. 3: Directivity transfer matrix of the microphone at

source is present.

125

e The estimation carried out by both the array and the
encoding process is not perfect. The 16 coefficients ) _ )
corresponding to the third-order estimated acoustid@tter performances for high frequencies are outlined, as
field do not correspond to the exact 16 first coeffi- the diagonal, which corresponds to the main lobe, is nar-

cients of the actual acoustic field.
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rower at 1 kHz, and secondary lobes are lower. An ideal

ite-order microphone would of course have a direc-

e The microphone array design is not perfect (posi-tivity transfer matrix consisting of ones on its diagonal
tions, frequency responses and directivities of theand zeros everywhere else.
capsules, acoustic masking effect of the array struc-

ture...).

The
diffe

Models allow to quantify these imperfections, which de-
pend on frequency. Figure 2 represents the directivity e As stated above, each column gives the directivity
provided by the microphone in the horizontal plane for

several frequencies when it captures a plane wave in-

coming from the front direction.

It outlines the better

performances of the microphone for medium frequencies
than for low frequencies, as the main lobe (around 0°)

is narrower and the secondary lobes are simultaneously
smaller. These performances can be represented for inci-
dence directions other than 0° and for several frequen- e
cies using a matrix representation, as in figures 3, 4, 5

and 6.

Each column of this matrix gives the directiv-

ity determined by the microphone for a plane wave in
a certain direction. The first column is for a source at

+180°

, the last column is for a source-al80°. The

color corresponds to amplitude over 25 dB. Here again,

directivity transfer matrices can be interpreted in two
rent ways:

response that the microphone delivers when it is im-
mersed in a plane wave coming from the direction
corresponding to the considered column. Therefore,
the curves on figure 2 correspond to the columns la-
beled 0° of the matrices represented on figures 3,
4,5 and 6.

Each row corresponds to the directivity of the vir-
tual microphone obtained when the directivity pro-
vided by the microphone is spatially sampled in
the direction corresponding to the considered row.
For example, the signal obtained by considering
the value of the directivity, delivered by the micro-
phone, in the direction 0° (in the horizontal plane)
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Fig. 6: Directivity transfer matrix of the microphone at
Fig. 4: Directivity transfer matrix of the microphone at 1 kHz.
250 Hz.

is the same as the signal delivered by a virtual mi-
crophone wich directivity would be the row of the
matrix at 0°. On the represented matrices, only
the horizontal plane is considered, but the actual
directivity of each possible virtual microphone ob-
tained by sampling the provided directivity is three-
dimensionnal. Figure 7 gives the virtual directivity
at 1kHz obtained by considering the direction 0°
in the horizontal plane. The curve labelddrizon-

tal gives the directivity in the horizontal plane while
the curve labeledertical gives the directivity in the
vertical plane going through th¥-axis (direction
0°). For the vertical curve, 0° is the frontal direc-
tion, +90° is the ceiling;+180 ° and—180 are the
back, and-90° is the floor.

Provided direction (°)

-90

3. CHARACTERIZING THE EARLY ROOM EF-

1801 . . FECT ASSOCIATED TO A WFS ARRAY FROM

180 135 90 45 0 45 90 135 -180 SIMULATED MEASUREMENTS MADE ON THE
Plane wave direction (°) HIGH RESOLUTION MICROPHONE

Fig. 5: Directivity transfer matrix of the microphone at ThiS section proposes a simulated measurement of the
500 Hz. early room effect generated by an ideal source radiating

in a rectangular concert hall and the early room effect
produced by a WFS array synthesizing the same source.
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v
Horizontal
TN Vertical ———

to the left of its right bisector, at the same height (1m78
above the ground). An image source model is employed
\ to synthesize the impulse response of the ideal source
-0 . and the ideal WFS array at the 24 capsule positions. This
/ \\ model will be used in order to help the identification of
<~ AN pu the various reflections off of the walls of the listening
\ N /,, /£ 7 room. Specular reflections (up to the third order image
| L \. /) source) are recreated using this model. The walls are
\\ 1 \\ / modelled with full band, real valued absorption coeffi-
H, V) cients that approximate the boundary properties of the
| Espace de Projection during the in-situ measurements
| described in section 4 (front wall 0.8, left wall 0.001,
e s w w0 s w1 w  back wall 0.3, right wall 0.7, floor 0.001, ceiling 0.2).

