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Background

Number of people living in this world with dis-
abling hearing loss are estimated to be 360 million
(World Health Organization [WHO], 2017). Hear-
ing aid is the most widely used device for reha-
bilitation of these individuals (Dell’ Antonia, Ikino,
&Filho, 2013).With technological advancements in
signal processing, overall satisfaction of a hearing
aid user has increased from 74% in 2008 to 81%
in 2014 (Abrams & Kihm, 2015). However, low-
- est satisfaction level of 50% was observed when the
m'ml'mg aid users were trying to listen to a conver-
4 on in the presence of noise (Abrams & Kihm,
5). Thus the problem of noise reduction in hear-

ids continues to be a challenging task, despite
significant, technological advancements.

- Persons with sensorineural hearing lqss hefve
difficulty in comprehending speech in 1oisy
s than people with normal hearing (Park,
 Choi, Cho, & Hong, 2015). Background
15 thus a problem of great concern for peqple
ing impairment and thus noise red.tlctlf>n
have significant role in hearing a{d sig-
ing (Ngo, 2011). Hearing aid. demgnerz
trying hard to develop techniques tl'la.
s speech in comparison to noise for hearing

Levitt (2001) identified three types of noises
encountered by hearing aid users that can af-
fect speech intelligibility - random noise, other
interfering voices, and reverberation. Interfering
voices have the same spectrum as that of speech
which makes it difficult to differentiate between the
wanted and the unwxanted signal.

Several techniques have been employed in hear-
ing aids, over the years, to enhance the speech sig-
nal in comparison to noise. The focus of all these
techniques was to make the speech intelligible to the
user amidst background noise, and to enhance the
quality of sound. Levitt (2001) reviewed the noise
reduction techniques implemented in hearing aids
till 2001 and outlined future developments required
in this area. Chung (2004) reviewed the xgicro—
phone technologies and noise reduction algontl%ms
while pointing out the challenges in .hem'mg aids.
Bentler (2005) also reviewed the eﬁectl.veness of the
noise reduction techniques which were implemented
in hearing aids of those times. Other than t.k{esc
three reviews (Bentler, 2005; Chung, 2()(:::i Ifev:‘:::
2001) no other reviews have been reported in

literature on this topic. Several techniques were lm-

i i to improve the sig-
Jemented in the following ycars :
Ir;al to noise ratio. Beck and Behrens (2016) opined

igi i ion techniques which are
Digital Noise Reduction ;
f:x::entﬁt implemented in the state of the art hear
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ing aids improve listening in noise. The purpose
of this paper is to review the noise reduction tech-
niques currently implemented in hearing aids and
also which are in the experimental stage. To pro-
vide a clear direction to the developments further
required, the following questions were considered
in the systematic review: (a) Which noise reduc-
tion technique using multiple microphones provided
better SNR? (b) Which signal processing technique
provided better intelligibility?

Materials and Methods

Related studies were searched using the key-
words such as “noise reduction strategies”, “hear-
ing aids”, “processing of speech”, “noise control”,
“speech enhancement”, “Directivity index”, “signal
processing” etc. From 185 identified studies, stud-
ies were selected for detailed analysis based on the
following criteria:

a. Inclusion criteria :-

e Studies pertaining to the noise reduction
techniques classified by Ramirez, Jons, and
Powers (2013)

e Studies on techniques which resulted in im-
provement of SNR

e Studies on techniques which improved the

speech intelligibility
b. Exclusion criteria :-

¢ Studies done by the hearing aid manufacty-
ers on their specified models

e Studies done on manufacture specific Trade
Mark software for noise control

Ramirez, Jons, and Powers (2013) classified
the techniques used for noise reduction in hearing
aids into two: noise reduction using microphones,
and the noise reduction through digital signal pro-
cessing techniques. Number of studies shortlisted
based on the selection criteria and classified as per
Ramirez, Jons, and Powers (2013) are indicated in
the Table 1.

Noise Reduction Techniques

Noise reduction techniques using multiple
microphones

Using two omnidirectional microphones
One technique implemented in hearing aids to re-
duce noise is to achieve direction-dependent sensi-
tivity by taking the difference signal of two omni-
directional microphones placed in-line, one directed
to the front of the user and the other one directed to
the back. Figure 1 illustrates the technique where
the output signal of the microphone M2 directed to
the back is delayed and subtracted from the out-
put signal of the front microphone M1. Bentler,

zm1(t)
M1 Al
Xz (-T) Subtra'rt;ting
uni
M2 Delay
Element T
X2t
m2(t) a1 ) - otz (0-T)

Figure 1: Noise reduction using two microphones
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Figure 2: Noise reduction using three microphones

Palmer, and Dittberner (2004) reports a 3 dB im-
provement of SNR in moving noise and 4dB im-
provement in stationary noise when compared with
a single microphone system.

