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Abstract
The performance of two-microphone coherence based 
methods degrades if two captured noises are correlated. The 
Cross Power Spectrum Subtraction (CPSS) is an adapted 
coherence method for noise correlated environments. In this 
paper, we propose a new technique for estimation of speech 
cross power spectrum density and we exploit it in CPSS. The 
proposed speech enhancement method is evaluated as a 
speech recognition preprocessing system and as an 
independent speech enhancement system. The enhancement 
results show the practical superiority of the proposed method 
comparing with the previous solutions. 
Index Terms: two-microphone speech enhancement, 
coherence based methods, cross spectral estimator 

1. Introduction
Over the last decades, by developing new communication 
systems, speech enhancement has become more important 
than ever before. For instance, in new mobile headsets, the 
distance between the speaker’s mouth and the microphone is 
large in comparison with the old handsets, which results in 
relatively low SNR received signal. A speech enhancement 
system helps to increase the quality of noisy speech.  
General speech enhancement approaches are divided into two 
main categories: single microphone and multi microphone 
methods. Single microphone methods have limitations in real 
environments. These methods introduce musical noise and 
speech distortion  [1]. The advantage of multi-microphone 
approaches over single microphone approaches is their ability 
to use spatial noise reduction, which is reduction of noise 
based on the position of speech source. The performance of 
multiple channel noise reduction algorithms is improved by 
increasing the number of microphones [2], [3]. However 
larger number of microphones implies higher costs and 
increasing demand on computational load. We have chosen 
dual microphone approaches as a trade off between multi 
channel and single channel methods.
Coherence based methods [4] [5] are known as a subclass of 
dual microphone methods. These methods are based on the 
fact that the noise received at two sensors leads to a 
correlation that is smaller than that between signals issued 
from the useful signal source. These techniques perform well 
in uncorrelated noise environments, but their performance 
decreases, if two captured noises are correlated. To cope with 
this problem, it is proposed in [6] to subtract the Cross Power 
Spectral Density (CPSD) of noises from the CPSD of the 
noisy signals. We refer to this method as Cross Power 
Spectral Subtraction (CPSS). 

In this paper, we propose a new technique for estimation of 
speech cross power spectrum and we exploit it in CPSS 
method. In order to implement the proposed method, we use 
some approximations. Evaluation of the proposed speech 
enhancement method as a front end of speech recognition and 
as an independent speech enhancement system confirms that 
the approximation process is acceptable for practical 
situations.
In the remainder of the paper, in section 2 we introduce the 
CPSS method as a basic two-microphone system. In section 
3, a modification on CPSS method is presented. Section 4 
presents the implementation issues. The experiments and 
evaluation results are discussed in section 5 and finally we 
have concluded in section 6. 

2. Cross power spectral subtraction  
In our system, it is assumed that each microphone receives 
both noise and speech. In Short Time Fourier Transform 
(STFT) domain, the received signals can be written as:  

(1)}2,1{),(),(),( ��� infNnfSnfX iii

Where Xi(f,n), Si(f.n) and Ni(f.n) show the noisy speech, the 
clean speech and the noise in STFT domain, respectively. 
Furthermore, f, n and i are frequency, frame and microphone 
indexes, respectively.  
As we have shown in Figure 1, both channels are used to 
compute spectral modification filter, H(f,n). After that, the 
computed filter is applied on the first channel.  

Figure 1: Block diagram of the two-microphone 
speech enhancement system.

Spectral modification filter H(f,n) can be computed using the 
coherence function between two channels. The magnitude of 
the coherence function of two signals X1 and X2 is defined as 
follow:
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In this equation, PX1X1(f,n), PX2X2(f,n) and PX1X2(f,n) are Power 
Spectrum Density (PSD) of X1(f,n), PSD of X2(f,n) and CPSD 
of X1(f,n) and X2(f,n), respectively. The CPSD and the PSD 
can be estimated as: 

