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Abstract 
Artifacts in electrocardiogram (ECG) records are caused by various factors, such as powerline interference, 
electroencephalogram (EEG), electromyogram (EMG) and baseline wander. These noise sources increase the 
difficulty in analyzing the ECG and to obtaining clinical information. For that reason, it is necessary to design 
specific filters to decrease such artifacts in ECG records. In this paper, FIR adaptive filter based on a least mean 
square (LMS) algorithm for eliminating 50Hz powerline interference in ECG signal is proposed. The filter is 
designed with FDAtool of Matlab and tested with ECG signal corrupted with various powerline frequencies. 
Results are obtained and presented.  
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1. Introduction 
 ECG records carry information about abnormalities or responses to certain stimuli in the heart. Some of the 
characteristics of these signals are the frequency and morphology of their waves. These components are in the 
order of just a few up to 1mV and their frequency content within 0.5Hz and 100Hz depending on individual. 
The morphology and frequency are analyzed by physicians in order to detect heart disorders and heart related 
pathologies. However, the ECG signal is generally with other biological signals like electroencephalogram, 
electromyogram, baseline Wander and powerline interference. Due to the presence of artifacts, it is difficult to 
analyze the ECG, for they introduce spikes which can be confused with cardiological rhythms. Thus, noise and 
undesirable signals must be eliminated or attenuated from the ECG to ensure correct analysis and diagnosis. 
 Different researchers have worked on powerline interferences in ECG using adaptive filters. In [1] 
Daniel Olguin Olguin et al worked on the use of adaptive noise canceller (ANC) with variable step size 
parameter and LMS algorithm for the elimination of powerline interferences in the recording of EEG signals. 
Hong Wan et al in [2] used a variable step size least mean square (LMS) adaptive filtering algorithm to 
eliminate the 50Hz powerline interferences for which its frequency has small fluctuations from ECG signal. In 
[3] Yufeng Wu et al presented an unbiased and normalized adaptive noise reduction (UNANR) system to 
suppress random noise in eectrocardiographic signals. In [4] Guohua Lu et al evaluated the performance of 
adaptive noise cancellation filter in removing electrocardiogram interference from surface EMGs using 
recursive least square (RLS) algorithm. In [5] Sachin Singh and K. L. Yadav carried a performance evaluation 
of different adaptive filters for ECG signal processing. In [6] FC Chang et al carried out evaluation measures for 
adaptive PLI filters in ECG signal processing. In [7] Wilfried Philips presented a time-warped polynomial filter 
(TWPF), a new interval-adaptive filter for removing stationary noise from non stationary biomedical signals. A 
Garces Correa et al in [8] used cascaded adaptive FIR filters based on LMS algorithm to remove artifacts 
including powerline interference from ECG. Abdel-Rahaman Al-Qawasmi and Khaled Daqrouq worked on 
ECG enhancement using wavelet transform. In [10] J. Mateo et al worked on the adaptive approach to remove 
baseline wander from ECG recordings using Madeline Structure. In [11] Yun-Li Liu et al suggested the use of 
adaptive algorithm for canceling power line interference in biopotential measurement. In [12] Mikhled Alfaouri 
and Khaled Daqrouq considered ECG signal denoising by wavelet transform thresholding. 
 
2. Coefficient Update Process of  Least Mean Square (LMS) Based  FIR Adaptive Filter. 
 We can describe the FIR-LMS algorithm by considering the adaptive noise canceller(ANC) of fig 1 . There is a 
primary signal d(n) which in this case is the ECG signal plus powerline noise, and the secondary signal x(n) 
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which in this case is the powerline noise. The filter produces an output y(n) which is subtracted from d(n) to 
compute an error  e(n) 
 
 

 

 

 

 

 

 
Fig. 1: Adaptive filter for power line noise removal in ECG 
 
Normally, the output of FIR filter is a convolution of the input and the filter coefficients as shown below: 
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where L is the order of the filter, x(n) is the secondary  input signal, hk are the filter coefficients and y(n) is the 
filter output. The error signal e(n) is defined as the difference between the primary signal d(n) and the filter 
output y(n). That is to say;                                                          
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Where Rdx(n) is the cross-correlation function between the primary and secondary input signals while Rxx(n) is 
the autocorrelation function between the same two inputs. That is to say that  
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 The objective of this update process is to minimize the squared error. To get this goal the optimization 
technique of steepest descent is used. With this it is possible to calculate the filter coefficient vector for each 
iteration k, having information about the previous coefficients and gradient, multiplied by a constant. That is, 
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Where μ  is a coefficient that controls the rate of update and it is called the step-size. 
The gradient is defined as, 
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Differentiating with respect to kh  gives  
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Since d(n) and x(n) are not functions of kh , (13) condenses to  

( ) ( )knxnenhnh kk −−=+ )(2)1( μ      (14) 
The expression of (14) is the final description of the algorithm to compute the filter coefficients as a function of 
the signal error e(n) and the reference input signal x(n). The coefficient or step-size μ  is a scaler constant that 
must be chosen to guarantee fast convergence or adaptation without losing stability. The filter is stable if μ  
satisfies the condition;  

 0< μ <
xxPL..10
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Where L is the order of the filter and Pxx is the power of the input signal computed as  
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The interpretation of (14) is that a new set of coefficients )1( +nhk  is generated by updating the previous 

coefficients )(nhk  in accordance with the reference input noise signal. 
 
