
International Journal on Recent and Innovation Trends in Computing and Communication                                       ISSN: 2321-8169 
Volume: 3 Issue: 4                                                                                                                                                                        2261 – 2268 

_______________________________________________________________________________________________ 

2261 
IJRITCC | April 2015, Available @ http://www.ijritcc.org                                                                 

_______________________________________________________________________________________ 

Investigation of Effective De Noising Techniques for ECG Signal 

Mr. Yogesh V. Ravandale 
1
Dept of Electronics SSVPS’s BS Deore College of Engg, 

NMU Dhule 

yravandale@gmail.com 

 

Mr. Sanjeev N Jain  
 
 Dept of Electronics SSVPS’s BS Deore College of Engg, 

NMU Dhule 

Sanjeev_n_jain@yahoo.com

 
Abstract: Due to fast life style Heart related problems are increasing day by day and it’s very important that disease related to heart can be 

diagnosed easily by simple medical techniques. These diseases can be diagnosed by ECG (Electrocardiogram) signals. ECG is used for 

measurement of electrical potentials with the help of contact electrodes, thus it is treated as one of the important signals. The ECG recording is 

often deteriorated by several factors such as power line interference and baseline wander noise. Various noises have to be removed for better 

clinical evaluation. This paper gives the different way in which noise occurs & methodologies to remove such addition in the ECG signal. Signal 

to noise ratio (SNR) is measured from ECG signal and comparison is made with the performance of different methods used for removal of ECG 

noise. 
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I. INTRODUCTION 

The electrocardiogram (ECG) [1] is an activities can be 

analyzed the electrical movement of the heart over time and 

it is helpful in the study of cardiovascular illness, for 

instance a cardiovascular arrhythmia. In recording an ECG 

signal is as often electrical and mechanical noises are often 

within it. Electrical noise, for example, 50Hz power line 

interference, baseline drift, electrode movement, white 

noise, motion artifact and so forth. Consequently, 

evacuation of artifact (antiquities) in ECG signal is a pre 

processing activity in number of malady investigation for 

conclusion and clinical applications. When de noise the 

ECG signal some customary strategies like  linear filters, 

signal averaging, and their combination can be adapted. As 

of late, adaptive and non adaptive filter and wavelet 

transformation have been produced as a standout amongst 

the most widely recognized and compelling apparatus in 

transforming and investigation of biomedical signal , for 

example, ECG however customary systems simpler than 

wavelet transformation. Electrode set placed on surface of 

object’s body produces ECG signal. Figure 1 shows ECG 

signal of ordinary heart beat. The power line interference 

(50 Hz) acquaint framework due to electromagnetic 

obstruction from the electric-power framework. The 

fundamental driver for the power line interference is 

because of poor establishment of ECG machine. Such noise 

can bring about issues deciphering low-amplitude 

waveforms. Baseline wanders, more often than not in the 

scope of 0.15Hz - 0.3Hz happens because of sweat, breath, 

body developments of the human. Presents works noise 

arbitrarily included ECG signal while utilize Windowing 

strategy for FIR, Butterworth filter and the least mean 

squares. Least mean squares(LMS) [2]  measure is such an 

algorithm which is to give the method to vary the  filter 

coefficients. Various adaptive structures have been utilized 

for many more applications as a part of adaptive filtering.  

The objective of this paper demonstrates the investigation of 

noise from ECG signal.  The paper recommends the 

methods which are less complicated. ECG signal is shown 

in Figure 1 

 

 
 

Figure1 Normal ECG Signal 

 

Signal preparation is a test following the genuine signal 

worth will be 0.5mV in a balance .Different variables like 

AC power supply interference, RF impedance from surgery 

equipment, and embedded gadgets like pace makers and 

physiological checking system can are known to affect 

precision. The primary wellsprings of noise in ECG are 

Baseline wanders (low frequency noise), Power line 

interference (50Hz or 60Hz noise from power lines depends 

upon country), Muscle noise (This noise is very difficult to 

remove as it is in the same region as the actual signal. It is 

usually corrected in software) and other interference (i.e., 

radio frequency noise from other equipment)  

 

II. LITERATURE SURVEY 

Ravindra Pratap Narwaria, Seema Verma displayed the 

investigation of FIR filter utilizing window systems for 

ECG sign transforming. The parameters i.e. Power Spectral 

Density (PSD), normal power and signal to noise ratio 

(SNR) are figured out of ECG signal and look at the 

execution of diverse window routines utilized for FIR filter. 

