
IJSRD - International Journal for Scientific Research & Development| Vol. 5, Issue 03, 2017 | ISSN (online): 2321-0613 

 

All rights reserved by www.ijsrd.com 1608 

Active Noise Control System using Least Mean Square Algorithm 
P. Nethaji1 V. Saravanan2 N. Santhiyakumari3 

1PG Student 2,3Associate Professor 
1,2,3Department of Electronics & Communication Engineering 

1,2,3Knowledge Institute of Technology, Salem, Tamilnadu, India

Abstract— An active noise control system is one of the best 

methods used to reduce noise effectively. The Least Mean 

Square (LMS) algorithm is a key parameter is the step size. 

As is well known if the step size is large, the convergence rate 

is rapid, but the steady-state Means Square Error (MSE) is 

increased. On the other hand if the step size is small, the 

steady state error is small, but the convergence is slow. Thus, 

the step size provides tradeoff between the convergence rate 

and steady-state MSE of LMS algorithm. The filtered-X least 

mean square algorithm has the good convergence speed, low 

steady state mean square error and low computational 

complexity features. The Active Noise Control (ANC) uses a 

primary input containing the corrupted signal and a reference 

input containing noise correlated in some unknown way with 

primary noise. ANC system noise reduction rate and 

convergence rate are improved dynamically than the FxLMS 

fixed step size methods. In this paper LMS algorithm use to 

reduce a noise level in noise source with novel convergence 

speed using fixed step size. A simulation carried out for noise 

reduction using MATLAB. 
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I. INTRODUCTION 

Active Noise Control (ANC) involves an electromechanical 

or electroacoustic system that cancels the primary (unwanted) 

noise by an antinoise of equal amplitude and opposite phase 

is generated and combined with the primary noise thus result 

in the cancellation of both noises. The ANC system 

efficiently attenuates low-frequency noise where passive 

methods are either ineffective or expensive or bulky.  

Acoustic noise reduction problem has been 

sightseeing for real-life applications such as Headphones, 

automobiles, mobile phones, barriers, and some industries 

which need to remedy the noisy circumstances. There are two 

approaches to controlling acoustic noise active and passive. 

Conventionally acoustic noise control was performed using 

passive techniques such as enclosures, barriers and silencers 

to attenuate the undesired noise. But the expense of these 

techniques limits its use. In order to overcome this limit, 

considerable interest is shown in active noise control. 

The Active Noise Control (ANC) systems using 

adaptive filters have a small volume and can be appealing 

alternatives to those using the passive method. ANC is 

achieved by introducing a canceling “antinoise” wave 

through an appropriate array of the secondary source. This 

secondary source is interconnected through an electronic 

system using a specific signal processing algorithm for the 

particular control scheme. Active noise control systems are 

based on two methods. Feed forward control is where a 

coherent reference noise input is sensed before it propagates 

the canceling speaker. Feedback control is the active noise 

controller attempt to cancel the noise without the benefit of 

an upstream of reference input. 

Ali M. Al Omour et al. [1], described the FxLMS 

algorithms successfully converge under a large range of SNR. 

The combination of the FxLMS algorithms, it is noticed that 

the convex-combined filter, at every iteration. A robustness 

test was done for all the scenarios used, to ensure that able to 

adapt in case of a sudden change in the tap weights of the 

filters, either in the transient or steady- state stages. 

Boyan huang et al. [2], studied the new algorithm 

that converges much faster than the conventional FxLMS 

algorithm does, and indicates a faster convergence rate. In 

stationary noise environments, the much faster convergence 

than the conventional FxLMS algorithm does and indicates a 

convergence rate quite similar to that of the FxLMS 

algorithm. 

Bageshree Pathak et al. [3], suggested the random 

noise caused by turbulences and having its energy evenly 

across the frequency bands so referred as broadband noise. 

The feed forward FxLMS algorithm for active noise control 

and the noise working here are sinusoidal ones below sudden 

frequency, computer fan noise and ceiling fan noises. The 

filter tap length is increased, and then system converges 

earlier and become stable. 

Dah-Chung Chang et al. [4], studied the 

unsymmetrical and two-sided exponential delay responses 

model for ANC control filter, the new FxLMS algorithm has 

the minimum mean-square deviation for the optimal filter 

coefficients. In the online secondary path modelling, this 

algorithm with different kind of variable step sizes can 

provide significant improvements in convergence rate and 

noise reduction ratio, compared to the fixed-tap-length 

FxLMS algorithms. 

