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ABSTRACT

To reduce the surrounding noise in the hearing aids by using active noise control system. Background noise is
particularly damaging the speech intelligibility for people with hearing loss. Background noise reduces the clarity
in the speech. So we are able to understand speech in moderately in noise environment even at the sufficient signal
to convey the information. Thereis less redundancy in the speech signal for a person with hearing loss. Snce part
of the speech is either audible not or distorted because of hearing loss. So people with hearing loss have much
greater difficulty than normally hearing people in understanding speech in noise. This problem will be avoided by
combination of active noise control and noise reduction algorithm.

Keywords. active noise control (ANC), Multichannel Wienerlt& (MWF), Linearly Constrained Minimum
Variance (LCMV), Generalized Side lobe CancelleE(@3, Filtered-X-Least-Mean-Square (FXLMS) algorithm

INTRODUCTION

The usage of hearing aids with an open fitting besome more common over the past years mainly otairige
availability of more efficient feedback control grhes and fast signal processing units. Whereasviamthe ear
mold reduces the occlusion effect and improvepthesical comfort. One major drawback is that thsedeakage
through the fitting cannot be neglected anymorenveational noise reduction (NR) systems such as the
Generalized Side lobe Canceller (GSC) or technidpased on the Multichannel Wiener Filter (MWF) dut teke

this contribution into account. Combined with theeauation in the acoustic path between the soanccs (hearing

aid loudspeaker) and the tympanic membrane (theaked secondary path), the noise leaking throbghfitting

can override the action of the processing dond&énhearing aid. One efficient way to cancel thidasired noise
leakage is to use active noise control (ANC).

The principle of ANC is to generate a zone of quietthis case at the tympanic membrane, cancéfiageffect of
noise leakage. The most commonly used ANC systemsigle channel ANC system in narrow ducts. But t
mitigate the effects of multi-modal noise in encies and large duct system, there is a need tonutechannel
ANC systems. In comparison to single-channel AN6&teays, the complexity of multiple-channel ANC imailti-
dimensional space with many inputs and outputsgsificantly higher. Modern active noise control ashieved
through the use of a computer, which analyzes theeform of the background aural or non aural naisen
generates a signal reversed waveform to cancelititog interference. This waveform has identicaldmectly
proportional amplitude to the waveform of the amainoise, but its signal is inverted. This credtesdestructive
interference that reduces the amplitude of thegyeed noise. The active methods (this) differ frpassive noise
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control methods (soundproofing) in that a powergstesn is involved, rather than unpowered methodh ss

insulation, sound-absorbing ceiling tiles or mufflBue to recent advances in wireless technology; applications
of ANC have emerged to reduce the environmentalist@onoise and improve the speech and music gualite

most commonly used ANC system is a single chaniNC Aystem in narrow ducts. But to mitigate the effeof

multi-modal noise in enclosures and large ductesystthere is a need to use multi-channel ANC systérhe

complexity of multiple-channel ANC in a multi-dim&onal space with many inputs and outputs is sicamtly

higher. To achieve feedforward ANC at the tympan&mbrane, it is assumed that, in all the subseqystems, a
microphone is present in the ear canal to providereor signal.

In the hearing aids framework, ANC then has to bfgomed together with a NR algorithm. There arféedent
ways of combining ANC and NR. Here, the cascadifnigoth functional blocks will be considered firstchthen the
integration of ANC and NR into one filter set wile described, based on an initial parallel commnaof the
functional blocks and a Filtered-x version of th&\# algorithm (FXMWF). However, the delay neededd¢bieve a
high NR performance is still added to the systetenay. In ANC algorithms, this delay is a critiggdrameter and
can reduce drastically the noise cancellation déipab. The system is more robust to latency aad almost
provide a constant signal-to-noise ratio (SNRhattympanic membrane up to the causality bounc,Ale use of
a filtered-x algorithm in the integrated approatibves to include the secondary path effect in tHe dédmputation.
Acoustic noise problems become more serious agased numbers of industrial equipment such as esgin
blowers, fans, transformers, and compressors atesénin many outdoor installations, planes, anedraabiles.
ANC systems cancel the unwanted noise based aquritheiple of superposition. Specifically, an antise of equal
amplitude and opposite phase is generated and oechhkiith the primary noise, thus resulting in thaceellation of
both noises.