[1]  
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Soroor Behbahani recommended that signal recorded from 

the human body give important data about the natural 

exercises of body organs. The organs trademark topologies 

with fleeting and unearthly properties can be related with an 

ordinary or neurotic capacity. In light of element changes in 

the conduct of those organs, the signal shows time changing, 

non-stationary reactions. The signal are constantly defiled 

by a float and impedance brought on by a few bioelectric 

phenomena, or by different sorts of noise, for example, 

intrinsic noise from the recorder and noise from electrode 

skin contact. The author uses Adaptive filter for noise 

abolition and scrutinizes ECG signals. [2] 

 Mbachu C.B. also, Offor K.J suggested that 

Electrocardiogram (ECG) signal assumes a basic part in the 

observing and analysis of the wellbeing states of heart. The 

most critical noise that degenerate ECG signal are power 

line interference, electro myogram, baseline wander and 

electroencephalogram. Planning digital filters to smother 

this noise is vital in ECG signal preparing. In this work a 

digital FIR filter for lessening 50Hz power line noises in 

ECG signal is planned and actualized with Hamming 

window. MatLab is utilized for producing the ECG signal 

and noise, furthermore watching the outcomes. A correlation 

of the adequacy of the filter composed with hamming 

window with that of a adaptive filter is likewise conveyed 

out. [3] 

Rinky Lakhwani, J.P. Saini took a shot at Distinctive 

antiquities influence the ECG signals which can 

consequently bring about issues in dissecting the ECG 

Along these lines signal preparing plans are connected to 

uproot those impedances. They uproot of low frequency 

interference i.e. baseline wandering in ECG signal and 

digital filters are designed to evacuate it. The digital filters 

outlined are FIR with distinctive windowing techniques as 

of Rectangular, Gaussian, Hamming, and Kaiser. The 

outcomes acquired are at a low order of 56. The signal is 

taken from the MIT-BIH database which incorporates the 

typical and irregular waveforms. They took a shot at MAT 

LAB environment where filters are outlined in FDA 

Apparatus. They are chosen the parameters such that the 

noise is uprooted for all time best results are gotten at a 

order of 56 which makes equipment execution simpler. The 

outcome acquired for all FIR filters with diverse windows 

are analyzed by looking at the waveforms and power 

spectrum of the first and separated ECG signals. The filters 

which gives the best results is the one utilizing Kaiser 

Window. [4]  

Pavan d. Paikrao, Deeplaxmi P. Shinde, V. V. Ingale has 

proposed a calculation for discovery of the QRS fractions of 

ECG signal. There are three crests i.e. P wave, QRS 

complex and T wave. Here they are distinguished QRS 

complex. QRS complex wave discovery is imperative for 

the HRV investigation of ECG signal in biomedical science. 

They have utilized subsidiary of the sign to uproot P Wave 

and T wave from sign. Band pass filter is utilized to 

evacuate noise, for example, as baseline wander, power-line 

noise, and out of band noise. Squaring of the signal makes 

all data point to non zero. Squaring of the signal is taken to 

underscore the higher frequencies i.e. prevalently the ECG 

frequencies. [5]  

Min Dai, Shi-liu Lian clarified that the customary strategy in 

light of moving average filter can evacuate the baseline 

wander in electrocardiogram signals, additionally causes the 

loss of rationale ECG signals, which makes twists of filtered 

ECG signals. The author said that, a changed moving expel 

it from the identified signal keeping in mind the end goal to 

recoup genuine ECG. The interim examining information is 

mulled over when ascertain the moving normal with a 

specific end goal to decrease the loss of valuable ECG 

signal and twists. The algorithm is created for PC execution 

utilizing MATLAB. To accept the proposed techniques, the 

recording from MIT/BIH database is utilized. Trial results 

exhibit the change of the proposed moving average filter 

over the customary one in uprooting baseline wander 

without acquainting contortion with the ECG signals. [6]  

Seung Min Lee, Ko Keun Kim, Kwang Suk Park watched 

that utilizing power algorithm every obliteration step, 

ancient artifacts wonder signal is uprooted as low frequency 

antiquities as high frequency artifacts. Albeit some unique 

ECG sign is evacuated with curio signal, we could level the 

signal quality for long haul measure which demonstrates the 

best quality ECG motions as we can get. [7]  