3 Design of FIR Adaptive noise canceller (ANC) using LMS Algorithm. 
The canceller is for  removing  the 50Hz powerline interference. 
 The order of the filter is 100 and the step size is 0.001. The design is carried out with FDAtool of Matlab. The 
instanteneous impulse, frequency and phase responses of the adaptive filter are depicted in fig. 12, fig. 13 and 
fig.14  respectively. 
 
 
 
 
 
 
 
 
 
Fig. 2: Instantaneous impulse response of the adaptive noise canceller 
  
 
 
 
 
 
 
 
Fig. 3: Instantaneous frequency response of the adaptive noise canceller 

 
 
 
 
 
 
 
 
 
 
Fig. 4: Instantaneous phase response of the adaptive noise canceller 

 
4 Results 
Fig. 5 shows an ECG signal corrupt with 50Hz powerline while fig 6 depicts the frequency response. It can be 
seen from  fig 6 that the power of the signal at 50Hz frequency is approximately (-45.21dB). Fig 7 shows the 
filtered ECG signal while fig. 8 is a representation of the frequency response. Fig 9 shows the  estimated  output 
of the adaptive  filter. It is clear from fig 8 that  the  power  of the  filtered signal at 50Hz  drops to ( -58.19dB); 
which implies that the adaptive filter has removed the 50Hz  powerline  interference. Fig 7 is also a 
representation of a clean ECG and its comparison with fig 5 confirms removal of 50Hz power line interference 
by the adaptive filter. 
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Fig. 5: ECG signal corrupt with 50Hz powerline 
 
 
 
 
 
 
 
 
 
 
Fig. 6: Frequency response of ECG signal corrupt with 50Hz powerline 
 
 
 
 
 
 
 
 
 
 
 
Fig. 7: ECG signal after filtration with the adaptive filter 
 
 
 
 
 
 
 
 
 
 
 
Fig. 8: Frequency response of ECG signal after filtration with the adaptive filter 
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Fig. 9: Adaptive filter estimated output 
 
Fig. 10 depicts an ECG signal corrupt, with 60Hz powerline interference and fig 11 is the frequency response. 
Fig 11 shows that the power of the signal at 60Hz is approximately (-46.12dB      ). Fig 12 shows the filtered 
signal and fig 14 is the frequency response. The estimated output signal is represented in fig 14. From fig 13 the 
power at 60Hz frequency drops ton (-58.19dB                ), implying that the adaptive filter has removed the 
60Hz noise. Comparing fig. 10 and fig 13 confirms noise removal. 
 
 
 
 
 
 
 
 
 
 
 
Fig. 10: ECG signal corrupt with 60Hz powerline 
 
 
 
 
 
 
 
 
 
 
 
Fig. 11: Frequency response of ECG signal corrupt with 60Hz powerline 
 
 
 
 
 
 
 
 
 
 
Fig. 12: ECG signal after filtration with the adaptive filter 
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Fig. 13: Frequency response of ECG signal after filtration with the adaptive filter 
 
 
 
 
 
 
 
 
 
 
Fig. 14: Estimated output of the adaptive filter  
 
Fig 15 shows an ECG signal corrupt with 45Hz powerline interference while fig. 16 is the frequency response.  
 
From fig. 16 it can be seen that the power of the corrupt signal at 45 Hz is (-44.99dB ). When the corrupt signal 
is applied to the adaptive filter, the filtered output is shown in fig17 while the frequency response of the filtered 
output is shown in fig. 18. Fig. 19 is the estimated filter output. From fig 18, it can be confirmed that the power 
of the signal has reduced to (-57.78dB          ) which means that the adaptive filter has removed the 45Hz 
powerline. A comparison of fig. 16 and fig. 17 also provides the information that the adaptive filter has removed 
the 45Hz powerline noise. 
 
 
 
 
 
 
 
 
 
 
Fig. 15: ECG signal corrupt with 45Hz powerline 
 
 
 
 
 
 
 
 
 
 
Fig. 16: Frequency response of ECG signal corrupt with 45Hz powerline 
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Fig. 17: ECG signal after filtration with the adaptive filter 
 
 
 
 
 
 
 
 
 
 
Fig. 18: Frequency response of ECG signal after filtration with the adaptive filter 
 
 
 
 
 
 
 
 
 
 
 
Fig. 19: Estimated output of the adaptive filter  
 
5. Conclusion 

The instantaneous impulse and magnitude responses of the adaptive filter show that the filter is very stable. The 
phase response is also indicating that the filter has a linear phase, which is desirable in filtering complex waves 
like ECG signal. the results of the implementation are confirming that when the frequency of the input noise 
changes, the adaptive filter tracks such changes and adjusts its coefficient to produce the same filtered output. 
Therefore, adaptive filter is most suitable when the frequency of the noise to be filtered out is not stable. 
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