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Abstract: In the adaptive noise cancellation (ANC) challenge, a novel least-mean-square (LMS) 

algorithm for filtering speech sounds has been created. It is focused on minimising the difference 

weight vector's squared Euclidean norm under a stability restriction specified over the a posteriori 

estimation error. The Lagrangian methodology was employed for this reason in order to propose a 

nonlinear adaptation rule described in terms of the product of differential inputs and errors, which is a 

generalisation of the normalised (N)LMS algorithm. The proposed approach improves monitoring 

ability in this sense, as shown by studies using the AURORA 2 and 3 speech databases. They include a 

thorough output assessment as well as a thorough comparison to regular LMS algorithms with nearly 

the same computational load, such as the NLMS and other recently published LMS algorithms 

including the updated (M)-NLMS, the error nonlinearity (EN)-LMS, or the normalised data 

nonlinearity (NDN)-LMS adaptation. 
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I. INTRODUCTION 

   The consequence of interruption noise in speech signals is the most common issue in speech processing. The speech 

signal is masked by interference noise, which limits its intelligibility. Noise from acoustic causes such as ventilation 

devices, cars, crowds, and echoes may cause interference. Electronically, it may be caused by thermal noise, tape hiss, 

or distortion materials. The speech signal can end up making itself if the sound system's frequency response has 

extraordinarily high peaks. The signal-to-noise ratio, which is represented in decibels, is one relationship between the 

frequency of the speech signal and the masking tone. The S/N ratio should be higher than 0dB, meaning that the voice 

is quieter than the background noise. The form and spectral quality of the masking noise, among other factors, 

influence how much clearer the voice must be to be heard. Broadband noise is the most uniformly efficient mask. 

About the fact that narrow-band noise is less efficient than broadband noise at masking voice, the degree of masking 

differs with frequency. High-frequency noise blocks only the consonants, and as the noise becomes stronger, the 

usefulness as a filter diminishes [1]-[5].  

   Where the echo is stronger than the speech signal, though, low-frequency noise is a much more efficient filter, 

masking all vowels and consonants at elevated sound pressure levels. Shot noise in electronic devices is described as 

the inevitable random statistical fluctuations of an electrical conductor's electric current. Since current is a flow of 

isolated charges (electrons), random variations are inevitable. Flicker noise, also known as 1/f noise, is a signal or 

phase with a frequency range that drop off gradually towards the higher frequencies, resulting in a pink spectrum. It can 

be found in nearly all electronic devices and is caused by a number of factors, all of which are connected to direct 

current. Burst noise is characterised by abrupt step-like transitions between two or more levels (non-Gaussian), with 

voltages as high as several hundred millivolts, that occur at random and unpredictable times. Since and change in offset 

voltage or current lasts many milliseconds and the gaps between pulses are typically in the audio range (less than 100 

Hz), the popping or crackling noises it creates in audio circuits are referred to as popcorn noise.  

   The noise frequency in an electronic device is usually expressed as an electrical power N in watts or dBm, a root 

mean square (RMS) voltage in volts, dBV, or a mean squared error (MSE) in volts squared. The chance distribution 

and noise spectral densityN0(f) in watts per hertz can also be used to describe noise. Typically, a noise signal is thought 

of as a linear complement to a valuable information signal. Signal-to-noise ratio (SNR or S/N), signal-to-quantization 
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noise ratio (SQNR) in analog-to-digital transfer and compression, peak signal-to-noise ratio (PSNR) in picture and 

video coding, Eb/N0 in digital transmission, carrier-to-noise ratio (CNR) before the detector in carrier-modulated 

devices, and noise statistic in cascaded amplifiers are all examples of signal quality measurements that include noise 

[6]-[10]. It's a spontaneous fluctuation of an electrical signal that all computer circuits provide. Electronic system noise 

has a wide range of characteristics, and it can be caused by a variety of factors. Thermal and shot noise are inherent and 

are caused by natural rules, not by the process that produces them, while other forms are mostly caused by industrial 

quality and semiconductor defects. 