Juan Ramos and Pallas-Areny, proposed another strategy for 

signal averaging planned for non stationary noise 

diminishment in the ECG. The diverse ECG cycles are 

organized in climbing order of noise variances before 

averaging. At that point if low-fluctuation cycles are arrived 

at the midpoint of, the change in sign to-noise proportion is 

superior to averaging all cycles recorded. [8]  

Elhamzeraatkar, Saeedkermani, Alirez amehridehnavi, 

Arashaminzadeh are studied the QRS complex in 

electrocardiogram signals is vital tasks to describe the 

operation of heart, high accuracy detection for this complex 

should be considered. So use one of the newest methods of 

QRS complex detection combined with several artifact 

sources reduction methods has been performed. QRS 

detection algorithm includes baseline drift removal, 

Butterworth filtering, notch filtering and extracting five 

special features from ECG to extract QRS complex. In order 

to validate the robustness of this method, four important 

artifact sources such as have been produced and combined 

with ECG signal. The performance of this approach against 
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these noises based on three MIT-BIH recording classes 

(Normal, LQT and TWA) has been discussed with ROC 

(Receiver Operating Characteristics).This method has the 

ability to cancel respiration modulation and reduce EMG 

noise, motion and power line artifacts effectively.[9] 

Kenneth k. Kelly, Thomas w. Calvert, depicted a method for 

the expulsion of reasonable noise from digitized signal  by 

utilizing cross connection to distinguish the noise 

parameters. The methodology is especially helpful for 

expelling force framework noise from short digitized 

physiological signal (ECG, EEG).[10] 

Mahesh Chavan, R. A. Agarwala, M. D. Uplane outlined 

and executed the FIR digital filter utilizing Kaiser Window 

for the noise diminishment in the ECG signal. The 

reproduction model is constructed with the assistance of 

MatLab. Firstly three diverse FIR filters utilizing Kaiser 

Window to be specific low pass high pass and notch filter 

are outlined and after that actualized in the ECG signal. The 

correct signal molding circuit has been utilized to get to the 

12 lead ECG signal. Obliged recreation model has been 

manufactured in the MatLab. All the filters have been 

outlined with the assistance of FDA tool kit the MatLab. 

Digital filters assume critical part in the handling of the low 

frequency (frequency) signals. Quantities of biomedical 

signal are of the low frequency. The ECG signal, for the 

most part speaks to the state of the heart. It has the 

frequency range from 5 Hz to 100Hz. Artifacts assumes 

indispensable part in the handling of the ECG signal. The 

work is the venture in the bearing for diminishment of the 

artifacts utilizing digital filter outlined with the assistance of 

Kaiser Window. It is discovered that the filter presented 

works satisfactorily. [11]  

Hamid Gholam Hosseini, Homer Nazeran, Karen J. 

Reynolds proposed a digital filter structure to maximally 

expel noise from the ECG signals. This structure is taking 

into account falling a zero-stage band-pass, a adaptive filter, 

and multi-band-pass filter. It gives a proficient system to 

expelling noise from the ECG signals. These filter structures 

have low execution many-sided quality and brings little 

noise into an average ECG. It can be connected to real 

applications especially programmed cardiovascular 

arrhythmia classers. [12]  

Akanksha Deo, DBV Singh, Manoj Kumar Bandil, Dr. A K 

Wadhwani exhibited that Adpative filter design their 

coefficients as indicated by the necessity. There are different 

adaptive calculations, for example, Leas Mean Square 

(LMS), Recursive Minimum Square (RLS), Normalized 

Least Mean Square (NLMS) and so forth are present.[13]  

Mohammad Ayat, Mohammad B. Shamsollahi, Behrooz 

Mozaffari, Shahrzad Kharabian watched that ECG denoising 

has dependably been an essential issue in restorative 

building. The reasons of de noising are decreasing noise 

level and enhancing signal to noise ratio (SNR) without 

twisting the sign. The author proposes a technique for 

expelling white Gaussian noise from ECG signals. The ideas 

of peculiarity and local maxima of the wavelet transform 

modulus were utilized for investigating peculiarity and 

remaking the ECG signal. Adaptive thresholding was 

utilized to evacuate white Gaussian noise modulus greatest 

of wavelet transform and after that recreate the signal.[14]  

B. Pradeepkumar, S. Balambigai, Dr. R. Asokan are 

watched that Electrocardiogram (ECG) sign has a crucial 

part in determination process and discovering data with 

respect to heart maladies. Great quality ECG is utilized by 

specialists for distinguishing proof of physiological and 

neurotic phenomena. For least signal corruption, De-noising 

is performed to decrease noise power level. As sign is ruined 

by noise, de-noising is critical and normal in numerous 

applications. Successful concealment of noise in ECG is an 

established issue. The proposed strategy was a crossover 

method, joining Exact Mode Disintegration (EMD) and 

Wavelet thresholding. EMD has great capacity to decay the 

sign. Wavelet thresholding is great in expelling the noise 

from deteriorated sign. Utilizing the benefits of both 

systems, execution of de-noising has been moved forward. 

