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DEREVERBERATION FOR REVERBERATION-ROBUST MICROPHONE ARRAYS
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2-4, Hikari-dai, Seika-cho, Soraku-gun, Kyoto 619-0237, Japan

ABSTRACT
This paper discusses using dereverberation technologies to improve
the robustness of beamforming microphone arrays against reverber-
ation. It is known that, while conventional adaptive beamformers
are able to effectively cancel the interference from spatially separate
noise sources in the absence of reverberation, their efficacy deterio-
rates in reverberant rooms. To provide a widely applicable solution
to this problem, we propose an adaptive multiple point blind equal-
izer that can shorten all the room impulse responses between the
sound sources and microphones. This algorithm reduces the impact
of reverberation on the interference cancellation performance when
it is used to pre-process the microphone signals prior to beamform-
ing. Experimental results using real conversation data show that a
system combining the proposed equalizer and the adaptive beam-
former improves noise reduction performance without degrading the
speech quality.

Index Terms— Microphone array, adaptive beamformer, rever-
beration, sound field equalization, weighted prediction error mini-
mization

1. INTRODUCTION

High performance and portability are desired attributes for many
consumer products, and this also applies to microphone systems.
That is, microphone systems should be able to capture target sound
sources with a high signal-to-noise ratio. At the same time, they
should be small enough to be placed on tables or even held in the
hand. In applications where the capture of the target source is
hampered by spatially separate noise sources, adaptive beamformers
have been utilized to minimize such degradation [1,2]. Unlike delay-
and-sum beamformers, this type of beamformer can cancel out the
interference from localized noise sources even when microphone
arrays are small.

One major problem that precludes wider use of the adaptive
beamformers is that the performance of conventional beamforming
algorithms deteriorates in the presence of reverberation. This results
from the fact that these algorithms basically rely on the assumption
that acoustic waves travel directly from the sources to the micro-
phones. This assumption is not satisfied in reverberant rooms, where
the wavefront of each source sound is reflected repeatedly. Although
the relative transfer function approach can alleviate this problem [3],
this approach leaves reverberation untouched and therefore may not
always produce satisfactory sound quality.

This paper discusses the pre-processing of microphone signals
with dereverberation technologies to make adaptive beamformers ro-
bust against reverberation. According to the review in [4], two ma-
jor approaches to dereverberation are spectral subtraction [5–7] and
blind equalization [8]. The former approach does not recover the
phase characteristics, which are crucial for many microphone array
systems. On the other hand, the blind equalization approach attempts

to recover both the amplitude and phase characteristics. It equalizes
or shortens, as far as possible, all the impulse responses between the
sound sources and the microphones by using finite impulse response
(FIR) filters that have the same number of input and output channels.
In other words, this approach self-optimizes the filter coefficients to
virtually create “anechoic spots” at all the source positions. To high-
light the fact that equalization is performed jointly for all the sources,
we use the term “multiple point equalization”. However, existing al-
gorithms in this class are based on batch processing. Therefore, they
cannot be used for applications where online operation is essential.

This paper presents a principle and an algorithm for adaptive
multiple point blind equalization. In Section 2, we present the prin-
ciple of adaptive multiple point blind equalization and a novel opti-
mization algorithm for the equalization filter coefficients by extend-
ing the work of [8]. One desirable property of the proposed algo-
rithm is its ability to handle multiple sound sources, which contrasts
with most of the conventional work on equalization-based derever-
beration [9–12]. Section 3 evaluates the degree to which the per-
formance of beamforming microphone arrays is improved by pre-
processing microphone signals using the proposed algorithm. Fi-
nally, we comment on directions for future study in Section 4.

First of all, let us clarify the strategy taken in this work. As
stated earlier, this paper seeks an approach that uses dereverbera-
tion technologies to pre-process microphone signals for a successive
beamforming step. One of the reviewers of this paper has argued that
joint optimization of the equalizer and the beamformer would lead
to higher dereverberation and noise reduction performance. Indeed,
several authors showed that such a joint operation improves both
dereverberation and noise reduction performance [13,14]. (Note that
these results were obtained for batch processing.) We agree that such
tight coupling of the equalizer and the beamformer will achieve the
best performance. However, such a joint operation essentially re-
quires us to tailor the dereverberation algorithm to each specific type
of beamformer, which impairs flexibility. Rather the goal of the pa-
per is to develop an equalization algorithm appplicable to various
types of beamformers. This is why we perform equalization and
beamforming in tandem.