Using three Omnidirectional microphones
Subtracting element 2 compares the delayed signal
of Microphone M3 and the direct signal of Micro-
phone M2, as shown in Figure 2. Output of this
comparison is fed to Subtracting element 3 along
with the difference signal of M1 and M2. Outputs
of Subtracting element 2 and 3 are added to get
the final output where the noises picked up by M1,
M2 and M3 would have cancelled out. The SNR
improvement with a three microphone system, in
theory, can be significantly higher than that of a
two microphone system. A commercially available

~ three microphone hearing aid (Siemens Triano-3)

claimed upto 7 dB directivity index as opposed to
4.3 dB for the two-microphone Triano-S (Powers
and Hammacher, 2002)

Adaptive beamforming  Beamforming is an-
other technique for noise reduction where output
signals of several microphones are processed to re-
duce noise. This is achieved by creating a construc-
tive interference in a selected direction and destruc-
tive interference in non-selected directions. Pro-
cessing may be a fixed or adaptive one resulting
in fixed or adaptive beamforming respectively. In
fixed beamforming time dependant transfer func-
tions are used to process the output signals of
each microphone as shown in Figure 3. In adap-
tive beamforming, at least one of the transfer func-
tions is continuously modified for better noise re-
duction in the given environment (Kompis & Dil-

Figure

3: Noise reduction using fixed

X (®) Sm1 (Ui )
M1 Filter 1 P Sum
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@
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lier, 2001).

Adaptive beamformers can adapt to different
noise situations and they can offer better noise
reduction in most scenarios. The idea of beam-
forming as Generalized Sidelobe Canceller (GSC)
algorithm was first implemented by Griffiths and
Jim (1982). Their algorithm transforms the con-
strained optimization problem into an equivalent
but simpler unconstrained optimization problem.
Nishimura, Suzuki, Tsukui, and Asano (2004) pro-
posed a method of beamforming which showed con-
straints to preserve perceptual cues at both ears in
wide band Minimum Variance Distortionless Re-
sponse (MVDR) beamformer. First beamformer
for binaural hearing aids was developed by Lotter
and Vary (2006) called super directive beamform-
ing, which was based on a MVDR beam-former.
But this method was not continuously tracking
the target speech. Rohdenburg, Hohmann, and
Kollmeier (2007) found that these methods showed
good performance to reduce diffused or ambient
noise but low performance to reduce babble noise
(Rohdenburg, Goetze, Hohmann, Kammeyer, &
Kollmeier, 2008). The approach of Rohdenburg et
al.(2007)was not referred to wide band applications.
Although it was advantageous, the computational
cost of this technique was high.

Noise Reduction Using Digital Signal
Processing Strategies

Strategies in experimental stage

Wavelet based noise reduction The speech
signal consists of many frequency components; gen-
erally it is complex in nature to understand and
to process. Mathematical approach can be fol-
lowed for analyzing them. A complicated signal
can be broken down into simple waves using Fourier
Transforms (FT). Fourier Transform analyses only
stationary signals, but speech is not a stationary
signal. Thus for analyzing non-stationary signals
Wavelet Transform (WT) is advantageous because
they are fast. Another advantage is that wavelets
are represented both in time and frequency domain
whereas Fourier transform is a frequency domain
representation.

Wavelet-based Maximum likelihood estimation
of signals in autoregressive noise method by the ap-
proach of Kay and Nagesha (1994) is used for reduc-
ing correlated noise in noisy speech signals. Many

of the Digital Signal Processing methods have the

difficulty in distinguishing between noise and conso-

Abraham et al. (20]7

is good. Therefore in general, Wavelet-based 1,0
reduction approach is highly reliable compare
Fourier Transform technique.