EMD is connected to deteriorate the loud Electrocardiogram 

(ECG) into a progression of characteristic mode capacities 

(IMF) then thresholding is done on every IMF. At long last 

author said that, the sign is recreated with the transformed 

IMF to get the de-noised ECG. From the outcomes it is pass 

that the proposed system has enhanced performance.[15]  

Arpit Sharma, Sandeep Toshniwal, Richa Sharma clarified 

adaptive filter for high determination ECG Signal is 

displayed which assess the deterministic part of the ECG 

Signal and evacuate the noise. [16]  

Anju, Mamta Katiyar introduced a direct planed of IIR 

filters which minimizes gathering delay without changing 

the greatness reaction of filters and Butterworth and 

Chebyshev1 low pass filters are planned by utilizing every 

single pass filter. The outline determinations are pass band 

and stop band frequencies and pass band swell and stop 

band constriction [17]  

Harshita Pandey, Rajinder Tiwar took a shot at to overcome 

corruption of this ECG motion by utilizing Butterworth 

digital filters. They utilize Butterworth filter is a kind of sign 

handling which used to filter intended to have as level a 

frequency reaction as would be prudent in the pass band 

additionally manages the outline of Butterworth digital filter 

including low pass, high pass and notch filter with the 

assistance of MATLAB [18] 
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III. METHODOLOGIES 

 

A. Adaptive filters 

Cutting edge period of therapeutic treatment is outfitted with 

by mechanized methodologies. Signals produced from the 

human body give useful data about working organs. The 

organs characteristics topologies with worldly and unearthly 

properties can be connected with a typical or obsessive 

capacity. In light of element changes in the conduct of those 

body parts, the signals display time differing, non-stationary 

responses. The signals are constantly tainted by a float and 

obstruction brought about by a few bioelectric phenomena, 

or by different sorts of noise, for example, inherent noise 

from the recorder and noise from cathode skin contact. In 

paper [2][16] has been said us A adaptive filter is a  filter 

that adjusts is known its exchange capacity as per a 

streamlining algorithm driven by a lapse signal. It adjusts to 

the change in signal attributes to reduce the mistake. It 

thinks that its application in adaptive noise undoing, 

framework distinguishing proof, frequency following and 

filter evening out. Fig.2 demonstrates the general structure 

of an adaptive filter.  

 

In Figure 2, x(n) is that input signal. An adaptive filter is 

supplied with the information signal x(n) that produce 

output signal y(n). Adaptive algorithm changes the filter 

coefficient included in the vector w(n), to receive smallest 

the error signal e(n).[16] 

 

 

 
 

Figure 2 General Structure of an Adaptive Filter 

 

1) Adaptive Noise Cancellation   
At the point when specialists are analyzing a patient on-line 

and need to survey the electrocardiogram (ECG) of the 

patient in real time, there is a risk that the ECG signal has 

been debased by a 60-Hz noise source. To permit specialists 

to view the best signal that can be acquired, adaptive filter is 

proposed to uproot the tainting signal with a specific end 

goal to acquire and translate the ECG data. [2] [13] 

 

Figure 3 Noise cancellation systems 

 

The LMS adaptive filter composed with utilization of 

MatLab capacities intended to uproot the debasing sign, as 

indicated in Fig. 3. The ECG signal‘s’ is the original 

uncontaminated data signal of program. The wanted output 

is the contaminated ECG signal‘t’. The Adaptive Filter will 

try its hardest to replicate this contaminated signal however 

it just thinks about the first 60 Hz noise source, ‘v’. 

