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Spatially extended sound equalization in rectangular rooms

Arturo O. Santillan®
Department of Acoustic Technology, Technical University of Denmark, Building 352, DK-2800 Lyngby,
Denmark

(Received 23 January 2001; revised 11 July 2001; accepted 12 July 2001

The results of a theoretical study agiobal sound equalization in rectangular rooms at low
frequencies are presented. The zone where sound equalization can be obtained is a continuous
three-dimensional region that occupies almost the complete volume of the room. It is proved that the
equalization of broadband signals can be achieved by the simulation of a traveling plane wave using
FIR filters. The optimal solution has been calculated following the traditional least-squares
approximation, where a modeling delay has been applied to minimize reverberation. An advantage
of the method is that the sound field can be estimated with sensors placed in the limits of the
equalization zone. As a consequence, a free space for the listeners can be obtair@dl ©
Acoustical Society of AmericalDOI: 10.1121/1.1401740

PACS numbers: 43.55.Br, 43.60.Gk, 43.60.HDQ]

I. INTRODUCTION complete volume of a rectangular room is presented. The
o _ method is based on the simulation of a plane wave moving
The motivation of the presented study is the fact thatajong the room. Experimental verification of the presented

sound reproduced in a normal listening room undergoes gethod has been obtained by Santilend Lydolf*°
spectral coloration. Since this implies a linear distortion of

the reproduced .sou_nd, thg effect i§ undesirable. Reducing tkna CONDITIONS FOR THE SIMULATION OF A

s.pecFraI coloration is particularly |mp0rtant.at low frequen'TRAVELING PLANE WAVE

cies in small enclosures, where the acoustic response of the

listening space is dominated by distinct normal modes. Consider a rectangular room, and a Cartesian coordinate
The equalization of the frequency response at one osystem with its axes parallel to the sides of the room and the

several receiving points has been studied by severadrigin in one of the lower corners. The complex sound pres-

authorst™ It has been shown that these systems can achiev&ure amplitudep in steady state at any position= (X,Y,2)

a high performance at the exact receiving points; however, iinside the room produced bl single sources can be de-

the distance between the target positions is relatively largescribed by!

the resulting zone of equalization becomes small spheres

around each control point. Moreover, the size of this region p(r)= '_‘” E E E 1 1
scales with the wavelength. As a consequence, the resulting V' 150 m=0 A=0 Ajpn k2~ k2
system is very sensitive to changes in the position of the L
listener’s head.
The general objective of the work described in this paper x,; AW imn(1 ) Wimn(1)- @

has been to study the extent to which minimizing the acous- ) . _ :

tic response of a rectangular room is possible at low frequenHere_‘” is the angular_ driving frequency, is the amble_:nt
cies in an extended and continuous three-dimensional regioﬂ_.‘ens'ty’v(: LxLyL2) is the volume of _the room\,[f!mn IS

The underlying idea is that this zone should be as large a € mode shape, ".’mqm“ 't.s complex mgeqvaluek Is the
possible in order to include several listeners and allow forvave numberAimn i a scaling factor, fa.nq/‘ Is the strength
their movements. In addition, the error detection micro-Of the uth source placed at the position =(x,.y,.2,).

phones should preferably be located at unintrusive position%z.Or alightly damped room, the modes are roughly equl to

In previous theoretical and experimental studies by W, .(r)=coglnwx/Ly)cogmmy/Ly)cogn7mz/L,). (2)
Santillan®® the effect of the acoustic response of the room . o . : : .

L . : . Assuming that the specific acoustic admittagices uniform
has been minimized in an extended and continuous region. Icr)1 er the boundaries of the roofkZ. . can be approximated
these studies it was attempted to obtain the same signal t(;/first orde;Jas ! tmn pproxi
amplitude and phasén the entire target zone. However, one
of the conclusions was that the zone where equalization can klzmnz(l 7r/LX)2+(mqr/Ly)’lJr(nwz/Lz)2
be achieved is limited to regions with dimensions not larger ,
than half a wavelength of the reproduced sound. +2ikB(e /Lyt em/Lytenlly), ©)

In this paper a theoretical investigation on the equalizawhereszz if j=0, ande;=1 if j>0.
tion of sound in a continuous region that occupies almost the  For the equalization of sound in the room, a plane wave
propagating in the direction is desired. Thus under the as-

dNow at: Department of Acoustics, Aalborg University, Fredrik Bajers Vej 7 sumption that only the _aXial_ modes in tlyedirection are
B4, DK-9220 Aalborg/Q Denmark. excited, Eq.(1) can be simplified as
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ipw <
p(r)=T

2

1
m=0 x=1 A,

q, cogmmy, /L,)cogmmy/L,)
(mary/Ly)?+ 2ik B(LIL+ 1L+ 1/Lz) —k?

