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Abstract - Noise removal techniques play a significant role in the performance of electrocardiographic (ECG) signal 
processing systems. ECG signals can be corrupted by various kinds of noise such as baseline wander noise, 
electromyographic interference, powerline interference, etc.  One of the significant challenges in ECG signal processing is 
the degradation caused by additive 50 or 60 Hz powerline interference. This work investigates the removal of power line 
interference and suppression of transient response for filtering noise corrupted ECG signals. We demonstrate the 
effectiveness of infinite impulse response (IIR) notch filter with harmonic frequency tracking for improving the transient 
behavior. The proposed algorithm utilizes harmonic frequency tracking to significantly reduce the transient effect when 
eliminating a sinusoidal interference in signal enhancement. Simulation results show that the proposed IIR filter with 
harmonic frequency tracking outperforms traditional IIR notch filters in terms of mean square error and transient 
suppression. 
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I. INTRODUCTION 
 
In signal processing, the motive of a filter is to 
eradicate unwanted parts of the signal, like random 
noise, or to extract valuable portions of the signal 
lying within the particular range of frequency such as 
valuable components of a particular signal lying with 
in that frequency range. 
A filter is basically a system or a network that 
selectively changes the wave shape, amplitude- 
frequency and or phase- frequency features of a 
signal in a desired preferred manner. Filters are basic 
building block of all telecommunication and signal 
processing systems [1]. 
Physically, there are two main categories of filter, 
analog and digital. They are somewhat different in 
their physical makeup and in their working. An 
analog filter make use of analog electronics circuits 
prepared from components such as op amps, 
capacitors and resistors to yield the essential filtering 
effect. Such filter circuits are extensively used in 
applications as graphic equalizers in hi-fi systems, 
noise reduction, video signal enhancements etc.  
For designing an analog filter circuit there are well-
established standard techniques for a given constraint. 
At all phases, the signal being filtered as current or an 
electrical voltage. Which is equivalent outcome of the 
physical quantities such as a sound or transducer or 
output video signal involved.  
While digital filter uses a digital processor to execute 
sampled values of the signal for numerical 
calculations. The processor might be a general-
purpose computer like PC, or a specified Digital 
Signal Processor (DSP) chip. Analog to digital 
converter (ADC) is used to sample and digitize the 
input analog signal. The resulting outcomes of binary 
numbers, signifying sequential sampled values of  

 
analog input signal which then reassigned to the 
processor, which then carries out numerical 
calculations on them. These calculations usually 
comprise of multiplying constant with the input 
values and then adding the products together. If 
required, the outcomes of these calculations, which 
now characterizes sampled values of the filtered 
signal i.e. output of a digital to analog converter 
(DAC) to transform the signal back to analog form. In 
a digital filter, the signal is being characterized by a 
sequence of numbers, rather than a voltage or current. 
The following block diagram shows the basic 
structure of such a system.  

 

 
Figure 1: Digital Filtering 

 
The process of converting an analog signal into 
digital form is done by sampling with a finite 
sampling frequency denoted by		푓 . If an input signal 
holds frequency components higher than half of the 
sampling frequency (푓 /2), it will root aliased 
distortion to the original spectrum. This is the 
purpose why it is first essential to do filtering of an 
input signal using a low-pass filter (LPF) that 
eradicates high-frequency components from input 
frequency spectrum of signal, hence it prevents 
aliasing. That’s why this filter is known as anti-
aliasing filter [2]. 
Subsequently after the filtering and sampling process 
is accomplished, a digital signal is prepared for 
additional processing which, in this case, is filtering 
done by using the suitable digital filter. The output 
signal obtained is also a digital signal which may in 
some conditions, requires to be reconverted back into 
analog form. After digital-to-analog conversion, 
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frequency spectrum of signal may contains some 
frequency components higher than 	푓 /2 that must be 
removed. Hence again, it is essential to use a low-
pass filter with the sampling frequency 	푓 /2. 
An electrocardiogram, also called an EKG or ECG, is 
a simple, painless test that records the heart's 
electrical activity. To understand this test, it helps to 
understand how the heart works. 
With each heartbeat, an electrical signal spreads from 
the top of the heart to the bottom. As it travels, the 
signal causes the heart to contract and pump blood. 
The process repeats with each new heartbeat. The 
heart's electrical signals set the rhythm of the 
heartbeat.  
An ECG shows, how fast your heart is beating, 
whether the rhythm of your heartbeat is steady or 
irregular, the strength and timing of electrical signals 
as they pass through each part of your heart, etc.  
Doctors use EKGs to detect and study many heart 
problems, such as heart attacks, arrhythmias, and 
heart failure. The test's results also can suggest other 
disorders that affect heart function. 