Subsequently, it can just reproduce part of‘t’ that is directly 

associated with ‘v’, which is ‘m’. Basically, the Adaptive 

Filter will endeavor to copy the noise way filter, so that the 

yield of the filter ‘a’ will be near to the contaminated noise 

‘m’. Along these lines the error ‘e’ will be near to the first 

uncontaminated ECG signal‘s’. We call (s+m) primary input 

and ‘a’ the reference signal. [2][13][16][19] 

Since the Adaptive Filter output is a and the error is, then 

the mean, then the mean square error (MSE) is: 

            
 
                  

                   

Since signal and noise are uncorrelated, the MSE is: 

                      

Minimizing the MSE results in a filter error that is the best 

least squares estimate of the signal‘s’. The Adaptive Filter 

eliminates noise by iteratively minimizing the MSE between 

the primary and the reference inputs [2][12][13][19]. 

2) The Least Mean Square (LMS) Algorithm  
The LMS algorithm is an iterative system for minimizing 

the mean square lapse (MSE) between the essential data and 

the reference signal [2][19]. The Adaptive Filter weights are 

upgraded by utilizing the LMS algorithm.  

Characterize the desired response. Set every coefficient 

weight to zero. Compute the yield of the adaptive filter. 

Prior to the filter coefficients can be overhauled the error 

must be figured, essentially discover distinction between the 

wanted response & the yield of the adaptive filter. To 

upgrade the  filter coefficients reproduce the lapse by step 

size parameter; then increase the outcome by  filter 

information & add this outcome to estimations of the past  

filter coefficient.[2][13][16].[19] 
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Filter output  Y (n) = ŵ(n).u (n) 

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

Tap-weight adaptation Ŵ (n+1) = ŵ (n) + µ u 

(n) e*(n) 

 

Figure 4 Schematic diagram of LMS algorithm 

B. Digital FIR Filter Design strategy  

Propelled FIR filter is viably used in changing 

electrocardiographic signals for estimation. ECG which is a 

biomedical signal is routinely worsen by diverse 

impedances, for instance, 50Hz Power Line Interferences 

(PLI) and some other biomedical signals like example 

baseline wander ECG signal repeat is generally some place 

around 0.05Hz and 100Hz. baseline Wander repeat is 

underneath 1 Hz [1]. These deterrents must be ousted from 

ECG movement in order to get right clinical information of 

the heart. Since the frequency of ECG depends on upon the 

muscle advancement rate and weight it can be diminished to 

the barest  minimum in the midst of ECG estimation by the 

patient staying still and cool so that the muscles are totally 

relaxed.[1][4][20]  

In signal processing,[1][4] the limit of a  filter is to avoid 

parts of a signal, for instance, random noise or to 

demonstrate profitable parts of the signal, for instance, 

fragments lying in a certain key frequency range.[4] There 

are two key type of filters; Analog and Digital  filters. 

General modernized filter design technique is used as they 

have various inclinations including size, expense, part 

strength, speed etcetera. There are two sort of digital filter: 

the recursive filter and the non recursive filter [1] [19][20]. 

The window strategy is most generally utilized system for 

designing FIR filters. The simplicity of design methodology 

makes this method highly acceptable. A window is a finite 

array consisting of coefficients selected to satisfy the 

desirable needs.  

For designing window elements of digital FIR filters it is 

important to determine [4] A window capacity to be utilized 

,the filter order as indicated by the obliged particulars 

(selectivity and stop band constriction).These two 

prerequisites are interrelated. Every capacity is a sort of 

trade off between the two after necessities and the higher the 

selectivity, i.e. the narrower the transition region.  

 

The desired frequency response specification      , 

corresponding unit sample response       is [1] [4] 

determine using the following relation 

 

      
 

  
      
 

  
           (1) 

 

Where 

 

                  
         (2) 

 

Unit sample response hd(n) above relation for infinite in 

duration, so it must be truncated to some point to yield an 

FIR filter of length M(0 to M-1).The different windowing 

methods are used in designing which include Hanning,  

Hamming, Blackman. A comparison is also done for all the 

different windows. In this section we present different 

window methods which are used to design of FIR filters [1] 

[19][20]. 

 

1) Hanning window 

The coefficient of a Hanning window are given as, 

 

      
          

   

 
        

           
       (3) 

The width of main lobe is approximately 8π/M and peak of 

first side lobe is at –32dB [1][19].  

 

3.2.3Hamming Window 

The coefficient causal Hamming window is defined as, 

 

      
            

   

   
        

           
       (4) 

The width of fundamental projection is pretty nearly 8π/M 

and the crests of first flap is at –43dB [1][3][4][19]  

3.2.3 BLACKMAN WINDOW 

The Blackman window of length N is defines as:   

      
           

   

   
        

   

   

                                                
                                              

      (5) 

Where M is N/2 for N even and (N + 1)/2 for N odd.  