(4)

With the condition that there af¢ sound sources on the wall

aty=0 andL —N sound sources on the wall gt=L, and
introducing k?=k?—2ik 8(1/L,+ 1/L+1/L,), Eq. (4) can
be written as

[

. N
p —lw
r= cogmmy/L
P m§=:0VAm kz—(m’ZT/Ly)zﬂz:l Gu cosmmy/Ly)

o

N p 0]
m=0 VA, k?—(mm/Ly)?

L
X 2 da(—1)McogmaylL,)
a=N+1

iwp 1
2L,L, k sin(kL,,

L
+2Qﬁ

N
[eiky< 2 qaefikLy
) a=0

N L
_I_e—iky( 2 qaeikLy+ E Qg”,
a=0 B=N+1

B=N+1
©)

where use has been made of the following relations:
501 1 cogk(L,—
St cogmayin,)-L, oY
m=0 A, k*—(ma/L,)? k sin(kL,)

- (6)

1 (=pm cog ky)

cogmmy/Ly)=L,

20 Ay K2— (mar/L,)? k sin(KL,)"

These Fourier expansions are valid frgm 0 toy=2L,, for
the first expression and froy=—L, to y=L, for the sec-
ond one. ‘

Since the conditiomp(r)=P_ e~ ¥, whereP,, is a con-

tained at low frequencies, where relatively few modes con-
tribute significantly to the generated sound pressure.
Therefore, the excitation of the undesired modes can be re-
duced significantly at low frequencies by an appropriate
choice of the number of loudspeakers, their position and
their strength.

In the next sections, the simulation of the sound equal-
ization in a real situation is analyzed by using a modal model
of the sound field in a rectangular room. It should be ob-
served that since only the axigimodes should be excited,
the sound equalization will be practically independent of the
lengthL, of the room.

IIl. EQUALIZATION AT SINGLE FREQUENCIES

To analyze the fundamental physical limitations and to
visualize the spatial distribution of the sound pressure level,
the study of the sound equalization has been complemented
in the frequency domain.

A. Optimal solution

For a given distribution of loudspeakers in the room, the
optimal solution is obtained by minimizing the difference
between the actual sound field that is produced in the listen-
ing zone and the desired sound field. For this purpose, the
traditional least-squares approximation has been used to cal-
culate the optimal strength of the loudspeakers. This method
has been presented by Elliet al'?> and by Asano and
Swasont® Thus following the so-called multiple-point
method, the actual sound field is estimated by meanls! of
receiver positions in the listening zone. The eregrat the
mth receiving positiorr ,, is given by

L

em=p(rm>—pd(rm>=|§l Z/(r )& — Pa(Tm), )

where the complex amplitude of the actual sound pressure
p(r,) at the receiver positiom has been expressed in terms
of the individual strengthy, of each of thelL sound sources
and the transfer impedancgsfrom thelth source to thenth
receiving point;py(r,,) is the desired complex sound pres-

stant, should be satisfied to simulate a plane wave propagaly e at that point.

ing in they direction, the coefficient o&'%Y in Eq. (5) has to
be zero. This implies that

L N
> qp=—e Y q,. (7
B=N+1 a=0

To obtain the best solution for the sound equalization,
the cost function

1 Y 1 M
=i 2, el =y 2, 0w Rt

From the theoretical results above, it can be seen that tg minimized. Thus this cost function can be expressed in a

simulate a plane wave traveling in tlyedirection, only the
y-axial modes should be excited and, according to &g.
the sound sources on the wal=L, should move in anti-
phase with the sound pressure on that wall.

quadratic form in terms of the individual strengths of the
sound sources. It has been shown that the cost function has a
unigue global minimum, which corresponds to the optimal
solution.