The ANC system efficiently attenuates low frequenoyse, where passive methods are ineffective,ybulksize,

and tend to be very expensive. ANC is developimidig because it permits improvement in noise réida¢ which

results in potential benefits in weight, volumedatost. A better approach is to use a combinatfopassive and
ANC technique. The error signal that has to be miméd is the difference between the desired signdlthe signal
reaching the tympanic membrane rather than theakfgd into the loudspeaker. Therefore, even wigihér system
latencies, integrating ANC and NR can lead to pernce improvements compared to a classic NR schdmse

the noise leakage and the secondary path effectaiiaken into account. The hearing aid with aarofitting has
no earmold to prevent ambient sound from leakirtg the ear canal, which results in additional legkaignal
reaching the tympanic membrane. No Active NoisedgHation (ANC) is a method for reducing undesinaise.

For small sized arrays such as hearing aids, methection is obtained at the expense of an incteasasitivity to
errors in the assumed signal model, that microphaisnatch, variations in speaker and microphonatipos,
reverberation. The robustness of the GSC is edpectacial in complicated noise scenarios and thatrophone
mismatch is particularly harmful to the GSC, evemew the adaptive noise canceller is adapted dumirige only.
Adaptive noise reduction algorithm for hearing a&l¢he Linearly Constrained Minimum Variance (LCMbeam
former, which is often implemented using the Geliezd Side lobe Canceller. The GSC consists okedfi spatial
pre-processor, which includes a fixed beam formerablocking matrix, and an adaptive noise caecdih reality,
these conditions are seldom completely fulfilledtbat leakage of speech into the noise referencears and
causes speech distortion by the ANC. Thereforéerdifit variants of the standard GSC have been pezh®&peech
leakage in the presence of misteer, microphoneepiaat uncertainty and reverberation is reducechbgrporating
multiple linear constraints in the design of thed spatial pre-processor by using a spatialrfdiesigned blocking
matrix or an adaptive blocking matrix. Although ¢keechniques reduce the amount of speech leakage, never
be completely avoided. The PSD(Power Spectrum 8ignapplied to the fixed beam former up to the mdmber
of signal. The fixed beam former produces the dpeeference signal. Also the PSD signal appliethéoblocking
matrix up to the M number of signal. The blockingtrix is produces the noise reference signal. Adta noise
reference signal and speech reference signal aall@dhe output signal. There is less redundandhénspeech
signal for a person with hearing loss. In this rodtldid not consider surrounding noise. Backgroun@en is
particularly damaging the speech intelligibilityr feeople with hearing loss. Background noise resltice clarify in
the speech. So we are able to understand speecbdearately in noise environment even at the ciefiit signal to
convey the information, Examples of nonlinear pheaoa include saturating the microphone, overdrivimg
loudspeaker, aging and corrosionetdéctronic components, and etc [2].
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GSC affect the robust due to microphone mismatderdghone mismatch due to aging (referred to agt*lis
caused by a parallel shift of the frequency respsimtween the two microphones. This type of mismaan be
compensated for with a frequency-independent adjist of the gain for one microphone. Microphonemaitch
due to dirt or moisture in the acoustical pathwag(in the microphone port), which causes a frequelependent
modification of the frequency response (often auotidn in the high frequency region). This secogget of
mismatch can only be compensated for by a frequdepgndent adjustment of the gain. The most conynaed
ANC system is a single channel ANC system in nardots. But to mitigate the effects of multi-modalise in
enclosures and large duct system, there is a meadet multi-channel ANC systems. One is the eredwben the
output of the adaptive filter and the desired sigtie other is the error between the output ofabaptive filter,
with a little perturbation, and the desired sigddl. In comparison to single-channel ANC systethg, complexity
of multiple-channel ANC in a multi-dimensional spawsith many inputs and outputs is significantlyheg[10].