Iman Tabatabaei Ardekani et al. [5], analyzed the 

conducts a stochastic analysis on performance of Filtered-x 

LMS (FxLMS) based ANC systems when the actual 

secondary  path  and  its model are not identical it describer 

effects of a general secondary path model on stability, steady-

state the performance and convergence speed of FxLMS 

based ANC systems. The result, it is found that intentional 

maladjustments of secondary path models can enhance 

performance of ANC systems. 

Kim Y M et al. [6], described frequency-estimation 

(FE) algorithm for the estimation of the fundamental 

frequency of the rotating machinery. In this algorithm, the 

reference signal is generated using the fundamental frequency 
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as estimated. The FE algorithm uses a second-order adaptive 

notch filters, which is insensitive to impulse noise. In 

addition, the FE algorithm has good tracking capability and a 

lower variance of frequency-estimation error for a constant 

sinusoid signal and chirp signal. 

Lifu Wu et al. [7], studied the limitations of the 

existing algorithms for active impulsive noise control, an 

algorithm based on minimizing the squared logarithmic 

transformation of the error signal the correspondence.This 

method, for more robust for impulsive noise control and does 

not need the parameter selection and thresholds estimation 

according to the noise characteristics. 

Muhammad Tahir Akhtar et al. [8], suggested 

disturbance uncorrelated with the primary disturbance noise 

and a correlated reference signal is not available. This method 

comprises different adaptive filters the FxLMS-based ANC 

filter to cancel the primary noise, cancel the uncorrelated 

disturbance, generate appropriate signals. It effectively 

mitigates the correlated and uncorrelated primary 

disturbance. The improved performance is achieved with 

only a small increase in computational complexity. 

Mihir Narayan Mohanty et al. [9], described the use 

of adaptive systems in a wide variety of applications. Field 

Programmable Gate Array (FPGA) has become attractive for 

the purpose of realization.  The Constrained LMS (CLMS) in 

FPGA, Variable step size parameter is considered as the 

constraint; this system main used for identification errors, a 

great interest and has accomplishment in adaptive signal 

processing that offers improved performances. 

Mohammad Shams Esfand Abadi et al. [10], studied 

adaptive algorithms the filter coefficients are partially 

updated which reduce the computational complexity. In VSS-

SR-APA, the optimal selection of input repressors is 

performed during the adaptation. This algorithms provide 

have good convergence speed, low steady-state mean square 

error (MSE), and low computational complexity features.  

Michal Meller et al. [11], described the problem of 

cancellation of an on stationary sinusoidal interference, 

acting at the output of an unknown multivariable linear stable 

plant is considered. The algorithm derived and analyzed 

assuming single-tone, complex-valued disturbance with 

known frequency, can be extended to cope with a range of 

realistic applications, such as real-valued disturbances, multi-

tone signals and unknown frequency. 

Seong-WooKim et al. [12], described the passive 

sonar, adaptive algorithms can be used to cancel strong 

sinusoidal self-interferences. In gradient adaptive lattice 

(GAL) algorithm very attractive choice. The GAL algorithm 

with a constant step-size parameter has to compromise 

between the convergence rate and notch bandwidth. A 

variable step-size scheme for the GAL algorithm that can 

achieve both a fast convergence and narrow notches both the 

conventional GAL algorithm and transversal adaptive filter 

combined with the variable step-size scheme. 

Walter J Kozacky et al. [13], Studied a new adaptive 

filter algorithm intended for use in active noise control 

systems where it is required to place gain or power constraints 

on the filter output to prevent overdriving the transducer, or 

to maintain a specified system power budget. The new CMD 

algorithm provides faster convergence and improved 

frequency response performance, especially in coloured noise 

environments. 

Wang Junfeng et al.[14], suggested the LMS 

algorithm, a variable step algorithm is presented in which step 

factor is amended by arc-tangent function. The variable step 

algorithm is suit for channel equalization in mobile 

communication technology in low SNR. 

Yegali Xiao et al.[15], described new efficient 

narrowband ANC system  introducing a special band pass 

filter bank for x-filtering. The computational load of the new 

system is considerably lower than that of the conventional 

narrowband ANC system. The analysis and simulations that 

the new system performs as well as the original system does, 

even though it produces a little insignificant convergence 

delay. 

