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Abstract

Recent years, speech enhancement techniques in order to sup-
press noise and/or reverberation have been introduced into
applications like hearing-aid. However, proposed speech en-
hancement tecniques supporting selective binaural selective
hearing cannot work in noisy reverberant environment. This
paper aims at constructing speech enhancement supporting
binaural selective hearing in noisy reverberant environment.
Experiment I verifies whether Two–Stage Binaural Speech
Enhancement with Wiener Filter (TS–BASE/WF) can sup-
press early reflection and late reverberation. Results show
that TS–BASE/WF cannot suppress early refractions due to
using a wiener filter. Cepstral mean subtraction (CMS) is
used as front–end of TS–BASE/WF based on this result.
Experiment II is carried out to show whether the modified
method is superior to TS–BASE/WF in noisy reverberant en-
vironments. This result indicates that the modified method
exceeds TS–BASE/WF.

1. Introduction

Speech communication becomes difficult under influence
of noise and/or reverberation. Additionally, there are some
reports that listening capability of hearing handicapped per-
son declines remarkably in noisy reverberant environment.
Therefore, speech enhancement techniques in order to sup-
press noise and/or reverberation have been introduced into
applications like hearing-aid. In speech enhancement tech-
niques proposed until now [1][2][3], some speech enhance-
ment techniques focused on binaural hearing featured of hu-
mans.

Frequency domain binaural model (FDBM) [5] based on
Lindeman’s binaural hearing model [4] was proposed by Us-
agawa et al. This method calculates interaural phase differ-
ence and interaural level difference to estimate the direction
of the target signal. Then, the received signal is enhanced
by FDBM. Two–Stage Binaural Speech Enhancement with
Wiener Filter (TS-BASE/WF) [6] was proposed by Li et al.,
to suppress noise with two-step processing; noise estimation
stage and noise suppression one. TS–BASE/WF has excel-

lent noise-reduction performance, because TS-BASE/WF has
two-step processing.

When these speech enhancement techniques are used in-
doors, suppression ability of noise and reverberation simulta-
neously should be required. Room impulse responses (RIR)
can be divided into early reflection and late reservation bor-
dering on the time that is dependent on size of the room. Early
reflection correlates to the target signal. Late reverberation
that is added several reflection sounds have less correlation to
the target signal. Moreover, late reverberation diffuses around
the room. Almost all of speech enhancement techniques for
supporting binaural selective hearing cannot suppress rever-
beration. However, noise estimation stage of TS–BASE/WF
without using cross-spectrum could estimate target signal in
reverberant environment. On the one hand, since noise sup-
pression stage of TS–BASE/WF adopt Wiener filter in which
it is assumed there is no correlation between target signal and
noise. Hence, enhanced signal could be affected by noise
suppression stage of TS–BASE/WF.

In this paper, first, performance of TS–BASE/WF in re-
verberant environment is measured. Those results show that
TS–BASE/WF can estimate late reverberation. However, it
cannot suppress early reflection because of using a Wiener
filter. According to those results, modifided method of TS–
BASE/WF will be constructed. Performance of proposed
method in noisy reverberant environment is evaluated in this
paper.

2. TS–BASE/WF

The block diagram of TS–BASE/WF is shown in Fig. 1.
TS–BASE/WF is a speech enhancement technique for sup-
porting binaural selective hearing in noisy environment.

2.1. Noise estimation stage

Noise estimation stage in TS-BASE/WF refers to the
equalization-cancellation (EC) model. The EC model was
developed by Durlach [7] and further improved by Culling
and Sumerfiled [8]. These EC models can explain many psy-
choacoustic effects.
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Figure 1: The block diagram of TS–BASE/WF

2.1.1. Equalization process

Equalizing filters are applied to the left and right input sig-
nals for equalizing the components of target signal in these in-
put signals. Equalizing filters can be obtained by normalized
least mean square (NLMS) algorithm. Based on the assump-
tion that the direction of the target signal is known a priori,
two filters are pre-learned in the absence of noise.