 
II. PROBLEM FORMULATION 
 
ECG signals can be corrupted by various kinds of 
noise such as baseline wander noise, 
electromyography interference, and power line 
interference. One of the significant challenges in 
ECG signal processing is the degradation caused by 
additive 50 or 60 Hz power line interference. To 
reduce the effect of noise, filters are widely used for 
processing ECG signals.  
Adaptive frequency estimation and tracking of noisy 
narrowband signals is often required in ECG signal 
processing. In order to achieve the objective of 
frequency tracking and estimation, an adaptive finite 
impulse response (FIR) filter or an adaptive infinite 
impulse response (IIR) notch filter is generally 
applied. Although an adaptive FIR filter has the 
stability advantage over an adaptive IIR notch filter, 
it requires a larger number of filter coefficients. In 
practical situations, an adaptive IIR notch filter is 
preferred due to its less number of filter coefficients 
and hence less computational complexity. More 
importantly, a second-order adaptive pole/zero 
constrained IIR notch filter can effectively be applied 
to track a single sinusoidal signal.  
If a signal contains multiple frequency components, 
then we can estimate and track its frequencies using a 
higher-order adaptive IIR notch filter constructed by 
cascading second-order adaptive IIR notch filters. To 
ensure the global minimum convergence, the filter 
algorithm must begin with initial conditions, which 
require prior knowledge of the signal frequencies.  
However, in many practical situations, a sinusoidal 
signal may be subjected to effects like power line 
interference, in which possible harmonic frequency 
components are generated.  

In such an environment, we may want to estimate and 
track the signal’s fundamental frequency as well as 
any harmonic frequencies. Using a second-order 
adaptive IIR notch filter to estimate fundamental and 
harmonic frequencies is insufficient, since it only 
accommodates one frequency component.  
On the other hand, applying a higher-order IIR notch 
filter may not be effective due to adopting multiple 
adaptive filter coefficients and local minimum 
convergence of the adaptive algorithm. In addition, 
monitoring the global minimum using a grid search 
method requires a huge number of computations, and 
thus makes the notch filter impractical in real time 
processing.  
Thus, we need an adaptive harmonic IIR notch filter 
with a single adaptive coefficient to efficiently 
perform frequency estimation and tracking in a 
harmonic frequency environment. 

 
III. PRESENT WORK  
 
ECG signals display the electrical movement of heart 
for examining the fitness of a patient. Computer 
assisted examination of ECG signals is a promptly 
rising research field. The noise existing in ECG 
signals stances a major challenge in precise analysis 
and clarification of data.  
ECG signals are generally tainted by numerous noises 
like power line interference, motion artifacts and 
baseline wander noise. To mitigate the consequence 
of noise, filters are extensively used for processing of 
ECG signals. Lately numerous scholars have 
addressed operative noise elimination in ECG signals. 
The most general type of noise in ECG signals is 
initiated by power line interference [3].  
Power line interference is simply identifiable as the 
interfering voltage with the ECG signal might have a 
spike in the frequency range of 50-60 Hz. In real time 
the power line frequency in ECG signals fluctuates 
for a very fine range of frequencies centred over 
around 50Hz [4]. In order to reduce the power line 
interference in ECG signal, usually an adaptive or 
fixed notch filter is used. Lately, scholars have also 
examined the capability of nonlinear filters for 
processing of ECG signal. Latest works has also 
examined the use of IIR and FIR filters for removal 
of noise in ECG signals. Their researches determined 
that IIR filters outperforms FIR filters with respect to 
complexity and number of coefficient filter. Even 
though the methods suggested in are motivating they 
do not inspect the problem for the fall of transient 
period in IIR notch filters.  
Latest research work has revealed that notch filters 
with time variable pole radius can progress the 
transient response at the output of the filter. Though, 
there has been inadequate effort in discovering the 
applications of time varying pole radius of notch filter 
in transient suppression of ECG signal [5].  
In present work, we determine the efficiency of 
higher order notch filters with time varying radius of 
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pole for effective ECG transient suppression. Present 
work inspects the outcome for both the time varying 
pole and filter order characteristics for elimination of 
power line interference [6].  
We did widespread simulations centered on 
information from MIT-BIH arrhythmia data base. 
Outcomes of proposed method demonstrate that the 
projected notch filter with time varying radius of pole 
pointedly outdoes conventional notch filtering 
methods. 