The computational complexity is high in this GSGtsyn. The less gain has been perceived. The anayh is
limited one. Highly non stationary noise environitsecomplicate to estimation of the speech corm@atatrix by
the MWF is to affect the performance. The fixedystaf the GSC can be designed to compensate faliffeeences
in microphone characteristics. The matched micraphcoherence function also increases the errorrddimne
characteristics may drift over time. The positiaishe microphones vary slightly from one heariind ta another.
Since microphones are quite accurately positiondtearing aid, the microphone placement uncertanéxpected
to be small. The speech and noise are slightlya#tieed, but the amount of noise reduction remaiiig gonstant.
On one hand, the impact of phase mismatch is lafgekigh. To deal with a general case when tlewsdary path
channels are uncertain and changeable, we canvakpossible adaptive approaches: One is an indagaptive
approach based on real-time identification of tseosdary path dynamics, in which the secondary petttiel in the
filtered-x algorithms is updated by the identifistbdel or the feed forward controller is also redgestd via the
identified model .

For the precise identification of the secondaryhpettannels, dither noises are needed to assurpetiséstently
exciting (PE) condition for the identifiability. Ehother is a direct adaptive approach which caactir tune the
feed forward controller without explicit identifitan of the channels. Few efficient direct adaptlgorithms have
been proposed to treat with a general case in wdlldhe path matrices ateknown [1]. This nonlinear saturation
degrades the performance ANC systems that usadaptive Linear filters with the filtered-X leastean-square
(FXLMS) algorithm. Acoustic noise problems becomerenand more evident as an increased number o$fralu
equipment such as engines, blowers, fans, transfgirand compressors are in use.

Passive noise control is based on the absorptialoameflection properties of materials, and iseefive for
reducing high frequency noises [2]. However, passchniques are somewhat expensive, large, areffective at
low frequencies. If there is a sudden and largengban the secondary path, especially, in its pasponse, the
existing methods may not track the rapid and laayéation in the secondary path in time. The inditsgtproblem
caused by the closed loop as the TD similar metiesibeen greatly alleviated, and consequently, @ mabust
auxiliary noise scheduling strategy can be attaif3dNoise is usually modeled as being a randontgse with
certain known statistical characteristito circumvent this instability problem, which isus@d by measurement
noise, an indirect technique is proposed. Firsg fitequency components of the synthesized refersigral
representing the harmonic disturbance are estinjaied

EXPERIMENTAL SECTION

The schematic diagram of multichannel active notsatrol system is shown in Fig.2.4. The noise vecf@rimary
noise sources with the number of N, is denoted(ky E RNS which are detected by N, reference npicomes.
The detected signal vector is denoted by r(k) E RNich is the input of Nc x Nr adaptive feed fordi@ontroller
matrix C ( z , k ) E RNcxNr, where N, is the numlmérthe secondary loudspeakers. The output vedtdheo
controller u ( k) E RNc is used to control thedspeakers which produce the secondary artificiahde so that the
noises at the Nc objective points due to the prymaise sources s (| C) are cancelled.

432



M. Anto Bennet et al J. Chem. Pharm. Res,, 2015, 7(12):430-440

Primary Detection Secondary  Error
Noise Source Microphones G4(2) Sources Microphones
ri(k) ua(k el(k)
S1(k)
Gs(z)
¢ /\
: Gl(z) / - G4(Z
. a
rne(k
Sk nr(K)
/ UNe(k) eNC(k)
Adaptive ANC u(k)
—>
r(k) Clz,k)
/ elk)

Fig :1 Implementation of multichannel ANC system

The cancelling errors at Nc points are represehtethe vector e(k) E RNc. Since all of the signaiB interfere
each other through different channels, the chadpwehmics will be expressed by matrices. Here GH{ZNcxNs
and G(z) E ZNrxNs represent the primary channebdyios matrices, and G (z) E ZNrxNcand G (z2Ec x N
¢ the secondary channel dynamics matrices, respggtas shown in Fig.1. Because all of the chan&y contain
model uncertainty and parameter changeability,atheptive control approaches are significantly ingoarto deal
with the problems. adaptive multi microphone naisguction techniques is multichannel Wiener FitgliMWF)
These techniques provide a Minimum Mean Squarer EMMSE) estimate of the clean sourggeech signal [3],
the (reverberant) speech component in one of ticeopiione signals or a reference signal.

