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ABSTRACT

A dereverberation technique is developed to provide an alternative

means of reducing reverberation in speech signals. The conventional

MINT (the multiple-input/output inverse-filtering theorem) method

uses the room impulse responses to calculate the inverse filters, so it

cannot recover speech signals in practice, where the room impulse

responses are unknown in advance. Our method blindly estimates

the inverse filters by computing the correlation matrix between input

signals that can be observed, instead of room impulse responses. We

also combine the inverse filtering with modified spectral subtraction

against the estimation error of inverse filters used in the field. The

performance of the proposed method is demonstrated using actual

room impulse responses.

1. INTRODUCTION

When a speaker is some distance away from the microphone in a

teleconference, the speech signal is distorted by room reverberation,

so it is less intelligible to listeners. One theoretical way to achieve

nearly perfect dereverberation of speech is to perform inverse fil-

tering 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 way to know the impulse

responses between the speaker and the microphones.

A number of multichannel blind deconvolution methods, [3] –

[7], without measuring room impulse responses have recently been

developed for speech dereverberation. We introduced a MINT-based

blind deconvolution method [8]. However, blind deconvolution meth-

ods based on inverse filters including the MINT-based method are

generally not so robust against small errors in the estimation of in-

verse filters and can hardly improve on the tail part of reverberation

in the actual world where impulse responses can be always fluctuat-

ing.

In contrast to deconvolution methods, the reverberation suppres-

sion method based on spectral subtraction [9] is not sensitive to

the fluctuation of the impulse responses. The method estimates the

power spectrum of the reverberation and then subtracts it from the

power spectrum of the reverberant speech. The problem in the spec-

tral subtraction is the nonlinear processing distortion caused by over-

subtraction of the reverberation. The distortion degrades the quality

of the processed reverberant speech.

This paper proposes a combination of MINT-based blind decon-

volution and modified spectral subtraction for suppressing the tail of

reverberation and improving the processed speech quality. MINT in-

verse filtering reduces the early reflection that has most of the power
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Fig. 1. MINT inverse filtering framework for single-input N -output

acoustical system.

of the reverberation, and then, the modified spectral subtraction sup-

presses the tail of the inverse-filtered reverberation. Inverse filter-

ing makes the power of the reverberation small, so the nonlinear

processing distortion of spectral subtraction is reduced with a small

subtraction of the power.

2. BLIND DECONVOLUTION BASED ON MINT INVERSE
FILTERING

Consider a single-input N -output acoustical system shown in Fig.

1. 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 the impulse responses

of the acoustic signal-transmission channel between the source and

jth output of the system. hj(k) denotes the impulse response of an

FIR filter connected to the jth output of the system.

The MINT inverse filtering of the system can be defined by the

expression

B = GH,

B =

2
6666664

1
...

0
...

0

3
7777775

, G =
ˆ

G1 G2 · · · GN

˜
,
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2
666666664

h1

h2

...

hj

...

hN
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where B: NL × 1 target vector, G: NL × NL impulse response

matrix, Gj denotes the jth column of matrix G, H: NL × 1 inverse

filter vector, K: the length of the impulse response, and L: the length

of the inverse filter. According to MINT [1], if there are no common

zeros between the transfer functions of the impulse responses, the

desired source signal can be recovered by inverse filtering.

The conventional MINT method uses room impulse responses

to calculate the inverse, so it cannot recover speech signals in the

practical situation where the room impulse responses are unknown

in advance. However, the correlation matrix between received sig-

nals, which contains information about impulse responses, is avail-

able to the user. MINT-based inverse filters can be computed using

this correlation matrix [8].

The correlation matrix of the received signals is defined by

R = E{XTX}

=

2
6664

R11 R12 · · · R1N

R21 R22 · · · R2N

...
...

. . .
...

RN1 RN2 · · · RNN

3
7775 ,

(2)

where R: NL × NL correlation matrix, X = [X1 X2 · · ·XN ] ,
Xi = [xi(k) xi(k − 1) · · ·xi(k − (L − 1))] , E{·}: expectation,

and T: transpose.