Angle (°)

Amplitude (dB)
»
8
b

Fig. 7: Directivity obtained at 1kHz by considering the i e
frontal sample of the directivity delivered by the micro- i
phone. 15F

FRONT WALL

The first objective is to verify that the microphone is ca-
pable of discriminating specular reflections produced by ;|

the ideal source, given a simple image source model o _ ¥
90° e

+
A ——————.

Q

a concert hall. Having verified this, the second objective 2 Al LEFT WALL

RIGHT WALL
will be to compare the behavior of the WFS array with &

that of the ideal source, so as to characterize the partict” 180°

larities of the early room effect that can be associated t¢ =5

virtual WFS sources.

3.1. Description of the simulated measurement o

setup BACK WALL

The simulated measurement setup involves an idee -5

source and an ideal WFS array synthesizing the sam s 0 ", 0 s 0 T
source at the same position in a rectangular hal X position

that exhibits the same dimensions as the Espace de

Projection concert hall in IRCAM (28m(Length) x . _ _ _
15.5m(Width) x 11m(Height)). Fig. 8: Configuration for the simulated measurements of

) ) an ideal source and a WFS array synthesizing a virtual
The WFS array is modelled as a linear and evenly spacedy, rce at the same position in the concert hall. Source
(16.5cm) distribution of 48 monopole sources. It occu-psition is represented by a blue cross. Microphone ar-
pies a central position with respect to the left and right,ay is represented by a set of red circles. Directional en-

walls, and is situated 5.5m ir) front of the frqnt wall and coding by the microphone is done following a positive
1m78 above the ground (cf figure 8). The virtual SOUrCeangular progression represented on the black axes.
is situated 1m behind the array and 2m to the right of its

right bisector.

The 24 simulated impulse responses are encoded onto a
A characterization of the two sound fields is simulatedset of third order spherical harmonics and subsequently
upon a 24 capsule microphone array exhibiting the sameéecoded in order to form the response of 36 hyper-
geometrical arrangement as the one described in the prelirectional microphones arranged in the horizontal plane,
vious section. The microphone array is centered at a poat 10 intervals (figure 8 shows 4 of the 36 available di-
sition situated 5.3m in front of the WFS array and 2.1mrections).
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3.2. Ideal source measurement Impulse responses of the ideal source are filtered below
The simulated measurement of an ideal source situateti0OOHz, which is the aliasing frequency of the WFS ar-
at the position described in figure 8 is carried out on theray for the chosen source position at the measurement
high spatial resolution microphone and translated intgoosition (see [3] for an aliasing frequency calculation
36 directional responses in the horizontal plane, as demethod taking into account loudspeaker spacing as well
scribed in the previous section. Three ideal sources aras virtual source and listener positioning). This is done
considered: a monopole (omnidirectional) source, a diin order to be able to compare results with those given
pole source (degree -1 spherical harmonic) and a dipoléor an ideal WFS array in section 3.3.

source with its zero plane perpen_dicular to the previqu bservation of figure 9 shows good agreement between
one (degree 1 gphencal ha}rmonlc). Th.e pressure fiel e image source model and the directional encoding per-
Pideal (r.8.¢) em'|tted. by the |dgal source 1s based on theg, e g by the microphone array in terms of the expected
far f'e_ld approxmahon_of a d're_Ct'VE point source and (azimuth, time) coordinates of first and second order im-
described by the following equation: age sources. The monopole source being measured is
e ¥ . cos(n@)sin(ng) situated at 340from the microphone’s point of view, as
(4)  can be seen on figure 8. The direct sound can therefore
) ) be expected to arrive from this direction, as is indicated
with n the degr_ee of the source,the_dlsta_mce from the by the cyan 'D’ on the figure. The decoded impulse re-
source f the azimuthal angle (contained in the plane par-Sponse is properly centered on the expected (azimuth,
allel to the floor of the hall) ang the polar angle. time) coordinates of the direct sound. The effect of the
The result of the measurement and subsequent diredhirectivity lobes of the microphone described on figure 2
tional decoding of thédeal monopole sources repre-  can be seen to cause a smearing of the impulse response
sented as a function of time on figure 9. Cyan lettersover the azimuthal plane, whereby energy is seen to be
are placed at the expected (azimuth, time) coordinates dhcoming from the rear directions as compared to the ex-
first and second order reflections according to the imag@ected directions of arrival (strictly comprised between
source model applied to the ideal soutce. angles[0° — 70°] and[250° — 360°]). The level of these
rear components remains 20dB below the level of direct
e Capital letters 'F', 'L’, B', 'R’, 'G’, 'C’ represent  sound for th§70° — 250°] angular sector. The measured
angular/temporal coordinates of first order reflec-|evel for the rear components could be made lower by
tions off of (resp.) the Front wall, Left wall, Back application of a high pass filter on the decoded data (sec-
wall, Right wall, Ground and CeilingDirect sound  ondary lobes of the microphone are larger for low fre-
is represented by a capital 'D’. quencies, as is visible on figure 2).