2. ADAPTIVE MULTIPLE POINT BLIND EQUALIZATION

Figure 1 shows the overall structure of the proposed microphone sys-
tem for use with two microphones. First, each mirophone signal
passes through a filter-bank analyzer and is decomposed into sub-
band signals. In each subband, the subband signals from all the mi-
crophones are jointly dereverberated by an adaptive equalizer. Sub-
sequently, an adaptive beamformer carries out noise reduction for the
equalizer output. Any beamforming algorithms can be employed,
including the Frost beamformer, the generalized sidelobe canceller,
and independent component analysis. Finally, the beamformer out-
puts from different subbands are combined by a filter-bank synthe-
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Fig. 1. Schematic of proposed microphone system.
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Fig. 2. Block diagram of adaptive multiple point blind equalizer.

sizer that produces a system output. Both equalization and beam-
forming can be run in parallel for each subband to improve the sys-
tem throughput. In the following, we exclusively discuss adaptive
multiple point blind equalization.

Hereafter, the following conditions are assumed for the develop-
ment of the proposed equalization algorithm.

1. The locations of the target and noise sources may change slowly.

2. The microphones outnumber the sound sources.

The beamformers may also require a few additional conditions.

2.1. Multi-channel linear prediction

Let y1(t), · · · , yM(t) denote subband representations of the micro-
phone signals, where M denotes the number of microphones. The
subband index is not explicitly shown for the sake of conciseness.
The adaptive equalizer is designed to produce M subband signals
x1(t), · · · , xM(t) that are less reverberant than the input signals by
using FIR filters. Below, superscripts T and H denote the non-
conjugate and the conjugate transpose, respectively.

Figure 2 shows a block diagram of the proposed adaptive mul-
tiple point blind equalizer. This equalizer is based on multi-channel
linear prediction, which is robust against filter order overestima-
tion [15]. This approach first predicts the input signal vector from its
finite past samples and then calculates the prediction residual. Thus,
as shown in Fig. 2, the input signal vector, y(t) = [y1(t), · · · , yM(t)]T ,
is delayed by Δ and fed into an M-input M-output adaptive filter of
order K that predicts the input signal vector. Then, the predicted
value is subtracted from the the original input to produce a vector of
output signals, represented as x(t) = [x1(t), · · · , xM(t)]T . Therefore,
the equalizer output is calculated as

x(t) = y(t)−
K−1∑
k=0

GH
k (t)y(t− k−Δ). (1)

Each Gk(t) represents an M-by-M prediction filter coefficient ma-
trix, which is updated anew at each discrete time point t according
to the criterion described later.

In what follows, we represent the filter specified by (Gk(t))0≤k≤K−1
as G(t). We also denote the (i, j)th element of the matrix filter G(t)
as Gi j(t). We refer the reader to [16] for the theory of multi-channel
linear prediction.

2.2. Optimization criterion

In this paper, we minimize the average log prediction error defined
by (2) with respect to the prediction filter coefficient matrices at each
discrete time point t in order to create anechoic spots at the source
positions:

f (t) =
t∑
τ=1

1
t

log
∣∣∣∣det

〈
x(τ)xH(τ)

〉
τ

∣∣∣∣ , (2)

where 〈·〉t means an ensemble average at t. As shown in [8], this
loss function relates to the degree of a temporal correlation of non-
stationary multi-variate time series (y(t))t∈N, where N denotes the
set of all natural numbers. When we recall that, for many types
of sound sources, signal samples taken from adjacent discrete time
points are almost uncorrelated when the filter-bank analysis algo-
rithm and the decimation factor are carefully chosen, we can intu-
itively see that minimizing this loss function would result in derever-
berating the microphone signals. This applies particularly to speech
signals. See [8] for a rigorous discussion.

It is noteworthy that the loss function given by (2) can also be
understood from the viewpoint of sparse signal processing. The
logarithmic function, log(x), decreases sharply as x approaches 0
whereas its increase is very slow for large x values. This means that
mimimizing the loss function given by (2) is likely to yield sparse
output signals that have many negligibly small samples. Keeping
this in mind, let us recall that the smearing effect of reverberation
means that the energy of reverberant speech signals tends to be
broadly distributed over a time-frequency plane whereas that of
anechoic signals is concentrated in limited time-frequency regions.
Taking the above two facts into consideration, we may expect the
minimization of (2) to make the signals less reverberant.