   Noise is a malfunction or unwanted random interruption of a valuable information signal added before or after the 

detector and decoder in communication systems. The noise is a set of unnecessary or distracting energy originating 

from both natural and man-made causes. Signal-to-noise ratio (SNR), signal-to-interference ratio (SIR), and signal-to-

noise plus interference ratio (SNIR) measurements are used to separate noise from interference. Noise is usually 

distinct from distortion, which is an undesirable change in the signal waveform, as measured by the signal-to-noise and 

distortion ratios, for example (SINAD). A specific carrier-to-noise ratio (CNR) at the radio receiver input will result in 

a certain signal-to-noise ratio in the detected message signal in a carrier-modulated passband analogue transmission 

device. A certain Eb/N0 (normalised signal-to-noise ratio) in a digital communications device will result in a certain bit 

error rate (BER [11]-[16]). Although noise is usually undesirable, in certain applications, such as random noise, it may 

be beneficial. 

 

II. EXISTING METHOD 

   Widrow and Hoff developed the LMS algorithm in 1959 as part of their research into a pattern-recognition machine 

known as the adaptive linear element, or Adaline. The LMS algorithm iterates each tap weight of the transversal filter 

in the direction of the instantaneous gradient of the squared error signal with respect to the tap weight in question, 

making it a stochastic gradient algorithm. 

   Let w n denote the LMS filter's tap-weight vector computed at iteration(time step) n. The recursive equation perfectly 

describes the filter's adaptive operation (assuming complex data) 

           (1) 

 

The error signal is the number enclosed in square brackets. Complex conjugation is indicated by the asterisk, and 

Hermitian transposition is indicated by the superscript H. (i.e., ordinary transposition combined with complex 

conjugation). The LMS filter's simplicity is shown in Equation 1. This versatility, along with the LMS filter's attractive 

properties and functional implementations, has rendered the LMS filter and its derivatives an important part of the 

adaptive signal processing toolkit over the past 40 years, and for many years to come. To put it another way, the LMS 

filter has stood the test of time. While the LMS filter is easy to implement in terms of computation, its mathematical 

study is extremely difficult due to its stochastic and nonlinear existence. The LMS filter's stochastic existence is 

manifested in the fact that, in a stationary setting, and under the assumption of a limited step-size parameter, it performs 

Brownian motion. The discrete-time variant of the Langevin equation nearly perfectly describes the minimal step-size 

principle of the LMS filter. 

 

           (2) 

 

We present the findings of a computer experiment on a classic illustration of adaptive equalisation to demonstrate the 

relevance of Eq. (2) as the definition of small step-size principle of the LMS filter. In this case, the impulse response of 

an unknown linear channel is represented by the raised cosine. 

 

           (3) 
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Where W regulates the amount of amplitude distortion generated by the channel, with W raising the distortion. The 

eigenvalue spread (i.e., the ratio of the largest eigen value to the smallest eigenvalue) of the correlation matrix of the 

equalizer's tap inputs is regulated by this parameter, with the eigenvalue spread increasing with W. M 14 11 taps are on 

the equaliser. The learning curves of the equaliser trained with the LMS algorithm with the step-size parameter m 14 

0:0075 and varying W. Over an ensemble of 100 separate trials of the experiment, each learning curve was obtained by 

integrating the squared value of the error signal en versus the number of iterations n. 

 

III. PROPOSED METHOD 

The NLMS algorithm can be thought of as a restricted optimization approach. The interest issue can be described as 

follows: Determine the tap weight vector to reduce the squared Euclidean norm of the shift in the tap weight vector 

with respect to its old value, subject to the restriction, where denotes the Hermitian transpose, provided the tap-input 

vector and the desired response. The a posteriori error series vanishes as a result of this constraint. The Lagrangian 

function is used with the Lagrangian multiplier approach to solve this optimization issue. 