e Lowercase letters represent second order reflection€eiling reflections 'C’,Ic, rc andbc are greatly dimin-
with each letter representing a consecutive reflecished (25dB below the direct sound) in comparison to
tion off of a given boundary of the listening room. other contributions due to the focussing of the micro-
For examplelg represents a reflection off of the left phone onto the horizontal plane. Ground reflections con-
wall and then the groundac represents a reflection  serve high levels because of a smaller polar angle of inci-
off of the back wall then the ceiling. dence for the first order ground reflection '@ £ —22°)

compared to the polar angle of incidence for the first or-

der ceiling reflection 'C’ { ~ 42°), as well as a smaller
absorption coefficient of the ground (0.001 vs 0.2 for the
ceiling).

Pidea (1,6, 0) = .

e Image sources with identical positions are repre-
sented only once. In this configuration we have
gf =fg,0l =lg,gb=bg, gr =rg, cf = fc, cl =lc,
cb=nbc, cr=rc, fl =If, fr=rf, bl =1b, and
br = rb In figures 13 (top) and 14 (top), the impulse responses

) . of two ideal dipole sources(degree 1 and degree -1)
e Image sourcegc andcg are at different elevation are represented along the 36 incoming directions at the
angles. However they present the same (azimuthmicrophone position. The dipole of degree -1 is ori-

time) coordinates so onlyc is represented. ented in such a way that its zero plane encompasses the
image source positions have been slightly shifted in somesdase m|CrOPh0ne position. ThIS_ is visible in the absence of
improve legibility of the figures. any direct component on figure 13 (top). However, the
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Omnidirectional source at (2, 7.78) source will be compared with ideal measurements of a
: WES array using the setup described in section 3.1.

A set of individual filters needed to be applied to the
48 monopole loudspeaker array in order to synthesize
the direct sound field of an ideal point source occupy-
ing the same position as the source studied in the previ-
ous section is calculated according to the multichannel
equalization procedure. Image sources of each individ-
ual loudspeaker of the array reflected off of the 6 walls of
the listening room are formed in order to construct first,
second, and third order 'image arrays’. The individual
filters calculated for each loudspeaker are then applied
to their corresponding image sources, and the result of
0 50 100 150 200 250 300 350 the convolution is measured upon the microphone array.

[9iretion of Incidenes; tegress Impulse responses are low-pass filtered below the alias-
ing frequency, calculated to be equal to 1000Hz for this
source position.

Figure 12 (top) shows the results of the simulation mea-

Time, ms

Fig. 9: Amplitude of the impulse response (dB) of an

ideal monopole point sourcedecoded onto 36 direc- . L
tions (with 10 increments) as a function of time (ms). surement of the ideal WFS array synthesizingréual

Cyan letters are placed at the expected (azimuth, timeinonOpOIe point sourceat the same position as the ideal

. . . ource studied in the previous section. The expected im-
coordinates of the first and second order reflections ac- o . : .
) . i age source positions of an ideal point source in the (az-
cording to the image source model for an ideal source . X .
X . imuth, time) plane of the figure are represented in cyan
(see section 3.2 for details). . g . ) .
letters. Their positions are strictly identical to thosp-re

resented on figure 9.

