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Abstract 
Sensori-neural hearing impaired listeners have difficulty in separating multiple signals or perceiving speech in background noise 
and hearing aids are widely used to enhance the desired signal. In this paper we present a simple two-input system to separate two 
signals using output decorrelation where the filter coefficients are adaptively estimated to minimise the correlation of the output 
signals. In particular we show that an optimal filter can be designed and the convergence behaviour can be greatly improved by 
using a time-delay estimation technique. The algorithm was implemented to successfully separate two signals and the results are 
presented. 

1. Introduction 
Hearing impaired listeners have great difficulty in perceiving a signal in the presence of background noise or many unwanted 
signals. Consequently there has been a growing interest in developing algorithms for digital hearing aids to enhance the desired 
signal [ 1,2]. Although various single-input systems (monaural aids) have been useful in some cases, multi-microphone techniques 
provide better enhancement by exploiting the spatial features of the signal sources. In this paper we consider the problem of 
separating a mixture of two independent signals from two observed signals (a binaural aid). In [3] we presented a simple linear 
adaptive decorrelator to achieve separation when the received signals are a scalar mixture and in-phase at the inputs. However, in 
many cases the signals between the microphones are not in-phase and algorithms must be developed to separate the signals in the 
presence of unknown and arbitrary transfer functions which will be determined by the spatial location of the sources and room 
characteristics. We consider a signal model where the received signals have arbitrary gain and delay as shown below: 

x1 (k) = (k) + hl (k) 63 s2 (k) 
x2 (k) = s2 (k) + h;! (k) @ s1 (k) (1) 

where s (k) and s2 (k) are mutually uncorrelated independent signals, his are the unknown transfer h c t i o n s  of the signals 

between the two inputs and 63 is the convolution operator. 
1 

Although this is a common problem in many engineering applications, the search for a successful algorithm still continues. In [4] 
the adaptive noise canceller was proposed when one of the signals is identical in both inputs. However, the schemes failed to 
produce successful separation when the signals were not identical due to the well known signal-leakage in the reference input. In 
[5 ]  Van Compemolle er. al. proposed an adaptive decorrelator to achieve separation under a strict causality assumption on hi s. 
The algorithm proposed in this paper is similar to [ 5 ]  but is capable of producing rapid convergence and requires far fewer 
coefficients to achieve separation. Furthermore no assumptions are made about the transfer h c t i o n s  of the signals and the 
proposed scheme is therefore capable of performing satisfactorily in most realistic scenarios. In particular we propose a time- 
delay estimation technique to determine the (unknown) delays of the signals between the inputs and the adaptive decorrelation 
algorithm is employed to estimate the optimal values (weights) of the corresponding coefficients. 

2. The Algorithm 
The block diagram of the proposed filtering scheme is shown in Fig. 1. The output signals are given by 

Y2 (k) = x2 (k) + g2 (k) @ x* (k) 
where g .  s are the FIR filters to bg estimated, 

It can be shown 161 that signat separation can be guaranteed if 
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Fig. 1. The Block diagram of the proposed separation algorithm 

However, the transfer hnctions h and h are not known a-priori and must be determined only from the received signals x (k) 
1 2 1 

and x ( k )  . In [3] we showed that the optimal parameters of a scalar mixture can be estimated by output decorrelation. A similar 

principle was adopted here to determine the parameters adaptively using the following update equations: 
2 

where p, and p 2  are the stepsizes that control the convergence and stability of the adaptive scheme. It can be shown that the 
filters will converge to the optimal solution given by Eq. (3) when the output signals are decorrelated (i.e. E b, ( k ) y ,  (k - f ) ]  = 0)  

and will lead to signal separation. Here each filter coefficient is affected only by the corresponding cross-correlation la3 and not 
any others. This one-to-one linkage between individual cross-correlation lags and the coefficients is only partially true and is not 
maintained when all the other coefficients are not optimal. From Eq. (2) we can see that the output signals are determined by all 
the filter coefficients and a non-optimal coefficient will directly affect the correlation estimates at all lags. Therefore, the gradient 
estimates become noisy and the convergence behaviour is severely degraded. Furthermore, since the hi s are unknown, the choice 

of filter length will be arbitrary and an over-modelling of the transfer functions will add redundant filter coefficients, which leads 
to severe degradation in convergence behaviour. Therefore, we propose to estimate the optimal number of coefficients and the 
corresponding delays by using a simple time-delay estimation technique. This will result in an optimal filter configuration and 
lead to superior convergence characteristics due to less noise in the gradient estimates (correlation estimates). 

