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ABSTRACT

Equalization of room transfer functions (RTFs) is important in
many speech and audio processing applications. It is a challenging
problem because RTFs are several thousand taps long and non-
minimum phase and in practice only approximate measurements
of the RTFs are available. In this paper, we present a subband
multichannel least squares method for equalization of RTFs which
is computationally ef�cient and less sensitive to inaccuracies in
the measured RTFs compared to its fullband counterpart. Experi-
mental results using simulated impulse responses demonstrate the
performance of the algorithm.

1. INTRODUCTION

Equalization of room transfer functions (RTFs) is essential in sev-
eral applications in acoustic signal processing, including speech
dereverberation [1] and sound reproduction [2]. Although, in the-
ory, exact equalization is possible when multiple observations are
available [2], there are many obstacles for RTF equalization in
practice [3].

Consider the L-tap room impulse response of the acous-
tic path between a source and the mth microphone in an M -
element microphone array, hm = [hm,0 hm,1 . . . hm,L−1], with
a z-transform Hm(z) constituting the RTF. Equalization can be
achieved, in principle, by an inverse system with transfer function
Gm(z) satisfying

Gm(z)Hm(z) = κz−τ , m = 1, 2, . . . , M (1)

where τ and κ are arbitrary delay and scale factors respectively.
Equivalently, considering the Li tap impulse response of Gm(z),
gm = [gm,0 gm,1 . . . gm,Li−1]

T , (1) can be written in the time
domain as

Hmgm = d, (2)

where Hm is a (L + Li − 1) × Li convolution matrix, and d =
[0 . . . 0| {z }

τ

κ 0 . . . 0]T is the (L + Li − 1)× 1 output vector of the

equalized RTFs. The problem of equalization is to �nd Gm(z).
In practice, RTF equalization is not straightforward since: (i)

RTFs are non-minimum phase [4] and do not give a stable causal
solution for Gm(z); (ii) the average difference between maxima
and minima in RTFs are in excess of 10 dB [3, 5] and therefore
RTFs typically contain spectral nulls that, after equalization, give
strong peaks in the spectrum causing narrow band noise ampli�-
cation; (iii) equalization �lters designed from inaccurate estimates
of Hm(z) will cause distortion in the equalized signal [3]; (iv) the
length L of hm can be several thousand taps in length [5].

Several methods for RTF equalization have been proposed.
Single channel methods [4, 6, 7] typically result in large process-
ing delay, which is problematic for many communications appli-
cations, extremely long and non-causal inverse �lters, and provide
only approximate equalization [2]; inherently these only partially
equalize deep spectral nulls, which makes them less sensitive to
noise and inexact RTF estimates [1]. In the multichannel case,
the non-minimum phase problem is eliminated and exact inver-
sion can be achieved [2, 8]. However, it has been observed that
exact equalization is of limited value in practice, when the RTF
estimates contains even moderate errors [1, 3, 9]. Various alterna-
tives have been proposed for improving robustness to RTF inaccu-
racies [10, 11, 12].

In this paper, we introduce a newmethod for equalization �lter
design. Given a set of multichannel RTFs, we decompose the RTFs
into their subband equivalent �lters. These are then used to design
the subband inverse �lters and the equalization is performed in
each subband before a fullband equalized signal is reconstructed.
It is shown that this approach not only reduces the computational
load, but also reduces the sensitivity to estimation errors and the
effect of measurement noise in the RTFs. An important result is
that this method accommodates multichannel equalization of large
order systems, taking advantage of the shorter length of multichan-
nel equalization �lters and the low sensitivity to RTF inaccuracies
of single channel methods.

The remainder of the paper is organized as follows. Fullband
multichannel least squares (LS) equalization is reviewed in Sec-
tion 2. The subband multichannel LS method is described in Sec-
tion 3. In Section 4, experimental results are given and conclusions
are drawn in Section 5.