Blind Source Separation (BSS) Blind So;,
Separation method takes t'hc combination of a
signals, filters them and gives se[?arate output |
those signals which are present in that combiy,,,.
tion. It uses multiple microphones for its operat,,
and assumes that there would be at least as may,
microphones as the number of sources. One soipee
must be Gaussian and then Independent Compe,-
nent Analysis (ICA) can be used to retrieve the
original source signal (Buchner, Aichner, & Keller-
mann, 2005). The output of the BSS will not have
the localization cues. (Kocinski, 2008; Parikh, &
Anderson, 2011). BSS algorithm with Wiener filter
or Adaptive filters are used for retaining localiza-
tion cues. BSS combined with adaptive interference
cancellation was introduced by Aichner, Buchner,
Zourub, and Kellermann (2007) for preserving spa-
tial information. This scheme is powerful if it was
for a known scenario. For the unknown scenario, di-
rectional BSS and Wiener filtering were combined.
Advantage of Directional BSS over BSS is that a
good interference estimate can be achieved quickly
even with a small number of microphones (Reindl,
Zheng, & Kellermann, 2010).

The new BSS algorithm developed by Hild, Er-
dogmus, and Principe (2001) has been reported to
be very efficient. Computationally this method is
more complex than the rest. Techniques for sep-
arating out the acoustic signal in BSS can be di-
vided into two classes, i.e. frequency and time-
domain techniques. The time-domain BSS tech-
nique (Buchner, Aichner, & Kellermann, 2 is
applied for sound source localization. The BSS
based method outperforms other known
most notably in high reverberant e
Interestingly, the approach remains
the underdetermined case, where
sources than microphones.

Strategies imple
aids
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JBD NR, signal is passed through different fre-
n flters. During filtering, if any output is legs
uenclya ted, that contains more noise component

modu n of that channel is compressed and ('llannvi
th.ehg:peech'“k" modulation is passed. This may re.
:l,lll::e the level of particular frequency speech (A'(’"!-
ts. but increases the overall speech to nojse

nen
s:tio_ (SNR) '

M“u,'channel wiener filter (MWF) This is
pasically & modified form of Wiener filter intro-
duced by Doclo and Moonen (2002)to enhance the
desired signal reac.hlng from any arbitrary direc-
ion. MWEF is widely used in binaural hearing
aid technology for noise reduction. This method
ives a Minimum Mean Square Error (MMSE) es-
timate of the speech component in the signal re-
ceived from one of the microphones (Spriet, Moo-
nen, & Wouters, 2002). In binaural hearing aids,
the noise reduction can be done by MWF and MWF
with partial noise estimate(MWF-N). These meth-
ods preserve Inter-aural Time Difference (ITD) and
Inter-aural Level Difference (ILD) which enhances
the S/N ratio. A famous technique in MWF is
Speech Distortion Weighted MWF (SDW-MWF)
which can adapt to various noise scenarios. SDW-
MWEF does not require any assumptions about the
location of target speech and characteristics of mi-
crophone, unlike the Generalized Sidelobe Can-
celler (GSC). Doclo, Spriet, Wouters, and Moonen
(2007) proposed implementation of the SDW-MWF
in frequency domain.It is advantageous that every
frequency bin can be processed separately. When
compared with Adaptive Directional Microphones
(ADM), MWF offers good speech localization (Bo-
gaert, Doclo, Wouters, & Moonen, 2008). Percep-
tual tests on SDW-MWEF and MWEF-N showed that
transmitting only one channel to the contralateral

Noise reduction review

hearing aid is enough to ensure
(Bogaert . Doclo, Wouters,
the noise loc

good noise removal
' and Moonen, 2009) and
alization cue is lost in SDW-MWF and
[)l‘lA‘S(‘I‘V(‘(l in MWE-N. Li, Sakamoto. Hongo, Ak-
ngl..:m(l Suzuki (2011) proposed a twwsmgv pro-
cessing and Wiener filter. The two st ages were de-
signed for equalization and cancellation of the tar-
g.m. signal to get a noise estimate, this noise es-
'tunat(.‘ gives the parameters of the Wiener filter.
[-‘hi.s' technique dominates other spectral subtrac-
tion and beamforming approaches and retains the
localization cues of the target signal

