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Summary: Noise reduction algorithms are crucial to improve the speech intelligibility for hearing impaired
people in background noise. Multi-microphone systems exploit spatial in addition to spectral information of the
desired and noise signal, and are thus preferred to single microphone procedures.

This study evaluates the performance achievable with a small-sized endfire array. Two different adaptive multi-
microphone algorithms are studied: a widely studied beamforming algorithm, the Generalized Sidelobe Canceller
(GSC), and a new, more robust subband algorithm based on a Generalized Singular Value Decomposition (GSVD).
In contrast to the GSC, the GSVD-based algorithm does not make any a priori assumptions about speaker location,
microphone characteristics and positions. Deviations from these assumptions are harmful to the performance of the
classical approach.

The influence of the number of microphones and their interdistance is investigated. In realistic scenarios, the use of
an additional, third microphone in combination with the new algorithm results in an additional improvement in
intelligibility weighted SNR of 1.5 to 4 dB compared to 2-microphone systems with the same dimensions.

1 Introduction

Hearing impaired people experience difficulties to understand speech when background noise is
present. Compared to normal hearing people, they may need a Signal-to-Noise Ratio (SNR)
which is up to 15 dB (on the average 4.5 dB) higher. An increase in SNR of 1 dB may correspond
to 15% improvement in intelligibility. Noise reduction algorithms are as a consequence crucial to
improve the intelligibility.

In the past, hearing aids were only equipped with one single microphone. However, single
microphone noise reduction techniques can only differentiate between signals that have a
different spectrum. Quite often the disturbing signals are however also speechlike (e.g. cocktail
party situation), such that these techniques will fail.

Multi-microphone techniques offer the advantage of differentiation in space: a beam can be
steered towards a desired source and/or zeroes can be steered to undesired directions. These noise
reduction techniques are often referred to as beamforming techniques. Two classes of
beamforming techniques can be distinguished: fixed beamforming and adaptive beamforming. In
the former, the filter weights in the signal processing algorithm are kept fixed. They are
optimized such that a focussed beam is steered to the target direction (i.e. the forward-look
direction) while reducing background noise coming from other directions as much as possible. In
adaptive beamformers, the filter weights are adapted/changed to respond to varying
environments. A limited number of interferers with changing characteristics can efficiently be
attenuated by steering zeroes towards their directions.

Thanks to the ongoing miniaturization in the electronics, more microphones and more processing
power can be built-in in future Behind-The-Ear (BTE) hearing aids. In this paper, we assess the
practical improvement in the performance of some adaptive algorithms thanks to additional
microphones for a small-sized endfire array having the dimensions of a BTE hearing aid. The



effect of the microphone interspacing is also investigated. The performance assessment is based
on physical measures. In a later study, perceptual tests with normal hearing and hearing impaired
persons will be done. Section 2 describes the physical performance measures that are used.
Section 3 explains the two different adaptive noise reduction algorithms that will be evaluated: a
widely studied adaptive beamforming algorithm, called Generalized Sidelobe Canceller (GSC)
[1],[2], will be compared with a new, more robust adaptive noise reduction algorithm based on a
Generalized Singular Value Decomposition (GSVD) [3]. Section 4 investigates the influence of
the number of microphones and their interspacing on the performance.

2 Performance measures
2.1 Improvement in intelligibility

Since the major goal of a noise reduction algorithm is to improve the speech intelligibility,
performance measures incorporating speech intelligibility such as the intelligibility weighted
SNR, SNR;,.ii.. have been proposed [4]
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with
e J;=the band importance of the i-th one-third octave band [5],
e p.=the signal-to-noise ratio SNR; in the i-th one-third octave band.

2.2 Noise sensitivity and robustness

In addition to the improvement in intelligibility, the sensitivity of a noise reduction algorithm to
errors in the assumed signal model (e.g. microphone mismatch) and internal noise -also called the
noise sensitivity- is an important issue. When the interspacing between adjacent microphones
gets smaller than half the acoustical wavelength, large filter weights are needed to reduce
environmental noise. Such small arrays are also called superdirective arrays [6],[7]. A drawback
of these large weights however, is an amplification of uncorrelated noise such as internal noise of
amplifiers and microphones, internal and quantization noise of the Analog-to-Digital Convertors
(ADC) and wind turbulence. A measure used to quantify the amplification of uncorrelated noise
by the array is the noise sensitivity, often defined as the ratio of the array response to mutually
uncorrelated white noise sources and the array response to desired signals [8],[9]. In the sequel,
we propose the following measure to calculate the noise sensitivity

lI]intellig = Z LY, Y= Gwhite,i - Gdesired,i (2)
i

with
®  Gyesired,; the gain (in dB) of the desired signal in the i-th one-third octave band i.e.