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

E{s(k)s(k + n)} =

j
δ(n) n = 0

0 n �= 0.
(3)

Using (3), the relationship between R and G is given by

R = GTG. (4)

Although the speech signal is not statistically white, it is modeled as

a convolution of the white signal s(k) and minimum phase filter a(k)
that has the characteristic of a long-term averaged speech spectrum.

We use whitening filter a−1(k) to remove correlation due to speech,

where a(k) ∗ a−1(k) = δ(k). a(k) is estimated by averaging the

power spectrum of the 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.
(5)

Multiplying GT by B yields

GTB = g1(0)B. (6)

Finally, the MINT inverse filter H is obtained from (1), (4), and

(6), and is given by

H = g1(0)R−1B. (7)

The term g1(0) in (7) 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).

3. MODIFIED SPECTRAL SUBTRACTION FOR
SUPPRESSING LATE REVERBERATION

The deconvolution based on inverse filtering does not improve the

tail part of reverberation because impulse responses are always fluc-

tuating 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 [9]. The method

estimates the power spectrum of the reverberation and then subtracts

it from the power spectrum of reverberant speech. They modeled the

impulse response as the outcome of the nonstationary random pro-

cess with an exponential decay function to estimate the power of the

reverberation. However, the deconvolved impulse responses do not

exhibit the exponential decay, so we use a different model.

We modify the conventional spectral subtraction to combine with

MINT inverse filtering for the suppression of the late reverberation.

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), that is

Y (ω, m) = S(ω, m) +
MX

i=1

αi(ω)S(ω, m − i), (8)

where indexes ω and m refer to frequency bin and time frame, re-

spectively, αi(ω) is the coefficient of the late reverberation for pre-

vious i frames, and M is the duration of the reverberation.

Here, αi(ω) � 1 because the inverse filtering reduces the early

reflection part that has most of the power of the reverberation. There-

fore, the power spectrum of late reverberation can be approximated

by

P (ω, m) =

L−1X
i=1

|αi(ω)|2|S(ω, m − i)|2

≈
L−1X
i=1

|αi(ω)|2|Y (ω, m − i)|2. (9)

Assuming the reverberation components are approximately uncorre-

lated between frames, the coefficients of the late reverberation are

estimated by

αi(ω) = E

j |Y (ω, m)Y ∗(ω, m − i)|
|Y (ω, m − i)|2

ff
. (10)

Spectral subtraction is employed to estimate the original speech:

Z(ω, m) = G(ω, m)Y (ω, m), (11)

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

G(ω, m) =

j |Y (ω, m − i)|2 − P (ω, m)

|Y (ω, m − i)|2
ff1/2

, (12)

and if G ≤ 0 then G = 0 or a small constant value. The dereverber-

ated signal z(k) is reconstructed from the estimated STFT Z(ω, m),

through the inverse-STFT and overlap-add techniques.

4. IMPLEMENTATION

We describe the overview of the complete algorithm of the proposed

method in this section. The signal flow of the proposed method

from the speech source to the recovered signal is shown in Fig. 2.
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Fig. 2. Signal flow of proposed method.

Here, the speech signal is modeled as the convolution of white sig-

nal s(k) and long-term averaged spectrum a(k) and represented as

s(k) ∗ a(k). The speech signal is reverberated by the room impulse

responses gj(k) and received by the microphones. The received sig-

nals xj(k) are convolved by the whitening filter a−1(k) to remove

the correlation due to speech and estimate the correlation matrix.

The inverse filters hj(k) are computed by (7). The inverse-filtered

signal y(k) is obtained by convolving xj(k) with hj(k) and mix-

ing these convolved signals. y(k) is analyzed by the STFT into

frequency components Y (ω, m). The power, P (ω, m), of the re-

verberation is estimated by (9). The suppression gain, G(ω, m), is

calculated by (12). Y (ω, m) multiplied by G(ω, m) is the 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 interfaces for the real-time dereverberation.

5. EXPERIMENTS

The experimental results of objective and subjective evaluation are

provided in the following to demonstrate the performance of the pro-

posed method for speech dereverberation.

