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Abstract
We previously proposed a speech dereverberation method based
on the modulation transfer function (MTF). This method con-
sists of power envelope restoration and carrier regeneration pro-
cesses, and reduces both the loss due to degraded power en-
velopes and the loss of speech intelligibility. In the power enve-
lope restoration, however, whether adaptive time-frequency di-
vision provides the best representation is still uncertain and the
improvement in restoration accuracy tends to lessen as the re-
verberation time drastically increases. In this paper, with regard
to these issues, we explain how the power envelope restoration
can be improved and show that power envelope inverse filtering
can be redesigned as an optimal inverse MTF.

1. Introduction
In general, reverberation smears significant features in speech
and lowers speech intelligibility. Speech dereverberation is
therefore needed in various forms of speech signal processing,
such as in hearing aid systems and the preprocessing for speech
recognition systems. The ultimate goal of our work is to con-
struct a blind speech dereverberation method which can restore
a speech signal from reverberant speech without measurement
of the room acoustics, and which reduces the loss of speech in-
telligibility caused by reverberation.

Several well known inverse filtering methods can be used
to dereverberate the original signal from a reverberant signal
in room acoustics (e.g., [1, 2]). For these methods, however,
the impulse response of the room acoustics must be measured
before the dereverberation to determine the inverse filtering.
Moreover, the impulse response, in general, is time variant.
These methods therefore require remeasurement of the impulse
response for each dereverberation to be processed. This is a
significant drawback with regard to the use of these methods
for various speech applications.

On the other hand, temporal envelope inverse filtering
methods have been proposed that not only restore the tempo-
ral envelope from reverberant speech, but also improve speech
intelligibility after it is degraded by reverberation. There are, for
example, the methods of Avendano and Hermansky [3] and Hi-
robayashi et al. [4]. These methods are based on the modulation
transfer function (MTF) concept [5] and can restore the tempo-
ral envelope information (fluctuations or the modulation index)
from reverberant speech without requiring measurement of the
room’s impulse response. They will therefore be useful for pre-
processing in such applications. However, they do not effec-
tively improve the speech intelligibility of the restored speech
signal. We think this shortcoming is due to artifacts in the fine-
structure of the restored speech since these methods disregard
the speech signal carrier in their dereverberation processing.

In our previous work, as the first step, we improved the
model of Hirobayashi et al. [4] to solve the problems they
encountered [6] and then extended the improved basic model
to a model based on a filterbank by considering issues regard-
ing speech applications [7]. As the second step, we refined our
filterbank model to enable restoration of a reverberant speech
signal using adaptive time-frequency division and reconstruc-
tion of a speech waveform using carrier reconstruction related to
group delay control for speech synthesis [8]. Thus, the current
model contributes to the recovery of reverberant speech with re-
gard to the signal restoration and speech intelligibility. For the
power envelope restoration in this model, however, we have not
yet determined whether adaptive time-frequency division is the
best representation, compared with other filterbanks such as the
constant-band or constant-Q filterbanks, and the improvement
in restoration accuracy tends to lessen as the reverberation time
greatly increases. In this paper, with regard to these issues and
to further develop the MTF-based method, we explain how the
power envelope restoration can be improved and how the power
envelope inverse filtering can be redesigned to obtain an optimal
inverse MTF filter.

2. Speech dereverberation method
Figure 1 shows a block-diagram of our speech dereverbera-
tion model. The model consists of two main parts: the power
envelope restoration [6, 7] and the carrier regeneration pro-
cesses [8]. In this work, we respectively define x(t), y(t) =
h(t) ∗ x(t), and h(t) as the original, the reverberant signal, and
the stochastic-idealized impulse response of the room acoustics.
In particular, h(t) is defined as

h(t) = a exp(−6.9t/TR)n(t) = eh(t)n(t), (1)

where a, TR, and n(t) are, respectively, a constant amplitude
term, reverberation time, and random white noise.