2.3. Batch processing-based optimization:
Weighted prediction error minimization

Section 2.3 focuses on the batch processing-based optimization of
the prediction filter as a preliminary to the derivation of the pro-
posed adaptive optimization algorithm. The batch-processing algo-
rithm proposed in [8] minimizes the loss function described above on
condition that the prediction filter does not change over time. Specif-
ically, this algorithm minimizes f (T ) with respect to G = (Gk)1≤k≤K ,
assuming that we observe T consecutive samples of the reverberant
subband signals. Due to the time invariance assumption, the predic-
tion filter, G, is applied to all the discrete time points t = 1, · · · ,T .

The fundamental principle of this batch processing algorithm
is to minimize the auxiliary loss function given below with re-
spect alternately to G and L = (Λt)1≤t≤T , where each Λt is an
M-dimensional auxiliary matrix:

F =
1
T

T∑
t=1

{
tr
(
Λ−1

t

〈
x(t)x(t)H

〉
t

)
−M+ log |detΛt |

}
. (3)

The minimization of F with respect to G and L can be carried out
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using the following formulae:

G =argmin
G

1
T

T∑
t=1

tr
(
Λ−1

t

〈
x(t)xH(t)

〉
t

)

≈argmin
G

1
T

T∑
t=1

tr
(
Λ−1

t x(t)xH(t)
)

(4)

Λt =
〈
x(t)x(t)H

〉
t

for 1 ≤ ∀t ≤ T. (5)

An advantage of this iterative algorithm is that optimization problem
(4) can be easily solved since the loss function is quadratic. It was
shown that iterating these two optimization processes monotonically
decreases the original loss function given by f (T ).

As proposed in [8], a further simplification could be realized to
reduce the computational cost. Let us assume that each Λt is a scalar
matrix with a time-varying scaling factor λt. Then, denoting l2-norm
and an identity matrix as || · || and I , respectively, Λt is simplified as

Λt = λtI , (6)

with λt being calculated by

λt =
||xt ||2

M
. (7)

As a result of this modification, the prediction filter update formula
given by (4) is also simplified as

G = argmin
G

1
T

T∑
t=1

||x(t)||2
λt
. (8)

Iterating (7) and (8) means that we solve the weighted least squares
problem given by (8) at each iteration step, where the weights change
from iteration to iteration according to (7). Thus, this algorithm is
called weighted prediction error minimization. (The algorithm it-
erating (4) and (5) is correspondingly called generalized weighted
prediction error minimization.)

It is important to note the similarity between the above algorithm
and the maximum likelihood dereverberation method presented in
[11]. This maximum likelihood method was developed on the as-
sumption that only one sound source is present in the room. De-
spite this single source assumption, the resultant algorithm consists
of two processing steps similar to (7) and (8). It is noteworthy that
the counterpart of λt in this maximum likelihood method represents
the magnitude of the anechoic sound at discrete time point t.

2.4. Adaptive optimization

Now, we turn our attention to the adaptive optimization of the predic-
tion filter. The goal is to derive an efficient adaptive prediction filter
optimization algorithm from (7) and (8). We achieve this by using
subopitimal estimates of λt and the recursive least squares (RLS)
method.

For the time being, we assume that the optimal λt value is known
for each t. Then, at each discrete time point t, we simply need to
minimize the weighted prediction errors averaged up to the tth time
point. Specifically, we solve the following problem for t = 1,2, · · · :

Gt = argmin
Gt

1
t

t∑
τ=1

γt−τ ||x(τ)||2
λτ

, (9)

Table 1. Adaptive optimization algorithm for prediction filter.

1. Initialization
Initialize the prediction filter and an associate covariance ma-
trix, which we denote by Φ(t), as G(0) =O and Φ(0) = εI ,
respectively, where ε is a small constant.

2. Adaptation
Update the prediction filter and the covariance matrix when-
ever we observe a new sample of reverberant speech signal
y(t) as

G(t) =G(t−1)+k(t)xH
pred(t) (11)

Φ(t) =
1
γ

(
Φ(t−1)−k(t)Y H(t−Δ)Φ(t−1)

)
, (12)

respectively. The auxiliary variables, xpred(t) and k(t), are
defined as

xpred(t) =y(t)−GH(t−1)Y (t−Δ) (13)

k(t) =
Φ(t−1)Y (t−Δ)

γλt +Y H(t−Δ)Φ(t−1)Y (t−Δ)
, (14)

respectively.

where γ is a forgetting factor and satisfies 0 < γ < 1. If we use the
following notations:

G(t) =

⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣
G0(t)
...

