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1Abstract—The Doppler signal of mitral valve is a biomedical
signals and it is acquired by Doppler ultrasound device from
mitral valve of hearth. It contains useful information about
mitral valve and it can be used to diagnose mitral valve diseases
by doctors. However, biomedical signal might be contaminated
with noise or disruptive interference. In literature, different
approaches have been introduced to remove the noise or
interference from biomedical signal, but adaptive filtering is
most popular technique for noise filtering. Therefore, a novel
adaptive noise cancellation techniques based FIR digital filter
was proposed using artificial bee colony algorithm (ABC) and it
is employed for the noise reduction on noisy mitral valve
Doppler signal. So, the meaningful data about mitral valve was
saved to diagnose mitral valve diseases using denoising
approach. Then, this novel approach was compared with the
other methods suggested in literature such as recursive least
square (RLS) algorithm or discrete wavelet transform (DWT).
Also, to demonstrate the efficiency, different digital filter order
and noise cases were used suggested in literature.

Index Terms—Noise; Doppler signal; Optimization; ABC
algorithm; Filter.

I. INTRODUCTION

Mitral valve diseases are diagnosed by different diagnosis
techniques such as Doppler ultrasound, ECG
(electrocardiography) or invasive techniques (e.g.,
angiography). The mitral valve has a major role for
intracardiac blood flow. Therefore, the measurement of the
intracardiac blood flow has a great importance with respect
to early diagnosis of mitral valve diseases and it could be
easily detected by the ultrasound technique. In medical
practice, Doppler ultrasound is a popular, non-invasive and
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shortest way for assessing mitral valve diseases. Doppler
ultrasound device uses high frequency sound allowing
determination the speed and direction of the blood flow by
utilizing the Doppler Effect and computes the blood flow
velocity relating to Doppler-shift frequency and Doppler
angle [1]. The Doppler signal is obtained by Doppler
ultrasound device and analysed for diagnosing the mitral
valve diseases. Conventionally, to analyse the Doppler
signal, spectrogram is computed using STFT (short-time
Fourier transform) and maximum frequency waveform is
used to achieve indices [2]. Also, in literature, RI (resistance
index) or PI (pulsatility index) are the most preferred
spectrogram indices and waveforms which extracted from
the Doppler signal. Especially, to diagnose mitral diseases, E
and A waveforms are used. At the same time, a lot of studies
that are based on the spectral estimation have been recently
proposed for processing Doppler signal. During the Doppler
signal acquisition in the electronic system, internal or
external noise has a corruptive effect on both the Doppler
signal and spectrogram depending on the extra undesired
frequency component. Hence, in order to make an accurate
diagnosis for mitral valve diseases, noise reduction in mitral
valve Doppler signal is a key problem for further processing
[3]. Also, in analysis and synthesis filter designs, mitral
valve Doppler signal were successively reconstructed using
QMF bank design based ABC algorithm in terms of phase
delay and amplitude distortion [4].

In literature, one of the best ways for biomedical signal
processing is adaptive filtering [5]–[7]. Because adaptive
filtering has a great advantage compared with non-adaptive
filtering. For example, the adaptive filter can be practically
used for noise cancellation. In real time application, adaptive
filter is very effective and preferred. Also, the filter
coefficients can be self-adjusted by employing an
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optimization method controlled by a formulated error
function. Therefore, the adaptive filtering is a trend study for
researchers and practitioners in the area of signal processing
[8], [9]. In design structure of adaptive filter, two main
digital filters are used; FIR and IIR are called finite and
infinite impulse response filters, respectively. But, the
application of finite impulse response filter is more
preferable than that of the infinite impulse response filter
because of several advantages. The FIR filter is more stable
and can be easily designed on most DSPs (digital signal
processors) than IIR filter. Also, it has linear phase response
and doesn’t need any feedback. Moreover, the FIR filter is
applied in widespread filter design approaches, such as
quadrature mirror filter bank or two dimensional digital filter
designs [10], [11].