On the other hand, it should be noticed that the results

above are independent of the number of sound sources, trée
individual values of their strengths, and the position of the™"

sources in the andz coordinates on the walls =0 and

Conditions for the simulations

A room with dimensionsL,=2.7 m, L,=5.0 m, and

y=L,. Consequently, these factors can be used to avoid ex-,=2.5 m has been considered for the example presented in

citing the modes with or n different from zero.

this paper. All the modes, axial, tangential, and oblique, with

In a real situation, a good approximation to the condi-a natural frequency up to 1000 H2846 modeswere used
tions needed to simulate a traveling plane wave can be olie simulate the sound pressure. The damping ratio was as-

1990 J. Acoust. Soc. Am., Vol. 110, No. 4, October 2001
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FIG. 1. Amplitude of the sound pressure before equalization for a drivingFIG. 2. Optimal equalization in the frequency domain for a driving fre-
frequency of 300 Hz. The graph corresponds to the sound field in the planguency of 300 Hz. The sound pressure level in the pian&.5 m is shown.
z=15 m produced by two loudspeakers placed (@05,0,2.00 and

2.65,0,2.00 m, respectively. . . . .
( 0 P Y pressure amplitude is almost constant in nearly the entire

q | for all th des: thi | (&]ane with exception of the region close to the walls perpen-
sumed equal to 0.03 for all the modes; this value correspondge 1ar to they direction. The deviations of the obtained

to a reverberation time of approximately 0.2 s at frequencie,gOund pressure amplitude from the desired value were rela-
alround 180 HZ', The loudspeakers were modeled as squ i@ely high within a distance of about 0.6 m from the sound
pistons with a side length of 0.1 m. The value of the souon ources though. It was found out that this distance of about
speed was 346.4 m/s, for an ambient temperature of 25 C0.6 m where a good sound equalization cannot be achieved is
practically independent of the reproduced frequency; there-
fore, the listening zone was assumed as the region from 0.6
It was found out that in order to excite mainly the axial M up to 4.4 m in the direction that occupies all the width,
modes in they direction and reduce significantly the ampli- of the room and from the floor to the ceiling. The sensor
tude of the other modes, the loudspeakers should be placg@sitions for the calculation of the optimal equalization were
equidistantly in thex and thez directions on each of the two placed only inside the listening zone equidistantly distrib-
walls perpendicular to thgaxis. In addition, to minimize the uted. The number of these sensor positions wad Zx7
reflection of sound on the surfaceyatL,, a condition ex- (588 in tota); this means that the sensor positions were ar-
pressed by Eq(7), the same number of loudspeakers shouldranged in 7 horizontal planes, with 12 lines parallel to xhe
be used in each of those two walls. direction in each plane, and 7 sensors in each of these lines.
For the simulations shown below, a number of 16 loud-A good estimation of the sound field can be obtained with
speakers were placed on each wall perpendicular toythe fewer sensor positions; however, such a number was used to
axis. The 16 loudspeakers in each set were distributed in Zeduce the error in the estimation of the sound field as much
horizontal lines at the heights=0.05 m,L,/3, 2L,/3, and  as possible. The amplitude of the desired sound pressure was
L,—0.05 m, respectively; four loudspeakers in each horizonset to unity at each sensor position; the phase depended on
tal line with their respective centers at the coordinates the position in they direction of the error sensor correspond-

C. Distribution of loudspeakers

=0.05 m,L,/3, 2L,/3, andL,—0.05 m. ing with a plane traveling wave.
It should be mentioned that after equalization the sound
D. Spatial distributions of the sound field pressure level in the listening zone was practically indepen-

dent of thez direction; the spatial distribution of the sound

The spatial distributions of the sound pressure amplitud%em in any planexy was basically the same as the one shown
in the enclosure before and after equalization for a pure tong, iy 2

of 300 Hz are presented as an example. Before equalization,
the sound field in the room was assumed to be produced bg Values of the least-squares error

