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Abstract 

Evaluation of a two systems for speech enhancement is presented. A clasical Widrow dual channel noise canceller 
adaptive filter is used introducing the implemenation of Affine Projection Algorithm and comparing results versus 
traditional LMS implementation. Clasical Widrow noise canceller concept is used under reallistic input considerations, 
where signal of interest and noise are present at both inputs. Simple Root Mean Square Error (RMSE), Itakura-Saito 
Distance (ISD) and subjective evaluation tests are made in order to ease comparisons. 
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Introduction 

Quality in a signal coming from a microphone can be poor if enviroment is noisy, this is common for most of personal 
devices such as hearing aids. Out of a noise cotrolled place, there is ambient noise, where close to people babbling is the 
main noise, and this is the case of more interest when a hearing aid is used. Esporadic ambient noise such that from the 
street can represent a similar problem to normal people as hearing aid users, nevertheless babbling noise in crowded 
places affect more to hearing aid users.  

The hearing loss is related to the intelligibility of the speech embedded in noise and the SNR is useful in this case for 
cuantifying of both phenomena, so it is necessary a high value of SNR to get an acceptable comprehension of the speech, 
a person with hearing loss has a double trouble due to a loss in the intelligibility. Degradation in hearing loss of 10 dB 
is accompanied with degradation in intelligibility within 1 to 1.5 dB [2]. This means that a person with hearing loss has 
more difficulties for getting a good comprehension than a normal person when the conversation is done in a noisy 
environment.  

This has made necessary to design speech enhancement systems for improving the intelligibility and quality of speech. 
Many noise reduction schemes have been proposed over the last decades [5, 6, 7, 2]. They can be divided into several 
categories and using many algorithms see [2] for a very good review.  

We are interested on hearing aids because there is a need for small devices with few resources and a very good noise 
cancelling with great intelligibility. 
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Some studies have shown that single-channel speech enhancement systems are still unable to improve intelligibility, 
even if they can now at least enhance signal quality without reducing intelligibility [9]. In contrast, multiple-microphone 
noise reduction schemes have been shown repeatedly to increase speech intelligibility even if there remain some 
theoretical and practical issues to be solved [5, 1]. The performances of multiple channel speech enhancement 
algorithms improve with an increasing number of microphones. However, a larger number of microphones imply higher 
costs and increasing demands in computational load, so they are not convenient for implementation on small devices. 

There are many implementations for speech enhancement systems embedded in hearing aids. Multimicrophone arrays 
offer very good results considering intelligibility, nevertheless are not aesthetically convenient. The user of hearing aids 
needs small and discrete systems. This work presents a proposal including several benefits, such as the using of two 
microphones and a dual channel enhancement system based on affine projection adaptive filter so it can be programmed 
on a common hearing aid dsp. This work is one of a series we are developing in pursuit of the best performance system 
[3]. 

The two channel adaptive noise canceler 

The digital adaptive filtering process considers the availability of a reference signal as a sample of the signal noise which 
is going to be diminished or cancelled. It is possible to modify the digital filter coefficients w (k) dynamically according 
to the behaviour of the involved signals. The aim is to obtain an approximated solution y (k) in order to minimize an 
output signal called error s2 (k) by using an iterative process [9, 4] (see Figure 1). 

1.1. The evaluation model 

Figure 1 shows a typical two channel noise canceler [9] and as the microphones are different for each channel we say is 
non balanced input, so that one channel receives the desired signal s(k) with additive noise while the other receives a 
noise signal n1(k) including a low power desired signal, that is the composition of signals at both inputs includes the 
desired signal and the noise signal but measuring different levels of SNR. And this SNR has to be always higher for the 
first channel. This is achieved by using different microphones, one highly directive for the first channel and one omni 
directional for the second channel. This way the omni directional microphone receives the voices nearby with the same 
gain than the desired signal and the directional microphone receives the desired signal with a higher gain than signals 
from other directions. So if the sources are equally distant the SNR is ≤ 0 for the omni directional and ≥ 0 for the highly 
directive. 

 

Figure 1 Adaptive filter as a two channel noise canceler 

In a real environment there is the source of speech mixed with noise. The goal of a noise canceler is to estimate the 
signal of interest that is the primary source without noise. In an evaluation model the primary source has to be mixed 
with a noise signal for simulate a noisy environment, so it is possible to have control of the different levels of SNR and 
to make a good comparison between the estimated signal result of the noise canceler and the primary source without 
noise. 

The recorded signals are a couple of phrases recorded with a directional microphone without noise and babbling 
recorded with omni directional microphone in a hospital waiting room. 

