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ABSTRACT

This paper presents a multichannel-algorithm for speech en-
hancement for hands{free telephone systems in cars. This
new algorithm takes advantage of the special noise charac-
teristics in fast driving cars. The incoherence of the noise
allows to use adaptive Wiener �ltering in the frequencies
above a theoretically determined frequency. Below this fre-
quency a smoothed spectral subtraction (SSS) is used to get
an improved noise suppression. The algorithm yields better
results in noise reduction with signi�cantly less distortions
and arti�cial noise than spectral subtraction or Wiener �l-
tering alone.

1. INTRODUCTION

The handset equipment for telephones in cars is a restriction
and a potential risk for the driver. Only hands{free devices
can overcome this problem. Two di�erent approaches for
hands{free devices can be pursued. The �rst one uses only
one microphone [1, 2], whereas the second one is a multi-
channel approach [3, 4]. The most often used single-sensor
method is spectral subtraction.

However, this method introduces various other prob-
lems, as eg. musical tones. Using smoothed versions of
the spectral subtraction in order to avoid these tones leads
to signal distortions. All multi-channel approaches, in con-
trast, use many microphones and cause high computational
costs. With less microphones they do not work well on the
special noise �eld in cars due to the dominating noise power
at low frequencies.

In the �rst part, this contribution presents the special
noise conditions for multi-channel recordings in cars. Then,
the new algorithm is introduced. The �nal part shows the
experimental results compared to other algorithms.

2. NOISE FIELD

The noise �eld in a car varies in many aspects and depends
on the position and type of the microphones, the road, the
speed of the car, and the car type. In this study, four
omnidirectional microphones are �xed at the left side of the
windscreen in distances of 10cm. (In the car industry, this is
one of the favoured potential ways to arrange microphones
in cars) The car used was a mid-sized Volkswagen (Diesel).

Compressed postscript �les of our publications are readily avail-

able from our WWW server http://www.comm.uni-bremen.de.

In order to describe the special noise conditions in our
experiment, we have measured the power spectral density
and the coherence function. The main energy is concen-
trated at low frequencies (see �gure 1), and it depends on
the speed of the car. At higher speed, more high frequency
components appear, caused by wind noise. The SNR varies
from -5dB to +10dB according to the noise situation.
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Figure 1: Power spectrum measured in a car

To show whether or not the noise �eld is di�use we use
the complex coherence function , de�ned as
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where PXij
denotes the crosspower spectral density of the

signals xi and xj . PXii
and PXjj

are the autopower spectral
densities. If the signal is spatially di�use, then
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where dij denotes the distance between the sensors and c the
speed of sound [5]. Another importent tool to describe the
acoustic environment is the well known magnitude squared
coherence function (MSC)

C(!) =
jPXij

(!)j2

PXii
(!)PXjj

(!)
: (3)



The MSC for the spatially di�use noise �eld is simply the
square of eq. 2. In cars the noise �eld is mainly di�use
(see �gure 2). This characteristic does not change with the
speed.
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Figure 2: MSC measured in a car (microphone distance =
10cm)

3. ALGORITHM

Because of the noise condition in cars an e�cient algorithm
has to work well for di�use noise �elds, and it has to have
high capabilities to suppress low frequencies. The proposed
algorithm consists of three parts (see block diagram 3): De-
lay & sum beamformer (DS), a spectral subtraction algo-
rithm for low frequencies and a Wiener �lter for high fre-
quencies.

After a supposed ideal time delay compensation and a
FFT analysis (Hamming window, 50% overlap), our algo-
rithm devides the spectrum in two parts. The lower region
with high coherence and the upper part with less coher-
ence. The transient frequency we use, is the �rst minimum
of the MSC function. This minimum is given by f = c=(2d).
where c denotes the speed of sound and d the distance of
the microphones. The high frequencies are processed by an
adaptive Wiener �lter, because of the small coherence in
this region. It can be shown that the adaptive Wiener �lter
works well in this case.

The DS beamformer and the Wiener �lter have similar
properties because their noise reduction factors are func-
tions of the average complex coherence function of the noise
�eld for all sensor pairs i 6= j.
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In a di�use noise �eld �� is completely determined by the
distance dij between the sensors.

