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The basic theme of our paper is to implement a idea of noise reduction
in the real time applications using the conceptsad#ptive filters. Our

model which is presented as one of the solutiorzaged on two stages of
operation with the first stage based on the ALE gptide Line Enhancer)

filters and the second stage on NLMS (NormalizecsteMean Square)
filter. The first stage reduces the sinusoidal @diem the input signal and
the second stage reduces the wideband noise. Twob $ources of voice are
used; one for the normal speech and the otherhfernbise input, using

separate microphones for both signals. The firgbadiis of the corrupted

speech signal and the second signal is of onlynifise containing both

wideband and narrowband noise. In the first stagenarrowband noise is
reduced by using the ALE technique. The secondestmgs a signal with

ideally only the wideband noise which is reduceidgishe NLMS technique.

In both the stages the concerned algorithms ard tseupdate the filter

coefficients in such a way that the noise is cdadebut from the signal and
a clean speech signal is heard at the output.
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1. INTRODUCTION

Nowadays, effective communication is necessarykéep up with the fast-developing world.
Effective voice communication is the most importpairt of it. In the prevailing environment, the smi
corrupts the speech signal to such an extent, smegt that it is almost impossible to recover thigioal

voice message communicated. That noise is usuadgnghe name of background noise, which affects th
intelligibility of the speech signal.

To cater the issue of noise effectively we nemtdesnew schemes for optimal noise cancellation. In
the past, the noise cancellation schemes usingénwsors have been proposed in [1], [2] and [3jpéhicing
the concept that a noise source is acquired bgebend sensor, which cancels out the unwanted froise
the signal acquired by the first sensor, by destrely interfering with it. Using the same concepéveral
schemes have been proposed till now, combiningo#iséc adaptive filtering algorithms and implemegtin
them. Work in this regard is still in progress. Ttw@-sensor concept has been used in this papeelas

A technique based on NLMS, also known as tragitioAcoustic Noise Cancellation (ANC)
scheme, yielded the cancellation of wideband nbis® the corrupted speech signal but didn't addtbes
issue of sinusoidal noise. In real-time environmeiriusoidal noise is added in the speech sigmautfn
different sources like ceiling fan, PC fan and eegnoise. Sinusoidal noise is thus a significamt phathe
corrupted signal and its cancellation is vital &oquiring a clean speech signal.
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ALE, an existing technique, gained popularityiagave a better understanding of the spectrum
analysis and the behavior of noise in the spestmae. It is used to cancel out the sinusoidalgfaroise in
an effective manner. Thus, using the ALE and NLMi®rk collectively, the purpose of cancellationbaith
the wideband and sinusoidal noise is accomplished.

Therefore, a technique, combining the ALE and N8 Kilters, proposed in [4] can be effectively
implemented for various applications, like reductiof propeller-induced cabin noise during a flight,
removal of sinusoidal noise in ECG analysis [6hustic noise cancellation in i-phone4 and removalao-
motor sound during journey by car [7].

We have implemented the aforesaid technique intreed and analyzed the results. In this paper
section Il discusses the basic functioning of aladtlters analyzed on the basis of mean squaie.eALE
and NLMS, the filters used in the scheme, are éxpthin section Ill; followed by simulation in retine
discussed in section IV. The paper concludes wighsimulation results discussed in section V.

2. ANALYSISUSING MEAN SQUARE ERROR

An important efficiency determining factor of argatithm, particularly in adaptive filter, is its
mean square error. The schematic of a simple aaafitier is shown in figure 1, in which an inpugsal
x(k) is multiplied by the filter coefficienta (k) to yield the outputy(k). The error signal is obtained by
subtracting the output signal of the filter frone thesired signal (k). Generally, the objective is to minimize
the error signal using effective weight adaptatignthe filter, in order to ensure a minimum valdetle
mean of the squared error signal. The lesser the vd mean square error, the more efficient isvibeking
of the adaptive filter.

Mathematically, the relation between the input Hreloutput in an adaptive filter is given by

() = S0 (Wi (k) x(k — m))
=wix (1)

An error signale(k) is termed as the difference between desired sigk) and the output of
filter y(k).

e(k) = d(k) —y(k) )
=d(k) —wT 3)

The coefficients of Weiner filter are obtained binimizing square functio [e? (k)] with respect
to vectorw.

E[e?(lk)] = E[(d(k) —wTx) ?] (4)

= E[d?(k)] — 2wTE[xd(k)] + wTE[xxT]w
=Tda 0) - ZWTde + WTRxx %)

In equation 5y, is the correlation of the desired sigdék), r,;, is the cross-correlation of the

input and the desired signal aRg, is the correlation of the input signalk) . We desire a minimum mean
square error which would confirm the proper workaighe system.
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Figure 1. Adaptive filter
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3.FILTERSUSED IN THISSCHEME

The operation of our proposed scheme is based orstages; the first stage based on ALE cancels
out the sinusoidal noise signal and the secondstags NLMS to cancel wideband noise from the tasul
of the first stage. Figure 2 shows a basic bloelgdim of the implemented scheme.