same figure shows a strong primary reflection 'L’ incom-3.3.1. Effect of cylindrical symmetry of the

ing from the left wall at 70 (at 49.2ms) and a slightly WFS array

weaker primary reflection 'R’ incoming simultaneously A quick scan of figure 12 (top) reveals that certain re-
from the right wall at 290 as predicted by the image flections are slightly delayed compared to their expected
source model. In other words, though the microphongime of arrival for an ideal source. This is true for the
is not illuminated directly by the source, it receives thefirst order reflections off of the front wall ’F’ and ceiling
early reflections produced by the concert hall. 'C’, as well as for second order reflections off of these

. .~ walls (notablycg and fc). However the direct sound 'D’
Conversely, the case of the degree 1 dipole shown on figs, g first order reflections off of the left wall 'L, right

ure 14 (top) shows an opposite tendency. This source h"ﬁall 'R" and back wall ‘B’ display proper arrival times
its lobe oriented straight at the microphone position. It isas compared to the ideal source

therefore observed that the direct sound component (as o ) .
well as its reflection off the ground) is very strong. How- To explain this behavior one must take into account the

ever the primary reflection 'L’ on the left wall is greatly cylindricgl _geometry of the loudspeaker array. S_ince
diminished in comparison with the monopole depictedeaCh individual source of the loudspeaker array is an

on figure 9 because this wall receives very little direct!d€al monopole, the array displays a cylindrical symme-

sound from the source. The same reasoning can be aH—V around its axis. This in turnimplies that the wavefront

plied to the second order reflections Ic (and cl, not rep_syntheS|zed for a source situated "behind the array” will

resented) that are extremely attenuated for the degree A€ Perceived "behind the array” on both sides of the loud-

dipole source (20 dB drop as compared to the monopol€PEaker array, as can be seen on figure 10. From this ob-
source). servation, it is clear that the front and back walls receive

contributions that arrive with different delays. Since the
3.3. Measurement of an ideal WFS array back wall, left wall and right walls are situated in the tar-
In this section the ideal measurements of the ideal poingeted reproduction plane they receive contributions that

AES 28™ INTERNATIONAL CONFERENCE, PITEA, SWEDEN, 2006 JUNE 30—JULY 2
Page 8 of 12



Caulkins et al. Using a High Resolution Microphone to Characterize WFS

Loudspeakers (black *), microphones (red o) and virtual source (blue +)
in concert hall

20+
Image of virtual source‘>9
15F
Front
wall
101 ]
Virtual source\_l_
M T R R
& 5
= 0°
3
o 9ﬂ°—+— 270°
> 0 ‘ ‘
Lef 180° Right
wal wall
_5 [
-10p Back
wall
_15 [
| | | | | | | | |
-20 -15 -10 -5 0 5 10 15 20
X position

Fig. 11: lllustration of the difference between the expédgisesition of the first order reflection of an ideal source and

the actual position of the image of the WFS virtual source. jdstions of the image sources associated to left and
right walls are correct; however the position of the imag&ree associated to the front wall deviates from the expected
position.

remain coherent with the target source position. How-illustrated in figure 11 for the front reflection. The arrival
ever, the front wall receives the contribution from a vir- of the reflections off of these walls is therefore delayed,
tual source situated 1m to the other side of the array, i.eas can be observed on figure 12 (top).

inside the audience area, instead of from the expected o

position situated 1m behind the loudspeaker array (and-3-2- Variations on the early room effect

thereforeoutside of the audience area). This false loca-  through directive source synthesis .
tion of the virtual source also occurs in the vertical direc-AS Stated in the introduction, new developments in WFS

tion: the ceiling of the concert hall is in fact illuminated allow for the synthesis of virtual sources displaying vari-
by a wavefront corresponding to virtual source situatec?Ple directivity patterns, based on the use of cylindrical
1mbelow the array instead of 1m behind the array in theharmonics [3]. One of the prescribed goals of this type
horizontal plane; the ground of the concert hall receivef directivity rendering can be to approach the directiv-
the contribution from a virtual source situated dbove Ity patterns of real instruments, as described in [12]. An-
the array. The consequence of these symmetry errors RIner interesting prospect offered by directive source ren
that the images of virtual point sources reflected off ofdering lies in the possibility to createtural variations