In a future, we will test several systems in real environments using the above described configuration; in the assumption 
that the omni directional microphone has lower gain than the directional one and the SNR resulting is also lower for 
this channel so it can be used as a noise reference. 
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1.2. The LMS Algorithm 

The Least Mean Squares Algorithm is very well known and simple the adaptive equation allows to calculate the optimum 
weigth coefficients as: 

 W (k + 1) = w (k) +  e (k) x (k) 

Where w (k + 1) is the next weigth vector, w (k) is the current weigth vector,  is the step size or local minimun error, e 
(k) is the error signal and x (k) is the input signal. 

1.3. The Affine-Projection Algorithm 

Reusing past data is a procedure that can improve the convergence of adaptive algorithms. The affine-projection 
algorithm is an LMS-based reusing algorithm, in that it includes L older input vectors in the updating rule and results in 
a generalization of the normalized LMS algorithm. Its behaviour depends mainly of number L. So as higher is the number 
of input vectors the algorithm is faster. The ecuation for weight vector calculation is: 

W (k + 1) = w (k) +  X (k) (XT (k) X (n) +  IM)-1 e (k) 

where where w (k + 1) is the next weigth vector, w (k) is the current weigth vector,  is the step size or local minimun 
error, e (k) is the error signal, X (k) is the matrix of L input vectors,  is a regularization parameter an d IM is an identity 
matrix. 

Evaluation 

In order to know the performance of the proposed model to enhance noisy speech signals and compare against the 
performance of a single stage noise canceler we have done several simulations. 

An RMSE (expression 1) measure is done to the difference between the enhanced signal s2 (k) and the original s (k), this 
is a tough approximation to the noise level present at the output of the system and is determined by: 
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Where d (k) = s2 (k) – s (k) 

This measure allows a fast and easy comparison for the several simulations and it is well related to listening tests. The 
Itakura-Saito Distance was measured only for some simulation results. 

 

Figure 2 Signals in time and their respective spectrograms: a) Babbling mixed signals 0 dB SNR (n (k) +s1 (k)), b) 
Mixed signals 9 dB SNR (s (k) + n (k)) 
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Figure 3 Signals in time and their respective spectrograms: a) speech signal, b) enhanced speech signal 

Figure 2 and 3 shows snapshots of signals in time and their spectrograms, this were taken for one simulation 
corresponding to 9 dB of SNR for channel 1 and 0 dB for channel 2. 

Table 1 shows the measures of the Itakura-Saito Distance for some simulations under the conditions established above, 
similarity of results for the higher SNR can be noticed, this may be because our signal noise is babbling and has almost 
the same statistics as the desired signal. The ISD works better when noise is gaussian. 

Table 1 Measures of the Itakura-Saito Distance 

SNR main input channel s(k)+ 
n(k) 

ISD main input channel s(k)+ 
n(k) 

ISD output (LMS) 
s2(k) 

ISD output (A-P) 
s2(k) 

3 dB 2.52 2.22 2.14 

6 dB 2.22 2.05 2.01 

9 dB 1.53 1.56 1.54 

12 dB 1.41 1.44 1.42 

15 dB 0.93 0.77 1.01 

 

Some results from measuring the RMSE level of noise are shown in Table 2. They were carried out for the same 
simulations of Table 1. The difference between the LMS algorithm and Affine-Projection Algorithm results under low 
SNR are very interesting because they are much related to the listening tests. This is very important so the comparisons 
among different simulations can be made easier and faster trusting just on the RMSE measure and for low SNR. 

Table 2 Measures of the RMSE 

SNR main input channel 
s(k)+ n(k) 

RMSE main input channel 
s(k)+ n(k) 

RMSE output (LMS) 
s2(k) 

RMSE output (A-P) 
s2(k) 

3 dB 6318 5774 5620 

6 dB 4199 3730 3445 

9 dB 2531 2332 1976 

12 dB 1437 1113 1084 

15 dB 1234 802 776 
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Conclusion 

In this work the evaluation of a two channel adaptive filter structure has been carried out. It is convenient to focus on 
the results for the evaluation procedures, so that using two channels the enhancement of the speech is good in quality 
as intelligibility and the simplest procedure RMSE is related in proportion to the listening test, despite RMSE only 
evaluates the quality, it will serve as a good tool of comparison, considering its simplicity, among the several structures 
we are going to evaluate in our pursuit for a small adaptive filter structure. In this case the use of affine Projection 
algorithm results in no reduction of generalized RMSE compared with the simple LMS and clearly it is a very good option 
for implementing this speech enhancement system. Of course when we obtain the best results for certain structures will 
be necessary to perform the normalized intelligibility tests. The unbalanced input has shown to contribute to the good 
results even for the single stage as when simulations where made with similar level of SNR on both channels 
(considering two identic microphones) the performance were not the same as reported here for none of the three tests 
used ISD, RMSE and listening.  
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