First, y(t) is decomposed into envelopes ey,n(t) and car-
riers cy,n(t) in N -channels (1 ≤ n ≤ N ) using an analysis
filterbank. Here, it is assumed that x(t) and y(t) can be repre-
sented as

x(t) :=

NX
n=1

xn(t) =

NX
n=1

ex,n(t) · cx,n(t), (2)

y(t) :=
NX

n=1

yn(t) =
NX

n=1

ey,n(t) · cy,n(t), (3)

where xn(t) and yn(t) are the band-limited signals, ex,n(t)
and ey,n(t) are the temporal envelopes, and cx,n(t) and cy,n(t)
are the carriers in the channels. Second, in the power enve-
lope restoration process, the power envelope inverse filtering
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Figure 1: MTF-based speech dereverberation model.

method [6] is used to recover êx,n(t)2 from ey,n(t)2. Then, in
the carrier regeneration process, a source generator is used to
reconstruct the source information of the dereverberated speech
from voiced/unvoiced information based on the estimated fun-
damental frequency (F0), and then the source information is de-
composed into the carriers in the channels, ĉx,n(t). Finally,
each channel signal is reproduced by multiplying the derever-
berated envelope with the regenerated carrier (i.e., x̂n(t) =
êx,n(t) · ĉx,n(t)) in the corresponding channel, and the derever-
berated signal x̂(t) is resynthesized using a synthesis filterbank,
which is the same as the analysis filterbank.

2.1. Power envelope restoration process

In the power envelope restoration process, ex,n(t)2 can be re-
stored from ey,n(t)2 using the relation ey,n(t)2 = ex,n(t)2 ∗
eh(t)2 derived from the MTF concept (for details, see [6, 7]).
Here, the transmission functions of power envelopes Ex(z),
Eh(z), and Ey(z) are assumed to be the respective z-transforms
of ex,n(t)2, eh(t)2, and ey,n(t)2. Thus, Ex(z), can be deter-
mined as

Ex(z) =
Ey(z)

â2

j
1 − exp

„
− 13.8

TR · fs

«
z−1

ff
, (4)

where fs is the sampling frequency (20 kHz). Here, to deter-
mine the parameters (a and TR), we apply the following algo-
rithm [6, 7] in each channel, separately.

êy,n(t)2 = LPF
ˆ|yn(t) + jHilbert(yn(t))|2˜ , (5)

T̂R = arg min
0≤TR≤TR,max

j
dTP (TR)

dTR

ff
, (6)

TP (TR) = min

 
arg min

tmin≤t≤tmax

˛̨
êx,n,TR(t)2 − θ

˛̨!
, (7)

â =

s
1/

Z T

0

exp(−13.8t/T̂R)dt, (8)

where Hilbert() is the Hilbert transform, LPF[·] is low-pass
filtering with a cut-off frequency of 20 Hz, êx,n,TR(t)2 is the
restored power envelope using any TR within the given condi-
tions, θ is a threshold for detecting a minimum shifting point
TP (TR) from the maximum of ey,n(t)2, and tmin and tmax

are the lower and the upper limited regions for determining
the point. Finally, êx,n(t)2 can be obtained from the inverse
z-transform of Ex(z) for each channel.

2.2. Carrier regeneration process

This processing [8] is done separately for the voiced and un-
voiced intervals, which are estimated using the estimated fun-
damental frequency (F0). In this paper, we assume that F0
has been estimated accurately. The carrier regeneration in the
voiced intervals regenerates F0-modulated harmonics as a sinu-
soidal model that can manipulate F0(t) with phase (frequency)
modulation φk(t). Here, F0(t) is the fundamental frequency,
φk(t) is the initial phase, k is the index of harmonics (1 ≤
k ≤ K(t)), and K(t) is the maximum number of harmonics.
The carrier regeneration in the unvoiced intervals regenerates a
white noise carrier ĉu(t), instead of ĉv(t). All regenerated car-
riers are then added together; i.e., ĉx(t) = ĉv(t) + ĉu(t). The
resultant carrier ĉx(t) is then decomposed into ĉx,n(t) in sepa-
rate channels using the analysis filterbank where the amplitude
is normalized to 1 by the power envelope. Here, we applied
the group delay control to indirectly manipulate φ(t) to remove
artifacts in speech perception such as buzz sound [8].

