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Multiple-Point Equalization of Room Transfer
Functions by Using Common Acoustical Poles

Yoichi Haneda Associate Member, IEEEShoji Makino, Member, IEEE.and Yutaka Kanedayiember, IEEE

Abstract—A multiple-point equalization filter using the com- equalization filter from a spatial equalization filter library
mon acoustical poles of room transfer functions is proposed. The whenever the receiver moves [2]. The spatial equalization
common acoustical poles correspond to the resonance frequenCIeS"brary is constructed using all-pole modeling of the RTF's and

which are independent of source and receiver positions. They t tizati B the all-pol del of RTE
are estimated as common autoregressive (AR) coefficients from vector quantization. Because the all-poie model ot an can

multiple room transfer functions. The equalization is achieved represent the peaks of the RTF with a smaller filter length [3],
with a finite impulse response (FIR) filter, which has the inverse this system effectively suppresses the spectral peaks. However,
characteristics of the common acoustical pole function. Although this method is intrinsically a single-point equalization method,

the proposed filter cannot recover the frequency response dips o, ha equalization filter cannot well equalize the responses at
of the multiple room transfer functions, it can suppress their

common peaks due to resonance; it is also less sensitive to change8'Ultiple points at the same time. Sometimes, a receiver (or a
in receiver position. Evaluation of the proposed equalization Mmicrophone) continuously moves around with a speaker in a
filter using measured room transfer functions shows that it can public address system, and listeners are at different positions in

reduce the deviations in the frequency characteristics of multiple 5 sound reproduction system. In such a case, a multiple-point
room transfer functions better than a conventional multiple- equalization is required.

point inverse filter. Experiments show that the proposed filter . .
enables 1-5 dB additional amplifier gain in a public address  TWo different systems have been developed for provid-

system without acoustic feedback at multiple receiver positions. ing multiple-point equalization. One uses multiple filters and
Furthgrmore, the proposed. filter reduces the reflected sounpl in sources (loudspeakers) [4]-[6]. When the number of sources is
room impulse responses without the pre-echo that occurs with & e than the number of equalization points, this equalization

multiple-point inverse filter. A multiple-point equalization filter . o . .
using common acoustical poles can thus equalize multiple room system can achieve perfect equalization at the multiple points

transfer functions by suppressing their common peaks. [4], where perfect equalization means equalizing not only the
amplitudes but also the phases of the frequency responses.

However, this equalization system needs many filters and
sources.
HE ROOM transfer function (RTF), which is used to The other system uses a single filter and a single source.
describe sound transmission characteristics betweenpile it is unable to achieve perfect equalization at multiple
source and a receiver in a room, has complex frequengyints, it does require less hardware. A multiple-point inverse
characteristics that vary depending on the source and receiffigér with a least-square error has been proposed for such
positions. An equalization filter is generally used to adjust the system [7], [8]. The equalization filter coefficients are
frequency response of the RTF to eliminate the various acoggiculated to minimize the sum of the squared errors between
tical problems. Such a filter can reduce the acoustic feedbagk equalized signals at multiple points and the delayed
in a public address system or suppress unnecessarily strefiginal signals. While this least-square estimation approach is
RTF frequency response in a sound reproduction system. reasonable in a numerical sense, it does not reflect the physical
The most common equalization method uses a graphigaracteristics of the RTF’s. That is, while the RTF's have a
equalizer, which is composed of multiple bandpass filtefghysically common part and a unique part, the multiple-point
However, considerable manual skill is needed to adjustj@erse filter tries to equalize both parts.
graphic equalizer. We can equalize the physically common parts of the RTF's
Recently proposed digital equalization filters enable fingased on the resonances in the room corresponding to the
adjustment to be done more easily. In these equalizatigfiferent source and receiver positions. The RTF variations
systems, a single-point equalization filter tuned for a specifige due to changes in the dips (zeros of the RTF’s). Since
RTF is affected by changes in receiver position (or “equajhe resonance causes peaks in the frequency responses of the
ization point”) because the frequency response of the RHETEs [9], suppressing the resonance frequencies is a powerful
depends on both the source and receiver positions [1]. Og@nnique for equalizing multiple points at the same time.
proposed solution to this problem is to select the most suitablee previously proposed using the common acoustical poles
Manuscript received July 7, 1996; revised January 13, 1997. The assocFQemOdel multiple RTF’s [10]. In this paper, we propose
editor coordinating the review of this manuscript and approving it foa multiple-point equalization filter that uses the common
publication was Dr. Dennis R. Morgan. _ acoustical poles. The common acoustical poles are estimated
The authors are with the NTT Human Interface Laboratories, Tokyo 180, . . . .
Japan (e-mail: haneda@splab.hil.ntt.co.jp). as common autoregressive (AR) coefficients from the multiple
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y(k) is written as
Source Receiver 5 Jg:l (m)ae( ) 3)
X(z) i Y y(k) = h(n)xe(k —n 3
F(z) | [Q - H(z) — D ,,L n=0
Equalization where
filter
L—1
.’L'f(k') = Z fspI(TL)aZ(k - 71) (4)
Room n=0