two loudspeakers fed with the same input signal. The posi-— q

tions of these loudspeakers are, respectiv@y)5,0,2.00 m To evaluate the results of the sound equalization, the
and(2.65,0,2.00 m. The amplitude of the sound field in the square root of the minimum value of the cost function, given
planez=1.5 m before equalization is shown in Fig. 1. It can by Eq. (9), has been used. In what follows, this parameter is
be seen that the sound pressure amplitude depends on tballed the least-squares errdg ). It was observed that if
position inside the room. The graph of Fig. 1 can be comithe value ofE, 5 was less than 0.3 in the presented example,
pared with the distribution of the sound pressure amplitudehe deviations of the sound pressure from the desired value
in the same plane after sound equalization, which is depictediere within =3 dB in almost the entire listening zone. Thus
in Fig. 2. It can be observed in this figure that the soundhe conditionE, s<0.3 has been used here as a criterion for
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‘ ‘ ' ' ' ' ' desired signatl ,(n) at that sensor. Herg,,(n) is a delayed
0.8¢ version (8,, sampleg of the original input signak(n) (mod-
eling delay. This procedure has been discussed by Elliott
‘_0'7' et al? In Fig. 4,y(n) is the vector of input signals to tHe
o6k sound sources]’ (n) is the vector of theM actual signals at
2 each of the microphoned(n) is the vector of theVl desired
g°-5' ] signals, andc,,(n) is the electroacoustic impulse response
204t i from the input to thelth source to the output of theth
T sensor. It is assumed that these impulse responses can be
%03 accurately modeled as FIR digital filters wilhcoefficients.
302 In addition, the equalization filters will have a FIR structure
’ as well with| coefficients.
0.1 The optimal coefficients of these filters are determined
' . by minimizing a performance index defined?dy

50 100 150 200 250 300 350 M

Frequency (Mz) F=E| Z em(n)z} =E{e(n)Te(n)}, (10)
FIG. 3. The least-squares error as a function of the driving frequency for the m=1
sound equalization by simulating a plane wave moving inytlaérection. where E represents the expectation operator, aggdn)

=d,(n)—d;,(n). It has been shown that the performance

a good sound equalization. The least-squares error as a funigdex can be expressed as a quadratic function in terms of all
tion of the frequency for the considered example is shown inhe individual coefficients in the equalization filters. It has
Fig. 3. It can be seen in this figure that the least-squares err@ilso been concluded that it has a unique global minimum
increases with increasing frequency, and that the maximumalue, which corresponds to the optimal control filter coeffi-
frequency that can be equalized properly is around 343 Hzcients.

IV. SOUND EQUALIZATION OF RANDOM SIGNALS B. Conditions for the simulations

Since echoes are undesirable in the reproduction of tran- It should be noticed that by minimizing the performance

ls',lent.5|gnals, thhe dlgrgtlon.o'f t,hed'meUISﬁ, response in tr(;Igrror defined in Eq(10), the optimal solution in statistical
||s_tenlgg|zonﬁ s t())u € n:jln|m|ze - For this rheas_on al MO0sense is calculated. Thus considering that the desired signal
eling delay has been used to approximate the impuise rgg , delayed version of the source input signal, for the de-

spolnse in the I|sten|r|1_g Z(_)ner':o z(aj_dela_yed_de(;ta fundéﬂmb scribed method the only required information on the source
a plane wave traveling in thg direction Is desired to be input signal is the autocorrelation function. In the simula-

simulated, the length of the delay depends on the ordinate qrons that were carried out, an input signal with a delta func-

tEe I||sten|ng position corresponding with the propagation Oftion as the autocorrelation function has been assumed. It
the plane wave. should be noticed, however, that the input signal has to be
A. Optimal solution low-filtered in order to avoid the aliasing effect. For the

A matrix formulation for the reproduction of sound in a simulations, the sampling frequency was equal to 770 Hz.

least-squares sense has been developed by Netsaig®4 The loudspeakers were modeled as first-order analog high
’ pass filters with one pole at 100 Hz.

this formulation has been followed for the equalization of . .
. . . . The classical modal reconstruction model was used to
broadband signals in the work presented in this paper. A . L
. o . . > “calculate the discrete electroacoustic impulse responses
block diagram of the equalization problem is depicted in Fig. . . .
. . : cmi(n). The conditions for the computer simulations are the
4. Here the input signal is reproduced by usinfpudspeak- . : . .
C 2 . . . same described in Sec. Il B and in Sec. Il C. First, the fre-
ers. The sound field in the listening zone is representeld by

sample signals measured withmicrophones. The aim isto Jocnoy fesponse functions from the input to each loud-
P gn: . microp ' speaker to the output of each sensor were calculated with the
designL digital FIR filters with impulse responsdg(n),

: . odal model. These frequency response functions were mul-
one for each sound source, such that the obtainable S|gnn] q y resp

, : . S ﬁ‘plied by the frequency response of the antialiasing filter and
dry(n) at the microphonen is the best approximation to the by the frequency response of the loudspeakers. Eventually,

an inverse FFT was applied to obtain the desired discrete
Z-Em d(n) impulse responsesy,(n). An FIR filter with 400 coeffi-
Lz_I + cients was used to represent each of the impulse responses

