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ABSTRACT 
In this paper, a beamforming based enhanced 

method for noisdecho cancellation in audio devices such 
as hearing aids is presented. A m o w e d  two-element 
beamformer scheme is proposed as a possible solution 
for better Cancellation of noise. An equivalent 
behavioral model compatible with ADS (advance design 
system) CAD environment is provided. Simulations are 
carried aut using MATLAB and ADS. Simulation 
results are observed in comptiance with the modified 
twwlement beamformer for noise cancellation and the 
equivalent behavioral model. The electrical equivalent 
of the proposed model is found compatible for the whole 
system simulation o f  biomedical devices, where noise 
cancellation i s  one of the critical concerns. 

I. INTRODUCTION 

With the advancements in integrated circuits 
technology the performance improvements of audio 
device, such as hearing aid devices [ 11, [2],  have been 
more beneficial to the end users e.g. hearing 
impaired. However, an input to such device is often 
associated with the environmental noise. For instance, 
due to environmental noise, a hearing-impaired 
person not only feels severe hearing loss but is also 
unable to perceive desired speech from the 
environment noise. Thus, the noise cancellation is a 
primary concern to do the speech enhancement. 
Adaptive filtering, such as beamforming [lo], is 
generally used as fundamental method for noise 
cancellation. The beamformer allows the signal pass 
and cancels the noise at the same time. However, the 
reported bedonning  methods have their own 
limitations which allow noise cancellation only up to 
certain extent. Investigations to enhance further the 
cancellation of noise are desired 

While having better ways of canceling the noise, 
it needs to be verified before physical 
implementation. The behavior modeling [3]-[5] has 
been a conventional method to verify the 
functionality of the systems during the design and 
implementation phase. 

In this paper, a modified two-element 
beamfomer scheme is proposed as a possible 
solution for better cancellation of noise. It is 
supported with an equivalent behavioral model 
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compatible to the industry standard CAD 
environment. A few behavioral level simulation 
results are provided. 

The paper is structured as follows. The modified 
two-element beamformer for noise cancellation is 
provided io section 11. The behavior model 
construction for the noise cancellation stage of a 
hearing aid Iike device is addressed in section III. In 
section W,  the simulation result for this behavior 
model is presented. The last section outlines the 
conclusions. 

II. TWO-ELEMENT BEAMFORMER 

The beamforming method is a more efficient 
method for noise cancellation in hearing aid device 
[6]-[SI, which is based on the constrained adaptive 
bedormer of Grifliths and Jim [IO]. A two-element 
microphone array beamformer is shown in Figure 1. 
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url 
Fig. 1. A two-element microphone array beamformer 

In Fig. 1, s(n) is the voice signal and v(n) is the 
noise. Devices A and B are two omni direction 
microphones without loss, The voice signal and the 
noise come to the microphones with various 
directions. The angel of voice signal is zero. The 
angel between voice signal and noise is 8. xl(n), 
x2(n), y(n) and d(n) are signals combined audio 
signal and noise. WO and wl are four coefficients 
which are determined by output e(n) from solving 
Wiener-Hope equation [SI. From the theoretic 
calculation [ 1 11, the signal-to-mise power spectral 
density ratio at the noise canceller output is equal to 
the inverse of the signal-to-noise power spectral 
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density ratio at the reference input. This means that if 
the signal-to-noise power density ratio at the 
reference input is low, then a good cancellation of the 
noise at the output can be expected. However, the 
maxim gain of different arrival angle signal passing 
through is not at the point of zero degree arrival angle 
in some cases. As an attempt to handle such cases in a 
better way, a modified two-element beamformer is 
provided in Fig. 2. 

W l  
Fig. 2. A modified two-element bedormer  

In Fig. 2, two independent beamforming paths 
are used and then their outputs are compared to select 
the better one. The comparison is to select the output 
with smaller signal to noise ratio ( S N R ) .  It, thus, 
enables the maxim gain of different arrival angle 
signal passing through this beamformer close to the 
point of zero degree arrival angle. This promises 
better noise cancellation performance than that in the 
case of Fig. 1. For the purpose of functional 
verification, behavioral modeling is considered which 
is briefly described below. 

III. BEHAVIOR MODEL 

As a case study, the model is constructed to be 
amenable with hearing aid devices, the front end of 
which is shown in Fig. 3. For instance, a typical 
hearing aid system has its fkont stage consisting of (i) 
signal receivers i.e. microphones (ii) amplifiers (iii) 
AID converters and (iv) noise cancellation block. Its 
CAD compatible model enabling behavioral 
simulation is constructed as follow, It includes 
following steps: (i) The voice signal generator and 
interference generator are used to model the received 
voice and noise respectively, where both sources are 
defined as random signals in the frequency band of 0 
kHz to 10 lcHz which falls under audio range. (ii) The 
voice signal and the noise are combined and then 
transmitted after amplification into A/D converter to 
get the digital signals. (iii) The noise cancellation unit 
is used to process the digital signals using 
beamfoming. 

l- Voice Signal 
Generator Generator 
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Noise 
Cancellation 

Fig. 3. A typical system using noise cancellation in 
an audio device 
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Fig. 4. Extended block diagram of single path 
beamforming 

To develop the behavioral model, for the 
beamforming as shown in Fig. 2, compatible to 
MATLAB and ADS, the bock diagram as shown in 
Fig. 4 is used. Details of the developed models are 
not included here. 