Voice Signal ALE Stage

ATE1L T a)

il q
A j

Adaptive

J+ Filter
mw "| ALE 2 :
Noise
(Wideband)
Noise [
(Narrowband + Wideband)

Clean Speech Signal

Figure 2. Basic model

The two stages in the basic model are explaineaibel

ALE or Adaptive Line Enhancer is a technique whistemployed to cancel out the ‘sinusoidal’
noise from the input signal. This technique cambed with any of the adaptive filters classifiddriow and
uses a delay in the input signal to cancel ouutirecessary part in it and thus get the desirgubnse.
“Operation of the adaptive line enhancer can beetsidod intuitively as follows. The delay causes de
correlation between the noise components of thatidata in the two channels while introducing apdén
phase difference between the sinusoidal compon@ts. adaptive filter responds by forming a transfer
function equivalent to that of a narrow-band filemtered at the frequency of the sinusoidal coraptm
The noise component of the delayed input is rejgcighile the phase difference of the sinusoidal
components is readjusted so that they cancel eheh at the summing junction, producing a minimunoe
signal composed of the noise component of theritet@ous input data alone” [12].

NLMS or Normalized Least Mean Square is a modifiedn of LMS technique and is used to
remove the wide-band noise from the input signahbisTmodification takes into notice the various
fluctuations in the level of signal at the filterisput. After noticing the fluctuations it will ssit a
“normalized step size parameter”. This process willke the algorithm a “fast converging adaptation
algorithm”.

In general, the NLMS algorithm is convergent in thean square sense if the following condition
for adaptation constafitis satisfied0 < [ < 2

3.1. Stagel (ALE Filter)
ALE is used to cancel out sinusoidal noise from dipeech signal. The figure shown below
elaborates the basic working of ALE filter.

x(n) eln)
|

dy $ = T
| wi(n)

JIl fjl:- [.?1)

Figure 3. The Adaptive line enhancer (ALE) filtdj [

The input of this filter is a delayed version of gorimary signak(n). The delay is set in such a way
so as to de-correlate wideband noise in ordernoalaut the sinusoidal noise from the primary algn
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The ALE is used in parallel fashion, named as AL&nil ALE 2 stage. The ALE 1 stage acts as a
primary sensor, acquiring the non-stationary speséghal [8], corrupted by wideband and sinusoidzbe.
Mathematically, the signal(n) is

x(n) = s() + &(n) +no(n) (6)

Here, s(n) is the speech signa€,(n) is the wideband noise ang,(n) is the sinusoidal
(narrowband) noise. The delay at the ALE 1 stage is kept such that the speeapiakiand the wideband
noise de-correlates with itself, resulting in therrelation of only the narrowband noise, ifg.(n) is
estimated close tgy(n) usingn,(n —d,) by the filter weightsw(n). Thus, only the sinusoidal noise is
cancelled and speech signal along with the widelnaigke signal is obtained at the output of ALEdgst

The ALE 2 stage acts as a secondary sensor, augjainly the noise signal consisting of wideband
and sinusoidal noise. The signal at the secondargs is given by, (n) as

vi(n) = &) +n1(n) (1)

Here,v,(n) is the speech signal at the secondary seégor) is the wideband noise amd(n) is
the sinusoidal (narrowband) noise At this stage, dielay d is set to be such that only the sinusoidal
component of noise remains correlated with itsafas to give only the wideband no&én) at the output
of ALE 2. Note thatthe step-size and the filter lengthosenfor both the stages should be sasteas to
achieve adaptation convergence of the outputs & Aland ALE 2 stages at the same time.

3.2. Stagell (NLM SFilter)

The Normalized Least Mean Square (NLMS) algoritisnaimodified form of Least Mean Square
(LMS) algorithm and Nagumo and Noda were the firsts to introduce it [9]. In this paper, the NLM&ef
is used to remove the wideband noise using theasigibtained at the output of the ALE stages. ThME
filter is preferred over LMS algorithm because tsfparticular characteristics of faster convergebesides
a lower mean squared error [10]. The NLMS filtemasadaptive noise canceller is shown in figure 4.

d(m)=s(n)+ &{n) = ~ E{f}

r phi
win)
[

":,:1 1-.'-”1)

:I.'{i'i‘_;

Figure 4. Adaptive noise canceller [4]

In figure 4,d(n) is the primary input signal having the speeth) and wideband noisg (n) as its
components. The input to the NLMS filteréig(n) which is estimated by the filter weightgn), to be close
to é,(n), so that only the clean speech sigs(al) is obtained as the error sigrdh) that is the final output.

The filter coefficients are updated in NLMS accoglio [11]
wn+1) = wn) + e(m)é; (n) ®

Kk
1E1 %+

Here, u is the step-size that controls the convergencedsped stability of the NLMS adaptive
filter. In case the input signal is zero at anyang, a small constaat prevents division by zero in (8).