            (4) 

 
 The well-known adaptation rule with the normalised phase size provided by is obtained by multiplying by the 

Lagrange multiplier. In real-world implementations, the above restriction is too restrictive; therefore, if we loosen it, we 

may derive another fascinating approach. Consider the following cost function in a constrained optimization problem:

   

            (5) 

             

 This equilibrium restriction guarantees that the sequence of a posteriori errors remains stable, i.e., the best approach 

smooths out the sequence of errors as much as possible. When you take the partial derivative with respect to the 

variable and set it to 0, you get 

 

   

 

 

            (6) 

 

 

            (7) 

 

 

where is the difference between two consecutive input vectors. Hence, the step of the algorithm is 

                 (8) 

 

 

Finally, after multiplying both sides of the Lagrange multiplier can be expressed as 

    

                  (9) 

 

 
 

Since the numerator on the left-hand side is equivalent to, where is the gap in the a priori error series [denoted by for 

short]. As a result, when the equilibrium limit is applied to the right-hand side. 
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            (10) 

 

 

Finally, the minimum of the Lagrangian function satisfies the following constrained stability update condition (CS-

LMS) 

 

            (11) 
 

 

The weight adaptation law can be rendered more resilient by adding a small positive constant to the denominator to 

avoid numerical instabilities in the case of a vanishingly small squared norm and multiplying the weight increment by a 

constant phase size to monitor the adaptation pace. It's worth noting that the equilibrium condition ensures the 

algorithm's convergence if. For decorrelation, blind source isolation, and deconvolution applications, many learning 

algorithms based on the concurrent adjustment of processing variables have been suggested in the past is shown in 

figure 1. Using an estimator dependent on an immediate value of the probability density function (pdf) and Parzen 

windowing, stochastic knowledge gradient (SIG) algorithms optimise (or minimise) the Shannon's entropy of the series 

of errors. The CS-LMS algorithm may thus be thought of as a generalisation of the single sample-based SIG algorithm 

with variable kernel density estimators. 

 
Figure 1: Block Diagram of LMS Filter 

 

IV. SIMULATION RESULTS 

    After the CS-LMS method has been created, a comparison with the NLMS algorithm is made. This section 

demonstrates that, under some constraints, both the CS-LMS and the NLMS algorithms converge to the ideal Wiener 

solution, and that, for any defined phase scale, the proposed CS-LMS outperforms the NLMS algorithm in terms of 

excess minimal squared error (EMSE) and mis modification (M) is shown in Figure 2. Theorem 1 (Convergence 

Equivalence) of the CS-LMS Convergence Analysis: Let's say the tap inputs to a transversal filter are and the tap 

weights are. The calculation error is calculated by contrasting the filter's approximation with the desired response, i.e. is 

Shown in Figure 3, The CS-LMS adaptation, on the other hand, converges to the Wiener solution under stationary 

conditions if the desired signal is provided by multiple linear regression l, i.e., where is an uncorrelated white-noise 

phase that is statistically independent of the input vector is shown in Figure 4. This theorem is shown by demonstrating 

that is equivalent to. Because the cross-correlation variable between the concurrent shift in the desired responses and 

input-vectors, where denotes auto-correlation matrix, this requirement is fulfilled. 
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Figure 2: LMS Output 

 
Figure 3: NLMS Output 

 
Figure 4: Mean Square Error Output of LMS and NLMS 

 

V. CONCLUSION 

    This project developed a new CS-LMS algorithm focused on the principle of difference quantities and the 

equilibrium state restriction in the series of a posteriori calculation errors. The technique, which adds nonlinearities to 

the error and input signal sequences, was developed as a generalization of the NLMS algorithm using the Lagrange 

multiplier method. As opposed to referenced algorithms, the proposed ANC focused on the CS-LMS algorithm 

performed better under some conditions by reducing excess mean-squared error and misadjustment. 