II. METHODOLOGY 

 
Fig. 1: Block diagram of simplified ANC system 

A. Block Diagram Description 

1) Adaptive Filter 

An adaptive filter is a computational device that attempts to 

model the relationship between two signals in real time in an 

iterative manner. Adaptive filters are often realized either as 

a set of program commands running on an arithmetical 

processing device such as a microprocessor or digital signal 

processing chip, or as a set of logic operations implemented 

in a FPGA or in a semicustom or custom VLSI integrated 

circuit. However, ignoring any errors introduced by 

numerical precision effects in these implementations, the 

fundamental operation of an adaptive filter can be 

characterized individually for the particular physical 

realization that it takes. 

2) FxLMS Algorithm 

The most popular adaptation algorithm used for ANC 

applications is the FxLMS algorithm, which is a modified 

version of the LMS algorithm. The most popular adaptation 

algorithm used for ANC applications is the FxLMS 

algorithm, which is a modified version of the LMS algorithm. 

Here P(n) is the primary acoustic path between the reference 

noise source and the error microphone and S(n) is the 

secondary path following the ANC adaptive filter W(n). 

The reference signal x(n) is filtered through S(z) and 

appears as anti- noise signal y’(n) at the error microphone. 

This anti-noise signal combines with the primary noise signal 

d(n) to create a zone of silence in the vicinity of error in 

microphones. 

The error microphone measures the residual noise 

e(n), which is used by W(z)  for its adaptation to minimize 

the sound pressure at error microphone. Here s^(z) account 

for the model of the secondary path S(z) between the output 

of the controller and the output of the error microphone. 

The filtering of the reference signals x(n) through 

the secondary-path mode s^(z) is demanded by the fact that 
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the output y(n) of the adaptive controller W(z) is filtered 

through the secondary-path s(z). 

The filtering of the reference signals x(n) through 

the secondary-path mode s^(z) is demanded by the fact that 

the output y(n) of the adaptive controller W(z) is filtered 

through the secondary-path s(z).  

e(n)=d(n)-y’(n)      (1) 

Where y’(n) is the controller output  y(n)  filtered 

through the secondary path s(z) the y’(n)  and y(n)  is given 

by 

y’(n)=sT(n)y(n)       (2) 

y(n)=wT(n)x(n)        (3) 

Where the weight vector is given by the equation as, 

W(n)=[w0(n),w1(n)……wL-1(n)]T, X(n)=[x(n),x(n-1)…x(n-

L+1)]T is the reference signal  picked by the reference 

microphone and S(n) impulse  response of secondary path 

S(z). 

It is assumed that there is no acoustic feedback from 

a secondary loudspeaker to reference microphone. The fxlms 

update equation for the coefficients of   w (z) is given by 

Wn+1=wn+µe(n)x’(n)      (4) 

Where x^(n) is reference signal of x(n) filtered 

through secondary path model s^(z) is given by 

x’(n)=s^T(n)x(n) …………          (5) 

In the FxLMS algorithm, a fixed step size is used, 

which allows the ANC systems to have a reasonable 

convergence rate in stationary noise environments, and to 

indicate relatively good tracking capabilities for non-

stationary noise signals. FxLMS algorithm has been the most 

popular one, as it requires relatively fewer computational 

resources and a enjoys practically good performance. 

3) Secondary path effects 

In ANC system, the primary noise is combined with the 

output of the adaptive filter. Therefore, it is necessary to 

compensate s^(z)for the secondary-path transfer from y(n) to 

e(n), which containing the digital-to-analog (D/A) converter, 

reconstruction filter, power amplifier, loudspeaker, acoustic 

path from loudspeaker to error microphone, error 

microphone, preamplifier, anti-aliasing filter, and analog-to-

digital (A/D) converter. The transform of the error signal is 

given by  

E(z)=[P(z)-S(z)W(z)]X(z)   (6) 

After convergence of the adaptive filter, the residual 

error is ideally zero [i.e., E(z) =0]. This requires W(Z) 

realizing the optimal transfer function is given by  

           (7) 

However, the performance of an ANC system 

depends largely upon the transfer function of the secondary 

path. By introducing an equalizer, a more uniform a 

secondary path frequency response is achieved. In this way, 

the amount of noise reduction can be increased significantly. 