Scene analysis method  Scene analysis ap-
proaches are characterized by the use of measure-
ments taken from the input signal to compute a
set of frequency responses that are used to filter
out the noise. Individuals with hearing impair-
ment finds difficulty in separating out speech con-
tent of interest amidst interfering sounds, back-
ground noise and reverberation. Speech segrega-
tion algorithms seek to improve the intelligibil-
ity of a desired speech source by attenuating un-
wanted sounds (Wang & Brown, 2006). It is neces-
sary for human listeners to differentiate and isolate
the desired speech through auditory scene analy-
sis. But, it is not enough to recognize the target
signal coming from front for scene analysis. A Di-
rection of Arrival (DoA) strategy was proposed by
Chisaki, Matsuo, Hagiwara, Nakashima, and Us-
agawa (2007). In Chisaki’'s method DoA of tar-
get is estimated by the Interaural Time Difference
(ITD) and the Interaural Level Difference (ILD) of
the input signals. The head related transfer func-
tion (HRTF) corresponding to the estimated DoA
is used as frequency response to perform the fil-
tering. But there is ambiguity in ILD and DoA
relation, this leads to ambiguous DoA estimation.

Table 2: Performance comparison of multiple microphone noise reduction techniques

Parameter Two microphones Three microphones Adaptive Beamform-
ing

; age adaptive
Sl-\IR e e o e 3 dB improve- e 4 dB improve- g;.(:n-fsotrrﬁer all:va.ys
with hearing loss ment in moving me.n'ﬁ in moving performed with better
noise noise SNR than the adaptive
e 4 dB improve- e 5 dB improve- i octional microphone
ment in sta- ment in st:.a- (Maj, Royackers,
tionary noise tionary nOISe  wWouters, & Moonen,

(Bentler et al., (Bentler et al, 2005)

2004) 2004)

45 to 6.0 dB (Bentler
et al, 2004; Pow-
ers and Hammacher,
2002)

6.5 to 7.8 dB (Bentler
et al, 2004; Pow-
ers and Hammacher,
2002)

Significantly higher se-
quential Directivity In-
dex (sDI) values com-
pared to dual micro-
phone system (Herbig
& Froehlich, 2015)
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Table 3 Digiral moise redwction techmiques - Comparivon of merits and limitations

Wavelet  Based  Modulation Maltichannel Riind Souren Sep.  Seene A,
nolse reduction Bassd  Digital  Wiener Filter aration method
TSI Notse Reluction o Ee L
MERITS =~
Flexible ns the Several Wearing  Dinaural cues of Optimization of  Capable of .,
parameters  can  lmpaired  liston-  both the speech  outecome  leading  eating and e
be modified to it ors improved i and the rosidual to  better SNR  fying the conee,
the hoaring o telligibility from noise should also  (Shanmugapriys,  of & target o1
of the individual scores near zero be better pre & Chandra, ance in the ..
and also the noise  to values above  served. (Cornelis, 2014) ence of anot.
characteristics.  70%.(Healy, 2011) R R TT—
The  response  Yoho, Wang, & or spesch-shag.. |
time is less and  Wang, 2013) noise.  (Shag o
the accuracy is al., 2010)
good. (Trenas ot
al., 1999)
LIMITATIONS

Computationally  Interfering  sig-  Assumes that the Highly compli- Assumes that th,
expensive  and nals with speech- speech and noise cated tosolve and  target signal
require excessive like modulation are uncorrelated  computationally  in-phase at hoth
battery power properties  could more expensive  sides, which s

not be reduced. not true due to

shadow effect.

Li, Akagi, and Suzuki (2008) proposed a method
which estimates the noise signal by left and right
microphones, and then noise is subtracted from the
input signal to get the enhanced speech signal for
both ears. But this needs target signal to be in
phase for both ears. Later Kamkar and Bouchard
(2009) proposed a method which uses coherence
function to estimate a frequency response to cancel
interference and noise. Shao, Srinivasan. Jin and
Wang (2010) proposed a method based on Compu-
tational Auditory Scene Analysis (CASA) system
estimated input speech signal, in two stages. In
the first stage, voiced portions of individual sources

of two parameters- SNR and Directivity Index. As
evident from the Table 1, adaptive beamforming
technique is found to be superior as it showed bet-
ter SNR and higher sDI. The limitation of adap-
tive beamforming is that, for its efficient perfor
mance, the noise sources need to be restricted 1
number as well as the noise sources need to be
rectional. A system which has M microphones can
control only noises from M-1 noise sources and i
the number exceeds M, then the efficiency of nois
reduction reduces. Generally, as only one sound
source will be dominating in a band of frequency
this drawback will not have much impact in prac.
tical situations. Another major deficit of adaptive
beamforming arises out )
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