IJARSCT   ISSN (Online) 2581-9429 

     

 

         International Journal of Advanced Research in Science, Communication and Technology (IJARSCT) 

 

 Volume 5, Issue 2, May 2021 

 
 

Copyright to IJARSCT       DOI: 10.48175/IJARSCT-1216                    105 
 www.ijarsct.co.in  

     Impact Factor: 4.819 

REFERENCES 

[1]. Comparative Study of Adaptive Algorithms Using Matlab and Verilog. Parvathy, A and Narayanan, G. 2018, 

p. 6.  

[2]. Adaptive noise cancellation using NLMS algorithm in GNU radio,. J. Adarsh, P. Vishak and R. Gandhiraj,. 

Coimbatore, : s.n., 2017.  

[3]. A. Feuer, E. Weinstein,. Convergence analysis of LMS filters with uncorrelated Gaussian data. s.l. : IEEE 

Transactions on Acoustics, Speech, and Signal Processing, 1985.  

[4]. Tracking capability of the least mean square algorithm: Application to an asynchronous echo canceller. S. 

Marcos, O. Macchi., s.l. : IEEE, 1987, Vol. 35.  

[5]. Prediction in LMS-type adaptive algorithms for smoothly time varying environments,. Gazor, s.l. : in IEEE 

Transactions on Signal Processing,, 1999, Vols. 47,.  

[6]. Application of hybrid adaptive filters for stock market prediction. Nair, Binoy.Mohandas, V.Sakthivel, 

N.Nagendran, S.Nareash, A.Nishanth, R. Ramkumar, S.Kumar, D. s.l. : International Conference on 

Communication and Computational, 2010. 

[7]. R.W. Harris, D.M. Chabries, and F.A. Bishop, A variable step-size algorithm, IEEE Trans. Acoust. Speech 

Signal Process, vol.ASSP-34, no.2, pp.309-316, April 1986.  

[8]. R.H. Kwong and E.W. Johnston, A variable step-size LMS algorithm, IEEE Trans on Signal Processing.40 

(6), 1633-1642,1992.  

[9]. Kun Shi, Xiaoli Ma. A variable step-size NLMS algorithm using statistics of channel response. Signal Process 

(90) 6, 2107-2111, 2010.  

[10]. Zhijin Zhao, Pingping Yan, Lei Shen. A New Variable Step Size NLMS Algorithm Based on Decorrelation 

for Second-Order Volterra Filter. Lecture Notes in Electrical Engineering Volume 122, 25-32, 2012.  

[11]. Yi Sun, Rui Xiao, Liang-Rui Tang, Bing Qi. A Novel Variable Step Size LMS Adaptive Filtering Algorithm. 

Communication in Computer and Information Science Volume 226, 367-375, 2011.  

[12]. S.V.Narasimhan, S.Veena. New unbiased adaptive IIR filter: it’s robust and variable step-size versions and 

application to active noise control. Signal, Image and Video Processing, Volume 7, Issue 1,197-207, 2013.  

[13]. 13 Pazaitis, D. I., and Constantinides, A. G.. A novel kurtosis driven variable step-size adaptive algorithm. 

IEEE Transactions on Signal Processing, 47(3):864–872, (1999). ISSN 1053-587X. 

http://dx.doi.org/10.1109/78.747793. 

[14]. Zou, K., and Zhao, X. A new modified robust variable step size LMS algorithm. In The 5th IEEE Conference 

on Industrial Electronics and Applications, pages 2699–2703. Xi’an, China, (2009). 

[15]. http://dx.doi.org/10.1109/ICIEA.2009.5138654. 

[16]. S.Kannadhasan and R.Suresh, EMD Algorithm for Robust Image Watermarking. Recent Advances in 

Mechanical Engineering and Interdisciplinary Developments Organized by Ponjesly College of Engineering 

(ICRAMID 2014) Nagercoil on 7-8 March 2014, Published for Advanced Materials Research Vols.984-985 

(2014) PP 1255-1260, ISSN No:1022-6680  

[17]. 16 Karni, S., and Zeng, G. A new convergence factor for adaptive filters. IEEE Transactions on Circuits and 

Systems, 36(7):1011–1012, (1989). ISSN 0098-4094. http://dx.doi.org/10.1109/31.31337. 