MODULE DESCRIPTION

Desired speech
pare

Detay

reference

Fig:2 Multichannel active noise control and noise reduction system

Acoustic Domain

Acoustic noise is any sound in the acoustic domaeither deliberate (music, speech, etc.) or uniaedn It is
important to recognize that the term "noise" isoalsed to refer to other, non-audible forms, espigcin

electronics and in the radio/radar spectrum. Adosisand speech applications operate on data inatitko
frequency range (DC to 20 kHz).Acquisition and gsial programs working in this type of environmenbstn
commonly use sampling rates between 8 kHz and 48t&Hully characterize the audio frequency datshiswn in
fig 2.
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Optimal wiener filter

The goal of the optimal wiener filter is usedntiinimize the mean-square error between the ouigngak Wiener

filters are one of the tools of choice in removir@se from photographic images. The Wiener filtiéieds from the

true optimal filter by an amount that is secondeorid the precision to which the filter is deteradin However, the
design of the Wiener filter takes a different agmio. One is assumed to have knowledge of the spectperties

of the original signal and the noise, and one s#akdinear time-invariant filter whose output wodwome as close
to the original signal as possible. Wiener filtare characterized by the following:

The Wiener filter separates signals based on fhefuency spectra. at some frequencies there iglyrsignal,
while at others there is mostly noise. It seemschighat the "mostly signal" frequencies shouldpassed through
the filter, while the "mostly noise" frequenciessld be blocked. The Wiener filter takes this idestep further; the
gain of the filter atach frequency is determined by the relative amotisignal and noisat that frequency. The
Wiener filtering is optimal in terms of the mearuacg error. In other words, it minimizes the ovienaéan square
error in the process of inverse filtering and nosseoothing. The Wiener filtering is a linear estiioa of the
original image. The approach is based on a stach&tatnework. Wiener filter has two separate part,inverse
filtering part and a noise smoothing part. It nofyoperforms the deconvolution by inverse filteriftggh pass
filtering) but also removes the noise with a conspien operation (low pass filtering).

Gain amplifier
Gain amplifier is used to amplify the weakened algjit is the ratio of the output voltage/curreatthe input
voltage/current, in the expression

Av=Vout/Vin (8}
Where, Av= gain, Vout=output voltage, Vin=input tage

At its most basic form, a toggle switch strappeass the feedback resistor can provide a Hi-LO gatting. While
this is not a computer controlled function, it diéses the core function. With eights switches aigghteresistors in
the feedback loop, each switch can enable a phaticesistor to control the feedback of the amgiifif each switch
was converted to a relay, a microcontroller cowddubed to activate the relays to attain the desineount of gain.
Relays can be replaced with Field Effect Transsstafran appropriate type to reduce the mechaniialre of the
design. A programmable-gain amplifier (PGA) is decwonic amplifier (typically an operational anfi@r) whose
gain can be controlled by external digital or agakignals. The gains can be set from less than 1td/\dver
100V/V.

MODULES

In this integrated active noise control system ae separate the process into three individual nesdstich as input
module, functional module, output module in thisodules each process takes place in the identical &f the
approach to reduce the surrounding noise

INPUT MODULE

To this integrated system the inputs are given has multi channel active noise control system sush a
X1, X500 ... XwuK. These input signals are passed to the multi mhlawiener filter to get the filtered signal frotmet
surrounding noise. and the same input signals gasseugh the secondary path to get the filteréeremce signal
for the tracking of error signal from the acoust@nain block .

