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ABSTRACT 

 
The fast adaptive algorithm is required for stereo echo 
cancellation because the strong inter-channel cross-
correlation of stereo received signals leads to ill-
conditioned normal equation to be solved by the adaptive 
filter. An adaptive algorithm for this task should also be 
robust against such disturbances as near-end speech and 
near-end noise. We propose a coherence-based method of 
step-size control that provides robustness in stereo echo 
cancellation. Computer simulation demonstrated that the 
method was robust against near-end speech and noise, 
and was capable of quickly tracking change in echo paths. 

 
1. INTRODUCTION 

 
Cancellation of stereo echoes is a prerequisite to 
providing full-duplex communication with stereophonic 
sound as part of advanced teleconferencing applications. 
This is achieved by applying a fast adaptive algorithm to 
estimate the multiple echo paths between multiple 
loudspeakers and a microphone. The strong inter-channel 
cross-correlation of stereo received signals leads to ill-
conditioned normal equation to be solved by the adaptive 
filter [1],[2].  

However, a high convergence rate is usually 
accompanied by strong and rapid divergence in the 
presence of near-end speech and noise. In general, fast 
adaptive algorithms are sensitive to such disturbances as 
near-end speech and near-end noise. Hence, fast adaptive 
algorithm for stereo echo cancellation must also be robust 
in this sense. 

Step-size control is known to be an effective way of 
making monaural echo cancellation robust against noisy 
environments [3]. Although theory provides a derivation 
of the optimal step-size for the Normalized Least Mean 
Square (NLMS) algorithm, it is not always possible to 
obtain the required components from the available signals. 

In this paper, we show that coherence analysis 
provides a numerical method for determining the optimal 

step-size. We then propose a coherence-based method of 
step-size control for robustness in stereo echo cancellation. 
The validity of the proposed method was verified by 
computer simulation. 
 

2.  THE NLMS ALGORITHM IN A NOISY 
ENVIRONMENT  

 
In this section, we review the NLMS algorithm, its 
theoretical optimal step-size for a noisy environment, and 
previously proposed practical forms of step-size control.  

 
2.1. The NLMS algorithm 
Figure 1 is a diagram of a typical monaural echo 
cancellation system. In the NLMS algorithm, the 
coefficient vector )(ˆ kh  is updated by using a fixed step-
size 

0µ  as follows: 
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where )(kx  is the received signal vector, defined as 
 [ ])1()()( +−= Lkxkxk Lx , 
with L as the length of the coefficient vector )(ˆ kh . The 
error signal, )(ke , is given as the difference between the 
signal at the microphone, )(ky , and the estimated echo 
signal. 

)()(ˆ)()( kkkyke T xh−=    (2) 
 
2.2. Theoretically optimal step-size  
In a noisy environment, the error signal contains a 
disturbing signal, )(kz , as well as the residual echo 

)())(ˆ()( kkkr T xhh −= . 
According to Mader et al. [3], the optimal step-size for 

the NLMS algorithm in a noisy environment can be 
theoretically derived as 
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In the noise-free case, this step-size, 
optµ , is 1. 
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Fig. 1 A typical monaural echo cancellation system 
 
Unfortunately, this optimal step-size is not applicable 

because it is not always possible to obtain the residual 
echo signal )(kr  from the available signals, )(ky  and 

)(ke , in a noisy environment. Despite the impossibility of 
always calculating optimal step-size, inspection of (2) 
shows that time-varying step-size should be reduced with 
increase in the disturbing signal power, with decrease in 
the input-signal power, and with decrease in the residual 
echo power in a noisy environment.  

 
2.3. Previously proposed forms of step-size control 
Hirano et al. have proposed an alternative equation in 
which the input signal power and the noise power as 
estimated by using )(2 ke  during 22 })()(ˆ{)( kkke T xh>  
provide the basis for control of the step-size of the NLMS 
algorithm, thus avoiding the effect of residual echo [4]. 
Trump has proposed to estimate the power of the 
disturbing signal during natural pauses in the received 
speech, and the step-size of the frequency-domain 
adaptive algorithm is controlled accordingly [5]. 

 
3. COHERENCE-BASED STEP-SIZE CONTROL 

 
In this section, we analyze the relation between optimal 
step-size in a noisy environment and the squared 
magnitude of coherence. With this analysis as a basis, we 
propose a coherence-based method of step-size control 
that provides robustness in stereo echo cancellation. We 
also show that this method can be extensible to larger 
numbers of channels. 
 
3.1 Coherence analysis 
To obtain the optimal step-size for application in our 
adaptive filter, the power of the residual echo signal 
should always be estimated from the available signals. 
For that purpose, we can use the “squared magnitude of 
coherence function” for a frequency  f, which is given as 
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where )( fS xx
 and )( fSee

 are the power spectral density 

of the received signal )(kx  and the error signal )(ke , 

respectively. )( fSxe
 is the cross power spectral density of 

the signals )(kx  and )(ke  [6],[7]. 
This squared magnitude of coherence, )(2 fγ , can be 

interpreted as the fractional portion of )( fSee
 which is 

linearly due to )(kx  at frequency f. Since the disturbing 
signal, )(kz , can be considered statistically independent 
of both the received signal )(kx  and the residual echo 
signal )(kr , 
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Therefore, the relation between the optimal step-size 
)( foptµ  and the coherence function )(2 fγ  is given as 

{ } )(
)()()(

)()(
)()(

)(
)(

2

2 f
fSfSfS

fSfS
fSfS

fS
f opt

zzrrxx

rrxx

eexx

xe µγ =
+

≤= .  (6) 

Based on this relation, we propose the squared magnitude 
of coherence for each frequency bin as the corresponding 
estimator of optimal step-size. We see that this optimal 
step-size is directly applicable to the frequency-domain 
adaptive algorithms. 

