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ABSTRACT: This work proposes a new Adaptive Sign Algorithm for Network Echo Cancellation (NEC) in 

impulsive noise environments. For Block Sparse (or) Cluster Sparse System, Memory Block Sparse Memory 

Improved Proportionate Affine Projection Sign Algorithm (BSM-PAPSA) make use of l21 mixed norm. For BSM-

PAPSA, the performance metrics like Convergence Rate (CR), Normalized Misalignment (NM), robustness in 

impulsive noise can be improved. As l20 norm is a better choice for sparse system identification, the proposed 

algorithm called Memory Cluster Sparse Proportionate Affine Projection Sign Algorithm (MCS-PAPSA) is derived 

from CS-PAPA and MBS-PAPSA. 

I.INTRODUCTION 

Adaptive signal processing is a branch of statistical signal processing that deals with the challenging problem of 

estimation and tracking of time-varying systems. By virtue of its applicability to time-varying and nonlinear systems, 

adaptive signal processing finds application in a broad range of practical fields such as telecommunications, radar and 

sonar signal processing, biomedical engineering and entertainment systems. Adaptive system identification is shown 

to be the central theme of adaptive signal processing. In the context of adaptive system identification partial 

coefficient updating is proposed as an attractive approach to complexity reduction. 

 

Filters are devices that are used in a variety of applications, often with very different aims. For example, a filter 

may be used, to reduce the effect of additive noise or interference contained in a given signal so that the useful signal 

component can be discerned more effectively in the filter output. Much of the available theory deals with linear 

filters, where the filter output is a (possibly time-varying) linear function of the filter input. 

II.EXISTING SYSTEM 

Currently available method in shopping malls is the barcode method explains the Existing system. The cashier scans 

the product through the barcode scanner and gives us the total bill. But this becomes a slow process when lots of 

products are to be scanned which eventually results in long queues, making the billing process slow. While doing 

survey we found that most of the people prefer to leave the shopping mall instead of waiting in long queues to buy a 

few products. To try to solve the problems previously identified, recent years have seen the appearance of several 

technological solutions for hypermarket assistance. All such solutions share the same objectives: save consumers time 

and money and help the retailers to win loyal clients. 

RFID and barcodes are similar in that they are both data collection technologies, meaning they automate the process 

of collecting data. However, they also differ significantly in many areas. If compared, RFID technology is found to 

be more comprehensive than barcode technology. Barcode scanner requires line of sight whereas RFID can be read 

without the line of sight. It is possible to read RFID tags from a greater distance. 

 COMPLEXITY: Compared with traditional RIP-APSA and MIP-APSA, the extra computational complexity of the 

BS-MIP-APSA arises from the computation of the l2 norm, which requires L multiplications and N square roots. The 

complexity of the square root could be reduced through a look up table or Taylor series. Meanwhile, the increase in 

complexity can be offset by the performance improvement. 

ADAPTIVE FILTER: An Adaptive filter is a system with a linear filter that has a transfer function controlled by 

variable parameters and adjust these parameters according to optimization algorithm.  It is capable of adjusting its filter 
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coefficients automatically to adapt the input signal via an adaptive algorithm. In the context of adaptive system 

identification partial coefficient updating is proposed to complexity reduction.  

  Over the past few decades, Adaptive filtering algorithms have received great deal of development and been 

widely applied in practical fields such as 

● System identification & channel equalization. 

● Acoustic/ network echo cancellation. 

NETWORK ECHO CANCELLATION: Line / Network Echo Cancellation is used in telecommunication applications 

to remove available echoes caused primarily by electrical signal reflections from the telephone hybrid circuit. Network 

Echo Cancellers is that the adaptive filter, whose role is to rapidly identify the echo path. Echo Cancellation is the 

reduction of the reflected copies of a direct path wave in a signal. . By employing echo cancellation technology, the 

quality of speech can be improved significantly. 

SOFTWARE-MATLAB: MATLAB is a numerical computing environment and proprietary programming language 

development by math work. MATLAB allows matrix manipulations, plotting of functions and data, implementation of 

algorithms, creation of user interfaces, and interfacing with programs written in other languages. 

    When code is entered in the Command Window, MATLAB can be used as an interactive mathematical shell. The 

MATLAB application is built around the MATLAB language. MATLAB is used in vast area, including signal and 

image processing, communications, control design, test and measurement, financial modeling and analysis, and 

computational  

 

III.RESULTS 

 

MCS-PAPSA WGN STEP SIZE 0.2: 

 

 

FIG.1 The estimated impulse response of APA, IPAPSA, MIPPAPSA, MBS-PAPSA and MCS-PAPSA between the samples and 

amplitude. The sparse impulse response is used with the length=0.2 and the white Gaussian noise as an input 

 

IV.CONCLUSION 

 

APA algorithms where robust against non-Gaussian impulsive Interferences and have fast convergence. The family of 

sign algorithms stand out due to its low complexity and robustness against impulsive noise. Memory Cluster Sparse 

Proportionate Affine Projection Sign Algorithm (MCS –PAPSA) is proposed by using memory, mixed norm and sparse 

impulse responses for every noise has Normalized Misalignment (NM) and Convergence Rate. The proposed algorithm 

is simulated and results are verified for sparse, single, double and multi cluster channels. Also, the Simulation results 

shows that the CR and NM of Memory Cluster Sparse Proportionate Affine Projection Sign Algorithm (MCS-PAPSA) 

is better than Block Sparse Memory Improved Proportionate Affine Projection Sign Algorithm (BS-MIP-APSA). 
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