FUNCTIONAL MODULE

In this multi channel active noise control and eoieduction system M number of input signals sash
X1[K],X2[K]....XM[K] are used to process. Each inpuignal fed to the optimal wiener filter such as
W1[K],W2[K]...WMIK] .These are going under the sumrnmat process and we can get the NR output sigrias T
output signal fed to the acoustic domain blockthiis block both secondary path identification Céfd leakage
signal I[k] get adding through this part of thetmut can be occur .from the same input signal gedary path
identifier get the input and provide the filteredlarence signal. Output reference signal and oditpot the acoustic
domain block both are get adding with error sigaatl leakage signal  finally we can get the ousighal .
Therefore, the output of the ANC does not dependhendelay introduced in the NR part and so itassible to
design a causal active noise controller to be mateg with the NR as long as That is, there is edgpmance
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tradeoff to be done between the NR and the ANC. dihe of the integrated scheme is to improve thessipdo
noise ratio, and so the desired signal (at the migpmembrane) to be used. The algorithm reliesa ittered-x
version of the MWF (FXMWF) based on an estimatthefsecondary path .The filtered reference sigaas

Yr[K]=C TX m[K]m )
YrlKI=LY mlK]...y m[k-N+1]]T ©)
YK=Ly TIK]..ym TIK]] (4)

The aim of the integrated scheme is to improvesgheech-to noise ratio, and so the desired sigh#héatympanic
membrane) to be used is
AindK]=-In[K]+G. X1 9[k-A] (5)

dinK]=-In[K]+d nr[K] (6)

The MSE criterion to be minimized is then
-]MSE[k]:E{|e|nt[k]|2} (7

Assuming that the secondary path identificatiaioreis small and that the filter is adapting slowiye errors due
to limited precision (ie word length) are non lin¢laence incalculable) and signal dependent (heoberent). The
non linearity can also lead to instability the esignal can be rewritten as follows:

enk]=w " [KIy[K]+ I"(k]-d nr[K] (8)

The optimal filter (FXMWF) can be minimizing as,
WIKI=R,y, “[K]r ydini[K] )

There is B, is the correlation matrix of the filtered refecersignal y[k] and,di,[K] is the cross-correlation vector
between the filtered reference signal y[k] and dlesired signal g[k]. The bandwidth on which it is possible to
achieve good ANC performance reduces with the ‘elegf causality”.

Aref"'AHA"'Aalg"'AsecSApri (10)

A:Apri'(Aref"'AHA"'Asec) (11)

In case of hearing aids, the delay available focessing is linked to the distance between theapfenes and the
loudspeaker which is not more than a few centinsetB®relay is thus a critical problem in ANC and many
approaches have been developed to try to deal itvith case of hearing aids. In integrated approatle filter
minimizing the MSE can split into a sum of twodilf

W[K]=u[K]+V[K] (12)

The filter u[k] describes a NR which also compeesdbr the secondary path effects and filter \§khn ANC
system canceling the noise leakage. By this assamittat speech and noise components are unceuelat

FXLMSALGORITHM

The filtered—X least-mean-square (LMS) algorithnmoie of the most popular adaptive control algoritheed in
DSP implementations of active noise and vibrationtwl systems. There are several reasons forath@rithm’s

popularity. First, it is well-suited to both broadid and narrowband control tasks, with a structhe¢ can be
adjusted according to the problem at hand. Sedbisl gasily described and understood, especiallgrgthe vast
background literature on adaptive filters upon whibe algorithm is based. Third, its structure apeération are
ideally suited to the architectures of standard @8Ps, due to the algorithm’s extensive use of rthétiply /

accumulate (MAC) operation. Fourth, it behaves stligiin the presence of physical modeling errors manmerical
effects caused by finite-precision calculationsafly, it is relatively simple to set up and tumea real-world
environment shown in fig 3.
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Fig 3. FXLM S Algorithm

Applying LMS algorithm to ANC system needs littleodifications on the equations in LMS algorithm LIS,

e(n)=d(n)-y(n)

but for ANC system the equation is modified to
e(n)=d(n) +y(n)

13)

(14)

This is the combined equation of the desired signal output signal to get the error signal. Froim #éguation we
can calculate the estimation error to determineinty@act of noise that reduce the speech clarityisipng desired

signal and output signal respectively. The sumrsasfé=XLMS algorithm are:

1)Output filter:
y(n)=wh(nju(n)

2)Estimation Error:
e(n)=d(n)+y(n)

3)Tap-weight adaptation:
w(n+1)=w(n)+mu(n)e(n)

The input signal is x (n) changed to,
w (n+l)=w(n) + mx (n) e (n)

Since the process needs to filter input X (z) v@tfe), this kind of algorithm is called FX- LMS.