This form of coherence-based step-size control can be 
implemented by estimating the power spectral density 

)( fS xx
, )( fSee

 and )( fS xe
 as follows: 
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where )( fX  and )( fE  represent the discrete Fourier 
transforms of the signal frames of )(kx  and )(ke . )(* fX  
denotes the complex conjugate of )( fX . ][ε  denotes 
taking of the short-term expectation. 
 
3.2. Extension to the stereo case 
Now consider the typical stereo echo cancellation system 
depicted in Fig. 2. We propose to extend the above 
method of coherence-based step-size control to this case. 

The squared magnitude of coherence )(2 fγ  between 
stereo received signals )(),( 21 kxkx  and the residual echo 
signal )(ke  is defined [6] as 

))(1))((1(1)( 2
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2
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2 fff ee •−−−= γγγ ,   (8) 

where )(2
1 feγ  is the squared magnitude of coherence 

between )(1 kx  and )(ke , defined as 
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)(2
12 fe•γ  is the partial coherence function between )(2 kx  

and )(ke , defined as 
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Fig. 2 A typical stereo echo cancellation system 
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where )(12 fX •  is obtained by removing the component 
correlated with )(1 fX  from )(2 fX  as follows:  
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Similarly, )(1 fE•  is obtained by removing the component 
correlated with )(1 fX  from )( fE  as follows: 
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3.3 Extension to the multi-channel case 
Analogously with the stereo case, the squared magnitude 
of coherence for an M-input single-output system is 
defined [6] as 
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where the partial coherence function )(2
)1( fmym −•γ  between 

)(kxm
 and )(ke  is obtained as the coherence between 

)()1( fX mm −•
 and )()1( fE m−•

.  
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In (14), )()1( fX mm −•
 and )()1( fE m−•

( Mm ,,2 L= ) are 

obtained by removing the components correlated with 
)(,),( 11 fXfX m−L  from )( fX m

 and )( fE  as follows: 
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where )(01 fX •
 is equivalent to )(1 fX . 

4. SIMULATION 
 
We confirmed the validity of the proposed method of 
coherence-based step-size control through computer 
simulation. The signal source s in the transmission room 
was a 20-s speech signal. The two microphone signals 
were obtained by convolving s with two impulse 
responses, each 700 taps in length. Both responses were 
measured in an actual room. The microphone output 
signal y in the receiving room was obtained by summing 
the two convolutions )( 11 xh ∗  and )( 22 xh ∗ , where 

1h  and 

2h  were also measured in an actual room and were 
truncated to 700 taps. The sampling frequency was 8 kHz. 
A half-wave rectifier non-linearity [9] with a gain of 0.3 
was used for non-linear functions 

1g  and 
2g . 

We combined the proposed method and the enhanced 
frequency-domain adaptive algorithm [8] with the 
following parameters: adaptive-filter-length 512=L , 

4.00 =µ , overlap factor 4=α . The filter coefficients 

were updated every α/L  samples. The length of the 
signal frame for coherence analysis was set to L. The 
short-term expectation of an expression of the form 

),( fjV  is  

),()1()],1([)],([ fjVfjVfjV λελε −+−= , 
where j is the frame index and λ  is the forgetting factor. 
We used 95.0=λ . With these values, the computational 
complexity of the algorithm for stereo echo cancellation 
is raised by about one-third when we incorporate the 
proposed form of step-size control. We used the 
misalignment between responses as defined by 
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and the levels of residual echo power to evaluate the 
performance.  
 

Firstly, we set the attenuation factor in the enhanced 
frequency-domain adaptive algorithm to 0.1, and then 
tested the algorithm’s robustness, with and without the 
proposed form of step-size control against a disturbing 
signal. We used Hoth-noise varying between –10 dB and 
–14 dB SNR and near-end speech as the disturbing 
signals. Figure 3 shows the echo, disturbing, and 
microphone signals. 

Figure 4 shows the behavior of the misalignment and 
the residual echo power. With no step-size control and 
the step-size fixed at =µ 0.3, 0.2, or 0.1, the adaptive filter 
was made to diverge at t=8 s by near-end speech. The 
graph of residual echo power shows that the near-end 
speech made the adaptive filter unstable with a fixed step-
size ( 1.0=µ ), and that the proposed method effectively 
suppressed the echo during near-end speech. 
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Secondly, we checked the ability of the enhanced 
frequency-domain adaptive algorithm with the proposed 
step-size control to track changes in echo paths. The 
algorithm’s attenuation factor was again set to 0.1[8]. In 
this experiment, we used the near-end noise as the sole 
disturbing signal.  

Figure 5 shows the behavior of misalignment and 
residual echo power in response to a change in echo paths 
at t=10 s. The misalignment started to decrease within 
128 ms after the echo path change.  

 
5. CONCLUSION 

 
 We proposed a coherence-based method of step-size 
control for robustness in stereo echo cancellation. We also 
showed that the proposed method is extensible to the 
multi-channel case. Computer simulation demonstrated 
that the proposed method provided robustness against 
near-end speech and near-end noise and quickly tracked 
changes in echo paths. 
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Fig. 3 The echo, near-end speech and noise, and microphone 
signals used in the simulation 
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Fig. 4 Misalignment for fixed step-size ( 1.0,2.0,3.0=µ ) and 
the proposed method. Residual echo power for fixed step-size 

1.0=µ  and the proposed method. 
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Fig. 5 Behavior of misalignment and residual echo power of the 
proposed method in response to a change in echo path at t=10 s. 
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