The �rst stage of the system is a DS beamformer. The
power spectral density (psd)
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at the output of the beamformer can be computed as follows
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If we assume that signal s and noise n are uncorrelated,
PXii

= Pss at all sensors and ��(!) = 1 for the signal s then
the pds at the output of the beamformer is
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The improvement of the SNR or noise reduction factor
NR(!) of the DS beamformer is given by
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NRb is close to N for frequencies where �� is small and close
to one if �� approaches 1.

The noise reduction factor NRw(!) of the post �lter can
be computed from its transfer function.
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We have chosen the following estimate for the post �lter
transfer function
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Using the same assumptions as in the case of the DS beam-
former the transfer function of post �lter can be written



Figure 3: Microphone array with adaptive post�lter or spectral subtraction.

as
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where SNRb(!) is the signal to noise ratio at the output of
the beamformer. A similar result, including array shading
and steering delay e�ect, can be found in [6]. If ��(!) = 0

then cW (!) is a Wiener �lter

W (!) =
SNRb(!)

1 + SNRb(!)
(13)

that can have an arbitrarily high noise reduction factor for
frequencies with low SNR. However, equation 12 also shows
that the post �lter has a poor performance at low frequen-
cies where ��(!) is close to 1. To overcome this problem
we use spectral subtraction for low frequencies. If the noise
n(t) is stationary and uncorrelated with the speech signal
s(t), the power spectrum of the noisy speech x(t) is the sum
of the power spectra of the speech and of the noise. There-
fore, a clean speech signal power spectrum can be estimated
by subtracting the current noise power spectrum. To un-
terstand how to get a clean speech signal we introduce the
interpretation of the spectral subtraction as a time-varying
�lter.

Ŷ (!) = H(!)Yb(!) (14)
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ŷ(t) = IFFTfŶ (!)g (16)

However, the noise power spectrum cannot be estimated
during the speech activity. But it is possible to get an
estimation of the noise power spectrum by averaging the

noise spectrum during non speech intervalls. Due to the
uctuation in the current noise spectrum, randomly spaced
spectral peaks appear, called the musical tones. There are
di�erent techniques to reduce this e�ect eg. [7]. We use:

� Overestimating the noise (� > 1)

� Soft recti�cation (0 < � � 1)

� Averaging the PSD of the current signal

The �nal estimation of the �lter is:
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The �nal step is the combination of the two output spectra
of the algorithms and the following inverse Fourier trans-
form and the overlap add method.

4. EXPERIMENTS AND RESULTS

We generate noisy signals by arti�cially adding clean speech
signals to real multi-channel car noise data with di�erent
SNRs. We assume ideal equalisation and an ideal gain nor-
malisation. The results present a comparison between the
noise reduction behaviours of the SSS and the new algo-
rithm. For objective measurement of speech distortion we
use the log area ratio distance (LAR) which has been shown
in [8] to have the highest correlation between subjective and
objective speech quality measurement .

The results for the noise reduction are shown in �gure
4. The new algorithm yields a better noise reduction at all
SNRs. The objective speech quality measurement results
are more complex (see �gure 5). For a good SNR the speech
quality for the Wiener �lter is little better than for the
new algorithm. The new algorithm outperforms SSS in all
cases. Informal listening tests con�rm these results. The
processed speech sounds more natural and less mu�ed as
with the SSS.

In a second test we used a speaker{independent iso-
lated word recognition system to test the performance of
the new algorithm for dialing and commands. The system
was trained with 16 persons, and it was tested with four
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Figure 4: Noise reduction vs. input SNR

Figure 5: Log area ratio distance vs. input SNR

other persons. The vocabulary consists of 40 words, in-
cluding the 10 digits and words to control computers. For
the results see �gure 6. The new algorithm signi�cantly
increases the recognition rate.

5. CONCLUSION

This paper has presented a new algorithm for multichan-
nel speech enhancement in cars. The proposed algorithm
is a combination of a DS beamformer, a Wiener �lter and
spectral subtraction. This combination is justi�ed by the
theoretical limits of the performance of delay & sum beam-
former and post �lter. The new combination overcomes the
problem of too many microphones and reduces the annoy-
ing musical tones. In simulated experiments with only four
microphones and real{world noise signals the new algorithm
outperforms related algorithms like spectral subtraction or
adaptive Wiener �ltering.
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Figure 6: Speaker{independent word recognition rate
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