2.1.2. cancellation process

In the cancellation process, equalizing filters are fixed and
applied to input signals. The target-cancelled signals are de-
rived by subtracting the filter-calibrated inputs at one ear from
the input signals at the other ear.

2.2. Noise suppression stage

Wiener filter with synthesized gain functions based on es-
timated noises is applied to the input signals. Enhanced sig-
nals keep direction of each sound source, because of apply-
ing common gain function to both channels. Moreover, when
gain function is synthesized by Wiener filter, the mean square
error between the target-cancelled signals and the input sig-
nals is set to minimum. Then enhanced signals are reduced
musical noise.

3. Date Base

In experiments, continuous speech sentences uttered by
three male speakers and one male speaker were selected from
NTT database with sampling rate of 44.1 kHz at 16 bit reso-
lution. The head-related impulse responses (HRIR) measured
at the MIT media lab with a sampling rate of 44.1 kHz at 16
bit resolution. Evaluation of all sound sources is 0 degree,
angle of the sound source located front of dummy head is 0
degree. The right side of dummy head is +, the left side of
dummy head is - .

RIR is synthesized by image method [9]. However, synthe-
sizeed RIR is not fully reflected in direct and reflected sound

direction information. Then, direct and reflection sounds
were convoluted HRTF corresponding to sound source direc-
tions.

The experimental signals were down-sampled to 16 kHz.
The analysis frame length for FFT is 512 samples (32 ms),
the overlap is 1/2 in TS-BASE/WF by using hanning window.
TS-BASE/WF focused on the front of the dummy head.

4. Objective evaluation measures

The segmental signal-to-noise ratio (SEGSNR) and log-
spectral distortion (LSD) measures were used for evaluating
performances in this paper. SEGSNR and LSD were calcu-
lated by those formulas.

SEGSNR

=
10
L

L−1∑
l=0

log10

( ∑K−1
k=0 [s(lK + k)]2∑K−1

k=0 [s(lK + k) − ŝ(lK + k)]2

)
, (1)

LSD

=
10
L

L−1∑
l=0

(
1
K

K−1∑
k=0

[log10 ASd(k, l) − log10 AŜ(k, l)]2
)

. (2)

Where s is target signal, ŝ is the mean of internal experi-
mental signal or enhanced signal. The target signals were
convoluted HRTF corresponding to the sound source direc-
tion. L and K indicate the number of frames in the sig-
nal and the frame length in samples. Where AS(k, l) ≡
max{|S(k, l)|2, δ} is the clipped spectral power, such that
the log-spectrum dynamic range is confined to about 50 dB
(that is, δ = 10−50/10).

5. Experiment I

The experiment I verifies whether TS-BASE/WF can sup-
press early reflection and late reverberation.

5.1. How to synthesize experimental sound

Controlling numbers of maximum reflection time and min-
imum reflection time of reflection sounds, room impulse re-
sponses (RIR) are synthesized for Experiment I. The maxi-
mum reflection time was varied from 1 to 40 or the minimum
reflection time was varied from 1 to 39 while the maximum
reflection time was fixing 40. In all RIRs, T60 is fixed to 2
s. Experimental sounds were synthesized by convolving the
audio signal to the RIR.

5.2. Results

The results are shown in Figs. 2 and 3. Additive reflection
show the result of controlling numbers of maximum reflec-
tion time, eliminated reflection show the result of controlling
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Figure 2: Improved SEGSNR of enhanced signals using by
TS-BASE/WF

Figure 3: Improved LSD of enhanced signals using by TS-
BASE/WF

numbers of minimum reflection time. All refrections show
the result of using RIR which is set maximum reflection time
to 40. The improved SEGSNR and LSD take maximum val-
ues, when low number of reflection sounds were eliminated.
Low number of reflection sounds similar to early reflection.
Then, Figs 2 and 3 indicate that TS-BASE/WF can suppress
late reverberation. However, it cannot suppress early reflec-
tion because of using a Wiener filter.