Delays e Ccmi(n). It was observed that the results of the equalization
Errors were highly dependent on the minimization of the aliasing
y(n) i effect. Therefore, a 14th-order analog low pass Butterworth
Em(®) ) filter with a cutoff frequency of 260 Hz was applied.
Equalisation ~ Reproduction It has been found out that the best simulation of the
filters chains

plane wave moving across the room was obtained by placing
FIG. 4. Block diagram of the equalization problem of broadband signals. the error sensors in two planes perpendicular to the direction

1992 J. Acoust. Soc. Am., Vol. 110, No. 4, October 2001 Arturo O. Santillan: Spatially extended sound equalization
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@ & analyzed. A possibility is to consider the symmetries in the
4210 ... . problem.
e o oo o ||Lz A delay of 18 samples was applied to obtain the desired
_______ #1000 0. signal for all the sensors placed in the plane/at0.93 m.
, — e pl '_E'_' Additional delays of four, five, and seven samples were used
! i i 3 ,‘—!'—I‘*' for the sensors in the two lines in the middle of the room and
b PSS i ! (b) in the second plane. These additional delays are equal to the
P2 —1 1 ! time that the simulated plane wave should take to travel from
2 0% e P the planey=0.93 m to reach the corresponding error sensor
z Lo positions.
y d—i 41 1|z
P j C. Impulse and frequency responses before and after
(a) — equalization
The impulse and frequency responses at four positions
(¢) in the listening zone before and after equalization are shown

in Fig. 6. In this case the sound equalization was carried out
FI'G- % _Ditf\i,sfanlﬁ of the ‘i}?tfiflgi;:l of tc?eze,”o(f )Sensé’fsl- Thetse Sl_ensors wergith the error sensor positions placed in the limits of the
piaced 1 plnes, ncaled Bl andp2 1 o and e 4 "6 istening zone as descibed above, The original impuise and
there were 30 sensors arranged as showfbjn The distribution of the ~ frequency responses include the effect of the antialiasing fil-
sensors along the lines is depicteddh The distance between two adjacent ter, and the impulse responses after equalization are shown
sensors werdx=0.45 m andAz=0.41 m. with an offset of—2 units in they axis for clarity. These four

positions are different from the locations of the error sensors.

Before equalization the sound field was assumed to be pro-
of propagation of this wave. These two planes should bgjuced by two loudspeakers fed with the same input signal
separated from each other by the distance that the sounghd placed, respectively, at the positid0s05,0,2.0 m and
travels during one sampling period. In addition, the error in(2.65,0,2.0 m, as in the previous sections. A number of 100
the simulation is reduced if these planes are located close tefficients were used in each of the control filters.
the middle of the room. It can be seen in Fig. 6 that the frequency responses

The reason to place the sensor positions very close thave been significantly improved after equalization. The
each other in the direction of propagation of the simulatedpeaks and troughs in the curves without equalization were
wave is the following one: the simulation of a traveling planepractically removed after applying the control filters. Thus
wave cannot be carried out appropriately if the distance bethe frequency responses became approximately flat from
tween two error sensor positions in the direction of propagaabout 20 Hz to approximately 340 Hz. In this frequency
tion of the plane wave is equal to multiples of half a wave-interval, the deviations from the desired value of 0 dB are
length of the sound to be simulated. In this case the delaywithin approximately=3 dB. It should be noticed that the
applied in the original input signal to obtain the desired sig-Peaks and troughs in the frequency responses that are not
nals at those sensors will produce a difference in phase b&ommon to all the different error sensor positions can be
tween those two desired signals equal to multiples of pi rasuccessfully suppressed, in contrast to the case of sound
dians. However, this difference in phase is the same as tHedualization at discrete points, where only the common
one that corresponds to a stationary wave at the two sensBfaks and troughs can be removed. It can also be observed in
positions. As a consequence, a standing wave pattern will€ graphs of Fig. 6 that the impulse responses approximate
result in the obtained sound field at those frequencies. ~ duite well a delayed delta function. The echoes have been
Since a free listening zone was desired, the sensor posri(_educed significantly. It can be seen that the delays in the

tions should be placed as close as possible to the limits of thgPtainéd impulse responses after equalization are not the
listening zone. An appropriate distribution that correspondsSame for the Sh?""” positions, b,u,t the de'aY depends on the
to the example presented in the paper is as follows: 19 Sery_alue of the ordinate of the position according to the simu-

sors placed in each of two lines parallel to each other on thjaatedltplar;e progiﬁsswe V\_/?ve._lt ?Eoull_dtbe_mentloned that the
walls and the ceiling, one line g=2.73 m and the other at resufis at any other position n the fistening zone are very

y=3.18 m. In addition, 30 sensors placed in a plang at similar to the ones shown in Fig. 6.