 
IV. FILTER DESIGN 
 
4.1 IIR Filters Design 
IIR filter also known as recursive filter has feedback 
from output (O/P) to input (I/P). Therefore, the output 
depends upon previous input and output values. This 
can be defined with the below equation. Assume a 
digital filter having input 푥[푚]	and output	푦[푚]. The 
correlation in between input and output signal of a 
digital filter of order 푁 is demarcated as [7] 

 
where, 푎  and 푏  are coefficients of filter. When a 
filter i.e. recursive is agitated with an impulse 
function, the output continues forever. Such type of 
filters are known as infinite impulse response (IIR) 
filters. By using Z transform, transfer function for an 
IIR filter can be defined as 

 
The transfer function for a second order IIR filter, is 
specified as [8] 

 
Second order structure for an IIR filter is 
demonstrated in Fig 2 as below.  

 
Figure 2: Structure of second order IIR filter 

 
When the structure presented in the Fig 2 is cascaded 
it will form higher order IIR filters. A pole zero 
placement technique is used for scheming an IIR 
notch filter. The radius for this pole is stated by 

푟 = 1−
∆푓
푓  

Where ∆푓	an ideal bandwidth for rejected band and 
푓 	is sampling frequency. Thereby the location of pole 
휃 	is calculated by using 

휃 =
2휋푓
푓  

Depending upon on the radius of pole and pole 
location, for second order IIR notch filter, the transfer 
function is stated as 

 
Due to higher pole radius bandwidth is narrow with 
better filter selectivity. The transient response for IIR 
filter also increases with the increase in pole radius. 
So in order to minimize the period of the transient 
behaviour, the pole radius have to alter according to 
time.  

 
4.2 Time Varying Pole Radius IIR Filter 
As described earlier the transient response for an IIR 
filter can be enhanced by changing the pole radius 
according to time. The equation in between the input 
and output for such filter can be given by [9] 

 
The function 푟(푚)	describes the time varying pole 
radius. With a decrease in the radius of a pole, the 
transient behaviour of IIR filter also reduces. 
Therefore, in order to improve notch filter response, 
radius of pole must be decreased when the output of a 
filter shows transient behaviour. The radius of pole 
can be changed according to time by using the 
relation 

 
Where 훼 is damping rate for radius of pole and the 
coefficients of filter are 훽 and 푟 are given by 

 
The exponential function in Eq. (4.8) allows the 
radius of pole to rise from a primary value 푟(0) up to 
the preferred value	푟. The efficiency of the notch 
filter can be calculated by using mean square error 
and it is given by 

 
Where,	푥[푛] is input of filter, 푦[푛] is an output of the 
filter and 푁	is the no. of samples. 

 
V. RESULTS AND DISCUSSION 
 
5.1 Input Parameters  
In our simulations, an input ECG signal containing up 
to 25 harmonics was used. Sampling frequency is 125 
Hz. 
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Table1: Simulation Parameters 

 
 

5.2 Track Signal Harmonically  
The input raw “ecgSignal” is tracked harmonically 
using the “Track” function given below with 
following input and output parameters. 
[theta,thetaP,b,a]=Track(ecgSignal, P, Fs, theta, mu, 
r) 
where, 

theta = Final estimate of the fundamental freq. 
thetaP = Tracking plot of the instantaneous freq. 
b = MA coefficients of the comb filter. 
a = AR coefficients of the comb filter. 

Now, as the value of the fundamental 
frequency, theta, is known beforehand, thus, the main 
task of the “Track” function is to optimize the 
fundamental frequency so that the reconstruction of 
the signal from harmonics is possible error free. 

