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In real environments, significant features of speech are smeared due to
noise and reverberation so that sound quality and intelligibility of the ob-

served speech are drastically reduced. Improvement of noisy reverberant
speech (noise suppression and dereverberation) is, therefore, needed in vari-

ous speech signal processing, such as hearing aid systems and preprocessing
for automatic speech recognition systems.

There are several well-known suppression methods which can be used to
remove the effects of noise or reverberation in either noisy or reverberant
environments. There are, for example, spectral subtraction method pro-

posed by Boll, Kalman filtering method proposed by Paliwal and Basu,
minimum-phase inverse filtering method proposed by Neely and Allen,

and multiple input/output inverse theorem (MINT) method proposed by
Miyoshi and Kaneda. Although these methods can work well in either

noisy or reverberant environments, it cannot work in both noisy and rever-
berant environments, simultaneously. Recently, Kinoshita et al. studied

a strategy of the speech enhancement method in noisy reverberant envi-
ronments, by considering two sequential processes: noise reduction using
spectral subtraction for noisy reverberant speech and then dereverberation

using linear prediction for noise-reduced reverberant speech. However, it
seems to be more complex in Kinoshita’s modeling. We thought that the
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best solution should be able to deal with both additive noise and reverber-
ant effect simultaneously.

On the other hand, Houtgast and Steeneken proposed a prediction method
that can assess the effects of the enclosure on speech intelligibility in both

noisy and reverberant environments by using the modulation transfer func-
tion (MTF). The MTF concept makes the suppression method of both noise
and reverberation simultaneously realization.

Unoki et al. proposed the temporal power envelope inverse filtering
method based on the MTF concept. Their method assumed an environ-

ment that is the reverberation. These methods improved about 30% of
the reduction in speech intelligibility caused by the reverberation. If we

could propose a noise suppression method based on MTF concept, we can
propose an MTF-based speech enhancement method which can suppress

noise and reverberation simultaneously, so that this method can improve
the loss of speech intelligibility suffered from additive noise and reverber-
ation. The goal of our work is to propose a speech enhancement method

for noise reduction and dereverberation.
We propose a noise suppression method by restoring the smeared MTF.

The modulation index and the averaged power in the temporal output
power envelope (e2

y
(t)) are affected by noise. We restore the averaged power

levels and modulation index using MTF to suppress the noise effects.
Input information is needed for the calculation of MTF. The average of

temporal noise power envelope (e2
n
) is estimated from non-speech sections.

The average of temporal input power envelope is estimated by subtracting
e2
n

from the average of temporal output power envelope. MTF can be

calculated by using this SNR.
We carried out three simulations on noise reduction to evaluate whether

the proposed method can adequately restore the desired speech from noisy
speech signals. Three Japanese sentences uttered by ten speakers (five

males and five females) were used in the evaluations. Three types of noise,
white, pink, and babble noise signals, were used in the simulations. Signal
to noise ratios (SNRs) were fixed at 20, 10, 5, 0, and -5 dB. In these

simulations, correlation (Corr), SNR, and log spectrum distortion (LSD)
and weighted LSD of speech intelligibility were used as evaluation measures

to show the improvement the restoration accuracy achieved through our
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method. As the results of simulations, the maximum improvement in LSD
was about 31 dB, the maximum improvement in weighted LSD was about

8 dB, the improvement in Corr was constant and the improvements in
SNR increased as SNRs decreased. These results show that the proposed

method can improve the temporal power envelope and the waveform of the
input signal from the noisy signal. We found that the proposed method
can be used to adequately restore the temporal power envelopes and to

suppress the noise effects of noisy signal.
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