Fig. 1. Block diagram of single-point prefiltering equalization system. Th enotes the prefiltered input signal Hede.and n denote

equalization filter is used to adjust the frequency responses of one specﬁlc . . . - ' ’

room transfer functionH (=). liscrete-time !ndexes’;(n) is the w_npulse response df (z)
(in Fig. 1), N is the length of the impulse responsipi(n)

] (n = 0,---, L —1) are the single-point equalization filter
poles is the same as the number of the resonances, each pgifficients, and. is the number of taps of the equalization
fits well with each resonance frequency andjtgactor. When ity Equalization filter coefficientgspr(n) are calculated to
the number of estimated common acoustical poles is less thaimize the cost function

the number of resonances, the poles correspond to the major
resonance frequencies, which have a higfactor. Since there . i
are so many resonance frequencies over a wide frequency esPL =
range, we generally estimate a smaller number of common
acoustical poles. Therefore, this method does not recover thieich is the square of error signa(k) between delayed
antiresonance characteristics (i.e., dips or zeros of the RTF@sjiginal signalz(k — d) and equalized signaj(k). Here,d
but does suppress the common peaks due to major resonaicése modeling delay, which compensates for noncausality.
of the multiple RTF's. 3) Single-Point All-Pole (SPAP) Equalization FilteAn
This paper is organized as follows. Section Il reviews corqualization filter using all-pole modeling of an RTF equalizes
ventional digital equalization methods. Section Ill describaRe magnitude of the frequency resonances [3]. The all-pole
our proposed equalization filter. This filter is evaluated usingodeling of an RTF is expressed by the transfer function
measured room impulse responses and compared with the o o

conventional multiple-point inverse filter in Section IV. Hap(z) = e — ~ (6)
z

k)= [z(k—d) -y (5
k—0

k=0

—

II. CONVENTIONAL EQUALIZATION FILTERS n=

FOR ROOM TRANSFER FUNCTIONS where C is an arbitrary gain constant andn) are the AR

coefficients corresponding to the poles. The single-point all-

A. Single-Point Equalization pole (SPAP) equalization filter is

In a single-point prefiltering equalization system (see P
Fig. 1), H(z) is the RTF between a source and a receiver Fspap(z) = A(z) =1 — Z aln)z". 7)
and is expressed as atransform; F'(z) is the equalization o

filter and X(z) and Y (z) are the input and output signals,

respectively. Output signal’(z) is expressed as This filter is a moving average filter whose coefficients cor-
respond to the poles of the RTF. It equalizes the RTF by
Y(2) = H(z)F(2)X(2). (1) suppressing its peaks. Since it is a minimum phase filter, it

cannot achieve complete phase equalization of the actual RTF;

1) Inverse Filter: The perfect equalization filter is the in-"OWeVer, it does reduce the required filter length.

verse filter
B. Multiple-Point Inverse (MPI) Filter Using a Single

F(z) = H—l(z) ) Inverse Filter Based on Least-Square Error

Fig. 2 shows multiple-point equalization using a single
which equalizes not only the magnitude but also the phaswerse filter (equalization filter}'(z). H;(z) andY;(z) (i =
of the frequency response. When (2) is substituted into (1),2, ---, M) are the RTF's and output signals, respectively,
output signalY'(z) is equal to X(z). However, when RTF for each receiverj is the number of receivers. A perfect
H(z) includes nonminimum phase zeros, inverse fill&r) equalization filter cannot be achieved for all receiver posi-
becomes unstable. tions because the RTF's have different frequency responses,

2) Single-Point Inverse (SPI) Filter Based on Least-Squaespecially their phase responses.

