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ABSTRACT
A hybrid dereverberation method for speech enhancement in a
situation requiring adaptation where a speaker shifts his head
and impulse responses are frequently changed under reverberant
conditions is presented. We combine MINT-based blind decon-
volution with modified spectral subtraction of the estimation er-
ror of inverse filters obtained in practice. Our method computes
inverse filters by estimating the correlation matrix between input
signals that can be observed, without measuring room impulse
responses. The transient performance of the proposed method in
the adaptation is demonstrated with experiments using measured
room impulse responses.

1. INTRODUCTION

When a speaker is some distance away from a microphone in a
teleconference, the speech signal is distorted by room reverbera-
tion, so it is less intelligible to listeners. One theoretical method
to achieve almost complete dereverberation of speech is to per-
form inverse filtering using several microphones based on the
multiple-input/output inverse-filtering theorem (MINT) [1]. The
MINT method computes stable and accurate inverse filters of
room impulse responses that may be in the nonminimum phase
[2]. This method requires that room impulse responses of sound
transmission channels are known in advance, but there has been
no practical approach to measure the impulse responses between
the speaker and the microphones.

A number of multichannel blind deconvolution methods, [3]
– [8], that do not measure room impulse responses have recently
been developed for speech dereverberation. However, blind de-
convolution methods based on inverse filters including the MINT-
based method are generally not so robust against small errors in
the estimation of inverse filters and are not effective at reducing
the tail of reverberation in the actual world.

In contrast to deconvolution methods, the reverberation sup-
pression method based on spectral subtraction [10] is not sen-
sitive to the fluctuation of impulse responses. The method es-
timates the power spectrum of the reverberation and then sub-
tracts it from the power spectrum of the reverberant speech. The
problem in spectral subtraction is the nonlinear processing dis-
tortion, for example in the case of musical noise, caused by
over-subtraction of the reverberation. The distortion degrades
the quality of the processed reverberant speech.

We propose a hybrid dereverberation method by combining
MINT-based blind deconvolution and modified spectral subtrac-
tion for suppressing the tail of reverberation and improving the
processed speech quality [9]. MINT inverse filtering reduces the
early reflection that constitutes most of the power of the rever-
beration. Then, the modified spectral subtraction suppresses the

tail of the inverse-filtered reverberation. Inverse filtering reduces
the power of the reverberation, so the nonlinear processing dis-
tortion of spectral subtraction is reduced with a small subtraction
of the power. In this work, we go a step further and expand the
hybrid dereverberation to a situation requiring adaptation where
a speaker shifts his head and impulse responses are frequently
changed. Inverse filters are adjusted by using the exponentially
time-averaged correlation matrix in which recent components
are emphasized and older components fade out. The transient
performance of the proposed adaptive method is investigated in
objective and subjective experiments.

2. HYBRID DEREVERBERATION

To obtain better dereverberation properties, we use a hybrid pro-
cessing scheme that works in two sequential stages, performing
the following.

• MINT-based blind deconvolution: reverberant speech sig-
nal is blindly inverse-filtered by using an exponentially
time-averaged correlation matrix.

• Modified spectral subtraction: spectral subtraction is ap-
plied to suppress late reverberation.

2.1. Blind Deconvolution Based on MINT Inverse Filtering

2.1.1. Review of Conventional MINT Inverse Filtering

The inverse of the single-input single-output acoustical system
becomes unstable because the acoustic signal-transmission chan-
nel is generally considered to be nonminimum phase. Miyoshi
and Kaneda proposed the MINT method for achieving an ex-
act inverse of an acoustic system [1]. Using MINT, the inverse
is constructed from multiple FIR (Finite Impulse Response) fil-
ters by adding acoustic signal-transmission channels produced
by using multiple microphones.

Consider a single-input N -output acoustical system. Let
s(k) represent a source signal, and xj(k) represent the signal
received at the jth microphone. Moreover, let y(k) represent the
inverse-filtered signal of s(k). gj(k) denotes impulse responses
of the acoustic signal-transmission channel between the source
and jth output of the system. hj(k) denotes the impulse re-
sponse of an FIR filter connected to the jth output of the system.

MINT inverse filtering of the system can be defined by the
expression
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where B is the NL × 1 target vector, G is the NL × NL im-
pulse response matrix, Gj denotes the jth column of matrix G,
H is the NL× 1 inverse filter vector, K is the length of the im-
pulse response, and L is the length of the inverse filter. Accord-
ing to MINT [1], if there are no common factors that are zero
between the transfer functions of the impulse responses, the de-
sired source signal can be recovered by inverse filtering. Inverse
filter H can be computed using the relationship

H = G−1B. (2)

2.1.2. Computation of Inverse Filter Using Correlation Matrix

The conventional MINT method uses room impulse responses
to calculate the inverse filter, so it cannot recover speech signals
in a practical situation where the room impulse responses are
unknown in advance. However, the correlation matrix between
received signals, which contains information about impulse re-
sponses, is available to the user. MINT-based inverse filters can
be computed using this correlation matrix [8].