GK−1(t)

⎤⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦ , Y (t) =

⎡⎢⎢⎢⎢⎢⎢⎢⎢⎢⎢⎣
y(t)
...

y(t−K +1)

⎤⎥⎥⎥⎥⎥⎥⎥⎥⎥⎥⎦ , (10)

then the algorithm can be described as shown in Table 1. Since the
algorithm can be derived according to the known recipe for RLS
algorithm derivation [17], we show the details in Appendix.

Now that we have obtained a basic framework for prediction fil-
ter adaptation, we finally consider how to estimate the optimal λt
value. Let us recall that the optimal λt value is the magnitude of the
anechoic sound at the tth time point. Fortunately, this value can be
efficiently estimated to a certain degree by using the spectral sub-
tractive dereverberation methods [5, 7]. For example, we may use
the method reported in [5], which results in the following simple
estimator:

λt =
1
M

(
||y(t)||2 − exp−2σθ ||y(t−Θ)||2

)
, (15)

where σ represents a decay rate and is calculated based on reverber-
ation time T60 as

σ =
3

T60 log10(exp(1))
. (16)

Constant θ is a time span outside of which source signals do not have
significant auto-correlation coefficients. With speech signals, 50 ms
is often chosen for this value. Θ is the number of sample intervals
corresponding to θ.

In summary, the present algorithm adaptively optimizes the pre-
diction filter by using λt estimated as above and the algorithm shown
in Table 1. Then, for each discrete time point t, we calculate the
equalizer output signal vector, x(t), as

x(t) = y(t)−GH(t+α)y(t−Δ). (17)
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3 mics

5 mics

Fig. 3. Left: picture of four people in conversation; right: picture
of microphone array. Since the conversation was recorded as part
of a meeting transcription project at NTT Communication Science
Laboratories, the microphone array was installed on top of an omni-
directional camera as seen in the right picture.

We employ (17), which uses a future prediction filter, instead of
(1) in order to prevent the equalizer from acting unstably when the
speakers suddenly change their positions.

3. EXPERIMENTAL RESULTS

We conducted an experiment to investigate how the proposed adap-
tive multiple point blind equalizer improves the noise reduction per-
formance of beamforming microphone arrays. We recorded an En-
glish conversation engaged in by four people in a meeting room.
The room had concrete walls and a carpeted floor and a reverbera-
tion time of approximately 350 ms. There was a small amount of
background noise, which was generated by personal computers, air
conditioners, and some other noise sources. The four participants
were sitting at a round table, on which an eight-channel small mi-
crophone array was placed to record the conversation. The micro-
phone array consisted of two layers of microphones: the first layer
had five microphones that were placed on the edges of a 7-cm equi-
lateral pentagon; the second layer had three microphones that were
placed on the edges of a 4-cm equilateral triangle. The signals were
sampled at 16 kHz. Figure 3 shows pictures of the room and the
microphones.

In this experiment, we regarded one of the four participants as
a target sound source and the other three as localized noise sources.
The microphone system was configured as follows. Filter-bank anal-
ysis was carried out by using a short-time Fourier transform with a
512-point hamming window shifted by 128 points. The order, K, of
the prediction filter and the amount of delay, Δ, in prediction were
set at 6 and 3, respectively. Parameter α, which specifies the amount
of delay in output signal generation (see (17)), was set at an equiva-
lence of 100 ms. The forgetting factor was calculated as γ = 1−0.5Γ,
where integer Γ was varied from 2 to 10.

The proposed microphone system, comprising the above-
described adaptive multiple point blind equalizer and an adaptive
beamformer, was compared with the conventional beamforming
microphone array described in [2]. The beamforming component
of the proposed system also employed the method described in [2].
This beamformer requires knowledge of noise only periods. To keep
the evaluation results independent of the voice activity detection
accuracy, the noise-only periods were explicitly given based on a
manual transcription of the conversation. The effectiveness of the
microphone systems were assessed based on the noise reduction
rate (NRR) and perceptual evaluation of speech quality (PESQ).
The NRR represents the difference between input and output signal-
to-noise ratios. Because the conversation was really recorded, no
genuine source signals were available. Therefore, the NRR was
estimated based on the differences between the magnitudes of the
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Fig. 4. PESQ and NRR as functions of forgetting factor.

normalized input and output signals during noise-only periods. This
approach worked well for this experiment because the utterances
of different speakers did not overlap very frequently and thus the
input and output signals could be accurately normalized. The PESQ
was calculated by using the headset microphone signal of the target
speaker as a reference. The headset recording was made in syn-
chronization with the microphone array signals. Specifically, we
calculated the PESQ score for each target speech period and then
averaged these local scores. The rare utterance overlaps mean that
the PESQ scores mainly represent the degree of distortion imposed
on the target speaker’s voice.