, where Eggiifed and ES%™ equal the energy (in dB) of the desired
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signal at the output of the algorithm and the front microphone signal respectively,
®  Gypite,; the gain (in dB) of uncorrelated, white noise in the i-th one-third octave band.



Since errors in signal processing (e.g. rounding errors due to the finite computational accuracy of
digital signal processors) and deviations from assumptions being made will to some extent be
uncorrelated between the microphones, the noise sensitivity also reflects the robustness of the
array to these errors. In the presence of these errors, the performance of a noise reduction
algorithm might deteriorate. The amount of allowable noise sensitivity will thus depend on the
amount of the internal noise, the accuracy of the DSP and the processing algorithm.

In fixed algorithms, the noise sensitivity Wiyenig has to be limited such that the audible internal
noise during periods of silence or low noise level is acceptable. Since fixed algorithms assume
matched microphones, Wineiiig has to be confined as well to guarantee stability: if Wipenig 1S high,
only a slight deviation from assumed microphone characteristics will suffice to deteriorate the
performance drastically. Adaptive algorithms on the other hand will never amplify the internal
noise more than the environmental-to-internal noise ratio [8]. A priori assumptions about the
signal model and processing errors however limit the acceptable noise sensitivity. The more an
algorithm relies on certain assumptions, the more the noise sensitivity will have to be constrained
to prevent instability.

3 Multichannel adaptive noise reduction algorithms
3.1 A widely studied beamformer: the Generalized Sidelobe Canceller (GSC)

Concept

Most studies on multi-microphone adaptive filtering techniques use a Generalized Sidelobe
Canceller (GSC) [1],[2],[8] or a slight variant of it as a noise reduction scheme [10],[11],[12].
The concept of the generalized sidelobe canceller is depicted in Figure 1.
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Figure 1: Concept of the Generalized Sidelobe Canceller

The GSC is based on an Adaptive Noise Canceller (ANC) [13]. The latter removes the part of the
speech reference that is correlated with the noise references. The speech and noise references are



generally created through fixed beamforming: the former is created by steering a fixed beam
towards 0° (i.e. the forward-look direction), the latter are created in the blocking matrix by
steering zeroes towards 0°.

In this paper, the speech reference is created through fixed delay-and-sum beamforming [14]: in
case of an endfire array, a signal coming from 0° arrives later in time at the rear microphones than
at the front microphone. The delay-and-sum beamformer compensates for this by inserting
delays. In practice, the delays are implemented by filters. The speech reference equals the sum of
the delayed signals. By subtracting the aligned signals in pairs, signals are obtained in which the
portion coming from 0° is cancelled. These signals are used as noise references.

Drawbacks

The GSC relies on the following assumptions: it assumes the desired signal to come from the
frontal direction only and the microphone characteristics to be matched or their difference to be
perfectly compensated. In real life scenarios however, these assumptions are often violated. Due
to non-ideal room acoustics, the desired signal is composed of a direct path and reflections. The
off axis reflections will leak into the noise references. To avoid cancellation of the desired speech
signal, the ANC is adapted during periods of noise only. Due to speaker movements, even the
direct path doesn't necessarily come from the front. This also introduces some leakage of speech
into the noise references. In practice, microphones are never matched and moreover their
characteristics may even slightly change in time. Compensating each hearing aid individually for
the differences in microphone characteristics is not acceptable from a production point of view.

3.2 Robust, GSVD-based multichannel speech enhancement algorithm

Concept

In [3] an alternative multichannel speech enhancement technique based on optimal filtering, has
been proposed. It produces an optimal (in Minimum Mean Squared Error (MMSE) sense)
estimate of the desired signal contribution as received at a certain chosen microphone,
minimizing the total noise energy and distortion of the desired speech present in the estimate. In
this paper, we estimate the desired signal contribution at the front microphone. The optimal filter
is obtained by means of a Generalized Singular Value Decomposition (GSVD) of an input and
noise data matrix, constructed during periods of speech and noise-only respectively. Since no
assumptions are made concerning microphone characteristics, room acoustics and position of the
desired source, the technique is more robust to deviations than the GSC [3],[15].

Subband implementation: improved intelligibility at lower cost

In hearing aid applications, the major purpose is to maximize speech intelligibility. The definition
of speech intelligibility weighted measures [4] indicates that independently minimizing the noise
in separate frequency bins optimizes intelligibility more than minimizing the noise over the full
frequency range. The input microphone signals are therefore split into K frequency bins or
subbands by passing them through a bank of passband filters (the analysis filterbank). The
optimal filtering technique is then carried out in each frequency bin independently. Finally, the
enhanced subband signals are recombined into one fullband signal through a synthesis filterbank.
This is depicted in Figure 2.