5.1. Dereverberation results of speech and impulse signals

In experiments, reverberated speech signals were obtained by con-

volution of anechoic phrases by real room impulse responses that

were measured by an omnidirectional 4-microphone array spaced

with a source-receiver distance of 3.8 m and the distance between

microphones is 0.07 m. The dimensions of the room are 6.6 × 4.6 ×
3.1 m, and the reverberation time is 0.55 s. The signals were sampled

at 12 kHz, and the frame size is 1024 samples with a 256-sample-

frame shift in the spectral subtraction. The length of inverse filter L
is 2000 taps, the length of the whitening filter is 512 taps, and the

duration for averaging the correlation matrix is 10 s,

For evaluating the effect of the inverse filtering, the inverse filters

were estimated from the reverberant speech signal, and an impluse
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Fig. 3. Dereverberation result of impulse signal: (a) original room

impulse response; (b) inverse-filtered impulse response.

signal was deconvolved instead of the speech signal. As shown in

Fig. 3(b), the reverberation in the inverse-filtered impulse response

was suppressed well in comparison with the original room impulse

response shown in Fig. 3(a). The waveform of the Japanese word

‘son-na’, in the anechoic condition is shown in Fig. 4(a). Rever-

berant speech, inverse-filtered speech, and speech dereverberated by

the proposed method are shown in panels in Figs. 4(a), (b), and (c),

respectively. In Fig. 4(c), we can see that the reverberation was

reduced and the pitch pulses of speech were recovered by inverse

filtering. However, the tail part of the reverberation caused by the

estimation error remained in the inverse-filtered signal. Comparing

Fig. 4(d) to Fig. 4(c), the suppression of the reverberation tail is

noteworthy in the signal recovered by the proposed method.
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Fig. 4. Waveformes of speech signals: (a) original signal; (b) signal

degraded by reverberation; (c) signal inverse-filtered by MINT-based

blind deconvolution; and (d) signal recovered by proposed method

combining inverse filtering and modified spectral subtraction.

5.2. Subjective assessment of the processed speech quality

We compared the proposed method with conventional spectral sub-

traction, from the viewpoint of subjective quality under the condi-

tions where the speech signals are 3 male and 3 female voices. The

assessment method is the comparison category rating (CCR) method

[10]. The subjects are 24 non-experts. The inverse-filtered speech

was included for comparison. Clean speech and reverberant speech

were included as anchors.

The assessment results are shown in Table 1. In the CCR method,

the second sample has better quality than the first if the CMOS

(Comparison Mean Opinion Score) is more than 0. The results indi-

cate that the proposed method provided better quality than conven-

tional spectral subtraction. The score of the proposed method gave

the best improvement in the quality in comparison with the rever-

berant speech except the original speech. There is no significant dif-

ference in quality between the inverse filtering and the conventional

spectral subtraction.

6. CONCLUSION

We proposed a blind dereverberation method combining MINT blind

deconvolution and modified spectral subtraction. MINT inverse fil-

tering reduces early reflection, which has most of the power of the

Table 1. Subjective CMOS (Comparison Mean Opinion Score). The

CCR rating categories were used that the second sample compared

to the first is 3: ‘Much Better’, 2: ‘Better’, 1: ‘Slightly Better’,

0: ‘About the Same’, -1: ‘Slightly Worse’, -2: ‘Worse’, -3: ‘Much

Worse’.

Condition (first sample vs.

second sample)

CMOS 95% confidence

interval

Subtraction vs. Proposed 0.44 0.13

Reverberant vs. Proposed 1.12 0.12

Reverberant vs. Inverse-filter 0.64 0.13

Reverberant vs. Subtraction 0.66 0.11

Reverberant vs. Original 1.97 0.11

reverberation, and then spectral subtraction suppresses the tail of the

inverse-filtered reverberation. The algorithm of the proposed method

was implemented on a computer with audio interfaces for real-time

speech derevberation. Dereverberation experiments demonstrated

that the proposed method is effective in removing reverberation and

improves the quality of reverberant speech and conventional spectral

subtraction.
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