2. MULTICHANNEL LS EQUALIZATION

In the multichannel case exact inversion can be achieved using Be-
zout’s theorem [2, 8]: given a set of M RTFs, Hm(z), and as-
suming that these do not have any common zeros, a set of �lters,
Gm(z), can be found such that [2, 8]

MX
m=1

Hm(z)Gm(z) = 1. (3)

The relation in (3) can be written in the time domain using (2) with
τ = 0 and κ = 1 as

MX
m=1

Hmgm = Hg = d, (4)

where H = [H1 H2 . . . HM ], and g = [gT
1 gT

2 . . . gT
M ]T .
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An optimization problem can be formulated then as

ĝ = arg min
g
‖Hg − d‖2, (5)

and the multichannel least squares (MCLS) equalization �lters can
be calculated according to [8]

ĝ = H+d, (6)

where H+ = (HT H)
−1

HT is the matrix pseudo-inverse. The
length of the inverse �lters is given here by

Li =

‰
L− 1

M − 1

ı
, (7)

where �·� denotes rounding to the next highest integer. In the spe-
cial case when (7) gives an integer result, the solution is equivalent
to that of MINT [2].

3. SUBBANDMULTICHANNEL LS EQUALIZATION

Multirate processing [13] has been applied successfully in many
signal processing areas including acoustic echo cancellation [14,
15], but has been explored much less for acoustic equalization. A
subband version of MINT was �rst investigated in [16]; this was
an experimental approach where the subband �lters were deter-
mined using a reference signal and the relation between fullband
and subband impulse responses was not speci�cally considered.
An adaptive method for multichannel equalization in oversampled
subbands was demonstrated in [17] and was shown to provide sig-
ni�cant improvement over the fullband counterpart.

The relation between fullband and subband �ltering has been
studied for �ltering of MPEG audio signals [18], acoustic echo
cancellation [15] and an AR model of the room impulse re-
sponse [19]. Reilly et al [15] show that good approximations can
be obtained with a diagonal �ltering matrix, involving only one
�lter per subband for complex oversampled �lterbanks. We now
extend this approach to the multichannel case with application to
RTF equalization.

3.1. Oversampled Filterbanks

The generalized discrete Fourier transform (GDFT) �lterbank [14]
is employed in the subsequent development work. The advan-
tages of this �lterbank include straightforward implementation of
fractional oversampling and computationally ef�cient implemen-
tations [14]. The �lterbank used for the illustrative experiments in
this paper uses K = 32 subbands and decimation factor, N = 24.
An Lpr = 512-tap prototype �lter was designed using the iterative
least squares method [14], giving an estimated aliasing suppres-
sion of 82 dB. From the characteristics of the oversampled GDFT,
the following two properties can be assumed to be valid:

P1: Aliasing is suf�ciently suppressed in the subbands

Uk(zW i
N)Vk(z) ≈ 0, i > 1, ∀k, (8)

where WN = e−j2π/N .

P2: Magnitude distortion of the �lterbank is negligible

K/2−1X
k=0

Uk(z)Vk(z) ≈ κz−τ , (9)

where Uk(z) and Vk(z) are the z-transforms of the subband anal-
ysis and synthesis �lters respectively.

3.2. Subband Decomposition

Consider a K subband, M microphone system. In order to de-
sign the subband equalizers G′km(z), the subband RTFs H ′

km(z)
must be found using, for example, complex subband decomposi-
tion [15]. The objective of the subband decomposition is to �nd a
set of subband �lters, H ′

km(z), k = 0, 1, . . . , K/2− 1, given the
fullband �lter Hm(z), such that the total transfer function of the
�lter bank, Fm(z), is equivalent to the that of the fullband �lter up
to an arbitrary scale factor, κ, and an arbitrary delay, τ . This can
be written

Fm(z) = κz−τHm(z), ∀m. (10)

The total transfer function of the �lterbank for themth channel
is given by

Fm(z) =
1

N

K/2−1X
k=0

N−1X
i=0

Uk(zW i
N)H ′

mk(zN)Vk(z), (11)

