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Abstract. This paper presents a robust system to improve speech signals
processed by communication systems. The system includes multi-microphone
techniques, for which both spectral and spatial characteristics of the signal
sources can be used. Also a spectral subtraction algorithm for noise reduction is
integrated into the system. The modified spectral subtraction method takes into
account the non-uniform effect of colored noise on the speech spectrum and
improves the multi-microphone noise filtering.
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1 Introduction

Speech signal is often accompanied by environmental noise. There are several negative
effects during processing the degraded speech for applications such as: automobile
speech communication systems, voice recognition systems, speech recognition, speaker
authentication.

Improvement techniques can be classified as a single channel, dual-channel and
multiple channel speech enhancement techniques. Techniques to improve single
channel speech [1] apply to situations in which only one microphone is available. In
dual channel enhancement techniques, a reference signal for the noise is available and
therefore adaptive noise cancellation technique can be applied. Multiple channel
techniques use microphone array [2] and take advantage of the availability of multiple
signal inputs to our system to make possible to use the phase alignment to reject
unwanted noise components [3]. Beamforming is a multi-microphone signal processing
technique that achieves a more directional pattern than what could be obtained with
only one microphone.

The spatial-filter-based beamformers have been developed for narrow-band signals
[4], which can be characterized by a single frequency. For the speech signal, which has
a broadband frequency domain, the beamformers will not yield the same model for
different frequencies and the beamwidth decreases as frequency increases. If we use
such a beamformer when the steering direction is different from the incident angle of
the source, the source signal will be low-pass filtered. In addition, the noise coming
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from another direction, will not be attenuated evenly across its entire spectrum,
resulting in some disturbing artifacts in the output array.

In this paper we propose integrating a nonlinear multi-band spectral subtraction
noise reduction method into the beamforming system. The multi-band spectral sub-
traction applies different subtraction factors depending on the SNR in each frequency
band. Because the beamformer will not attenuate uniformly the noise over entire
spectrum, the proposed method will compensate this non-uniformity. The simulations
are performed using a car environment with engine noise background.

2 Microphone Array Processing

Consider an array ofM microphones in a reverberant and acoustical noisy environment.
The ith microphone output can be expressed as [2]:

yi nð Þ ¼ s nð Þ � hi nð Þ ð1Þ

where sðnÞ represents the clean speech signal, hiðnÞ denotes the impulse response
between the speech source and the ith microphone and * denotes convolution.

There are fixed and adaptive beamforming systems. Fixed beamformer focus on
source direction and therefore captures less noise and reverberation arrive from a
different direction than the source. Adaptive beamformer provides better noise reduc-
tion, but it doesn’t reduce the reverberation on other directions.

In a conventional delay-and‐sum beamformer (DSB), yiðnÞ is first shifted by a time‐
delay ni and then scaled by a corresponding weight wi. The resulting delayed and scaled
signals from all microphones are then summed to produce the beamformer output z(n):

z nð Þ ¼ s nð Þ � g nð Þ ð2Þ

where

g nð Þ ¼
XM
i¼1

wihi n� nið Þ ð3Þ

The purpose of the delays ni is to time‐align the direct path components of the
impulse responses hiðnÞ so as to steer the beamformer in the direction of the desired
speech source. This way, the direct‐path signals are phase‐aligned and reinforced while
echoes apart from the steering direction are attenuated.

The fixed spatial-filter beamformer directivity pattern will have a main lobe on the
direction of the source speech signal and several secondary lobes. The characteristic
changes depending of the frequency as shown in Fig. 1.

For the speech signal, which has a broadband frequency domain, such beamformers
will not offer the same filtering model for different frequencies. As seen in Fig. 1 the
beamwidth decreases as frequency increases. Therefore, the source signal will be
low-pass filtered and the noise coming from another direction will not be attenuated
evenly across its entire spectrum, resulting in some disturbing artifacts in the output array.
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3 The Spectral Subtraction Method

The basic assumption of the method is treating the noise as uncorrelated additive noise.
Assume that a speech signal sðnÞ has been degraded by the uncorrelated additive noise
signal dðnÞ:

yðnÞ ¼ sðnÞþ dðnÞ ð4Þ

Short time power spectrum of the noisy speech can be approximated by:

YðkÞj j2� SðkÞj j2 þ DðkÞj j2 ð5Þ

The power spectral subtraction estimator results by replacing noise square-
magnitude DðkÞj j2 with its average value taken during non-speech activity period.

r̂2dðkÞ ’ E DðkÞj j2
n o

ð6Þ

Berouti [1] proposed an important variation of spectral subtraction for reduction of
residual musical noise. An overestimate of the noise power spectrum is subtracted and
the resulted spectrum is limited from going below a preset minimum level (spectral
floor). The proposed algorithm could be expressed as:

ŜðkÞ�� ��2¼ YðkÞj j2�a � r̂2dðkÞ; if ŜðkÞ�� ��2 [ b � r̂2dðkÞ
b � r̂2dðkÞ; otherwise

(
ð7Þ

where a is the over-subtraction factor and b is the spectral floor parameter.
To reduce the speech distortion caused by large values of a, its value is adapted

from frame to frame [5]. The basic idea is to take into account that the subtraction
process must depend on the segmental noisy signal to noise ratio (NSNR) of the frame,
in order to apply less subtraction with high NSNRs and vice versa.