In [16], it is shown that the subband implementation indeed yields improved intelligibility
weighted SNR compared to the fullband approach. Since the subband signals have a smaller
frequency content, the processing of each signal can be done at a D times lower speed. Another
advantage that arises from the subband approach is thus a reduction in processing power needs,
making the implementation for hearing aid and cochlear implant applications possible in the near
future. In the sequel, we call this algorithm the subband GSVD algorithm [16].
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Figure 2: Concept of the subband signal processing approach

4 Experimental results

This section evaluates the performance of the noise reduction algorithms described in Section 3
for a small-sized endfire array. In Section 4.1, we describe the experimental set-up that is used.
Section 4.2 analyses the robustness of the GSC and the GSVD-based approach. The influence on
the performance of the number of microphones and the microphone interspacing is investigated
in Section 4.3. Based on the experimental results, conclusions can be drawn about the
improvement possible by incorporating more microphones in a single BTE hearing aid.
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Figure 3: Description of the set-up used in the experiments



A linear uniform endfire microphone array has been mounted above the right ear of a dummy
head in an office room. The endfire array consists of 4 omnidirectional microphones
(KNOWLES EM-4368) of which the interspacing can be varied. Two microphone interspacings
are used: a microphone interspacing of 1 cm and 2 cm corresponding to a total array length of 3
cm and 6 cm respectively. The dimensions in the first setting are similar to the ones of a Behind-
The-Ear (BTE). The second setting is used to investigate the influence of the total array length on
the performance. To study the effect of additional microphones only, the total array length is kept
fixed. This means that for the 2-microphone array the outer two microphone signals are used and
for the 3-microphone array, the outer two and the second microphone signals are used.

The microphone signals are sampled at 16 kHz. The reverberation time of the room equals about
760 msec for a speech weighted noise.

The desired signal, a stationary noise signal having the average spectrum of speech, is presented
by a YAMAHA CBX-S3 loudspeaker 1 meter in front of the head. The interfering signals are
also produced at a distance of 1 meter from the head. Each interfering signal has the average
spectrum of speech and is uncorrelated with the desired signal and the other noise signals.

The angle between the interfering and desired signal is varied. The level of the desired signal and
the sum of interfering signals equals 70 dB SPL at the center of the head. Figure 3 shows the
position of the array and defines the angle o between the interferer and the desired source.

The complexity of an algorithm is mainly determined by the number of filter weights (i.e. filter
length) used in each filter. The filter lengths used in the noise reduction processing schemes are
decreased if more microphones are used such that the total complexity of the algorithm is kept
constant as a function of the number of microphones.

4.2 Robustness analysis of the GSC and the GSVD-based approach

As mentioned in Section 2, noise reduction can be achieved with small-sized arrays, but at the
expense of an increased sensitivity to errors in the assumed signal model. Due to the high
sensitivity, the robustness of the algorithm that is used is crucial. In [15], the robustness of the
GSC and GSVD-based algorithm is evaluated analytically and experimentally for a small-sized
uniform, endfire array. Analytical evaluation of the noise sensitivity of both algorithms as a
function of frequency learns that the sensitivity of both algorithms grows with:

® increasing number of microphones per array length

e increasing complexity of the noise scenario, increasing environment-to-uncorrelated

noise ratio and decreasing 'frequency X microphone interspacing'-product.

The high sensitivity of small-sized arrays constrains the useful number of microphones per array
length. The amplitude of the filter weights in the ANC of the GSC are proportional to the noise
sensitivity. If a small deviation in the assumptions being made exists, the speech leakeage into
the noise references gets significantly amplified, causing distortion to the desired speech signal.
Figure 4 shows the effect on the Power Transfer Function (PTF) of the desired speech signal and
noise signal from the front microphone to the output of the GSC if a deviation in gain of 1dB is
applied to the 2nd microphone of a 3-microphone array (with an array length of 3cm). The noise
consists of 3 noise sources: one at 60°, 150° and 270°. The desired signal at the output of the GSC
is distorted if a deviation is applied. Since the noise sensitivity increases with decreasing
frequency, the distortion especially occurs at the lower frequencies. Also the noise reduction



performance is degraded due to the deviation. The robustness of the GSC can be increased by
putting a constraint on the norm of the ANC filters [10],[17], but at the expense of a decrease in
noise reduction performance.

For comparison, the PTFs of the GSVD-based filtering algorithm are given too. The behaviour of
the GSVD-based algorithm is independent of the microphone gain applied. Thanks to the higher
robustness of the GSVD-based algorithm, a higher noise sensitivity can be allowed. Hence, the
number of microphones that can be used per array length is larger. Section 4.3 investigates the
influence of the number of microphones and their interspacing on the improvement achieved by
the subband GSVD algorithm.
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Figure 4: Influence of a deviation in 2nd microphone gain of 1 dB on the Power Transfer Function (PTF) of
the desired and interfering signal for the GSC and the GSVD-based algorithm

4.3 Influence of the number of microphones and their interspacing on
intelligibility

1 noise source

Figure 5 shows the SNRjyenig of the front microphone signal and the output of the subband
GSVD-based algorithm as a function of the angle between desired source and interferer for the
endfire array with an array length of 3 cm. The improvement is plotted for the different number
of microphones. The SNRi,i;; Of the front microphone signal illustrates the head shadow effect.
The use of an additional third microphone offers an additional improvement of about 2 dB. The
improvement thanks to a fourth extra microphone is less pronounced.

