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ABSTRACT room response inverse filter. For simplicity, only an ideal

This paper examines the sensitivity of sound equalization case of an exact inverse response filter is considered; it is

to source or microphone position changes in a reverber-“nder_StOOd that a similar analysis will apply to the approxi-
ant room. It is demonstrated that even small displacementsmate INVerse.

from the reference (equalization) point, of the order of a In order to derive more general results, we make use of

tenth of the acoustic wavelength, can cause large degradat-he statlstlcal-average prop'ertles of sound.trgns.mlssmn N
ooms. The basic assumption of room statistics is that the

tions in the equalized room response. The general theor)/ e ) o
developed in this paper, which implies that the sound equal_sound pressureis falrly uniformly distributed f[hrougho.u'tthe
ization in practical environments may be an ill-posed prob- "2°™ t\)/olume.zF'or this to be true, the following conditions
lem, is verified by the simulation results averaged over dif- must be met [2]:

ferent source and microphone positions. . . .
P P 1. The linear dimensions of the room must be large rela-

tive to the wavelength. This condition is easily satisfied
1. INTRODUCTION in almost all rooms, for frequencies of interest.

In many applications, when the speech signal is transmit- 2. The average spacing of the resonance frequencies must
ted from source to microphone in a reverberant room, it is be smaller than one-third of their bandwidth. In a
necessary to use an inverse filter in order to compensate for ~ room having a volumé&” and reverberation time;,?,
uneveness in the frequency response of the room, that is,  this criterion can be met for all frequencies which

to make the transfer function of the system be (approxi- exceed the Schroeder large room frequency given by
mately) equal to the desired one. The majority of litera- fs = 2000(Ts0/ V)2,

ture concerned with the sound equalization in reverberant
enclosures deals with the case where the source and mi- -
crophone positions are assumed to be fixed, which signifi-

cantly simplifies the problem of reverberation removal from Subject to these not very restrictive conditions, the fre-

the sound picked up by a microphone at some point in aquency response between the source aueiver may be

room. However, an effective technique for sound equaliza- . : .
. : . treated as a random function, the properties of which are de-
tion over awider area in a room has not yet been found. Spa-

o . rmin he room volume, reverberation time and mag-
tial limitations to the standard equalization techniques for te ed by the room volume, reverberation time and mag

. . ni f th nd pr re.
speech dereverberation have been experimentally demon- tude of the sound pressure

stated in [1].

In this paper we present an analysis of the robustness of 2. ROBUSTNESS RESULTS
equalization in reverberant rooms, for changing source or . . . ) )
microphone positions. We are basically interested in the V& begin the theoretical consideration of our subject from
spatial extent of the zone where a significant reverberationth€ following simplifying assumption:
reduction is obtained, which can be achieved when a sound 11 reverberation tim@ is the length of time for the sound intensity
picked up by a single microphone is equalized using a fixed levelin a room to drop bgo dB after the source is shut off.

Both source and microphone are in the interior of a
room, at least a half-wavelength away from the walls.




Let G, be the complex steady-state frequency responseln (3), absorption in the air is neglected for simplicity.
between the sound source and teesiver, andi; the fre- Proof: See the Appendix.
guency response of an inverse filter designed to equalize We make the following observations regarding this result:
room response at the microphone point. We idealize our
problem by assuming that the transmission path between
the source and receiver is perfectly equalized, wipere
fectmeans equalizing both the amplitudes and the phases of
the frequency response.

Moving the microphone will distort the frequency re- 2. |fthe displacement from the equalization point is small
sponse of the equalized transmission path. A quantitative compared to the source-to-microphone distance, the
measure of this degradation can be based on a difference  first term in (2) approachels meaning that direct field
between the two system’s transfer functions related to the component has negligible effect on the error signal

reference and the displacement point. Becausey ~ 1/R?2, the same will be valid at larger

Definition 1: Let G, be the frequency response between distances from the source location, where (2) reduces
the source and the receiver placed some distance away from o a simpler formulaW; = 2 — 2sin(kr)/(kr).

the equalization point, anfl ; an exact inverse daf’,;. The . )
mean squared erraat frequencyf due to the displacement 3. The greatest amount of distortion can be expected for

