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abstract

It is well known that the communication in a noisy
environment is a difficult problem to solve for both
normal and hearing impaired listeners. In this work,
the signals obtained from the omnidirectional micro-
phone which is mounted just above one ear on the
head of the KEMAR mannikan and a hypercardioid
microphone which is placed at the center of the ver-

tebral column on the back were used as input to the

two channel adaptive noise canceller. The intelligi-
bility tests conducted by the authors are presented
in this paper to illustrate the performance of both
Linear and Non Linear model. Results show that
the Volterra LMS scheme is very effective in improv-
ing intelligibility and SNR for different environmental
noise.

1 Introduction

Presenting speech to the hearing impaired in an intel-
ligible form remains a major challenge in hearing aid
research today. The common complaint of those with
hearing impairment is the reduced ability to under-
stand speech in everday communication in a noisy en-
vironment. This is a major problem for a large num-
ber of elderly people and Sensorineural impaired per-
sons. While most conductive defects in transmission
chain up to cochlea can now a days be successfully
rehabilitated by means of surgery, the great major-
ity of the remaining cases are inoperable sensorineu-
ral hearing impairments [7]. Several investigations on
speech intelligibility in noisy situations have demon-
strated that subjects with sensorineural hearing loss
may need a 5 to 15 dB higher signal-to-noise ratio
than normal hearing subjects. Every 4-5 dB improve-
ment of the SNR may raise speech intelligibility by
sbout 50% [6],[9]. A summary of important litera-
ture concerning speech enhancement is given by Lim
[4]. Although many techniques provide substantial
attenuation of narrow band noise none of them ap-
pear to be capable of improving the intelligibility of
the enhanced speech. Adaptive cancellation of noise

offers significant advantages over other techniques of

signal enhancement. The Widrow-Hoff Least Mean
Square (LMS) algorithm forms the introduction to
modern adaptive signal processing [8]. Some adaptive
algorithms have already been developed to provide
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noise suppression with the use of single miérophone.
These methods however, have been ineffective when
the noise power in the background has been equal to
or greater than the speech signal power [3]. Success-
ful application of adaptive filtering techniques by us-
ing LMS method has been shown to improve speech
intelligibility for both normal and hearing impaired
subjects [1]{2][4][6]. Hence, adaptive noise cancellers
(ANCs) can achieve substantial attenuation of the
background noise and significant improvement of in-
telligibility. Nonlinear filters generally exhibit a good
or better noise suppression as compared to linear fil-
ters [10]. This paper is mainly concerned with the
comparison of linear (LMS) and nonlinear (Volterra
LMS) methods which help in improving the intelligi-
bility and SNR for the hearing impaired.

2 Noise Suppression

A two-microphone noise canceller using Widrow Hoff
LMS digital adaptive filter has demonstrated to be
very successful in significantly restoring intelligibility
in the presence of both speech babble and broadband
noise [1],[2],[6]. However, the use of a wearable two
microphone hearing device for noise suppression re-
quires additional investigation to evaluate a proper
microphone placement for better noise suppression
[6]. In [6], Mark Weiss used two channel adaptive
noise cancellation method by placing the primary and
the reference microphones in opposite directions just
above one ear on the head of a KEMAR mannikan
with their active elements 3 inches apart. In order to
maximise noise suppression, we tried the placement
of omnidirectional microphone and hypercardioid mi-
crophone at different positions. In our work, we found
that the maximum noise attenuation is achieved when
omnidirectional(primary) microphone is placed just
above one ear on the head of the KEMAR mannikan
and the hypercardioid (Reference) microphone at the
center of the vertebral column on the back. The
signal-to-noise ratio at the input of the primary mi-
crophone was made 0 dB. Under this condition be-
cause of the placement and directional characteristic
of the reference microphone, the signal-to-noise ratio
at it's output showed an improvement of -6 dB as
compared to the results obtained in the experiments
conducted by Mark Weiss [6].
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3 Adaptive Noise Cancellation
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Fig. 1. Schematic diagram of the LMS scheme.