}2,1{,),(),()1()1,(),( * ����� jinfXnfXnfPnfP jixXiXjxXiXj ��

(3)
Where �x is a smoothing factor in the range [0, 1], with a 
recommended value of 0.7 [6].
In the coherence based methods, the frequency components of 
the filter vary according to the amount of coherence between 
channels. It is assumed that the received speech signals are 
correlated and the received noise signals are uncorrelated. 
Thus, higher values of coherence function correspond to 
increased level of desired speech in the signal. On the 
contrary, lower values of the coherence function correspond 
to increased level of noise in the signal. These properties lead 
some researcher to use coherence function in (2) as spectral 
modification filter, H(f,n) [4].
The assumption that the received noise signals are 
uncorrelated is often not a valid assumption. In [6], authors 
proposed a way to improve the coherence based method. 
They adapted coherence based methods for correlated noises. 
In their approach, an estimation of noise CPSD amplitude is 
subtracted from the amplitude of the CPSD of the noisy 
signals as in (4):
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The aim of the subtraction in the numerator of equation (4) is 
to provide the amplitude CPSD of clean signals [5]:
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CPSS is referred as a successful method for environments 
with coherent noise (for example [7] and [8]). In the 
following, we present a modification on this method. 

3. Modification on cross power spectral 
subtraction

The CPSS method is based on the following assumption:

(6))n,f(P)n,f(P)n,f(P NNSSXX 212121 ��

This assumption is an approximate. In fact, for the CPSD of 
the signals, using the assumption of uncorrelated noise and 
speech, we can write: 

(7)),(),(),( 212121 nfPnfPnfP NNSSXX ��

A vector demonstration of the CPSDs can be shown as in 
Figure 2. 

Figure 2: vector demonstration of CPDSs. In the 
figure, the frequency and frame indexes are omitted 
for all parameter. �(f,n) and �(f,n) are the phase of 
the speech CPSD and the phase of the noise CPSD 
respectively. Furthermore �(f,n) is the angle 
between PS1S2(f,n) and PN1N2(f,n).

For the amplitudes of CPSDs, we can write (the frequency 
and the frame indexes, f and n, are omitted for notational 
simplicity in Equations 8-16): 
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Where �(f,n) is the angle between PS1S2(f,n) and PN1N2(f,n).
To find the true value of |PS1S2(f,n)|, we calculate the relation 
between the magnitude of Figure 2 in order to correct the 
approximate relation in (6). We introduce v(f,n) as the 
difference between the terms in the left side and the right side 
of equation (6).
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V(f,n) can be computed as in the following:  
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Using the fact that  
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Tailor expansion can be employed. Using Tailor expansion 
and after some manipulations, the value of v(f,n) can be 
rewritten as: 
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Exploiting the achieved value for v(f,n), the relation between 
the magnitude of the vectors in Figure 2 can be shown as in 
(13):
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Equation (13) can be rewritten by (14) 
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Where �(f,n) is defined by: 
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Where SNRCS(f,n) is defined by: 
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4. Implementation
In order to estimate |PS1S2(f,n)| in equation (14), estimations of 
�(f,n) and consequently �(f,n) and SNRCS(f,n) are necessary. 
To estimate �(f,n), we assume a diffuse noise field, based on 
this assumption the phase of noise CPSD has a uniform 
distribution in [-2�f�, 2�f�] [9]. We approximate the value of 
�(f,n) by an averaging on values of the phase of noise CPSD 
in the range [-2�f�, 2�f�]:
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In this equation �(f,n) and �(f,n) are the phase of  speech 
CPSD and the phase of  noise CPSD respectively and � is 
time delay of arrival.  
We use the following equation, for estimating SNRCS(f.n):
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Using Equations (17) and (18), �(f,n) is estimated as: 
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Finally by computing �(f,n) and replacing their values in 
Equation (14), we compute the numerator of spectral 
modification filter, Equation (5). 

5. Experiments and Evaluation

5.1. Evaluation of the proposed method as a speech 
recognition system preprocessing
In order to verify the approximation process in deriving 
formula, the enhancement method was employed as a 
preprocessor of a speech recognition system. We used a 
simulated multi-microphone database in all experiments 
which was provided thanks to image method technique [10].
The original single microphone data base is TIDIGIT [11].
We positioned some noise sources and one speech source 
(which was playing the TIDIGIT database) in the virtual 
room. We placed three microphones in the simulated room for 
recording. The distance between microphones 1 and 2 is 2cm 
and it is 4cm for microphones 1 and 3. The configurations of 
microphone arrays are endfire. Distance between sound 
source and the first microphone is 30 cm.

[12]The utilized recognition system  is a CDHMM with 6 
states and 8 Gaussian mixtures per each state. We use 30 ms 
frames and 15 ms overlap and Hanning window. Our feature 
vector contains 12 MFCC and their first order derivative. 
Hence, length of feature vector is 24.
The correct recognition rates for different methods are shown 
in Table 1.