1. The mean squared error depends merely orr i
of the room volume and reverberation time. This prop-
erty generalizes the results derived herein to rooms of
different shapes, volumes, and reverberation times.

of the receiving point is defined by high frequencies, where the tesim (k) /kr falls off
_ rapidly with increasing the distance from the equaliza-
Wy = E{|G,H; — 1]*} 1) tion point.

where E'{-} represents the expected value operator. The In analogy, the same results would be derived with the

expectation is taken with respect both to the distribution microphone being fixed and source being moved from one

of source locations (assumed uniform throughout the roompoint to another.

volume but at least a half-wavelength away from the walls)

and to the distribution of microphone positions (assumed 3. SIMULATION EXAMPLE

uniformly distributed on the sphere of raditgentered at

the reference location). We note thal; goes to zero atthe  In order to validate the theoretical results derived in the pre-

receiver reference point, whefe, becomes equal @', ceding section, simulations have been performed for several
The definition given above can be generalized: multiplied rooms of different volumes and reverberation times, over a

by the squared amplitude of the source signal at frequencywide range of source-microphone positions. In calculating

f, (1) estimates the power of an error signal which is the the frequency response of the room (source-to-microphone

difference between the equalizer output signal and desiredtransfer function), we have used the image method [6].

(source) signal. In the example we present here, a rectangular room with
Before going further, we define the quantity called the dimensions.4 m, 5 m, and4 m is considered. We as-

wavenumberk, ask = 2n/A = 2xf/c, whereX is the sume that the reverberation time does not change with the

acoustic wavelength, andis the velocity of sound, gener-  frequency, and that all walls of the room have the same

ally specified a1°C as344 m/s. reflection coefficients (the average absorption coefficient

a=1-p%.

Theorem 1 Let R denote the distance from the source 10 Fjrst we calculated frequency response at some fixed dis-

the reference location; the displacement from the equal-  5nce from the source placed in the interior of the room.

ization point,k the wavenumber, angl the ratio of the di-  then moving the microphone in an arbitrary direction, we
rect to the reverberant sound energy density at the referencegcyated the error at several points along a straight path of

point. Then, the mean squared error at frequeyidg one wavelength (see (1)). TR0 simulations with differ-

Ry | Btr . ent source-microphone positions were made, with both the
LT n|gxr|+1 sin(kr) ) . .
W, = 1 - . +1 (2) source and microphone being diapéd radomly between
Tt " the runs. The average power of the error signal at frequency
with~ given by f was estimated by
0.01V 1 LG
e 3 W . — =in 2
7T TR - a)Te ®) Wf—ﬁZ|Gf —1| (4)
n=1 —

Wh.ere.d s the avgrage absorption coefficient (the fraction 2This can be easily verified by using the biiital’s rule, according to
of incident acoustic power absorbed by the room surfaces), which: lim, o [(R/2r) In |(R + r)/(R — r)[] = lim,_0[(3(In [(R +
andV is the volume of the room. O r)/(R—r)|)/or)/(8(2r/R)/or)] = 1.



B ‘7 | simulz;tions Ef [5, pages 555'591]
-—- theory

10 A

Ef = _ikpcﬁfgf (5)

where factorg and.S;, which will be defined later in this
Appendix, are independent of the receiver location. Thus,
the equation (1) can be written in the form

P,p, P, P,
W= By -y @)
PPy Py Py

ERROR POWER (dB)

where the symbaol represents the complex conjugate. Let
T o om0 om or o s us first multiply and divide the second and the third term in
MICROPHONE DISPLACEMENT (number of wavelengths) (6) by E; andﬂf , respeCtiVely.
To calculate the expectation of each term in the sum
Figure 1: Reverberant power as a function of displacement! (6), we use the Taylor expansion [3, pages 246-7], ac-
from the equalization point, at frequenép00 Hz. The cording to which ifg is the function ofrandom variables
room dimensions args.4 x 5 x 4) m?, wall reflection co- ~ With the mean value’{z;} = z;, j = 1,...,n, then
efficients0.84, and direct-to-reverberant energy ratig.4  9(#1, 22, , a), Which we write ag(x) for b/re\flty, can
dB (source-to-microphone distange= 3 m). be expressed in the form(z) = g() +5_;_, ¢j(7)(z; —
%;)+g(x), whereg is a function of order 2, i.e., all its partial
derivatives up to the first order vanish(@t , z2, ..., ).
whereG ;. denotes the complex room response at the ref- Thus, to the first order of approximatiofiig(z)} = 4(z).