6. Modified method

According to the results of Experiment I, Cepstral Mean
Subtraction (CMS) [10] is used as front–end for TS–
BASE/WF in order to suppress early reflection. The proposed
method is called CMS + TS–BASE/WF.

6.1. CMS

The Amplitude cepstral of the RIR is estimated by normal-
izing the mean of the left and right input signals in quefrency

domain. After that, the amplitude cepstral of the left and right
input signal are subtracted by estimated the amplitude cep-
stral of the RIR for each frame.

6.2. Cepstral mean normalize

The input signal, x is shown by convolution of the RIR and
the target signal.

x(t) = s(t) ∗ h(t), (3)

Where h is the RIR, s is the target signal. The input signal is
subjected to Fourier transform. Then, amplitude spectrum is
taken the logarithmic.

cx(k, l) = cs(k, l) + ch(k, l), (4)

Where l is the frame number, k is the quefrency, and c is the
amplitude cepstral corresponding to subscript. Next, the am-
plitude cepstral of the input signal were divided to L frame.
And the mean normalize of that was caliculated.

cave(k, l) =
1∑L−1

l=0 exp(−α · l)

L−1∑
l=0

cx(k, l) · exp(−α · l)

= cave:s(k, l) + cave:h(k, l)
≈ ĉh(k, l). (5)

Where subscript ave mean calculating the mean normalize.
exp(−α · l) is forgetting factor for past frames. If the time-
invariant RIR, s will be offset. Then, the amplitude cepstral
of the RIR can be estimated.

6.3. Subtract on quefrency domain

The amplitude cepstral of the input signal are subtracted by
estimated the amplitude cepstral of the RIR in each frame.

ĉs(k, l) = cx(k, l) − β · ĉh(k, l), 1 > β > 0. (6)

β is used to compensate for the amplitude cepstral of the RIR
in equation (6). After this process, enhanced signal is syn-
thesized using cs(k, l) and the phase spectrum of the input
signal.

7. Experiment II

The Experiment II is carried out to show whether the CMS
+ TS–BASE/WF is superior to TS–BASE/WF in noisy rever-
berant environments.

7.1. How to synthesize experimental sound

The angle of the target signal is 0 degree, the angle of the
noise is 45 dgree. The specker used noise is different to target
signal specker. The target signal and the noise were convo-
luted each RIRs which include HRTFs. Inaddition, the input
signals is sum of the target signal and noise.
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Figure 4: Improved SEGSNR of enhanced signals using by
TS-BASE/WF or the modified method

Figure 5: Improved LSD of enhanced signals using by TS-
BASE/WF or the modified method

Ratio on all interval is varied from 0 dB to 10 dB in in-
crements of 2 dB. The RIRs, T60 is fixed to 2.0 s, number
of reflections of the RIR is fixed to 40 times. Experimental
sound was synthesized by convolving the audio signal to the
RIR.

7.2. Parameter settings for the CMS

The analysis frame length for FFT is 512 samples (32 ms),
the overlap is 1/4 by hanning window in CMS. The total num-
ber of frames when mean normalizing is calculated is 60. The
parameter α is 0.008, the parameter β is 0.14. These param-
eters are decided by same experiment.

7.3. Results

The results are shown in Figs. 4 and 5. Figures 4 and 5 in-
dicates that the CMS + TS-BASE/WF exceed TS-BASE/WF.
On the other hand, improved values of CMS are certain.
Then, the perfomance of TS–BASE/WF is improved, because
CMS is working well.

8. Conclusion

The results of Experiment I show that TS–BASE/WF not
sufficiently suppressed early reflection due to using wiener
filter. As the solution, CMS was adopted as the front–end
of TS–BASE/WF. The results of Experiment II show that the
performance of CMS + TS–BASE/WF is superior to the per-
formance of TS–BASE/WF.
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