Figure 6 plots the noise sensitivity Wiyenig for the algorithm as a function of the angle between
desired and interfering source. Wiyig drastically increases if a third microphone is added. It also
grows if the angle between desired and interfering source decreases. This confirms the statement
made in Section 4.2. Figure 7 and 8 depict the SNR ;i and Wineenig for an array length of 6 cm.
A larger array length results in a decrease in Wipliig.



In the presence of 1 noise source, a 2-microphone adaptive noise reduction algorithm performs
already reasonably well such that the benefit of additional microphones might seem negligible. In
real life situations though, multiple noise sources will be present. An example is the cocktail
party effect where speech has to be understood among multiple competitive speakers. In the next
section, the contribution of additional microphones to the performance of the subband GSVD
algorithm will be studied in the presence of multiple noise sources and diffuse noise (i.e. noise
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Table 1 gives the intelligibility weighted SNR and noise sensitivity Wigenig at the output of the
subband GSVD algorithm for a multiple noise source scenario (noise at 60°, 150°, 180°, 240° and
300°) and diffuse noise respectively. The intelligibility weighted SNR of the front
omnidirectional microphone signal is given too. An additional third microphone improves the



performance of the subband GSVD strongly by 1.5 to 4 dB respectively. Compare this to the
improvement of only 2 a 3 dB SNRjye;z Offered by the 2-microphone array! The improvement of
an additional fourth microphone is less. Together with the improvement, also the noise sensitivity
Wintellig grows with an increasing number of microphones.

For comparison, the improvement obtained with an array length of 6 cm in a diffuse noise field is
also given. The noise sensitivity Winenig drops significantly with increasing array length. The
additional improvement in SNRiyenig by a fourth microphone is larger than for the array length of
3 cm. Large structures thus have the advantage of lower internal noise amplification and lower
sensitivity to processing errors, permitting the use of less robust algorithms such as the GSC. The
use of more robust algorithms is still beneficial since more microphones can be used and a better
performance achieved compared to a less robust algorithm.

Table 1 : SNRyeiig and noise sensitivity ‘Pintellig as a funtion of the number of microphones M and the array
length A.L. at the output of subband GSVD for a multiple noise source scenario and diffuse noise respectively

| input |  M=2 M=3 M=4
Multiple noises:
AL.=3cm SNRineetig [dB] 0.43 3.13 7.28 8.26
W, et [AB] - 6.30 19.80 21.73
Diffuse noise:

AL.=3cm SNRineetig [dB] 3.13 5.17 6.62 6.82
W, etie [AB] - 0.62 11.83 13.26

AL.=6cm SNRinetig [dB] 3.20 4.83 6.58 7.47
W etiie [AB] - -0.29 4.99 11.33

5 Conclusions

At present, digital Behind-The-Ears (BTE) with 2 microphones and a built-in Digital Signal
Processor (DSP) are available. Thanks to the ongoing miniaturization in electronics, it will be
feasible to build in more microphones and processing power in these hearing aids. We
investigated the influence of the number of microphones, the microphone interspacing and the
noise reduction algorithm on the performance of a small-sized endfire array with dimensions
similar to the ones of a BTE.

Two adaptive noise reduction algorithms have been evaluated: a widely studied beamforming
algorithm, the Generalized Sidelobe Canceller (GSC), and a new, more robust algorithm based
on a Generalized Singular Value Decomposition (GSVD). The former relies critically on certain,
seldom fulfilled assumptions. The high noise sensitivity of a 3- or 4-microphone small-sized
array hence leads to a degradation in performance in the presence of deviations from these
assumptions. The GSVD-based algorithm is much more robust, since it doesn't rely on these
assumptions. A subband implementation of the algorithm results in improved intelligibility at a
significantly lower cost, making its implementation feasible for hearing aid and cochlear implant
applications in the near future.

By using the more robust subband GSVD-based algorithm, the SNRjye1ig can be significantly
increased by adding a third microphone. In the presence of 1 noise source, an extra improvement
of 2 dB is achieved. An even larger benefit is obtained in more real life scenarios. In these
situations, the performance of 2-microphone small-sized arrays is limited to 2 a 3 dB. The use of



an extra 3rd microphone increases the SNRjyiiig by up to 4 dB! The subband GSVD algorithm is
thus an ideal candidate for being implemented in future 3-microphone hearing aids ...
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