The left plot in Fig. 4 shows the average PESQ scores as a func-
tion of forgetting factor γ. It can be observed that the proposed
system with γ > 0.95 slightly outperformed the conventional sys-
tem in terms of PESQ. The behavior of the equalizer was unsta-
ble when γ < 0.95, resulting in significant distortion of the target
voice. Therefore, we excluded these parameter settings from the
subsequent NRR-based evaluation. The right plot in Fig. 4 shows
the NRR scores. It is clear that the proposed microphone system
removed a larger amount of noise than the conventional one. This
indicates that the noise reduction performance can be improved in
reverberant rooms simply by pre-processing the microphone signals
with the proposed equalizer. One interesting observation is that the
effectiveness of the equalizer deteriorated when we set the forget-
ting factor at approximately 1.0. This indicates the importance of
adaptiveness in dealing with fluctuations in room impulse responses
resulting, for example, from changes in head postures.

4. CONCLUSION

This paper described a novel adaptive multiple point blind equaliza-
tion algorithm and showed that this algorithm improved the noise
reduction performance of conventional beamforming microphone
arrays when it is used prior to beamforming. This algorithm at-
tempts to shorten all the room impulse responses between the sound
sources and the microphones, thereby creating anechoic spots at
all the source positions. Therefore, it can prevent conventional
microphone array beamformers from deteriorating in reverberant
rooms.

Although the experimental results reveal the potential the
present approach, the experiments are limited and do not cover
the wide range of real acoustic environments. A thorough evaluation
should be undertaken in the future to evaluate how effective the
present algorithm is in a range of acoustic conditions represented
by different rooms, source-to-microphone distances, noise source
types, and signal-to-noise ratios.
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5. APPENDIX

This appendix derives the adaptive prediction filter optimization al-
gorithm shown in Table 1, starting from the problem given by (9).
Since x(t), defined by (1), can be expressed as

x(t) = y(t)−GH(t)Y (t−Δ), (18)

the solution to (9) is given by

G(t) =

⎛⎜⎜⎜⎜⎜⎜⎝
t∑
τ=1

γt−τ
λτ

Y (τ−Δ)Y H(τ−Δ)

⎞⎟⎟⎟⎟⎟⎟⎠
−1 ⎛⎜⎜⎜⎜⎜⎜⎝

t∑
τ=1

γt−τ
λτ

Y (τ−Δ)yH(τ)

⎞⎟⎟⎟⎟⎟⎟⎠ . (19)

The first term on the right hand side (including the matrix inversion
operation), which appears in the first line of (19), represents the er-
ror covariance matrix associated with this estimator and is hereafter
represented as Φ(t). G(t) and Φ(t) can be described using recursive
expressions as follows:

G(t) =Φ(t)

(
1
λt
Y (t−Δ)yH(t)+γΦ−1(t−1)G(t−1)

)
(20)

Φ(t) =

(
1
λt
Y (t−Δ)Y H(t−Δ)+γΦ−1(t−1)

)−1

. (21)

Unfortunately, these equations include matrix inversion operations
and thus incur a large computational cost. Therefore, our goal is
to find alternative recursive expressions that can be calculated effi-
ciently.

To avoid matrix inversion, we apply the Woodbury identity to
(21), whereby we obtain

Φ(t) =
1
γ

(
Φ(t−1)−Φ(t−1)

Y (t−Δ)Y H(t−Δ)

γλt +Y H(t−Δ)Φ(t−1)Y (t−Δ)
Φ(t−1)

)
. (22)

This can be further rewritten by using vector k(t), which is defined
by (14), as

Φ(t) =
1
γ

(
Φ(t−1)−k(t)Y H(t−Δ)Φ(t−1)

)
. (23)

Combining (14) and (23) allows us to express k(t) compactly as

k(t) =
Φ(t)Y (t−Δ)

λt
. (24)

With the above expressions, we can obtain a new representation of
G(t) as

G(t) =
1
λt
Φ(t)Y (t−Δ)yH(t)+G(t−1)−k(t)Y H(t−Δ)G(t−1)

=k(t)yH(t)+G(t−1)−k(t)Y H(t−Δ)G(t−1)

=G(t−1)+k(t)xH
pred(t). (25)

Therefore, the optimization algorithm can be summarized as shown
in Table 1, which does not involve matrix inversion operations.
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