the front wall, ceiling and ground are in fact further away |N the manner inwhich the loudspeaker array illuminates

than those of the ideal point source. This discrepancy ighe concert hall. In other words, by varying the direc-
tivity of a virtual source, one may naturally modify the
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tion perpendicular to the axis of the array and decoded
on the microphone array is represented figure 15 (top). It
appears first of all that the plane wave source favors the
propagation of acoustic energy along the front/back di-
rection (0 and 180) while reducing the illumination of
- side walls. Left-wall reflections, which display high lev-
els in the[20° — 150°] angular quadrant for the monopole
source, have been strongly attenuated (25dB attenuation
of the peak level of the left hand side reflections com-
pared to the 'L’ reflection of the monopole source).

Qu Qr Figure 15 (top) also indicates the presence of acoustic
energy at the microphone position incoming between 20
and 40 ms within thé350° — 140°] angular sector. This
acoustic wave corresponds to the left-wall reflection of
the diffracted wave emitted by the sides of the WFS ar-
ray as the plane wave passes through the finite window
of the array. The fact that the diffracted wave is mainly
a low frequency phenomenon (below 300Hz) causes an
apparent spreading of its angular location since the lobes
of the microphone are wider at low frequencies (see fig-

room effect perceived by the audience. ure 2 for frequency dependence of microphone lobes).

Fig. 10: lllustration of how a given wavefront associ-
ated to a sourcgy virtually situated in the sub-plar@y
causes the formation of a symmetrical wavefront corre
sponding to a virtual sourag;; situated at a symmetrical
position within the sub-plang@,

Simulations of the WFS array synthesizing a virtual di- MEASUREMENTS OF A WES LOUD-

pole point source of degree -1 and degree 1 in the mod .PEAKER ARRAY IN THE ESPACE DE PROJEC-
concert hall are shown on figures 13 (middle) and 1411 ON CONCERT HALL

(middle). By comparing the WFS reproduction of the
degree -1 dipole (figure 13 middle) with the ideal degree
-1 dipole (figure 13 top), it appears that the array is abl
to recreate the desired attenuation in the direct sound
the microphone position (level of direct sound 'D’ 25dB
below the level of the primary reflection 'L’). Some arte-
facts, due notably to the fact that the ground image sourc
‘G’ is out of place, remain in the ground reflection com-

This section describes measurements carried out in the
Espace de Projection concert hall in IRCAM using a pro-
etotype of the third order microphone array developed by
a1trinnov. The WFS array is constituted of 48 electrody-
namic loudspeakers. The layout of the loudspeakers and
microphone array is identical to the one described on fig-
fire 8. Results for the measurement of a virtual mono-

L ole source, a dipole degree -1 source, a dipole degree
ponent. However, measurements show the possibility foElJ P 9 b 9

th i te side reflecti hile reducing the di source and a plane wave are shown on the bottom of
€ array 1o create side refiections while reducing the I'figures 12, 13, 14 and 15. The dynamics of the represen-
rect sound. This type of manipulation of the sound field

. ible strictly below the aliasing f tation have been greatly reduced in comparison with the
IS possible strictly below the aliasing frequency. specular model (25dB vs 50dB for the ideal simulations)

The rendering of the degree 1 dipole (figure 14 middle)notably because of the presence of measurement noise
shows that the lateral reflection 'L’ that had been greatlymakes the interpretation of the figures more difficult. The
reduced for the ideal source is present for in the arraybservation of these figures shows a large amount of dif-
synthesis. This is due to the fact that the zero plane of théuse energy (absent in the simulations) that appears as a
degree 1 point source array is not properly reproducedesult of the diffusiveness of the walls; however specular
since situated outside of the bounds of the visibility win- components remain more or less coherent with the simu-
dow of the array. Therefore, the primary reflection of thelation measurements carried out in the previous section.