Table 1: Recognition results for enhanced signals. All 
reported results are for microphone 1.  

a: microphone pair (1,2), b: microphone pair (1,3)
(a)

input SNR (dB) 0 5 10 20
noisy signal 8.18 17.58 29.09 99.70

coherence based 10.73 18.09 71.73 99.82
CPSS 58.06 70.78 83.1 97.34 

modified CPSS 59.3 73.39 84.64 97.69 
(b)

input SNR (dB) 0 5 10 20
noisy signal 8.18 17.58 29.09 99.70

coherence based 20.82 36.64 82.18 99.91
CPSS 67.56 75.86 87.32 97.34 

modified CPSS 69.1 77.64 87.81 98.29 

The noise CPSD is estimated in noise only frames, when an 
almost ideal Voice Activity Detector (VAD) is employed to 
distinguish between speech/pause frames. This VAD detect 
noise only frames by taking a threshold on the clean signal 
coherence. For 20dB input SNR, the recognition rate for 
noisy signal is better than that of the enhanced signal. This is 
due to distortion as a side effect of the enhancement process. 
The results show that by modifying the gain filter the 
recognition rate is increased. This validates the benefits of the 
proposed modifier for the two-microphone enhancement 
system.     

5.2. Evaluation of the proposed method using PESQ 
measure
The performance assessment is also carried out using PESQ 
(P.862) measure [13] which is a psychoacoustics based 
objective measure originally proposed to assess the 
performance of the codecs. 
 We used a speech database recorded using 3 microphones 
installed on a headset on a dummy head to evaluate 
implemented methods. The clean speech was played from a 
speaker installed on the mouth of the head model. In each 
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experiment, we used 2 microphones simultaneously. Fig 3 
shows the position of the microphones, where the distance 
between microphone 1 and 2 is 20mm and the distance 
between microphone 1 and 3 is 66mm.

Figure 3: position of microphones on the head 

To generate noisy signals, prerecorded noise signals were 
added to their corresponding clean speech signals. (Noise 
from microphone i is added to speech from microphone i.)
Noises are recorded in a Peugeot 405 driving at the speed of 
about 80 km/h and clean signals are recorded in a quiet room. 
The noise CPSD was estimated using the first 150 ms of 
speech. The phase of clean CPSD, �(f,n), is obtained by 
averaging on the phase of clean CPSD of consequent frames. 
This value is calculated offline using 3 seconds of clean 
speech.   
Table 2 shows the PESQ scores for noisy and enhanced 
signals. The results are reported for two microphone pairs and 
3 input SNRs. 

Table 2. PESQ results for enhanced signals. a) Car noise  b) 
babble noise

(a)
microphones (1,2) 
(distance=20mm)

microphones  (1,3) 
(distance=66mm)

input SNR (dB) 0 5 10 0 5 10
noisy signal 2.103 2.338 2.491 2.103 2.338 2.491

coherence based 2.198 2.446 2.512 2.189 2.361 2.505
CPSS 2.578 2.657 2.786 2.661 2.786 2.914

modified CPSS 2.691 2.766 2.862 2.808 2.903 2.992
 (b) 

microphones (1,2) 
(distance=20mm)

microphones  (1,3) 
(distance=66mm)

input SNR (dB) 0 5 10 0 5 10
noisy signal 1.297 1.56 1.884 1.297 1.56 1.884

coherence based 1.37 1.61 1.92 1.38 1.58 1.94
CPSS 1.458 1.839 2.344 1.46 2.011 2.425

modified CPSS 1.582 1.932 2.412 1.576 2.098 2.499

The PESQ score for the modified method is higher than the 
primary method in all cases. This confirms the practically 
advantage of the modified method. It is also can be seen in 
the table, the PESQ score for microphone pair 1,3 is higher 
than 1,2. This can be justified by this fact that the 
performance of the coherence based methods increases when 
the distance between microphones increases.

6. Conclusion
In this paper, we proposed a dual microphone technique for 
noise reduction using a modification on previous technique 
based on CPSS in [6]. A new method for computing CPSS 
was proposed and a spectral modification filter based on 
CPSS value was implemented. The proposed speech 
enhancement method was evaluated as a speech recognition 
preprocessing system and as an independent speech 
enhancement system. The speech recognition system attains 

higher correct recognition rate using proposed method rather 
than reference method in [6]. Our technique outperformed the 
previous methods when we compared the results using PESQ 
scores on enhanced signals.
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