Error: To overcome the instability, a modified inverse filter One proposed method [7], [8] for estimating the filter
is obtained using the least-square method. In the time domainefficients of a multiple-point inverse (MPI) filter using the
the relationship between input signalk) and output signal least-square error is shown in Fig. 3. In the time domain, the
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Fig. 2. Block diagram of multiple-point equalization system. The equaliz

tion filter is designed to equalize the multiple room transfer functions. ‘?fig. 4. Principle of multiple-point all-pole equalization filter using common

acoustical poles. The common peaks of multiple room transfer functions are

removed.
o ) 427[ k- du)
o ak-dy) reflecting the difference in the propagation times of direct
f : sound in the impulse responses [7]. This equalization filter
i | afk-dy) w tries to recover the waveforms of the original source signals.
k) k
0 nf )‘é; : af )M I1l. M ULTIPLE-POINT EQUALIZATION
" y,(k) X e k) | Zw , USING COMMON ACOUSTICAL POLES
x @ > X el(k) _
il Although the RTF's are different for each source and
\ ' ' ) en (k) receiver position, all RTF's in a room commonly include the
| Room MW D " “p— | resonance frequencies and th@ifactors, which correspond to

the damping constants [9]. Because the spectral peaks of each
RTF are caused by these resonances, they are considered to be
Fig. 3. Block diagram of estimation system for a conventional multiple-poidfidependent of the source and receiver positions. Therefore,
inverse filter. The filter coefficients are estimated to minimize the sum of thgnly the dips (zeros) cause RTF variation. We, thus, propose
?lQ‘Eir?dfrf?fS %‘}t)""een desired signdls—d;) and equalized signalss () 5 myitiple-point equalization filter that suppresses only the
ST T common spectral peaks; it does not recover the various dips.
This equalization filter performs better than the multiple-point
inverse filter because it does not try to recover the individual
zeros of the multiple RTF’s. To obtain such an equalization

| minimize

relationship between input signaigk) and output signals
y(k) is written as

N-1 filter, we used the common-acoustical-pole and zero model of
yi(k) =" hi(n)zs(k — n) (8 RTF's [10].
n=0
where A. Common-Acoustical-Pole and Zero Model
L-1 The concept of our previously proposed common-
ze(k) = furr(n)z(k — n). (9) acoustical-pole and zero (CAPZ) model for RTF’s is shown
n=0 in Fig. 4. Each RTF, ofH;(z), is expressed using a common
Here, h,;(n) is the impulse response of thith RTF, H;(z) (in acoustical pole (CAP) functionAcar(z), and a different
Fig. 2), andfypi(n) (n =0, ---, L — 1) are the equalization zero function, B;(z)
filter coefficients, which are set to minimize cost function Q
empr- This cost function is the sum of the squares of error Zbi(n)z_"
signalse; (k) between delayed original signat$k — d;) and B;(z) i
output signalsy; (k) Hi(z) = Acap(2) P - 1
M oo 1-— Z CLCAP(TL)Z n
EMPI = Z Z 2 (k) n=1
i=1 k=0 The CAP function,Acap(z), does not depend on receiver
M oo ) position ¢, while the zero function,B;(z), does. Functions
= Z[x(k—di) —ui(k)] (10) Acar(z) and B;(z) can be expressed in polynomial form
=1 k=0 by using coefficientsacar(n) and b;(n), as in (11). The

whered; is the modeling delay for théth equalization point. acar(n) are the common AR coefficients corresponding to
The modeling delaysl; (¢ = 1, ---, M) are set differently the CAP’s and thé;(n) are the MA coefficients? and @

«Q
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are the orders of the poles and zeros, respectively. Note ttzro, as follows:

when poles are estimated with a single impulse response as r

in the conventional pole/zero model, the estimated poles areibi(/g) = Z aCAP(”)iLi(k —n). (i=1,2,---, M).
not necessarily common physical poles, because of influence =1

of zeros in the RTF [10]. (14)

The common acoustical poles are estimated as common ARe equation error between the actual impulse responses,
coefficients from the multiple RTF’s. The estimated commofti (k). and the modeled impulse responsegk), is defined by
acoustical poles agree well with the resonance frequencies P
when the estimation is done using the same number of e (k) :hi(k)—z acar(n)h(k —n). (15)
estimated common acoustical poles as the number of resonance n=1
frequencies. When a smaller number is used, the estimatagk common AR coefficients can thus be estimated as those

common acoustical poles represent the major resonance ffxt minimize the least mean squares cost functionr as
guencies of the room [10].

