#e=L C-19
HEMREHBEHRRRBEE

k2 144 A1 3 HEE

MRER - FFHRE (B)
BT HEAR : 2007~2008
AREES : 19700156
MRRER (F130)

R ERER D 1= 8 O 5t dim il B B 4 Bl

HZCEERE4 (3}X) Advanced binaural noise reduction for next generation hearing aids
HERERE

Z= F# (LI JUNFENG)

eSS infl E M KRR KRE - [FHREFEAER - B

HEEES : 50431466

WFZERE R OMEEE « In this research, we proposed a two—stage binaural speech enhancement
with Wiener filter (TS-BASE/WF) based on the equalization—cancellation (EC) model. In
the proposed TS-BASE/WF, the interfering signal is first estimated by equalizing and
cancelling the target signal based on the EC model, and a time-variant Wiener filter is
then applied to enhance the target signal given the noisy mixture signals. Main advantages
of the proposed TS-BASE/WF are: (1) effective in dealing with non-stationary
multiple—source interfering signals; (2) successful in preserving the perceptual
impression of acoustic scenes. Experimental results in various spatial configurations
confirm that the TS-BASE/WF outperforms the traditional binaural speech enhancement
algorithms in both speech enhancement and sound localization.
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1. WFERAES IOy & due to the spatial release from masking

The traditional speech  enhancement
algorithms used for hearing aids yield
monaural output signals, which do not
preserve the binaural cues in them. The
next—generation hearing aids should be
able to preserve the binaural cues which
can improve the recognition rate in noise

2. WD EP

The aim of this research is to develop a
binaural speech enhancement algorithm for
hearing aids based on the research
knowledge in speech science and signal
processing.
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This research was conducted along the
following steps:

(1)

(2)

(3)

B
%

We investigated the state—of—the—art
modeling techniques of binaural
hearing in psychoacoustics, which
including the cross—correlation
based model, the auditory—nerve
activity model and the
equalization—cancellation (EC)
model. The EC model was finally
adopted in this research due to its
high ability in discriminating the
target signal and interference
signals.

Based on the EC model, a two—stage
binaural speech enhancement approach
with Wiener filter (TS-BASE/WF) was
proposed. In the proposed TS—-BASE/WF,
the interfering signal 1is first
estimated by equalizing and
cancelling the target signal based on
the EC model, and a time-variant
Wiener filter is then applied to
enhance the target signal given the
noisy mixture signals. The block
diagram of the proposed TS—-BASE/WF is
shown in Fig. 1.
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Fig. 1 Block diagram of TS-BASE/WF

As for the binaural processing, the
proposed TS-BASE/WF was evaluated in
the sense of speech enhancement and
binaural—cue preservation in various
spatial configurations

The ability in speech enhancement
was examined through subjective
listening tests wusing the mean
opinion score (MOS). The results are
plotted in Fig. 2. It is observed that
in comparison with the traditional
binaural speech enhancement systems,
the proposed TS-BASE/WF algorithm
exhibits the significant increases
in MOS improvements, that is, the
speech quality improvements.
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Fig. 2 MOS improvements of the studied
algorithms at the left ear (a) and the right ear
(b) in the different acoustical conditions.

The ability in  binaural-cue
preservation was assessed in terms of
perceptual sound localization in
different spatial scenarios. The
localization results are plotted in Fig.
3. The perceived directions are
distributed along the diagonal line

that is, closely consistent with those
of the real 1input signals. The
front-back confusion 1is evidently
observed as well. In comparison with
the results in the tested two spatial
conditions, the variances of the
perceived directions for the target
signals in the one—noise—source
condition are slightly lower than those
in the three—noise—source conditions
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psychoacoustic EC  model for
speech enhancement. The
ectiveness of the proposed TS-BASE/WF
suppressing interfering signals and

enhancing target signals was proved by the
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Fig. 3 Results of perceptual sound localization
results in the one-noise-source conditions
(So:30:330No) (@) and the three-noise-source
conditions (80;30;330N0) (b) .

comprehensive evaluations. All
evaluations demonstrated that in
comparison with the traditional

algorithms, the proposed TS-BASE/WF
yields the highest speech quality and
provides the accurate sound localization
performance in different acoustic spatial
configurations. These characteristics of
the TS-BASE/WF system enable it promising
to be applied for hearing aids system.
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