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Abstract beration suppression, Habet$ al. introduced to remove

the late reverberation by spectral subtraction in which the
Acoustic signal processing techniques have been widely gite reverberation is estimated using a statistical model [
ploited in modern hearing aids, and played a more imp@taupitchet al. reported a multi-microphone speech dere-
tant role in dealing with background noise and improvingsrperation approach by using the spatial-temporal average
speech quality. We previously proposed a two-stage bingschnique §]. More recently, it is noted that Jeukt al.
ral speech enhancement approach with Wiener filter (T&jjlected a binaural impulse response database for evaluat-
BASE/WF), which was proven to be much moréegtive ing pinaural signal processing systems, especially derever-
in suppressing non-stationary multiple-source interfering sigsration techniquess]. While all these dereverberation al-
nals and preserving binaural cues after processing. In adgirithms were designed to generate only single-channel out-
tion to background noise, reverberation is another crucial Bt, to our knowledge, only few dereverberation techniques,
sue in decreasing speech quality under practical conditiofigwailable, has been consideration for binaural applications.
In this paper, we pay main attention to experimental evalu—rq long-term purpose of our research is to design an

ations of the performance of the TS-BASHF algorithm in 5 4yanced binaural speech enhancement system for hearing
various acoustic conditions with firent degrees of rever-

X : aids, to make hearing aids more robust and intelligent in
beration. Experimental results show that the TS-BASE algQ fical environments, through dealing with both acoustic

rithm is able to reduce reverberant components to a limitggdeyqround noise and reverberation. Towards this purpose,
extent. considering the good noise-reduction performance of TS-
BASE/WF, in this paper, we investigate its performance in
1. Introduction dealing with reverberationfiects in various reverberant con-
ditions. In our evaluations, the impulse responses were gen-
Hearing-impaired listeners have greaffidulty in under- erated by using the traditional image modeé]. [ Then, we
standing speech in adverse conditions due to the hearing |@gsort the experimental results in terms of objective measures
and the annoying background noise and reverberation. Wifynal-reverberation ratio and spectral distortion) and subjec-
the widespread usage of digital hearing aids, advanced $ig= measures (waveform and spectrogram). Finally, we give

nal processing techniques are playing a more important relfine general remarks on the future research.
in modern hearing-aid systems. To deal with these acoustic

interferences (background noise and reverberation), a large
number of &ective speech enhancement techniques have2foTS-BASEWF: Two-stage binaural speech enhance-
be integrated into hearing-aid signal processing. ment with Wiener filter

Concerning noise suppression, Nakashénal. presented
a frequency domain binaural model (FDBM) for extracting The equalization-cancellation (EC) model was originally
the target signal from the observed binaural signals by @eveloped by Durlach7] and further improved by Culling
ploiting both interaural phase and leveftdrences]. More and Sumerfiled§]. Although these EC models could ex-
recently, Liet al. proposed a two-stage binaural speeghain many psychoacoustidfects (e.g., BMLD), they func-
enhancement with Wiener filter (TS-BABHEF) approach tion well only in single interference conditions][[8]. In-
based on the psychoacoustic equalization-cancellation thgired by the EC model, the two-stage binaural speech en-
ory [2]. Among these algorithms, TS-BAPEF algorithm hancement approach with Wiener filter (TS-BABE-) was
has been proven to be much moiféeetive in dealing with recently developed?]. The TS-BASEWF consists of: (1)
non-stationary multiple-source interference and preservingerferences estimation by equalizing and cancelling the tar-
binaural cues after processing. However, no reverberatget signal components, followed by a compensation process;
effect has been considered in its design. Concerning reV@)-target signal enhancement by a Wiener filter. The block
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2.2. Enhancement of target signal

g

0 X, O g &l o For binaural applications, the system that outputs binaural
— ! 9 signals is much preferred. In the proposed TS-BASE, the
2 § G compensated interference estimates are used to control the
5 i gain function of a speech enhancer which is shared in both
§s ] channels for binaural cue preservation. Specifically, a Wiener
e L £ § filter is used because it is the optimal solution for noise re-
o= -@—» Gt~ O @)—R> duction in MMSE sense. lts real gain function contributes
* f to minimize the speech distortion from the frequency-domain

filter. The decision-directed adaption mechanism of the a pri-
ori SNR helps to reduce the "musical noise” and improve
speech quality.

Figure 1: Block diagram of TS-BASENF.

3. Experiments and results

diagram of the proposed system is shown in Eig. Performance of the TS-BAS®F algorithm was exam-

ined in various acoustic environments withfdrent degrees
2.1. Estimation of interference signal of reverberation, in terms of objective and subjective mea-
sures.
In binaural applications, HRTFs are normally involved to

include the shadowingfiects of the head. The cancellatlo
of the target signal is achieved through the equalization an
cancellation procedures, yielding the interference-only out-In experiments, 10 continuous speech sentences uttered by
puts. Itis realized in the following steps][ one male speaker were randomly selected from NTT database
that has a sampling rate of 44Hz at 16 bit resolution. The
1. In the “equalization” process, two filters are applied twom impulse responses (RIRs) withffdrent reverberation
the left and right input signals for equalizing the targéimes varying from Q. s to 10 s were simulated using the
signal components in these inputs. Given the binauigiage method by changing the absorptionfioents of en-
inputs, two equalizers can be obtained by using the nelesure []. These simulated RIRs were first convoluted with
malized least mean square (NLMS) algorithm. Baséae head-related impulse responses (HRIRs) measured at the
on the assumption that the direction of the target sigrdl T media lab. P], which is finally convoluted with the clean
is known a priori, two equalizers are pre-learned in ttspeech signals to generate the reverberant binaural signals.
absence of interference signals. The reverberant binaural signals were down-sampled to 16
kHz. In our experiments, the signal source was simulated
2. In the “cancellation” process, the dfieients of two in the front of the dummy head (i.e., O degree). The down-
equalizers are fixed and applied to the observed misampled signals that involve reverberatidfeets were used
ture signals in the presence of interference signals. Tiheur evaluations.
target-cancelled signals are derived by subtracting the

filter-calibrated inputs at one ear from the input signaiso Objective evaluation measures
at the other ear.