M oo
ccar =Y _ > (k)
B. Proposed Multiple-Point All-Pole (MPAP) Equalization i=1 k=0
Filter Using Common Acoustical Poles I oo r 2
Our proposed multiple-point equalization filter uses CAP =33 [hi(k) = acar(mhi(k —n)| . (16)
function Acap(z) of the CAPZ model. This “multiple-point =1 k=0 n=1
all-pole (MPAP) equalization filter” is defined as Here, the common AR coefficientacap(n), that minimize

(16) can be expressed in matrix form as

r _ T —1 T
Furar(z) = Acar(z) =1 - Z acar(n)z™".  (12) a=(W'W)"Wv (17)
n=1 where we obtain (17a), shown at the bottom of the page. A

o ] N similar technique that minimizes the equation error has also
The equalization filter coefficients are calculated as comm@gen, studied for estimating common poles of multiple inverse

AR coefficients based on the least-squares method [11] fyers [12].

using the multiple RTF's. According to (11), the impulse The proposed MPAP equalization filter can be implemented

response of the CAPZ model is expressed as as a finite impulse response filter with only a few hundred
taps [13]. Output signal;(z) is

r Q
hi(k) = Z acap(n)hi(k —n) + Z bi(n)6(k —n) (13) Yi(z) = Hi(z)Fynpar(2) X (2) (18)
n=t =0 that is,
where 6(k) is the unit pulse functioné{k) = 1 for &k = 0, Yi(z) = Bi(z) Acar(2)X (2)
andé(k) = 0 for any otherk]. Because only the common AR ‘ Acar(z)
coefficients are required, the order of the zer@s,is set to = B;(2)X(2). (19)
a =acar(1), acar(2), -+, acapr(P)]"
W =[Hy, Hy, -+, Hy]"
v=[hy, hy, -+, hy]"
h; =[hi(1), hi(2), -+, hi(N =1),0,0, -+, 0]F
and
hi(0) 0 0 1
h(P=1) hi(P-2) hi(0)
H; = : ; ; N+P-1 (17a)
hi(N —=1) hi(N-2) hi(N — P)
0 hi(N —1) hi(N — P —1)
L0 0 hi(N —1) |
P )
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Fig. 5. Evaluation setup: the impulse responses were measured at nine ) .
receiver positions. The room was 3.0 m high and the source and receivers Fig. 6. Example of measured room impulse response.
were 1.2 m above the floor.

L _ standard deviation represents the scale of the peaks and dips
This filter does not recover the zerds;(z), corresponding t0 o e equalized RTF's. The smaller the standard deviation,
the dips, but it does suppress the common peaks due to #)¢ fiatter the equalized RTF's.
resonances in the room. The other evaluation criterion was the “howling onset level,”

which is defined as the amplifier gain at which the acoustical

IV. PERFORMANCE OFPROPOSEDEQUALIZATION FILTER  feedback becomes unstable in a public address system where

We evaluated the effectiveness of our proposed MPARe input signak:(k) of the loudspeaker is a receiver output
equalization filter using the common acoustical poles faignaly(k). An equalization filter suppresses the peaks of the
equalizing multiple impulse responses by comparing it withiequency response, enabling a higher amplifier gain, that is,
the SPI filter, the SPAP equalization filter, and the MPI filteenabling a higher sound reproduction level without acoustic

The impulse responses were measured at nine receifggdback, because the acoustic feedback becomes unstable
positions, as shown in Fig. 5. The room was &.74.3 x 3.0 around the highest peaks of the frequency response. The
m, and had a reverberation time of 0.25 s. The frequency rarttjgher the howling onset level, the better the equalization filter
was set to 0.2-3.4 kHz; the sampling frequency was 8 kHzuppresses the peaks in the frequency responses.

