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Abstract

For telecommunications in a car environment hand-sets
have to be replaced by hands-free units due to an increas-
ing demand for a convenient and natural dialog and for
safety in road traffic. The clean speech signal is heavily
corrupted by noise from the engine, tire friction or the air
conditioning, e.g. The noise field in a car has a strong
low-pass characteristic and can be instationary due to
changing driving speeds or opening the window, e.g.

Different multi-channel and single-channel speech en-
hancement algorithms will be compared for a car-
environment in this contribution. The well-known
Ephraim&Malah algorithm [1] in connection with Mar-
tin’s Minimum Statistics [2] suppresses the noise with-
out affecting the speech signal too much. Multi-channel
combinations of beamformers and post-filters can exploit
spacial information and are therefore independent of the
statistics of the noise signal. In contrast many multi-
channel post-filter algorithms suffer from poor noise re-
duction in the lower frequency ranges due to strongly
correlated noise in the microphone channels.

Hybrid multi-channel noise reduction schemes have the
ability to combine the advantages of both systems. In
correlated frequency ranges single channel Wiener-Filters
or the Ephraim&Malah-algorithm can be used while the
multi-channel post-filters exploit spacial information for
higher frequencies.

Noise fields in a car environment

In a car environment noise reduction systems have to
cope with two major problems. The first one is the
strong low-pass characteristic of the noise and secondly
the noise field is diffuse. This means that for the low
frequencies, where most of the energy of the noise has to
be attenuated, the noise in different microphone channels
is highly correlated. Thus it can not be suppressed by
conventional multi-channel speech enhancement systems
like fixed beamformers or post-filters. Figure 1 shows
the power spectral density (PSD) ΦNN [m] of the noise
measured in a medium-sized vehicle. m is the discrete
frequency index.

The noise field can be considered to be diffuse, as the
magnitude squared coherence (MSC) can be approxi-
mated by a sinc function MSC[m] = Γ2[m] = si2(2π ·
m · dij/c) [3]. Figure 2 compares the theoretical MSCs
with the ones calculated from the measurements in a car.
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Figure 1: Noise power spectral density measured in a car
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Figure 2: Magnitude squared coherence measured in a car

and the theoretically calculated MSCs

Comparison of different post-filters
For this contribution we will compare four post-filter
weighting functions for the noise environment in a car
described above. The post-filters were compared for an
office environment in [3, 4], where they were described in
more detail. The Zelinski postfilter in equation (1) was
the first multi-channel post-filter [5]:
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Simmer showed that the Zelinski post-filter suffers from
overestimation of the noise and thus leads to signal can-
celation. Therefore he modified the weighting rule as [6]
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Since we have to deal with a diffuse noise field as shown
in Figure 2, we defined subband filtering [3, 4], taking



only uncorrelated microphone pairs into account:
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t = 1..M is the subband index. M is the number of
microphones and <{·} the real part of a complex vari-
able. We can see the lacking noise reduction ability for
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Figure 3: Post-filter weighting as a function of time and

frequency

low frequency ranges for the first two post-filters WZ [m]
andWSW [m] in Figure 3 (upper part). In the lower part,
we see the transfer-functions of post-filter Wsub1[m] and
Wsub2[m] with a single channel Ephraim&Malah algo-
rithm working in the lowest subband B1. Comparing
the post-filters in the left and the right part of Figure 3
we realize that the the approaches WZ [m] and Wsub1[m]
introduce more signal degradation compared to the post-
filters relying on Simmers approach.

Simulation Results and

Conclusions
Figure 4 compares the post-filters by means of the noise
reduction (NR), the SNR enhancement (SNRE) and the
Perceptual Similarity Measure (PSM) from PEMO-Q [7]
which takes the human auditory system into account and
tries to estimate the speech quality. The noise reduction
and SNRE plots qualitatively show the same results as
Figure 3. Without the subband approach the reduction
of the noise is insufficient due to the strong lowpass char-
acteristic. The PSM shows that the subband approaches
have more affect to the desired signal and thus lead to
some signal cancelation because of the Ephraim&Malah
filter for subband B1.
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Figure 4: Comparison of the post-filters by means of noise
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