&Dta

The performance of the TS-BAPEF algorithm was
3. In the “compensation” process, a time-variavaluated using the segmental signal-to-reverberation ra-

frequency-dependent compensation factor is exploitéed (SEGSRR) 10] and log-spectral distance (LSD) mea-

to map the target-cancelled signals to the interferergigres [1].

components in the input mixture signals. This compen-The first, segmental SREEEGSRR), is used to measure the
sation factor is derived by minimizing the mean squagereverberation performance in speech enhancement, defined
error (MMSE) between the target-cancelled signal aag [L(]
the input mixture signal under the assumption of zero

correlation between the target signal and interference g[% (CK + K2

signals. Obviously, this zero-correlation assumption 102 £

cannot be satisfied in reverberant conditions, whidEGSRR= — Zloglo —~ , (D)
further makes this compensation process problematic in =0 Z [&(EK + K) — sq(£K + K)]2
reverberant environments.
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where 4(.) is the direct-path signalg(.) is the reverberant

signal or the enhanced signal processed by the TS-BAGE ‘ ‘ " [%-Unprocessed
—©-Processed

algorithm, andL and K represent the number of frames in
the signal and the frame length in samples, respectively. Note
that a higher SEGSRR means a higher speech quality of the
enhanced signal.

The second measurel@g-spectral distancé_SD), which
is often used to assess the distortion of the processed speec
signal, given by [1]
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where AS(k, £) = max|S(k, £)|?, 6} is the clipped spectral
power, such that the log-spectrum dynamic range is confined

to about 50 dB (that is§ = 10°%19max{|S(k, £)|*}). Note .
( S(S ] k¢ {| ( ?' }) . Figure 2:Segmental SRR [dB] of the unprocessed reverberant sig-
that a lower LSD level indicates less speech distortion.  nal, the processed signal by the TS-BABE algorithm, in diferent
reverberant conditions.

3.3. Objective evaluation results

The experimental results of SEGSRR and LSD averaged
across all sentences inflirent reverberant conditions are The subjective evaluations of the TS-BAS#- algorithm
plotted in Fig.2 and3. were performed using waveforms and spectrograms. Typi-
Fig. 2 shows that the SEGSRRs of the reverberant signéfd examples of waveforms and spectrograms in the reverber-
greatly decrease as the reverberation time increases. Spa#f-condition withrgo = 0.5 s are plotted in Fig4. Fig. 4
ically, the SEGSRR of the reverberant signal decrease fré shows that the speech signal is greatly smeared by re-
~5.0 dB in the condition withrgy = 0.1 s to—-9.1 dB in the Verberation. Furthermore, as shown in Fg(c), the TS-
condition withteo = 1.0 s. Furthermore, the proposed TSBASE/WF algorithm enable remove part of reverberant com-
BASE/WF algorithm consistently improves the SEGSRRs Rnents from the smeared signal, yielding slightly “brighter”
all tested conditions. The improvements in SEGSRR amo@i@cessed signal. However, the processed signal by TS-
to 0.4 dB in the low reverberant condition withyy = 0.1 s, BASE/WF still involve high degree of reverberation and far
and 10 dB in the high reverberant condition witlgo = 1.0 from the clean signal. Therefore, it becomes a problem to
s. The improved SEGSRR after processing indicates ffdve critically and requires immediate attentions.
TS-BASEWEF algorithm is able to improve speech quality
in some sense under reverberant conditions. However, theconclusion
SEGSRRs after TS-BAS®/F's processing is somehow still
quite low. The improvements provided by the TS-BABHE In this paper, we investigated the performance of the TS-
might attribute to the fact that the TS-BABKF algorithm is BASE/WF algorithm that we previously proposed in dealing
effective in dealing with the reverberant components comiagth reverberation fects in various reverberant conditions.
from the directions other than the direction of the direct-paixperimental results show that the TS-BABHE- algorithm
signal (i.e., 0 degree or the front). enable suppress part of reverberant components especially in
Concerning the results of LSD shown in Fig.it is ob- high reverberant conditions, which is however far from the
served that LSDs of the reverberant signals markedly tlean signal that we expected. As a result, it is obviously a
creases as the reverberation time increases. Moreover,fttigre work for us to further evolve the TS-BABEF algo-
TS-BASEWF algorithm consistently reduces LSDs in allithm to make it &ective in dealing with reverberanffects
tested conditions, especially in high reverberant conditiofspractical conditions.
The decreased LSDs indicates that the TS-BABIE algo-
rithm decreases the speech distortions caused by reverbg_raA
tion effects. However, the LSDs after TS-BASKEF's pro-

cessing are still quite high, especially in high reverberant con-The research is partially supported by the China-Japan
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Figure 3:Log-spectral distance (LSD) [dB] of the unprocessed r
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verberant signal, the processed signal by the TS-BWSEalgo-
rithm, in different reverberant conditions.
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