The following equation is used to optimize 
theta, 

푡ℎ푒푡푎	 = 	푡ℎ푒푡푎	 − 	2	 ∗ 	푚푢	 ∗ 	푦푚	 ∗ 	푏푒푡푎 
where, 푦푚 and 푏푒푡푎 are calculated using the 
following equation, by replacing 푥 with 푦푚 and 
푏푒푡푎, respectively. 
푥	 = 	 푥′ − 	2 ∗ 푐표푠(푡ℎ푒푡푎) ∗	푥′ + 	2 ∗ 푠푖푛(푡ℎ푒푡푎)

∗ 푐표푛푠푡 + 	푥′′+ 	2 ∗ 푟
∗ 푐표푠(푡ℎ푒푡푎) ∗ 푥′ −	(푟 ) ∗ 푥′′− 2
∗ 푟 ∗ 푠푖푛(푡ℎ푒푡푎) ∗ 푐표푛푠푡 

where, 푥’ is previous value and 푥’’ is previous to 
previous value of 푥. 푐표푛푠푡 is any constant value. 

The above equations optimize the value of 
theta for each sample of the input ECG signal and 
results in the optimized value of the fundamental 
frequency, theta. 
 
5.3 Signal Reconstruction from Harmonics 

The tracked and optimized value of theta is 
further used to reconstruct the ECG signal from its 
harmonics. Every p’th harmonic is estimated using 
the following equation, 
푝_푡ℎ_퐻푎푟푚표푛푖푐	 = 	푐표푠(2 ∗ 푝푖	

∗ 	푡퐹푠(1:푛푢푚푂푓푆푎푚푝푙푒푠) 	 ∗ 	푝	
∗ 	푡ℎ푒푡푎) 

Afterwards, the p’th harmonic is correlated 
to the input raw ECG signal using, 

푥푐표푟푟(푝_푡ℎ_퐻푎푟푚표푛푖푐, 푒푐푔푆푖푔푛푎푙) 
The above correlation is used to re-calculate 

the value of the p’th harmonic using, 
푝_푡ℎ_퐻푎푟푚표푛푖푐	 = 	푐표푠(2 ∗ 푝푖 ∗ (푡퐹푠+ 푝ℎ푖) ∗ 푝

∗ 푡ℎ푒푡푎) 

This value is the final estimated value of the 
ecgSignal and is aggregated over all the harmonics 
calculated in a loop afterwards. This summation 
results in the desired estimated ECG Signal shown in 
Fig. 4. 
 
5.4 Simulation Results 
The following simulation results were obtained. The 
following figures show the designed adaptive filter.  

 

 
Figure 3: Original ECG Signal 

 

 
Figure 4: Estimated ECG Signal 

 

 
Figure 5: Original Signal Vs Estimated Signal 
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Figure 6: Spectral Analysis and Estimated Harmonics 

 

 
Figure 7: Designed Adaptive Filter 

 
5.5 Mean Square Error (MSE) 
A smaller MSE implies a shorter transient duration. 
The notch filter given in [5] with time varying radius 
achieves an MSE of 0.0346 while the traditional 
notch filter obtains an MSE of 0.2. The filter 
proposed in this work achieves an MSE of 0.002. 
Hence, it is clear that the proposed notch filter is 
effective in reducing transient response compared to 
traditional filters. It is also worth noting that higher 
order filters achieve lower MSE at the cost of 
increase in processing power and complexity. 

 
Table 2: Comparison of MSE of Proposed Filter 

with others 

 
 

CONCLUSIONS 
 
ECG signals can be corrupted by various kinds of 
noise such as baseline wander noise, 
electromyographic interference, powerline 
interference, etc. Noise removal plays a significant 
role in the ECG signal analysis. In this thesis, we 
show the capability of harmonic frequency tracking 
notch filters for noise removal.  

Simulations were performed to compare the 
performance of the proposed filter with traditional 
time invariant filters. Our results showed that notch 
filters with harmonic frequency tracking were 
successful in removing the noise and suppressing the 
transient response. The mean square error was 
considerably reduced by the proposed notch filters 
compared to traditional notch filters.  
The main objective of our simulations was to 
compare the performance of traditional IIR notch 
filter with the proposed harmonic frequency tracking 
based notch filter. A smaller MSE implies a shorter 
transient duration. The notch filter given in [5] with 
time varying radius achieves an MSE of 0.0346 while 
the traditional notch filter obtains an MSE of 0.2. The 
filter proposed in this work achieves an MSE of 
0.002.  
Hence, it is clear that the proposed notch filter is 
effective in reducing transient response compared to 
traditional filters. It is also worth noting that higher 
order filters achieve lower MSE at the cost of 
increase in processing power and complexity. 
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