The gain of the amplifier in the behavior model is 
considered programmable. For simulation purpose, 
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the sampling fiequency of the 8 bit A/D converter 
used is taken 100 kHz, and the reference voltage of 
AD Converter is defined 1 .O V. 

In MATLAB, the behavior model is realized by 
programming the corresponding equations [XI. While 
in ADS, the behavior model is built using the 
modeling features of the software of ADS Agilent 
ptolemy in behavior level [9]. All the functional 
blocks such as addition, multiplier and expectation 
are defined in ADS Agilent Ptolemy using equivalent 
models in A D S  library. 

The ADS has the feature for behavior models and 
circuit model building [9]. The above discussed 
behavioral models are also made A D S  compatible 
which are found suitable for simulating audio devices 
consisting of RF, analog andor digital blocks e.g. 
wireless hearing aid. 

IV. SIMULATION RESULTS 

In MATLAB, the voice and noise are all band 
limited signal. Using only one beamforming path as 
shown in Fig, 1, the simulated plot is shown in Fig. 5 
for a set of input parameters such as the directional 
difference between noise and signal arrival, variance 
coefficients of signal and noise and centre frequency 
etc. The signal source arrival angle is fixed at 0" and 
the noise source angle is varied from 0" to 360" by a 
step of I". The curve in Fig. 5 shows the gain 
variation with variation in the noise angles. It is 
observed that the amplification in noise is less than 
one when input noise arrivaI angle is between the 
range of about 20" to 160" and the gain in signal is 
more than one when input signal arrival angle is 
between the range of about 0" to 20" or 160" to 180'. 
So when the signal and noise are received together 
from a difference in arrival angles, the amplification 
in signal and reduction in noise is observed. 

1 
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Fig. 5. The gain of different arrival angle noise with 
one b e d o m i n g  path 

However, as shown in Fig. 5 the noise 
cancellation performance is not good enough for the 

arrival noise angles from 180° to 360". So the two 
beamforming paths method as shown in Fig. 2 is used 
and the achieved simulated plot using enhanced 
method of beamforming is shown in Fig. 6. The noise 
cancellation performance is symmetrical and is good 
enough as the gain in noise is not higher than gain in 
signal that is what is required. It ensures the proposed 
method overcomes the limitation of one beamfonning 
path method, For instance in Fig. 5, when noise signal 
angle is 330°, the gain in noise signal is more than 3. 
However, in Fig. 6, the gain is less 3 for the same 
angle, The noise and signal sources used in Matlab 
simulation are defined as random signals i.e. the 
ma&tude and frequency is varied with time. 

278 

Fig. 6. The gain of different arrival angle noise with 
two beardoming path 

I 

The simulation of two beamforming path method 
is attempted also in A D S  as well keeping in view that 
the A D S  is a better choice for the whole system 
simulations, in general. Some results are given in Fig. 
7 and Fig. 8 which show the differences in output and 
input S N R  with respect to the variation in input signal 
fiequency and input SNR respectively. The noise 
signal fiequency is taken as 1 kHz. 
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Fig. 7. The difference between input SNR and ourput 
S N R  

voice signal freauency kHz 

Fig. 8 reflects that the difference between input 
S N R  and output SNR decreases with increase in the 
input SNR. It may, however, be noted from the 
above results that there is an improvement in output 
SNR when input SNR is less than certain limit i.e. in 

S2.6-13 

Authorized licensed use limited to: ELETTRONICA E INFORMATICA PADOVA. Downloaded on May 16, 2009 at 04:06 from IEEE Xplore.  Restrictions apply.



this case about 0 d3. These results are observed in 
compliances with the modified method of noise 
cancellation as discussed above and also with the 
results achieved using MATLAB as shown in Fig. 6 .  
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Fig. 8. The difference between input S N R  and output 
S N R  for different fiequency 

V. CONCLUSIONS 

In this paper, an enhanced method for noise 
cancellation is discussed. It is supported with a 
behavior model for noise cancellation in audio 
devices such as hearing aid. Equivalent behavioral 
models are generated for carrying out simulation in 
MATLAB and ADS, The simulation results show the 
enhancement in the noise cancellation using the 
proposed scheme for noise cancellation. The model 
developed has been used in the whole system 
simulation of a RF link based hearing aid using ADS. 
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