Fig 1. shows the schematic diagram of an adaptive
noise cancellation scheme. The primary signal x(n) is
the contaminated speech signal obtained by placing
the omnidirectional microphone just above one ear
on the head of the KEMAR mannikan and the refer-
ence signal is obtained by placing the hypercardioid
microphone at the center of the vertebral column on
the back. These two signals are used as inputs to the
two channel adaptive noise canceller. Two algorithms

are used to update the filter parameters to minimize

the output error power. They are
(1) Least mean square method (LMS), and
(2) VLMS method. '

+3.1 Linear model

Fig 1. shows the schematic diagram of LMS scheme.
Considering a finite impulse response (FIR) linear
combiner set up, we get §(n) = aly(n), where, a =
lag, @y, e yap_1)T is the filter coefficients, y(n) =
wn),y(n — 1), s ,y(n — P+ 1)]T is the tapped
delay line vectors and P is the filter order. Then the
estimation error is given by

e(n) = z(n) — y(n) = z(n) — aly(n) (1)

By applying Widrow Hoff’s gradient rule for updating
the filter weights[8], we get

a(n) =a(n—1)— 2;t(n)e(n)4ae(n)/a =a(n—-1) (2)

where u(n) is a positive parameter called the conver-
gence parameter which controls the rate of conver-
gence of the algorithm and from (1) Ae(n) = —gy(n)
is the gradient of e{(n) with respect to a. Now substi-
tuting this in equation (2) we get the following LMS
algorithm for updating the filter coefficients.

a(n) = aln ~ 1) + 2u(n)e(n)y(n) )
where o
u(n) = m 0<axl {4)
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with Py(n) denoting the combined power estimate of
the signals y(n) and is computed as

1 P-1
Pym) =33 y*n - ) ©
=0

3.2 Nonlinear Model with Volterra
function

Now we choose the adaptive filter structure corre-
sponding to the second order Volterra function. The
block diagram of the proposed artefact minimization
scheme is shown in Fig(2).

Primary input
) x(n) Ny

Reference input
y(n)

Reference input

Fig. 2. Schematic diagram of the Volterra-LMS
scheme.

The Volterra nonlinearity is defined by two sets
of parameters viz., a linear part (a,) and a nonlinear
part {A,). Then the estimate of the artefct is given

by
§o(n) = aly(n) +y(n) Auy(n) (6

where @y = {240, @u1s <oy Bup-1]Ty Ay is @ PXP strictly
upper triangular matrix (i.e.if aj is the (j, k)" ele-
ment of A,, then a; = 0 for k<=j; jk = 0,1....P-1)
and y(n) = [y(n),y(n — 1),....,y(n — P+ 1)]T is the
reference data vector. The vector a, and the ma-
trix A, contain the filter coefficients corresponding
to the linear and nonlinear parts, and P is the or-
der of the nonlinear filter. For the sake of unifor-
mity in notation as well as ease of further analysis
of the resulting algorithm, we map the filter param- -
eter A, into a single vector. Since yT(n)A,(n)y(n) =
Sy ajy(n—i+1)y(n—j+1), define the MX1
vectors (where M=P(P-1)/2) as

b,, = [am, ..... AOP-1; Q123 00 QI P-Ty eesend ap_gp_l}T

and

=(n) = [y(n)y(n — 1), ...y(n = P+ 2)y(n — P+ )|
So that

yI(n)Auy(n) = by=(n)

Then the estimation error is given by

ey(n) = z(n) — a-fy(n) - bfz(n) = z(n) — ;I;‘zv(") (M

where ¢, = [al 87T and z,(n) = [yT(r) zT(n)]T. By
applying Widrow Hoffs gradient rule for updating the
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filter weights|[8], we get
c(n) = c(n=1)—2ps(n)e,(n) A en(n)/cy = cy(n~1)

(8)
From (7), Ac,es(n) = —z,(n).
Now Substituting this in equation (8) we get the fol-
lowing algorithm for updating the filter coefficients.