3. Improved method
The constant-band N -channel filterbank (N = 100, bandwidth
of 100 Hz), referred to as CBFB, is used to decompose the
power envelopes and the carriers from the signal in our pre-
vious model [7]. The power envelope restoration is done for the
whole range in each channel, so it might be possible to improve
the restoration accuracy through adequate time and frequency
division. Thus, use of a reconstructed filterbank based on adap-
tive time-frequency division [8] has been proposed to improve
the restoration accuracy. However, whether this proposed fil-
terbank provides the best representation, compared with other
filterbanks such as constant-band or constant-Q filterbanks, has
not been determined. On the other hand, we have found that the
improvement in restoration accuracy (i.e., the SNR and corre-
lation) in the power envelope restoration tends to lessen as the
reverberation time drastically increases. This may be caused
by the application of inverse MTF filtering to higher modula-
tion frequency components. In this section, we explain how we
have improved our previous model with regard to these points.

3.1. Adaptive time-frequency division

With regard to frequency division, the co-modulation char-
acteristics of the target speech (in fact, reverberant speech)
are used to determine the appropriate bandwidth in the filter-
bank. In this paper, we examine the correlation, r, between
the power envelopes in the channels (ey,n(t)2 and ey,m(t)2,
n = 1, 2, · · · , N , m = n, n + 1, · · · , N ) with a constant
narrow-band (40 Hz) filterbank to verify the co-modulation
characteristics. We regard an adequate bandwidth of each chan-
nel in the reconstructed filterbank to be the whole bandwidth
of the channels corresponding to the co-modulation character-
istics, as a function of correlation r. This bandwidth tended to
widen as the region of correlation decreased.

With regard to time division, we use a threshold method to
determine time segments from a whole duration in each chan-
nel. In this paper, we assume that each center point within
a threshold η dB down from the maximum value in ey,n(t)2

shows the boundary for segments in each channel. The number
of these segments tended to equal the number of phonemes in a
whole duration in each channel.

If an adequate bandwidth (frequency division) and/or time
segments determined through these calculations are used for
the filterbank, the power envelope restoration process should be
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Figure 2: Frequency response of an optimal IMTF filter com-
pared to the theoretical curve: (a) TR = 0.5, and (b) TR = 2.0.

able to adequately restore the power envelope in each segment
and/or in each channel. Thus, we used the MTF-based derever-
beration method in both frequency and time division, which we
refer to as adaptive time-frequency division, while correlation r
related to the co-modulation characteristics and threshold η is
optimized by simulation.

3.2. Optimal inverse MTF filter

The MTF of the impulse response h(t) in Eq. (1) is defined as

m(ω) =
ˆ
1 + (ωTR/13.8)2

˜− 1
2 . (9)

This characteristic shows a first-order low-pass characteristics
with a cut-off frequency proportional to TR, as shown in Fig.
2 (dashed lines). Thus, the inverse MTF (IMTF) has high-pass
characteristics when used as the opposite MTF filter, as shown
in Fig. 2 (solid lines). In fact, the power envelope of a signal
is restricted to a certain modulation frequency and the theoret-
ical IMTF does not enhance the modulation frequencies above
a certain threshold. Therefore, an optimal IMTF filter should
be designed for the power envelope restoration. A data-derived
filter has been proposed as an optimal IMTF [3], but neither the
particular frequency nor the threshold was determined in [3] as
a blind processing.

In our model, the upper modulation frequency in the re-
stored power envelope using the theoretical IMTF in Eq. (4)
is restricted to 20 Hz by using an LPF for the extracted power
envelope (also set to 20 Hz). This is done because an important
modulation region for speech perception and speech recogni-
tion is from 1 to 16 Hz [6, 7]. Therefore, the total effect of
inverse filtering seems to be essentially the same as for the op-
timal IMTF, as shown in Fig. 2 (thick solid lines). However,
the modulation region from the cut-off in the MTF to the cut-
off (20 Hz) in the LPF widens as TR increases and then affects
the correct estimation of TR and a (Eqs. (6)-(8)) for deriving
an optimal IMTF filter in the model. This means the IMTF fil-
ter used in the model is not an optimal IMTF filter, while T̂R

is too large. To solve this problem, we propose a redesign of
the power envelope inverse filtering as an optimal IMTF filter:
(i) ey,n(t)2 is extracted by Eq. (5); (ii) the initial TR is deter-

mined by Eq. (6); (iii) ey,n(t)2 is again extracted by Eq. (5), in
which the LPF is replaced in the MTF with a cut-off frequency,
determined by

f̂c = 13.8
p

103/5 − 1/2πTR, (Hz) (10)

(iv) the optimal TR is determined by Eq. (6); (v) a is determined
by Eq. (8); and (vi) êx,n(t)2 is then restored by Eq. (4). In this
case, cut-off frequency f̂c varies with TR as shown in Fig. 2
(denoted by “*”) so that the optimal IMTF filter with TR can
be obtained from a combination of the IMTF and the LPF as a
blind processing.