We located the receivers on a semicircle so we could use the

same modeling delay for calculating the multiple-point inverse

filter. The impulse responses included the characteristics of the SPI and SPAP Filter Results

room acoustics and those of the source and receiver systemMpe first used the SPI and SPAP filters to equalize the
Fig. 6 shows an example of the impulse response. multiple RTF’s. These filters were calculated from the RTF

All of the equalization filter coefficients were calculateqsrresponding to the “Oreceiver position in Fig. 5. Fig. 7
using a filter length of 200 taps and a modeling delay of 1QQ,6\ys the frequency responses before and after equalization
gamples for the SPI and MI?I filters. The SPAP_and MPAR, (a) SPAP at the Oreceiver position, (b) SPI at°0 (c)
filters do not need the modeling delay. All of the filters had gppp 5t 30, and (d) SPI at 30 In Fig. 7, the upper curve
unit gain on average. To evaluate the equalized sound signglgach graph shows the magnitude of the frequency response
at the multiple receiver positions, we used the convolutiqf the original RTF and the lower curve shows the magnitude
results of the original impulse responses and the equalizatignie frequency response of the equalized RTF. The average
filters (equalized RTF's) assuming the input source signal fg|ative response levels were set to 0 dB for the original RTF’s
be a unit pulse. _ and —20 dB for the equalized RTF'’s. Since the equalization

To assess the degree of flatness of the equalized RTKigers were calculated using the® Gmpulse response, both
Y(f), we introduced two evaluation criteria. One was standafiters flattened the magnitude of the frequency responses at

deviation o, defined as the @ receiver position, as shown in Fig. 7(a) and (b). At
L & 30°, however, the deviations were not reduced, as shown in
o=, Y (20log [Y(f)] - AVG)? (20) Fig. 7(c) and (d).
N F=fo Fig. 8 shows the standard deviation of the original RTF's,

the SPI-equalized RTF's, and the SPAP-equalized RTF's at the

where AVG is the mean value nine receiver positions. At and near the i@ceiver position,

U ) the standard deviations were reduced by both equalization
AVG = N Z (20 log [Y'(£)D)- (21) " filters. The improvement in the standard deviation at the O
f=o receiver position was about 2 dB for both filters. However,

fo corresponds to 200 Hz; corresponds to 3.4 kHz, amdl  the further the receiver position fron? Othe less effective the
is the number of frequency samples betwggrand f;. The equalization.



330

Relative response (dB) Relative response (dB) Relative response (dB)

Relative response (dB)

‘”«‘\vm

i W\ 10 *M i e Nwegomesissfit

M

[=]
T

L ,w‘r.
20 “N*‘ i g\f"\ﬂ\\/" 11(’\1“"““.” L

1 2 3 4
Frequency (kHz)

f—
SPIO° %

@

(b)

ol

- \Fl\ \J /UH ‘\
i n‘[’\w i \‘J l( M V \1‘ WY\VT\A \//y‘rﬁ\r/ v\

J\ §
il
V

W,

©

2
Frequency (kHz)

(d)

IEEE TRANSACTIONS ON SPEECH AND AUDIO PROCESSING, VOL. 5, NO. 4, JULY 1997

IR

Standard deviation (dB)

N
.
I

1 B [ - I -
-45 30 -15 0 15 30 45
Receiver position (angle)

[=2]
o

Fig. 8. Standard deviations of original (without equalization), SPI-equalized,
and SPAP-equalized RTF's for the nine receiver positions.
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Fig. 9. Howling onset levels of original (without equalization),

SPl-equalized, and SPAP-equalized RTF’s for the nine receiver positions.

Fig. 9 shows the relative howling onset level of the original
RTF's, the SPl-equalized RTF's, and the SPAP-equalized
RTF's. We assume that at 0 dB, the frequency response of
the equalized RTF's are completely flat. At thé @eceiver
position, the relative howling onset level was 4 dB higher
for both the SPAP- and SPI-equalized RTF’s than the original
RTF. However, when the receiver was moved to almost any
other position, the relative howling onset level became lower
than without equalization.

These results show that the SPI and SPAP filters, which
are calculated from one impulse response, work well at a
specific point but not at other points, as previously reported
[1], [7]. Single-point equalization is thus sensitive to changes
in receiver position.

B. MPI and MPAP Filter Results
We next evaluated the MPI and MPAP filters calculated

Fig. 7. Frequency responses before equalization (upper curves) and afﬁglm the nine measured impulse responses. The filter length

equalization (lower curves) for (a) SPAP equalization filter atrBceiver
position, (b) SPI filter at ®, (c) SPAP filter at 30, and (d) SPI filter at 30.

and modeling delay were the same as for the SPI and SPAP
filters.