cu(n) = con — 1) + Zu(n)es(n)z(n)  (9)

or

ay(n) | [ a{n— 1)
[ by(n) J - [ by(n—1) } + 2u(n)es(n) [ igﬁ; J
' (10)
where y1,(n) is again the convergence parameter and
is given by
Oy

m(n) 0< ay < 1 (11)

L Hy(n) =

with P,y(n) denoting the combined power estimate of
the signals y(n) and z(n) and is computed as

, P M1
"Py(n) = m;ﬂn -i)+ g Fn-i) (12)

4. Performance Evaluation

The amount of noise suppression that can be achieved
when a two channel adaptive noise canceller is used
with a hearing aid was evaluated in a series of tests.
In the experimental evaluation, the target source was
a male speaker reading IEEE Harvard sentences and
the interference consisted of cocktail party noise, bab-
ble noise (5 males and 1 female) and low frequency
noise. The outputs of the primary and reference mi-
crophones were recorded for three combinations of
noise levels viz., input SNR’s of -5 dB, 0 dB, +5 dB.
The recordings of both primary and reference micro-
phones were first low pass filtered with a 4.5 kHz an-
tialiasing filter. Then the signal was sampled at 11
kHz and digitized. The SNR improvement in the out-
put signal is calculated for all the cases and is given
in Table 1.

InputSNR | .54B | 0dB | +5dB

LMS 74155 10.1183 | 12.9689

VLMS 10.2104 12.8701 | 15.6103

Table 1. Output SNR's (in dB) of LMS and VLMS
method for input SNR’s of -5 dB, 0 dB, +5 dB.

It can be seen that at -5 dB, the filtered speech
shows about 12.415 dB improvement using Linear fil-
ters and 15.21 dB improvement using Non Linear
filters. This demonstrates that the nonllinear filter
gives an improvement of 2.795 dB compared to Lin-
car filter. At +5 dB input SNR, the improvement
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is less as compared to -5 dB input SNR in both the
cases. After D/A conversion and amplification, the
processed sentences were tested on both hearing im-
paired and normal hearing persons. For speech in-
telligibility test, we processed 20 sentences with dif-
ferent noise by using both LMS and VLMS methods.
These tests were performed on 20 subjects, 10 with
normal hearing (Group 1), 5 with a mild-to-moderate
sensorineural loss (Group 2) and 5 with moderate-
to-severe sensorineural loss (Group 3). The result of
recognition test are displayed in Table 2. It can be
seen that the nonlinear processing achieved intelligi-
bility improvement in all the cases.

Low |Cocktaill Babble
freq. party | noise
noise noise

Types of noise

LMS 92.5% 93.5% 90.5%

Groupl

VLMS | 9459 | 945% | 93.5%

LMS 61% 59% 58%
Group?2 ;

VLMS 69% 67% 65%

LMS 57% 51% 52%
Group3

VLMS 64% 62% 61%

Table 2. Intelligibility improvement for three group
of subjects. '

5. Conclusion

A new approach to a digital hearing aid is presented.
Application of two channel noise cancellation by prop
-er placing of omnidirectional and hypercardioid mi-
crophone i.e., one just above one ear on the head of
the KEMAR mannikan and the other at the center of
the vertebral column on the back, has yielded signifi-
cant gains in signal-to-noise ratio and simultaneously
improved the speech intelligibility. The performance
was evaluated for 3 levels of background noise ( -5
dB, 0 dB, +5 dB) with both hearing impaired and
normal-hearing persons. The results confirm signif-
icant‘improvement in SNR and speech intelligibility
over a wide range of noises, including babble (multi-
speaker) noise. Also, another important concern of
this work has been to investigate whether nonlinear
filter improves the performance relative to the opti-
mal linear filter and this has been shown to be true
since the nonlinear filter showed an average improve-
ment in signal-to-noise ratio of 2.73 dB and an aver-
age intelligibility improvement of 2.0% with normal
subjects, 7.67% with mild-to-moderate sensorineural
loss and 9.0% with moderate-to-severe sensorineural
loss subjects as compared to linear filters. Thus the
use of nonlinear filter gives better performance in the
case of moderate-to-severe sensorineural loss subjects.
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