Evoking property P1 in (8), the �lterbank transfer function reduces
to

Fm(z) ≈ 1

N

K/2−1X
k=0

Uk(z)H ′
mk(zN )Vk(z), (12)

which allows for a single �lter per subband.
Next, following the approach in [15], we choose the �lters in

each subband, H ′
mk(z), such that they satisfy the relation

Uk(z)H ′
mk(zN ) = Uk(z)Hm(z), ∀k. (13)

Substituting, (13) into (12) and due to property P2 in (9), the over-
all �lterbank transfer function is

Fm(z) ≈ κ

N
z−τHm(z), (14)

which is the desired result. Thus, the remaining problem is to
solve for H ′

mk(z) in (13). Decimating (13) by a factor of N , the
following approximation can be formed

N−1X
i=0

Uk(z1/NW i
N)H ′

mk(z) ≈
N−1X
i=0

Uk(z1/NW i
N)Hm(z1/NW i

N),

(15)
The estimates of the L′-tap subband �lters h′mk =
[h′mk,0 h′mk,1 . . . h′mk,L′−1]

T are then found by solving
the following optimization problem [15]

ĥ′km = arg min
h′

km

‖UN,kh
′
km − rN,km‖2. (16)

where rN,km = [rkm,0 rkm,N . . . rkm,N(L−1)]
T is a vector with

rkm,i = hm,i ∗ uk,i and UN,k is the convolution matrix of the
decimated subband �lter. The length of h′km is

L′ =

‰
L + Lpr − 1

N

ı
−

‰
Lpr

N

ı
+ 1 (17)

The kth subband, mth channel �lters are calculated in the least
squares optimal sense according to

ĥ′km = U+
N,krN,km. (18)

Thus, given a fullband RTF, Hm(z), and K/2 subband �lters sat-
isfying near perfect reconstruction and aliasing suppression in the
subbands, a set of subband �lters, H ′

mk(z), of the order L/N , can
be found such that the overall subband transfer function is equiva-
lent to the fullband �lter response, which can result in signi�cant
order reduction of the very long room impulse responses.
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Figure 1: Magnitude and phase deviation vs. system mismatch for
(a) inverse �ltering with the fullband MCLS equalization and (b)
SB-MCLS equalization of random impulse responses.

3.3. Subband equalization

The multichannel equalization �lters, Ĝ′km(z), are calculated for
each subband using the �lters Ĥ ′

km(z) obtained from (18). Here,
this is done utilizing the multichannel LS �lter design from (6),
which now becomes

ĝ′k = Ĥ
′+
k d, k = 0, 1, . . . ,

K

2
− 1. (19)

Equalization is then achieved by applying the inverse �lters,
ĝ′k, to the subband signals of the reverberant observations in each
subband k, ∀k and an equalized fullband signal is constructed.
Assuming that exact equalization is achieved in each subband, the
accuracy of the �nal result will depend on the reconstruction prop-
erties of the �lterbank, the accuracy of aliasing suppression and,
consequently, on the design of the prototype �lter.

4. EXPERIMENTAL RESULTS

Simulation results are presented to demonstrate the performance
of the proposed SB-MCLS equalization method. The experiments
aim to show: (i) a comparative performance evaluation with the
fullband MCLS using randomly generated channels and (ii) the ap-
plications of the SB-MCLS to simulated room impulse responses.

To study the design of an equalization �lter for hm using
inexact RTF estimates, we de�ne an inexact system impulse re-
sponse, h̃m, as an impulse response with systemmismatchMm >
−∞ dB, with

Mm = 20 log10

„‖hm − h̃m‖
‖hm‖

«
dB, (20)

where ‖ · ‖ denotes Euclidean distance. We then model system
mismatch, as in [20], according to

h̃m = (I + Em)hm, (21)

Figure 2: Magnitude and phase deviation vs. system mismatch for
SB-MCLS equalization of simulated room impulse responses.

where Em = diag{εm,0 εm,1 . . . εm,L−1}, I is the identity ma-
trix, and εm,i is a zero mean Gaussian variable with the variance
set to the desired system mismatch.