The correlation matrix of received signals is defined by

R = E{XT
kXk}

=

2
6664
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...
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3
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where R is the NL×NL correlation matrix,
Xk = [X1k, X2k, · · · , XNk] ,
Xik = [xi(k) xi(k − 1), · · · , xi(k − (L− 1))] ,
E{·} is the expectation, and T is the transpose.

We assume that the source signal is statistically white. That
is,

E{s(k)s(k + n)} = δ(n) (4)

Using (4), the relationship between R and G is given by

R = GTG. (5)

Although the speech signal is not statistically white, it is mod-
eled as a convolution of the white signal s(k) and the minimum
phase filter a(k). a(k) has the characteristic of a long-term av-
eraged speech spectrum. We use whitening filter a−1(k) to re-
move correlation due to speech, where a(k) ∗ a−1(k) = δ(k).
a(k) is estimated by averaging the power spectrum of received
signals.

Here, we also assume that the first microphone (j = 1) is
closest to the source; i.e.,

gj(0) =

j
g1(0) j = 1

0 j �= 1.
(6)

Multiplying GT by B yields

GTB = g1(0)B. (7)

Finally, MINT inverse filter H is obtained from (2), (5), and
(7), and is given by

H = g1(0)R−1B. (8)

The term g1(0) in (8) is a scaling factor of the inverse. Although
its value is unknown, we can set g1(0) to an arbitrary constant
because scaling is not important in computing the inverse. The
deconvolved signal y(k) is given by inverse filtering the received
signal, xj(k).

2.1.3. Computation of Inverse Filter in Situation Requiring Adap-
tation

In the situation requiring adaptation where impulse response G is
frequently changed, we use the following recursive time-averaging
to estimate the correlation matrix instead of using (3):

R̂k = βR̂k−1 + (1− β)XT
kXk, (9)

where R̂k is the estimate of R at k, β is the weight of the older
estimate R̂k−1 in the time-averaging. As a rule of thumb, we
could let β be chosen such that the half-life of the exponential
function is equal to the value of the duration over which G is sta-
tionary. Using (9), inverse filter Ĥk at k in the adaptive situation
is obtained and given by

Ĥk = g1(0)R̂
−1

k B. (10)

2.2. Modified Spectral Subtraction for Suppressing Late Re-
verberation

The deconvolution based on inverse filtering does not improve
the tail of reverberation because impulse responses are always
fluctuating in the real world and the estimation error of inverse
filters is caused by deviation of the correlation matrix averaged
for a finite duration. The reverberation suppression method based
on spectral subtraction was introduced by Lebart and Boucher
[10]. The method estimates the power spectrum of the reverber-
ation and then subtracts it from the power spectrum of reverber-
ant speech. They modeled the impulse response as an outcome
of the nonstationary random process using an exponential decay
function to estimate the power of the reverberation. However,
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Figure 1: Signal flow of proposed method.

the deconvolved impulse responses do not exhibit exponential
decay, so we use a different model.

We modify conventional spectral subtraction to combine it
with MINT inverse filtering for the suppression of late reverber-
ation. We assume that the short-time Fourier transform (STFT),
Y (ω, m), of inverse-filtered speech y(k) is a linear combination
of the STFT, S(ω, m), of original speech s(k), which is

Y (ω, m) = S(ω, m) +
MX

i=1

αi(ω)S(ω, m− i), (11)

where indexes ω and m refer to frequency bin and time frame,
respectively, αi(ω) is the coefficient of the late reverberation for
previous i frames, and M is the duration of the reverberation.

Here, αi(ω) � 1 because inverse filtering reduces the early
reflection part that constitutes most of the power of the reverber-
ation. Therefore, the power spectrum of late reverberation can
be approximated by

P (ω, m) =

MX
i=1

|αi(ω)|2|S(ω, m− i)|2

≈
MX

i=1

|αi(ω)|2|Y (ω, m− i)|2. (12)

Assuming the reverberation components αi(ω)S(ω, m − i) in
(11) are weakly correlated between frames i and αi(ω) � 1,
the coefficients of the late reverberation are estimated by

αi(ω) = E

j
Y (ω, m)S∗(ω, m− i)

|S(ω, m− i)|2
ff

≈ E

j
Y (ω, m)Y ∗(ω, m− i)

|Y (ω, m− i)|2
ff

. (13)

Spectral subtraction is used to estimate the original speech:

Z(ω, m) = G(ω, m)Y (ω, m), (14)

where Z(ω, m) is the STFT of recovered speech z(k),

G(ω, m) =

j |Y (ω, m)|2 − P (ω, m)

|Y (ω, m)|2
ff

, (15)

and if G ≤ 0, then G = 0 or a small constant value. The dere-
verberated signal z(k) is reconstructed from the estimated STFT
Z(ω, m) through the inverse-STFT and overlap-add techniques.