=0.93 m and other 30 sensors on a planga#.08 m. A

diagram illustrating the distribution of these 98 sensor posiD- Results of the sound equalization in terms of the

tions is shown in Fig. 5. The distances between to adjacergast-squares error

sensors were equal to 0.45 m in thdirection and 0.41 m in To evaluate the results of the sound equalization in terms
the z direction. It was found that, in general, the distance inof the frequency and the spatial distribution of the sound
the x and in thez directions between two adjacent micro- pressure in the listening zone, the impulse responses of the
phones should be less than half a wavelength of the fresptimal control filters that produced the results of Fig. 6 were
quency to be equalized. It should be pointed out that anransformed to the frequency domain. Thus the frequency
alternative to reduce the number of the error sensors was naésponses of the optimal filters were used in B.to cal-
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FIG. 6. Impulse and frequency responses at four different positions before and after sound equabz&i®)0.9,0.3m, (b) (1.0,1.8,0.9m, (c) (1.7,3.2,1.5
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o
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i=1

culate the least-squares error as a function of the frequencyest of the listening zond2) the sound field cannot be esti-
In this calculation only the amplitude of the sound pressurenated properly around certain frequencies due to the distri-
was taken into account; the error at theh receiver was bution of the error sensors as mentioned in Sec. IV B. The
defined a®,,=|p(r,)|—|pq(rm)| instead of Eq(8). Anum-  second reason contributes more to the relatively high values
ber of 7X12X7 sensor positions in listening zone were usedof the least-squares error at the frequencies around 110 Hz,
to approximate the sound field in the complete three-165 Hz, and 220 Hz. Here the distance between the two
dimensional region. The resulting cost function is depicted irplanes with the error sensor positio6s08 m—0.93 mis
Fig. 7, where the curve of Fig. 3, which corresponds to theequal to multiples of half a wavelength at those frequencies.
equalization in the frequency domain, is included for com- It might be worth placing the error sensors in the limits
parison. The sound equalization was also carried out with thef the equalization zone. An adaptive algorithm can be
error sensor positions placed in two parallel planes in themplemented since the error sensors are unobtrusive for the
middle of the room, 49 sensor positions in each plane. Thésteners. For a particular application, it should be investi-
graph of the least-squares error calculated for this case igated whether it is advantageous to implement the system
shown as well in Fig. 7. adaptively. If only a single adjustment during the installation
As it can be seen in Fig. 7, the results of sound equalef the audio system is sufficient to achieve a good equaliza-
ization obtained with the error sensors placed in two planetion and then the control filters are held fixed, the obvious
in the middle of the room are very similar to the results of position of the error sensors will be in two planes in the
the equalization carried out in the frequency domain for fre-middle of the enclosure.
guencies higher than approximately 20 Hz. The least-squares According to Fig. 7, the equalization of the broadband
error was higher with the error sensor positions near the limsignal is affected at frequencies lower than approximately 15
its of the listening zone. Two are the main causes for thedz in comparison to the results from the frequency domain.
higher error in this casél) a part of the effort of the control The reason might be the assumed poor response of the loud-
filters is used on trying to reduce the error at these sensapeakers at that frequency range. However, this is not a prob-
positions at the expense of degrading the sound field in theem in practice since these frequencies are not audible.
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FIG. 7. Least-squares error as a function of the frequency for the soun&IG. 9. Least-squares error as a function of the frequency corresponding to

equalization carried out in the time domain with the sensors placed near théifferent numbers of loudspeakers used in the sound equalization in the

limits of the listening zon€--) and the sensors placed in the middle of that frequency domain. The numbers in the figure indicate the total of loudspeak-

zone (---). The results obtained in the frequency domain are shown forers placed on the wall at=0, and the small circles are predicted values

comparison(solid line). calculated from the distance in the direction between adjacent sound
sources.