Fig. 10 shows the frequency responses before and after
equalization: (a) MPAP equalization filter at thé feceiver
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Fig. 12. Howling onset levels of original (without equalization),
MPIl-equalized, and MPAP equalized RTF’s for the nine receiver positions.

positions, (b) MPI at ©, (¢) MPAP at 30, and (d) MPI at

30°. Although neither filter completely flattened the RTF's,
both filters suppressed the common main peaks. For example,
in Fig. 10(a), the main peaks at 200, 1300, 1550, and 1800
Hz (indicated by arrows) were suppressed. This tendency was
also found in the other figures. Comparing the MPI and MPAP
results, while the MPAP-equalized RTF frequency response
was almost flat on average, the MPI-equalized one decreased
as the frequency increased, as indicated by the straight lines
in Fig. 10.

Fig. 11 shows the standard deviation of the original RTF's,
MPI-equalized RTF’s, and MPAP-equalized RTF'’s at the nine
receiver positions. At all receiver positions, the standard
deviation of the MPAP-equalized RTF was lower than that of
the MPI-equalized one. The MPAP-equalization filter is, thus,
more effective than the MPI one in reducing the deviations
of multiple RTF’s. This is because the MPI filter equalizes
not only the amplitude but also the phase, while the MPAP

Fig. 10. Frequency responses before equalization (upper curves) and JH&?" equallzes only the amp“tUde The difference between

equalization (lower curves) for (a) MPAP equalization filter &t f@ceiver
position, (b) MPI filter at 0, (c) MPAP filter at 30, and (d) MPI filter at equallzed RTF’s was about 1.2 dB on average.

30°.

standard deviation curves of the original RTF's and the MPAP-

Fig. 12 shows the relative howling onset level for the
original RTF’s, the MPIl-equalized RTF’s, and the MPAP-
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Fig. 13. Example waveforms of (a) original, (b) MPAP-equalized, and (c) MPI-equalized impulse responses.

equalized RTF’s. With the MPAP filter, the howling onset levehat the MPI filter is a double-sided filter (it uses the modeling

at all receiver positions was 1-5 dB higher than the origindklay to compensate for the nonminimum-phase zeros). Since

level, while with the MPI filter, the howling onset level wasthe MPAP equalization filter does not consider the zeros, there

lower at 15 and 60 is no pre-echo in its response. The MPAP equalization filter
From Fig. 12, we can derive the safe amplifier gains whéhus equalizes not only the frequency responses but also the

the receiver is moved between the nine positions. The séif@e responses without pre-echo.

amplifier gain is the minimum howling onset level. For ex-

ample, when the amplifier gain was set t@8 dB without V. CONCLUSION

an equalization filter, acoustic feedback occurred at receive

pOSIt.IOI’lS _1,5_ and 6. To ‘T"YO'd ‘T"COUSUC feedback at a"ter that uses the inverse characteristic of a common acoustical
receiver positions, the amplifier gain had to be set beidhb pole function calculated from multiple room transfer functions.

dB based on the howling onset level-dis". With the MPl ¢ equalization is achieved with a finite impulse response
and MPAP filters, the safe amplifier gains wer6.7 and—5.4  fijter with only a few hundred taps. Although this filter does
dB, respectively. Using the MPAP filter increased the saf§y flatten the frequency response dips, it does suppress the
amplifier gain by 4.1 dB from the original RTF’s, while using.esgnance frequencies common to multiple RTF’s.
the MPI filter increased it by 2.8 dB. An MPAP filter can, e compared the effectiveness of the proposed equalization
thus, effectively function as a fixed filter to prevent acoustiiter with that of a conventional multiple-point inverse single
feedback when the receiver is moved. filter by using measured impulse responses with a frequency
Fig. 13 shows example waveforms of an original impulsginge of 0.2-3.4 kHz. The proposed filter flattened the fre-
response, an MPAP-equalized impulse response, and an Mitlency response over a wide frequency range and reduced
equalized impulse response at receiver positibnAlthough the deviations in the frequency characteristics of multiple
the MPAP equalization filter equalized only the amplitudes ebom transfer functions better than the conventional multiple-
the frequency responses, it reduced the reflected sound afpbiht inverse filter. The proposed filter thus enabled a 1-5
ms, as indicated by the arrow in Fig. 13(b). Furthermore,dB additional amplifier gain without acoustic feedback at
pre-echo was found in the MPI response but not in the MPARultiple receiver positions in a public address system than with
response. The reason for the pre-echo in the MPI respons@dsequalization. Furthermore, the proposed equalization filter

'We have proposed a multiple-point all-pole equalization fil-
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reduced the reflected sound in room impulse responses with~ '

the

inverse filter.
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