2.1 Optimal Filter Length 
Time-delay estimation is a standard problem in many signal processing and communication applications and many well-known 
algorithms exist [7]. We propose to use the cross-correlation between the received signals x (k) and x (k) to estimate the 

delays and subsequently the optimal number of coefficients required for separation. The cross-correlation function, rx ( p )  , 

for lag p is given by 

1 2 

1 2  

r x x  (PI = E b l  (k)x2 (k - PI1 ( 5 )  
1 2  

Substituting Eq. (1) in Eq. (5) and taking the expectation gives (since s (k) and s (k) are mutually uncorrelated) 
1 2 

where rs.s ( p )  is the autocorrelation of the signal si. If we assume that s (k) and s (k) are stationary white signals of 

constant power, then 
i i  1 2 
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where 6(p) is the delta fbnction and oi 2 denotes the signal power. Now Eq. ( 6 )  can be rewritten as 

Therefore, it follows from Eq. (8) 

v p 2 0  

Q p < O  
(9) 

Eq. (9) reveals that the cross-correlation function of a particular lag is determined only by the corresponding delay terms in the 
transfer function. Hence, the peaks in the cross-correlation fhnction can be used to estimate the signal delays between the two 
inputs. The resulting filter g . s will contain only the necessary delay terms and will lead to an optimal length filter. This 

approach can also be viewed as setting a-priori the necessary g. terms to zero, thus eliminating the noise introduced by the 

adjustment of these unwanted delay terms. Furthermore, significant power savings and speed improvements can be achieved in 
the hardware implementation by this reduced complexity of the filter. 

I 

3. Simulation Results 
The performance of this approach was investigated with two simulated AR signals and the following signal model was considered 
for the purposes of simulation. 

x ( k ) = s  ( k ) + 0 . 6 ~  ( k - 3 )  

x 2 ( k )  = ~ ~ ( k ) + 0 . 8 s ~ ( k - 1 ) + 0 . 4 ~ ~ ( k - 5 )  
1 1 2 

Fig. 2 shows the cross-correlation function for various lags and it can be seen that the peaks at lags (-5, -1 and 3) clearly 
correspond to the actual delays of the transfer function as expected. Therefore, the optimal filter len,& is one for g1 and two 

for g 2 ,  requiring adaptation of the second (one unit delay) and sixth taps of the filter. 
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Fig. 2. The cross-correlation function of the received signals, rx 

1 2  
The convergence behaviour of the proposed scheme was investigated and a significant difference in convergence speed was 
observed . The convergence rate of the proposed scheme was improved by a factor of 10 compared to a scheme where all the 
terms of a sixth order FIR filter was considered to model the transfer functions. Fig. 3 and Fig. 4 show the convergence behaviour 
of the separation algorithm. The improvements in convergence speed achieved by our proposed scheme is evident h m  these 
plots. The convergence propemes of an adaptive hearing aid is very critical in real-time applications and thus the proposed 
approach is ideal for practical implementations. 

Fig. 4 and Fig. 5 show one of the received signals and the reconstructed signal using this approach. It can be seen that the 
reconstructed signal matches the desired signal very accurately. 

4. Conclusions 
We presented a simple scheme for signal separation in hearing aids using output decomlation and time-delay estimation 
techniques. The algorithm does not make any assumptions about the signal transfer functions and is capable of separating the 
signals even when they are not in-phase and the results demonstrate the separation capability of the proposed scheme. The 
convergence behaviour of the algorithm was considerably improved by estimating the optimal number of taps in the filter by 
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using a time-delay estimation technique. The scheme is very simple and requires fewer coefficients than existing schemes and will 
be very suitable for real-time implementation in digital hearing aids. 
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Fig. 3. The convergence ofthe separation algorithm 
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Fig. 1. The convergence behaviour ofthe proposed 
algorithm. 
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Fig. 6. The reconstructedsignaI(dashec$ and the original 
signal (solid) 

1 

5. References 
[ 11 CN Canagarajah and PIW Rayner. A Single-Input Hearing Aid Based on the Auditory Perceptual Features to Improve Speech 
Intelligibility in Noise. Presented at the IEEE ASSP Worhhop on Applications of Signal Processing to Audio and Acoustics 
Oct. 20-23, Mohonk Mountain House, New PaltzNY, 1991. 
[2] H Levitt, A Neuman and J Sullivan. Studies with Digital Hearing Aids. Acra-OtoIaryngologica, Suppl. 46957-69, 1990. 
[3] CSN Canagarajah and P J W  Rayner. A Linear Adaptive Decorrelator for Signal Separation. IEE Prm. Vision, Image andsignal 
Processing, (to appear) 1995. 
[4] A Farassopoulos. Speech Enhancement for Hearing Aids using Adaptive Beamformers. Proc Int. Con$ ASSP, 1322-1325, 
1989. 
[SI D Van Compemolle and S Van Gerven. Signal Separation in a Symmetric Adaptive Noise Canceller by Output Decorrelation. 
Proc. Int. Conf ASSP IV.221-IV.224,1992. 
[6] CN Canagarajah. Digital SignaI Processing Techniques for Speech Enhancement in Hearing Aids. PhD Thesis, Cambridge 
University Engineering Departmenf May 1993. 
[7] Special Issue on Time-Delay Estimation, IEEE Tranr A S P ,  vol. ASSP-29, June 1981 

Authorized licensed use limited to: UNIVERSITY OF BRISTOL. Downloaded on March 2, 2009 at 10:21 from IEEE Xplore.  Restrictions apply.