In the symmetric case, the second a half of the Blackman 

window M ≤ n ≤ N – 1 is acquired by flipping the first half 

around the midpoint. The symmetric alternative is the 

favored strategy when utilizing a Blackman window as a 

part of FIR filter design. [19][20]  

The periodic Blackman window is developed by amplifying 

the desired window length by one sample to N + 1, 

developing a symmetric window, and removing the last 

sample] a Blackman window analysis requires use of  

periodic version of the input vector. [19][20]  

C. Butterworth filter 

The Butterworth filter gives a flat response. However this 

additionally has the preference that the computations are to a 

degree less complex than those for different types of filter. 

[9][17[18]  
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This straightforwardness consolidated with a level of 

execution that is more than sufficient for some applications 

implies that the Butterworth filter is broadly utilized as a 

part of numerous ranges of hardware from RF to sound 

dynamic filters. [17][18] 

 

Figure 5 Magnitude Response of an Ideal Nth Order Butterworth Filter 

Utilizing the mathematical statements for the Butterworth 

filter, it is moderately simple to figure and plot the 

frequency response and additionally working out the value 

required.  

Butterworth filter algorithm for frequency response 

The frequency response of these filters is monotonic, and 

filter order is related to sharpness For continuous time 

Butterworth filters, the poles connected with the squares of 

the magnitude of the frequency response are just as 

disseminated in point on a circle in the s-plane, concentric 

with the origin and having a range equivalent to the cut-off 

frequency. At the point when the cutoff frequency and the 

filter order have been indicated, the poles characterizing the 

system function are readily obtained. Differential equation 

of the filter can be obtained after the poles are specified [18] 

Fig. 5 demonstrates frequency response of Butterworth 

filter. The squared the magnitude function for a nth order 

Butterworth low pass filter is demonstrated in underneath 

comparison: 

 

                                    (6) 

 

         
 

          
                               (7) 

 Where, consistent is the 3dB cut-off frequency. It is 

anything but difficult to demonstrate that the initial 2n-1 

subsidiaries of |B(j⍵) |^2 at   =0 are equivalent to 0. 

Therefore, we say that Butterworth response is level at ⍵=0. 

[18][19][20]  

Moreover, the subsidiary of the magnitude response is 

constantly negative for positive ⍵, the magnitude response is 

monotonically diminishing with ⍵. For ⍵>> ⍵c, the 

magnitude response can be approximated by equation (8) 

 

               
 

        
                            (8) 

 

The frequency response of the Butterworth filter is 

maximally flat in the pass band, and rolls off towards zero in 

the stop band. At the point when seen in a logarithmic Bode 

plot, response slopes off linearly towards negative infinity. 

For a first order filter, response roll offs at -6 dB every 

octave. For a second order Butterworth filter, the response 

diminishes at -12 dB every octave, a third order at -18dB, 

etc. The Butterworth is the main filter that keeps up this 

same shape for higher orders while different mixtures of 

filter. [13][18][20] 

As the Butterworth filter is maximally level, this implies 

that it is outlined so at zero frequency, the initial 2n-1 

derivatives for the power capacity regarding frequency are 

zero. 

IV. RESULT 

We get following graphical results 

 

Figure 6 Graphical results using adaptive filtering 

 

Figure 7 Graphical results using Butter worth filtering 
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Figure 8 Graphical results using Blackman window 

 

Figure 9 Graphical results using Hanning window 

 

Figure 10 Graphical results using hamming window 

 

    Table I Comparison of SNR at fs = 500 

Filtering 

method 

Signal to noise 

ratio(SNR) 

 in dB 

Adaptive 

filter 56.35 

Butterworth 

filter 48.27 

Blackman 

window 28.83 

Hanning 

window 28.83 

Hamming 

window 28.91 

 

 

 

Figure 11: Results analysis using different filtering methods (on X-axis 

different methods and on Y-axis SNR) 

 

V. CONCLUSION 

 

The adaptive filter gives improve performance than butter 

worth filter and different windowing method (Blackman, 

Hanning, hamming) but windowing is easy to implement but 

it has poor Signal to noise ratio (SNR). Although digital 

filter has less Signal to noise ratio (SNR) but they are easy 

to implement and feasible practically.. Signal to noise ratio 

(SNR) is the main parameter used in ECG de noising 

techniques. 
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