3. IMPLEMENTATION

We describe an overview of the complete algorithm of the pro-
posed method in this section. The signal flow of the proposed
method from the speech source to the recovered signal is shown
in Fig. 1. Here, the speech signal is modeled as the convolution
of white signal s(k) and long-term averaged spectrum a(k) and
represented as s(k) ∗ a(k). The speech signal is reverberated
by room impulse responses gj(k) and received by microphones.
Received signals xj(k) are convolved by whitening filter a−1(k)
to remove the correlation due to speech and estimate the cor-
relation matrix. Inverse filters hj(k) are computed using (10).
Inverse-filtered signal y(k) is obtained by convolving xj(k) with
hj(k) and mixing these convolved signals. y(k) is analyzed
by the STFT into frequency components Y (ω, m). The power,
P (ω, m), of the reverberation is estimated using (12). The sup-
pression gain, G(ω, m), is calculated using (15). Y (ω, m) mul-
tiplied by G(ω, m) gives frequency components Z(ω, m) of the
dereverberated signal z(k). An inverse STFT is performed on
Z(ω, m) to recover z(k). This algorithm has been implemented
on a Pentium IV 2.8 GHz Windows computer with audio inter-
faces for the real-time dereverberation.

4. EXPERIMENTS

Experimental results of objective and subjective evaluations are
provided below to demonstrate the transient performance of the
proposed method for speech dereverberation.

4.1. Transient performance of inverse filtering in adaptation

In experiments, reverberated speech signals were obtained by
convolution of anechoic phrases and real room impulse responses
that were measured by an omnidirectional 4-microphone array
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Figure 2: Power of reverberation in inverse-filtered impulse re-
sponse (RR) in adaptive situation where source position was
shifted 10 cm to the left at t =30 s and shifted back 10 cm at
t = 60 s.

spaced at a source-receiver distance of 3.8 m. The distance be-
tween microphones is 7 cm. The source position was shifted 10
cm to the left at t = 30 s and shifted to back 10 cm at t = 60 s.
The dimensions of the room are 6.6× 4.6× 3.1 m, and the rever-
beration time is 0.55 s. The signals were sampled at 12 kHz, and
the frame size is 1,024 samples with a 512-sample-frame shift in
the spectral subtraction. The length of inverse filter L is 2,048
taps, the length of the whitening filter is 512 taps, and β is 0.5 s.
For evaluating the effect of the inverse filtering, the inverse filters
were estimated from the reverberant speech signal, and an im-
pulse signal was deconvolved instead of the speech signal. The
power of reverberation in the inverse-filtered impulse response
(RR) was used as an inverse-filtering performance measure. RR
is defined as

RR = 10 log10

R∞
τ0

γ2(τ)dτR∞
0

γ2(τ)dτ
, (16)

where γ(τ) is the inverse-filtered impulse response and τ0 is the
time boundary between direct sound and reverberation of the im-
pulse response, where τ0 = 50 ms. As shown in Fig. 2, in-
verse filtering adaptively reduced the power of reverberation and
tracked changes of the source position.

4.2. Subjective assessment of processed speech quality

We compared the proposed method with conventional inverse fil-
tering and spectral subtraction from the viewpoint of subjective
quality. Inverse-filtered speech signals at t = 7.5, 15, and 30
s in Fig. 2 were included for evaluating transient speech qual-
ity. Signals dereverberated by the proposed method were ob-
tained by performing the modified spectral subtraction on the
inverse-filtered speech signals. The speech signals were of 3
male and 3 female voices. The assessment method was the abso-
lute category rating (ACR) method [11]. Subjects were twenty
four non-experts. Clean speech and reverberant speech were in-
cluded as anchors. The assessment results are shown in Table 1.
These results indicate that the proposed method provided better
speech quality than conventional inverse filtering and spectral
subtraction at every point. The score of the proposed method
gave the best improvement in quality in comparison with rever-
berant speech except the original speech.

Table 1: Subjective MOS (Mean Opinion Score). ACR rating
categories were 5: ‘Excellent’, 4: ‘Good’, 3: ‘Fair’, 2: ‘Poor’,
and 1: ‘Bad’.

Condition MOS 95% confidence
interval

Clean speech 4.40 0.12
Reverberant speech 2.30 0.14
Spectral subtraction 2.78 0.15

Inverse-filtering at t = 7.5 s 2.33 0.11
at t = 15 s 2.50 0.14
at t = 30 s 2.75 0.16

Proposed method at t = 7.5 s 2.92 0.15
at t = 15 s 3.40 0.14
at t = 30 s 3.70 0.14

5. CONCLUSION

We proposed a hybrid dereverberation method for speech en-
hancement in the adaptive situation where a speaker shifts his
head and impulse responses are frequently changed under rever-
berant conditions. MINT-based blind deconvolution was com-
bined with modified spectral subtraction of the estimation error
of inverse filters in the field to improve inverse-filtered speech
quality. The algorithm of the proposed method was implemented
on a computer with audio interfaces for real-time speech dere-
verberation. Dereverberation experiments demonstrated that the
proposed method is effective in the situation requiring adaptation
and improves the quality of reverberant speech, conventional in-
verse filtering and spectral subtraction.
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