TRAINING MODE
1) White noise signal, y (n) is generated by anti-eaigeaker

2) Input and error microphone receive y(n) as x(n) @fnj respectively, then count e’(n) and f(n).

3) Input and error microphone receive y(n) as x(n) e@fnj respectively, then count e’(n) and f(n)

e'(n) = e(n) - XiZg" ci(n).y(n — 1)

f(n) = x(n) — ZjZg dj(n).y(n —j)
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C (2) and D (z) are updated with LMS algorithm
¢i(n+1)=¢(n)+me’(n)y(n-i) (21)

d(n+1)=d(n)+mf(n)y(n-j) (22)
Wherei,j=0,1, 2... M-1

4) This process is repeated for several seconds@uiti) and D (z) become Convergent.
CANCELLATION MODE

Input and error microphone receive u (n) and e (n)
5) Calculate x (n) :

x(n) = u(n) — Yj5 dj(n).y(n —j) (23)
6) Calculate y (n):

y(m) = X5 wi(n). x(n - i) (24)
7) y (n) is used to reduce noise level from noise s@ur

8)

9) Calculate x*(n):

x'(n) = Tt ¢(n). x(n — i) (25)

10)Update W (z) with FXLMS algorithm:
win+1)=wi()+ me(n) x* (n—1i) (26)
i=0,1,2,3,4...N-1

10) Repeat all the process for next noise signal.

FEED FORWARD ANC SYSTEM USING FXLMSALGORITHM

Transfer function of the secondary path has a atuole in generating anti-noise in ANC applicataas it is non-
linear and introduces delay causing instabilitylgeon to the standard LMS algorithm. The instabifitpblem can
be resolved using the FXLMS algorithm as it uséisn@sion of the secondary path. This algorithm bampplied to
both feedback and feedforward structures. He(g), is the primary path, the acoustic response fronréference
noise source to the error sensor &wu) represents the secondary path. In this fig8ig) is estimation 02). the
filtered-x LMS , the modified filtered-x.LMS and e¢hadjoint-LMS [10]. The RLS-based introduced algoris are
thus called multichannel filtered-x RLS, modifielidred-x RLS and adjoint-RLS algorithms

The secondary signg(n) is generated as:
y(n)=w' (n)x(n) (27)

wherew(n) andx(n) are the coefficient and signal vectors of lenigtlorder of the FIR filteb\(2), at timen. These
coefficients are updated by the FXLMS algorithniciiews:
w(n +1) =w(n)+ px'(n)e(n) (28)

where U is the step size. Usuallyis set to a low value. This prevents the systerditerge when power of the
reference signak(n) is increased. However, once the power decreasesothevalue ofu reduces the noise
attenuation and convergence rate of the adaptlter f\W(2)). Thus, if p could be increased when the power
decreases, and vice versa, the system performangkel Wwe risen significantly. On the other hand, step sizew
can be correspondingly changed with power of threeggged white noise, as online estimation of tleeséary path
is used. When power of the generated white noiseases, the secondary path modeling convergeteeaiaes.
This allows using a bigger during the system operation. active noise con®®) system using the filtered-x
least mean square (FXLMS) algorithm, the effectsofcalled secondary path is compensated by fijetire
reference signal through an estimated model ofsinendary path. The power of auxiliary noise isustdid
according to conditions of the ANC system to sgtisiquirements of quick and accurate online modedind good
noise cancellation performance[8].Let consider RY Px (n) where Pv (n) and Px (npresent power of the
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generated white nois€n) and the reference signgin), respectively. By adding this new term to equatign +1)
= w(n) +uw(n) f (n)x”(n) the filter step size adapts with the powerat@ons of the above signals:

w(n+1)=w(n)+{Pv(n)/Px(n)hw(n)f(n)x™(n) (29)
We estimate power of these signals as,