The highest value of the least-squares error in the cassimilar graph is obtained if another plamg is chosen in-
where the error sensors were placed near the limits of thetead ofz=1.5 m.
equalization zone occurred approximately at 300 Hz as can  The graph of Fig. 8 can be compared with the graph of
be seen in Fig. 7. Here the least-squares error is equal the spatial distribution of the sound pressure amplitude at the
0.29, which is slightly lower than the considered limit of the same frequency before equalization, which is shown in Fig.
criterion for a good equalization. The distribution of the 1. It can be observed that the spatial distribution of the sound

sound pressure amplitude in the plael.5 m for a driving  field has been considerably improved after equalization using
frequency of 300 Hz after the equalization with the sensom broadband signal.
positions in the limits of the listening zone is depicted in Fig.
3. It can be noticed that several dips in the spatialldistribu—v_ NUMBER OF LOUDSPEAKERS AND THE
tion of the sound pressure level appeared alongytdgec-  ~oNTROL OF MODES
tion for this particular frequency. The distance between two
adjacent dips is equal to half a wavelength, and therefore, To discuss the relation between the number of loud-
this suggests that the reflection of acoustic energy on the wafiPeakers and the maximum frequency that can be equalized,
at the end of the room was not sufficiently reduced. A very2 two-dimensional problem is considered first for simplicity.
An enclosure with dimensionk,=2.7 m,L,=3.0 m, and
L,=0.15 m has been used, and a plane wave moving iy the
direction has been simulated.

It was found out that, as a first approximation, the maxi-
mum frequency that can be equalized is given by

from=Cld— A, (1)

wherec is the sound speed,is the distance in the direction
between two adjacent loudspeakers, ands a number that
depends on the damping of the room.

The curves of the least-squares error corresponding to
different numbers of loudspeakers are plotted as a function
of the driving frequency in Fig. 9. The number close to each
curve indicates the total of sound sources placed on the wall
aty=0. The curves in this figure were obtained by minimiz-
ing the cost function of Eq(9) in the frequency domain. A
number of & 15X 3 error sensor positions within the equal-

0 ization zone were used. With the criteridfy s<0.3, the
value of A_ was determined to be equal to 32 Hz. In this
FIG. 8. Distribution of the sound pressure level at the frequency of 300 szay’ the frequencies given tiyna,—c/d—32 Hz fOI’. the d!f_ .
after sound equalization in the time domain using random noise as the inpf€r€nt numbers of loudspeakers are plotted by circles in Fig.
signal. The result is shown in the plane 1.5 m. 9. It can be seen in this figure that each of these circles are

-10 4
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o
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very close to the point in the corresponding curve for whichcan be achieved by the simulation of a traveling plane wave
E, s=0.3. Thus there is a good agreement between the value a rectangular room. The sound equalization can be ob-
of the maximum frequency that can be equalized obtained btained in a continuous three-dimensional region that occupies
minimizing the cost function and the value calculated byalmost the complete volume of the room. It has been proved
using f ja=c/d—32 Hz. that the equalization of random signals is possible, and that
With the used arrangement of loudspeakers, the filterethe duration of the impulse response in the listening zone can
signals fed to each of the sound sourceyai) are practi- be reduced significantly. In this way, the impulse response at
cally in phase to each other. This fact together with @4) any point in this zone can be approximated to a delayed delta
indicate that the mode with a wavelength equal to the disfunction.
tance between two adjacent sound sources is the mode with It has also been shown that the equalization of broad-
| #0 whose excitation cannot be reduced significantly andand signals can be achieved with the error sensors placed
that has the lowest frequency. In this case the loudspeakergar the limits of the equalization zone. As a consequence, a
are placed at the positions where the oscillations of the modfsee space for the listeners and their movements is obtained.
have the maximum amplitude and the same phase. Thus the The number of loudspeakers that are needed for the
loudspeakers are coupled very efficiently to that mode. Whestudied method of sound equalization is, however, relatively
the difference between the driving frequency and the fredarge. Since the maximum frequency that can be equalized
qguency of the mode is less than, the contribution of this depends on the distance between two adjacent loudspeakers,
mode becomes significant. more sound sources are required for the equalization of
An analog situation occurs for a three-dimensional casehigher frequencies or larger rooms.
The results of the sound equalization in the vertical direction
are mainly affected by the modes with# 0 that contribute
significantly to the produced sound field. Thus the mode with
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