degree 1 source off of the left wall does not exhibit the

: : "o . tFigure 12 (bottom) shows that the main specular compo-
necessary level attenuation present in the 'L’ reflection o i~ " . . ;
figure 14 (top) nents 'D’ and 'L’ remain coherent with the ideal source

for the real-world monopole source reproduction. Syn-
The reproduction of glane wave synthesized in a direc- thesis of the degree -1 dipole (fig. 13 bottom) illustrates

AES 28™ INTERNATIONAL CONFERENCE, PITEA, SWEDEN, 2006 JUNE 30—JULY 2
Page 10 of 12



Caulkins et al. Using a High Resolution Microphone to Characterize WFS

the potential for cancelling out the direct sound while Omnidirectional source at (2, 7.78)
conserving lateral reflection components using the WF< '
array. Finally, figure 15 (bottom) shows that the real
world array synthesizing a plane wave successfully man
ages to concentrate acoustic energy in the front-back di
rection of the concert hall while attenuating reflections
incoming from lateral directions at the microphone posi-
tion.

Time, ms

5. CONCLUSIONS

This article demonstrated the interest of using a high spa
tial resolution microphone to characterize the early roonr
effect associated to a linear WFS array placed in a con
cert hall._ The array displayed thg capacity to. reduce e e s 2o ss mo B
contributions originating from outside of the horizontal Direction of Incidence, degrees

plane, therefore furnishing the means by which to inter-

-85

Omnidirectional source at (2, 7.78)

pret the measured sound field. The following character: -40
istic aspects of the early room effect associated to a WF!
array were underlined: .

o Reflections off of surfaces parallel to the axis of the
array can be expected to reach the audience are
later than expected because of the cylindrical sym-
metry of the wavefront emitted by the WFS array.

Time, ms

-55

e The synthesis of directive sources allows to cre-
ate lateral reflections while eliminating the direct
sound. The synthesis of plane wave sources allow:
to accentuate the direct sound level while attenuat:
ing lateral reflections. The WFS array can therefore 0 50 100 150 200 250 300 350

provide a natural meahsy which to vary the room Fig. 12 A l.tDic;eCtimf’ f[’;]'”?ide”°e'ldegrees 4B) of
effect produced within the audience area. '9. 1. Amplitude otthe impulse response( ) ha
tual monopole point source synthesized on the ideal
_— L “WFS array (top) andvirtual monopole point source
The objective results shown in this study form the po synthesized on the real-world WFS array (bottom).

tential basis for a perceptual analysis of the early rO0Myecoded onto 36 directions at the microphone position

effect produced by WFS arrays. Objective criteria asso—Yvith 10° increments) as a function of time (ms). Cyan

ciated to the perception of room acoustics such as Lateréetters are placed at the expected (azimuth, ime) coordi-
Energy Fraction and IACC are intrinsically linked to pre- b P '

. : : : nates of the first and second order reflections according
vious microphone technologies (figure 8, dummy head) . : :
. . to the image source model for an ideal point source.
A topic for further research can be found in the con-
ception of more advanced room acoustics criteria, based

on the improved spatial resolution offered by the micro- mode loudspeaker for wave field synthesis.” AES
phone used in this study. 112th Convention, Munich, Germany, May 2002.
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Fig. 13: Amplitude of the impulse response (dB) of an
ideal dipole point source of degree -Itop), virtual di-
pole point source of degree -1 reproduced on an ideal
WES array(middle) andvirtual dipole point source of
degree -1 reproduced on the real-world WFS array
(bottom), decoded onto 36 directions by’ ifcrements
as a function of time (ms).
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Source of degree 1 at (2, 7.78)
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Fig. 15: Amplitude of the impulse response (dB) of a
virtual plane wave synthesized in a direction perpen-
dicular to the axis of the ideal WFS array (top) and
virtual plane wave synthesized in a direction perpen-
dicular to the axis of the real-world WFS array (bot-
tom), decoded onto 36 directions at the microphone po-
sition (with 10" increments) as a function of time (ms).

Time, ms

Fig. 14: Amplitude of the impulse response (dB) of an
ideal dipole point source of degree 1top), virtual di-
pole point source of degree 1 reproduced on an ideal
WEFS array(middle) andvirtual dipole point source of
degree 1 reproduced on the real-world WFS array
(bottom), decoded onto 36 directions by’ ifcrements

as a function of time (ms).
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