Pv(n)=yPv(n-1)+(1y)v3(n) (30)
Px(n)=yPx(n-1)+(1¥)x2(n) (32)

In addition to these computational difficulties,etmultichannel filtered—X LMS algorithm also suffefrom
excessive data storage requirements [6]. Howelreradiditional filtering blocks create recent reshlive presented
first and second moment analytical models for tke S algorithm, without invoking the independentedry . In
the FXLMS algorithm, the reference signal is fiftérso as to compensate for the effect of so-cakedndary path
inherent in the electro-acoustic adaptation loap[dje purpose of estimating the spectral contehth® noise
signal is to use it as the reference signal inelefcthe original primary noise in a feedback ANg&tem. This
technique can be viewed as an adaptive feed foregstem that, in effect, synthesizes its own refegesignal,
based only on the adaptive filter output and esignal, The filtered-X LMS active noise equalizepgosed in
minimizes a pseudo-error signal instead of thedteginoise [11].

The adaptive feedback ANC method has a similacsire to the feed forward filter-X LMS algorithnm brder to
compensate for the effects of the secondary path the input of the secondary loudspeaker to thpudof the
error microphone, before being used to adjust tiegghts of controller, the reference signal is fii by an
estimated impulse response of the secondary p&ih This leads to the filtered-x LMS (FXLMS) algibmin. The
work also proposes a new algorithm to alleviate @ffect of measurement noise on feedback ANC sysfdra

proposed algorithm estimates the frequencies ofrthii-tonal noise and generates an enhanced veddid. This

enhanced signal is used as reference signal inaheentional feed forward ANC configuration. Thafpemance
comparison of the feedback system with an equivdiesd forward system is presented. In the contéxthe

present investigation, the discrete cosine transffilter is used in a filter-X LMS implementatiorf a feedback
active noise control system that uses a singler anmigrophone and a single loudspeaker. If the éftédcthe

secondary path is significant, the filtered-X LMSXLMS) algorithm is usually employed. The FXLMS atghm

is employed for the case of one real sinusoid,thac:ffect of the secondary path to the pass bhathcteristic of
the ANC system is analyzed [13].

Computer simulations dhe adaptive second-order Volterra filter with #96LMS algorithm using different filter
lengths(L = 16,32,and 64)were conducted to evaluate the performance of timéinear ANC systems[7]. As an
electro-acoustic path from the secondary loudspe#dkethe error microphone, the secondary path &Jpic
comprises the D/A converter, smoothing filter, povaenplifier, secondary loudspeaker, acoustic patimfthe
loudspeaker to error microphone, error microphanéialiasing filter, and A/D converter.

RESULTSAND DISCUSSION
After the process of the input signals through dlceustic domain block such as eliminating the uredmoise
done. The signal from the acoustic domain get caatlwin with the secondary path leakage signal anthsfrom

the delayed and gain amplifier blocks. From thesegss we can also get the error signal this cafedbénto the
secondary path to get the noise reduced signhbisrsin fig 4.
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Performance comparition Graph
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FIG 4.0utput of Noise Control System for Noise Reduction in Hearing Aids
CONCLUSION

Standard NR techniques used in hearing aids igeakage and secondary path effects. When opemgfttire used
these aspects cannot be neglected and are irofawad to seriously degrade the NR performance.tioflpapers did
not consider surrounding noise. Background noig@iticularly damaging the speech intelligibilityr fpeople with
hearing loss. Background noise reduces the clamifthe speech. The Multichannel wiener filter in effiective
Active Noise Control and Noise Reduction technigiseseduces the surrounding noise in the case rapapic
membrane. The Filtered - X Least Mean Square dlgarprovide the less computational complexity atabitity
system. The integrated approach gives an almost&@onSNR improvement as long as the overall systerausal.
In this paper we currently reduces the surroundioige in recorded voice. In Future work it can im@lement in
real time application.
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