For evaluation purposes we consider the magnitude and the
phase separately. We de�ne the equalized system d̂ = Hĝ with
I-point discrete Fourier transform D̂(f) = |D̂(f)|ejθ(f). The
following measures are then used:
(i) Magnitude deviation is de�ned here as the standard deviation
of the equalized magnitude response [3]

σ =

vuut1

I

I−1X
f=0

“
10 log10 |D̂(f)| − D̄

”2

, (22)

with D̄ = 1
I

PI−1
f=0 10 log10 |D̂(f)|. This measure is scaling in-

dependent and equals zero for exact equalization.
(ii) Linear phase deviation is de�ned as the deviation of the un-
wrapped phase from a linear �t to its values and is de�ned here
as

Δ =

vuut1

I

N−1X
f=0

`
θ(f)− θ̄(f)

´2
, (23)

where θ̄(f) is the least squares linear approximation to the phase
at frequency bin f .

Experiment 1: This experiment demonstrates the performance
of the SB-MCLS equalizer, compared with the fullband MCLS.
A system with M = 5 randomly generated L = 512-tap chan-
nels was used and system misalignment,Mm varying between 0
and −80 dB was simulated with (21). The results averaged over
100 different channel realizations are shown in Fig. 1 for (a) the
fullband MCLS and (b) for the proposed subband implementation.
Notably, the SB-MCLS exhibits much gentler performance degra-
dation with increased misalignment in comparison with the full-
band MCLS; the SB-MCLS method is shown in these results to be
less sensitive to inexact impulse responses, while bene�ting from
the shorter �lters of multichannel equalization. This improvement
is a consequence of the reduced �lter length in the subbands.
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Experiment 2: We now demonstrate the performance of the
SB-MCLS equalizer for simulated RTFs. We have not compared
these outcomes with the fullband case since equalization of chan-
nels of the length considered is not feasible with current known
methods. A linear array of M = 5 uniformly distributed mi-
crophones with 0.1 m separation between adjacent sensors was
simulated using the source-image method [21] for a room with di-
mensions 6.4 × 5 × 4. The channel lengths are L = 4800 taps,
which is equivalent to T60 = 0.3 s at fs = 16 kHz sampling
frequency. Moreover, keeping the source-microphone con�gura-
tion �xed, RTFs were simulated at 10 different locations in the
room. Figure 2 shows the results in terms of magnitude and phase
distortion, as an average of the 10 measurement locations. This
again shows a similar performance pattern as in the previous ex-
periment. In addition, nearly perfect equalization is achieved with
the SB-MCLS method forMm ≤ −40 dB.

5. CONCLUSIONS

Exact equalization with no delay and with inverse �lters of simi-
lar order to the room impulse responses is possible in the multi-
microphone case, even for non-minimum phase RTFs. However,
multichannel least squares methods are very sensitive to inaccu-
racies in the estimated systems to be equalized, causing signif-
icant distortions to the equalized signal. Consequently, a new
method for equalization of RTFs was derived operating on deci-
mated oversampled subband signals, where the fullband impulse
response is decomposed into equivalent �lters in the subbands and
multichannel least squares equalization is applied to each subband.
Simulation results were presented to evaluate the performance of
this method and equalization of channels of several thousand taps
was demonstrated; the experimental results indicated that the new
method is more robust to errors in the impulse responses, which
is due to a combination of shorter �lters and approximation of the
�ltering in the subbands. Thus, the proposed subband multichan-
nel least squares equalization bene�ts from the reduced sensitivity
to channel estimation errors, shorter equalization �lters, no delay
due to the equalization, giving signi�cant advantages over existing
single and multichannel techniques.
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