4. Evaluation
We carried out simulations to evaluate the improved model with
regard to time and/or frequency division, comparing it with
models on CBFB (N = 100) and on CQFB (constant-Q fil-
terbank, N = 64). The speech signals were three Japanese
sentences (/aikawarazu/, /shinbun/, and /joudan/) uttered by ten
speakers (five males and five females) from the ATR-database
[9]. We used 100 types of impulse response h(t), and five rever-
beration times (TR = 0.1, 0.3, 0.5, 1.0, and 2.0 s). All stimuli,
y(t), were composed through 15, 000 (= 3 × 10 × 5 × 100)
convolutions of x(t) with h(t).

In these simulations, correlation Corr(e2
x, e2

y) and
SNR(e2

x, e2
y) were used as evaluation measures to show the

improvement in restoration with our refined model [7, 8].

SNR(e2
x, e2

y) = 20 log10

R T

0
ex(t)2dtR T

0
(ex(t)2 − ey(t)2)dt

, (dB).

(11)

In this evaluation, we first determined whether we could
obtain adequate correlation r in frequency division and ad-
equate threshold η in time division for all results, based on
the improved correlation and SNR. Figure 3 shows the av-
eraged improvement in restoration accuracy (correlation and
SNR) per Hertz for the power envelope in frequency division
where r = 0.70, 0.8, 0.95, 0.98, and 0.99. Figure 4 shows the
averaged improvement in restoration accuracy per Hertz where
η = −20, −15, −10, and −8 dB. These figures show that
the greatest improvement can be obtained in frequency division
with correlation r = 0.98 or in time division with threshold
η = −10 dB. In this evaluation, we used these values to achieve
adequate time-frequency division.

We then compared five models with and without an opti-
mal IMTF filter (CQFB, CBFB, time division, frequency di-
vision, and time-frequency division processing) to determine
the improvement attainable through use of time- and/or fre-
quency division processing. Figure 5 shows the averaged im-
provement in restoration accuracy (correlation and SNR) per
Hertz for the power envelope restoration (previous IMTF fil-
ter). Figure 6 shows the improvement in restoration accuracy
for the optimal IMTF filter. The improved method with adaptive
time-frequency division provided the greatest improvement in
restoration accuracy under all conditions (thick solid line with
data points denoted by ◦). Moreover, with the optimal IMTF
filter the improvement in restoration accuracy was preserved as
the reverberation time increased.

5. Conclusion
We have improved the power envelope restoration in our speech
dereverberation method to extend it for adaptive time-frequency
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Figure 3: Improvement in the restoration accuracy (correlation
and SNR) per Hertz for the power envelope of the speech signal
in the filterbank with r (frequency division).
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Figure 4: Improvement in the restoration accuracy (correlation
and SNR) per Hertz for the power envelope of the speech signal
in the filterbank with η (time division).

division processing and to obtain an optimal inverse MTF filter.
This was done by using a reconstructed filterbank that depends
on adaptive time-frequency division. To evaluate the model
incorporating these methods, we carried out objective evalua-
tions through 15,000 simulations of the dereverberation of re-
verberant speech. We found that the greatest improvement in
restoration accuracy for the power envelope can be obtained
through frequency division with r = 0.98 or time division
with η = −10 dB. We also found that the improved model
could adequately restore reverberant speech and provided the
best restoration accuracy in the five methods. Moreover, we
found that use of the optimal IMTF filter could reduce the loss
of improvement in the restoration accuracy that previously ac-
companied a large increse in reverberation time. Our proposed
framework for speech dereverberation has been essentially ad-
vanced through these overall improvements.
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