erence location (associated with thth simulation),G,, With this approximation, we find
is the room response at some distandéeom the reference
point, andN = 200. ~ ~ .
In Fig. 1, the solid line represents the averaged trend of W, = EAE, P} _ EXL; L} _ E{L Ly}
the error signal for many source and microphone locations; E{P;P}} E{P;P}} FE{P}P;}
such an average is in very good agreement with what one
calculates from (2) (dashed line). These results, as well The total sound pressure at frequerfcyat some point away
as the other simulation results not presented in this paperfrom the source, may be expressed &: = P, + P;,,
demonstrate that the zone of equalization, where more thawhere £, and P, are the direct and reverberant sound

10 dB of reverberation reduction is obtained, is a sphere of Preéssure components, respectively. Under the same condi-
a diameter of about/7, centered at the reference point. tions as in the Introduction, the direct and reverberant sound

pressure are uncorrelated at the point of observation and,
therefore, all cross terms in the sum in (7) will vanish, leav-
4. CONCLUSION ing only the following factors

50 I

+1.(7)

The purpose of this paper was to investigate the robustness N E{Efdé;d + Efré;r} E{Efdﬂ;d + Efrﬂ;r}
of equalization using a room response inverse filter, with Wy = E{P, Pyt P, P} - F{P, Pyt P o)
respect to source or microphone location changes. The the- —fdTrd =gy A=A g

ory and simulation results presented above demonstrate that E{Efdﬂ;d + Efrﬂ;r}
standard equalization techniques are merely a point-wise E{P;yPts+ P; P}, } +1 ®)
solution which not only fails in removing unwanted rever-
beration but may even further degrade speeclityuaway The reverberant-field mean-square pressure can be de-
from the equalization point. fined as
~ 4pcll(1 — &
5. APPENDIX E{P;, P} } = E{L;, Py, } = Lo é@ ) (9)

We use the following relation between the frequency do- wherell is the power of the acoustic source, gnis the
main Green’s function (frequency response functigh, density of air in the room.
and the complex sound pressure at some point in a room, With (3) (see [4, page 582]) and (9), returning to (8), we



find Having determined the first term in (10), we pro-
ceed with the similar mathematical analysis to determine

E{Efdéfd}iz; cﬁgof_a +1 E{P,,P%.}. Inthis case, we find
= pell(l—a) fdifd
7+1 . , E{~ } 1/1 eik(x/R2+r2—2Rrcos€—R)d(COS 9)
E P r—jr * = -
3 E{Pfdpfd}4pcl‘[ =& T E{P;r ; T 49y 2J_1 (4m)2RVR?+ r2 — 2Rrcosd
v+ 1 1 sin(kr)
= 18
B{P,,P},} (4rR)?  kr (18)
E{Pfdpfd}4pcl'[ 1-a) + E{P

- o) rEi} 1.(10) leading to

B(P. P Mpe sin(kr)
Next we calculateE{Ede;d} starting from the following {Byalfa} = 4rR?  kr
equations: The free-space Green's function is defined as  Einally, returning again to the expression (10), we utilize the
1 well-known formula for the normalized correlation function
9, = mel’m. (11) of the complex sound pressure amplitude at two points sep-

arated by a distancein space [4]
At a distanceR from the source point, for a given source

strengthy;, the direct sound pressure is of the form [5, page E{Efrﬂi‘r} _ sin(kr) .

Because the second term in (10) turns out to be a real func-
tion of r, the same result must be valid for the third term in
(10). These results can now be inserted in (10) to obtain an
approximation solution to the power of the error signal at
single frequency.

(19)

(20)

Pry= _ikpcﬁfgf~ 12)

Some distance away from the equalization point, at an an-
gled to the reference direction, the sound pressure is given
by
~ ] _ Acknowledgment: This work was partially supported by
Pyg=—ikpeSyg,. (13) the Australian Research Council.
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