A sufficiently high-order adaptive FIR filter is 

required to approximate a rational function. It is impossible 

to compensate for the inherent delay due to if the primary path 

does not contain a delay of at least equal length. This adaptive 

filter does the approximation using rational function via a 

secondary path. 

4) Convergence Rate 

Any independently and identically distributed signal will 

become nearly stable after three or four passes of the median 

filter with large probability. Adaptive filters attempt to 

minimize the power of the error signal by iteratively adjusting 

the filter coefficients.  

Convergence rate=20log{abs(g)} 

The convergence rate of the narrowband ANC 

system in the frequency domain is obtained by finding the 

transfer function of the system. The behavior of the adaptive 

filter is exactly described by a linear time-invariant filter 

between the primary signal and the error signal. 

5) Noise reduction 

Noise reduction is the process of reducing noise from a signal. 

The unit dB indicates Dolby system which is a single band 

system designed for consumer products. Noise reduction can 

be done by, dynamic noise limiters, dynamic noise 

reductions, Class of algorithms dynamic threshold for 

filtering noise. Here algorithm is used for noise reduction 

process as given by 
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6) Step Size 

The length of the filter is said to be a step size or tap length 

or filter length. The Step size is directly proportional to the 

error signal level, the step size increases then the error or 

noise level will be increased and if the step size is decreased 

then the noise level will be decreased. In a fixed step size 

though the level of error varies for a constant step its 

convergence speed could not be achieved. Hence a dynamic 

or variable step size is preferred in order to change the error 

level by changing the step size. 

7) Convolution 

Convolution is a mathematical way of combining two signals 

to form a third signal. It is the single most important technique 

in Digital Signal Processing. Using the strategy of impulse 

decomposition, systems are described by a signal is called 

impulse response. The convolution is important because it 

relates the three signals of interest the input signal, the output 

signal, and the impulse response. First, the input signal can 

be decomposed into a set of impulses, each of which can be 

viewed as a shifted scaled and delta function. Second, output 

resulting from each impulse is a scaled and shifted version of 

the impulse response. Third, the overall output signals can be 

found by adding these scaled and shift impulse responses.  

8) Correlation 

Correlation describes the measure of similarity about signals. 

If the measure of similarity between two different signals, 

then it is called as cross correlations and if it measures the 

similarity of itself then it is autocorrelation. Correlation can 

refer to any departure of two or more random variables from 

independence, but technically it refers to any to any departure 

of two or more random variables from independence, but 

technically it refers to any of several more specialized types 

of relationship between mean values.  

III. RESULTS AND DISCUSSION 

 
Fig. 1: Identification Error 
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Figure 1 shows the identification error of ANC system using 

FxLMS algorithm with fixed step size  

 
Fig. 2: Filter Coefficient 

Figure 2 shows the filter coefficient used for 

secondary path S(z) and  zŜ for ANC system 

 
Fig. 3: Noise residue in ANC system after convergence 

Figure.3 represents the noise residue in ANC system 

after convergence. The above noise can be further represented 

using variable step size. 

 
Fig. 4: Noise and Antinoise signal for ANC system 

Figure.4 represents the noise and antinoise signals of 

ANC system. It has been observed that the system can able to 

generate antinoise with respect to input noise with equal 

amplitude and opposite phase. The difference between these 

two signals is noise residue will be minimized using variable 

step size. 

S. 

No 

Step 

size 
Yd(k) e_cout(k) 

Output=Yd(k)-

e_cout(k) 

1 0.03 0.475 0.062 0.407 

2 0.08 
-

2.490 
-0.038 -2.768 

3 0.12 2.085 0.001 2.084 

4 0.15 -0.148 0.040 -0.187 

5 0.20 -1.046 0.024 -1.167 

Table 1: Comparison table for FxLMS algorithm with fixed 

step size 

IV. CONCLUSION 

This system is based on the FxLMS algorithm with fixed step 

size 0.12.The simulation result can be carried out using 

MATLAB for generating the antinoise for the given noise 

signal. The algorithm can able to track the noise signal with 

minimum noise residue. By using ANC system reduction of 

noise can be improved with fixed step size methods. The 

proposed method ANC by LMS algorithm having different 

variable step sizes has better convergence rate and good 

performance in contrast FxLMS algorithms.  
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