Fig. 1. The directivity characteristic of a fixed DS beamformer depending on the steering angle
/ and frequency f.
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In real environments, noise spectrum is not uniform for all the frequencies [6]. For
example, in the case of engine noise the most of noise energy is concentrated in low
frequency. To take into account the fact that colored noise affects the speech spectrum
differently at various frequencies, a multi-band linear frequency spacing approach to
spectral over-subtraction was proposed in [7]. The speech spectrum is divided into N
non-overlapping bands, and spectral subtraction is performed independently in each
band. The estimate of the clean speech spectrum in the i-th band is obtained by:

ŜiðkÞ
�� ��2¼ YiðkÞj j2�ai � r̂2dðkÞ; mi\k\miþ 1 ð8Þ

where k is the frequency bin for the spectrum computed using the discrete Fourier
transform, mi and miþ 1 are the beginning and ending frequency bins of the i-th fre-
quency band and ai is the over-subtraction factor of the i-th band.

The over-subtraction factor ai can be calculated as:

ai ¼
1 ci � 20 dB

a0 � 3
20 ci �5 dB� ci � 20 dB

4:75 ci � � 5 dB

8<
: ð9Þ

where a0 ¼ 4 and the aposteriori NSNR ci of the i-th frequency band is:

ciðdBÞ ¼ 10 log10

Pwiþ 1

k¼wi

XiðkÞj j2

Pwiþ 1

k¼wi

r̂2dðkÞ2
ð10Þ

A nonlinear frequency spacing approach for multi-band over-subtraction factor
estimation was proposed in [7] based on the fact that human ear sensibility varies
nonlinear in frequency spectrum. A perceptual spectral estimation of critical bandwidth
was involved, denoting the noise bandwidth limit at which the detection threshold of
the signal (tone) ceased to increase. The noise power within the same critical band with
the signal is then equal to the product of the measured power spectral density and the
critical bandwidth of the band in question.

4 Implementation and Experimental Results

We simulate a microphone array configuration to enhance the speech signal inside an
automobile. We considered a linear array with a variable number of 2 to 6 microphones
equally spaced at a distance of 0.2. The speech signal source is placed in front of the
array at a distance of 0.5 m. Two types of noise were used for experiments: Gaussian
white noise and engine recorded noise. The white noise was uniformly added at dif-
ferent SNR over each microphones, while engine noise source was placed at a distance
of 1 m behind the last microphone of the array.
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The signals received through the microphones were applied to a fixed DS beam-
former designed to enhance the direction of the desired speech source. For multi-band
spectral over-subtraction we used nonlinear frequency spacing with a number of 4
bands that gives an optimal speech quality [7].

Objective and subjective quality evaluation methods were applied to establish the
performance of the algorithms presented in this study. In Table 1 the simulations show
that the Mean Opinion Score (MOS) computed from ITU-T Recommendation P.862
(PESQ) [8] is increasing when using more than two microphones. Increasing the
number of microphones more than four does not give an increasing of quality.

Subjective listening tests indicate that, using the fixed DS beamforming followed
by non-linear Bark spaced multi-band over-subtraction, a very good speech quality
with less musical noise and with minimal speech distortion is obtained.

Figure 2 shows the spectrogram for speech signal “The sky this morning was clear
and light blue” affected by car engine noise, at a SNR of 10 dB at the output of the DS
beamformer and the spectrogram of the enhanced speech obtained using
over-subtraction with four non-linear Bark spaced bands.

Table 1. PESQ MOS evaluation for the enhanced speech.

Input SNR Output of the DS beamformer Bark spaced four multi-band
spectral over-subtraction

Number of microphones 2 3 4 5 6

0 dB 1.75 1.79 1.82 1.85 1.84 1.84
5 dB 1.85 1.90 1.99 1.97 1.98 1.97
10 dB 2.26 2.41 2.44 2.46 2.45 2.40
15 dB 2.82 2.86 2.88 2.90 2.89 2.84

Fig. 2. Spectrogram of speech signal “The sky this morning was clear and light blue” affected
by car noise (a) at the output of the DS beamformer (b) after the multi-band spectral
over-subtraction was applied (Color figure online)
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5 Conclusions

This paper presents an improved noise reduction system using multi-microphone signal
processing and a spectral subtraction method that takes into account the non-uniform
effect of colored noise on the speech spectrum. The proposed method uses a nonlinear
frequency spacing approach for multi-band over-subtraction factor estimation. This
compensates the fact that the beamformers will not filter the noise for different fre-
quencies since the beamwidth decreases as frequency increases.

The proposed method also reduces the residual musical tones that appear in the case
of conventional power spectral subtraction. Simulations with different types of noise
and different configurations for microphone arrays show a better quality for the
enhanced speech when using the multi-band spectral subtraction method after the
multi-microphone signal processing.
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