4. MATLAB SIMULATION
The simulation is done in real time, in MATLAB Sifink, using the model shown in figure 5. For
the sake of understanding, the diagram is dividéalthe following stages:
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Stagel: ALE

In the first stage we have two sections which at& A and ALE 2. ALE 1 acts as a primary sensor
(microphone) in real time environment and its inpubnly the corrupted speech signal. ALE 2 astaa
secondary sensor whose input is only the noiseaklgaving both wideband and sinusoidal noise. Titpud
of this stage is fed into stage2 for acquiringfthel clean speech at the output.

Stage2: NLMS

Using the outputs of stagel this stage removesvitteband noise and gives a clean speech signal
as a final output.

The parameters in the simulation are set in sughyaso as to get the best results when simulated in
different environments. The results shown in tldpgr are obtained by using the parameters givabia 1.

Table 1. Parameter settings for real-time results
De-correlation delay 350

NLMS d; Samples
i}_agil AdapFive Number of _ 200
Algorithm Tap Coefficients
Step-sizeul 0.001
De-correlation delay 350
NLMS d, Samples
iﬁgzl AdapFive Number of _ 200
Algorithm Tap Coefficients
Step-sizgu2 0.001
NLMS Number of _ 310
Stage 2 Adaptive Tap Coefficients
Algorithm Step-sizqu3 0.025
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Figure 5. The MATLAB simulink model of the adaptimeise cancellation scheme
using ALE and NLMS filters
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The model is run using a speech signal of duraifabout 5 seconds in real-time at a sampling rate
of 8000 Hz.

5. SIMULATIONSRESULTS

The simulation model is tested in real-time envinemt, by acquiring the corrupted speech signal
and the noise signal, via a microphone. Figured Ashow the desired speech signal and the ngsalsn
the time domain, respectively. From figure 7, iérss that the amplitude of noise signal is quits,lss it
will not significantly affect the speech signaltitiois is not so. The noise signal, when heard ATMAB, is
of significant amplitude and corrupts the speeghalito a greater extent.

After simulation, the signal obtained in time domafter ALE stage and the NLMS stage, i.e. the
final output, is shown in figure 8 and 9, respestyv It is clear from figure 8 that the ALE stagenot
successful in removing the wideband noise sincevdliee is corrupted significantly during the silereriod
in the speech signal. The residual wideband naispiite significantly removed from the signal ob&al at
the output of the NLMS stage, as shown in figur@Rus, speech signal is enhanced in clarity amdessly
audible.

The simulation results in time domain of the schepmeposed in [4] are compared with the
traditional Acoustic Noise Cancellation (ANC) schemvith employs only the NLMS stage. The results in
figure 10 show that the noise is removed appregjdhit the speech signal is attenuated at certanpkes,
which is in contrast to the results obtained udioth ALE and NLMS filters. Thus, the scheme comtugni
the ALE and NLMS filters produces better resul@rtiihe traditional ANC scheme when used for reaéti
simulation.

Figure 11-16 shows the spectrograms of results dhatshown in figure 6-10. All results are in
correspondence with the aforesaid explanationefélsults shown in figures 6-10.

The Desired Speech Signal x 107 The Noise Signal at the Secondary Sensor
0.08 : : ; 10 . . ! : ; .
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Figure 6. The desired speech signal Figure &.ridise signal
The Signal After ALE Stage The Enhanced Speech Signal at the Filter Output
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Figure 8. The signal after ALE 1 stage Figure 9. The signal after NLMS stage
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The Filtered Signal Using Traditional ANC Scheme
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Figure 10. Filtered signal obtained using trad#éiloANC scheme
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Figure 11. Spectrogram of desired speech signal Figure 12.Spectrogram of noise signal
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Figure 13.Spectrogram of signal after ALE1 Figure 14.Spectrogram of output signal (after NLflt&r)
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The Filtered Signal Using Traditional ANC Scheme
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Figure 15. Spectrogram of filtere”(njesignal by trimdtinlscheme Based-NLMS only

6. CONCLUSION

This paper presents the real-time implementatiah@ficoustic noise cancellation scheme proposed
in [4] using MATLAB Simulink. The speech signaldsrrupted by noise having two components; sinusoida
(or narrowband) noise and wideband (or Gaussiaisen@wo stages are employed in order to removk bot
the noise components. The ALE stage first remolessinusoidal noise component, both at the priraady
the secondary sensor stages, and then the NLMS fdtnoves the wideband noise from the ALE 1 stage’
output signal, thus giving a clean enhanced spsapial at the output. The results are compared thigh
traditional ANC scheme, operated upon the sameupted speech signal. The results suggest that AcE a
NLMS produce a better clean speech signal as cardparthe traditional ANC scheme that uses only the
NLMS filter. The results presented in this papen sgrve as a benchmark for further research incépee
signal processing techniques, in which existingatyms can be combined in various ways to procheteer
results for the filtered speech signal.
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