Literature overview shows that various optimization
algorithms have been used to solve the coefficient adjusting
problem of the adaptive filter. Approximately, the employed
algorithms are grouped in two categories; gradient based
optimization algorithms and metaheuristic optimization
algorithms. LMS (Least mean square), RLS (Recursive least
square) and their hybrid algorithms are gradient based
optimization algorithms. These algorithms have been
successfully used in different application [12], [13]. On the
other hand, DE (differential evolution), PSO (particle swarm
optimization) and ABC (artificial bee colony) algorithm are
more preferred metaheuristic algorithms for adaptive filter
design approaches. Eberhart and Kennedy proposed the PSO
algorithm in 1995 and now it is intensely used in adaptive
filtering application of biomedical signals [14], [15]. Lately,
the ABC algorithm is a robust and quick optimization
method based intelligent foraging behaviour of honey bee
swarm and in 2005, it was introduced by Karaboga [16]. In
literature, the ABC algorithm has been widely used in
various scientific disciplines and easily to solve real world
optimization problems [17], [18]. The reason of the
increasing interest in the ABC algorithm is that it is easy to
implement, quite robust and convenient optimization
algorithm [19], [20]. Especially, in recent years, the design
problem of the adaptive filter has been examined using the
ABC algorithm for biomedical signal processing [6], [7]–
[21].

In the proposed work, a novel adaptive filtering approach
based FIR filter using ABC algorithm is suggested to
remove the undesired noise from the Doppler signal by using
digital FIR filter. The results of proposed approach are
compared with those of the gradient based LMS and RLS
algorithms. Also, PSO, DE and conventional wavelet
transform techniques were compared. The results show the
difference in effectiveness and robustness between the novel
adaptive filtering based ABC algorithm and other techniques
for noise reduction process of the Doppler signal.

The proposed study is described as follows. Section II
shows the proposed adaptive noise filtering approach.
Section III describes the ABC algorithm step by step. In
Section IV, the results of the ABC algorithm are presented
and compared with those of the others techniques. Finally,
Section V gives the conclusions.

II. PROPOSED ADAPTIVE NOISE FILTERING APPROACH

ANC (Adaptive noise cancellation) was firstly addressed
by Widrow and Glover in 1975 and they proposed a novel
adaptive noise cancelling concept [22]. This concept is the
most studied root solution for noise elimination problem
[23], [24]. The ANC is a noise removing process and it can
be realized in real-time processing application when the
reference noise signal is obtained. Particularly, the ANC
concept is successively utilized to remove noise on
contaminated signal. Obtained meaningful signal can be
used to diagnose the diseases by doctors and health care
workers [6], [15], [25].

Figure 1 shows the proposed ANC approach. As depicted
in Fig. 1, the signal d(k) is the corrupted signal and it
includes both the original signal s(k) and the noise n(k). The
signal x(k) is a reference noise signal and n(k) is correlated
with reference noise. x(k) is applied by adaptive FIR filter to
produce an estimate noise y(k). e(k) is the error signal and
obtained by subtracting y(k) from the d(k). In Fig. 1, the
input and output signal of the FIR digital filter is given as

1

0
( ) ( ),

M
m

m
y k w x k m




  (1)

where the input signal is x(k), the output signal is y(k), wm is
a vector that consists of filter coefficients, and M specifies
the order of the FIR digital filter. The filter coefficient
vector can be presented as

0 1 1[ ].Mw b b b   (2)

Fig. 1. The scheme of the proposed adaptive noise cancellation (ANC)
approach.

In this study, the noise signal was chosen as AWGN
(additive white Gaussian noise) and it is caused by random
fluctuations in the signal. In the following equation, e(k) is
the error signal and fed back to the parameter adaptation
algorithm. The coefficient vector of the adaptive FIR digital
filter is adjusted by the parameter adaptation algorithm and
minimization of the objective function is realized. The
objective function, which is used in the parameter adaptation
algorithm, is the mean square error (MSE) and represented
as

  2
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where E represents the expected value.
In this work, the ABC algorithm was determined as major

parameter adaptation algorithm and it optimized adaptively
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the filter coefficient vector of the FIR digital filter. So, the
proposed ANC approach reduces the noise on the corrupted
signal. In order to calculate the denoising performance,
signal-to-noise ratio has been used and it is defined as

10SNR=10log ( ),S dB
N

(4)

where S and N represent the power of the original and noise
signal.

III. ABC ALGORITHM

Recently, swarm based optimization algorithms have
attracted much attention by scientists studying in
optimization field and been used to solve different
complicated problems in many different areas. Swarm
intelligence algorithms simulate the behaviours of the
swarms of animals, insects or bacteria.  One of the swarm
intelligence algorithms is artificial bee colony (ABC)
algorithm. The ABC algorithm was firstly introduced by
Karaboga in 2005 and it simulates the intelligent foraging
behaviour of real honey bees for food sources [16]. Then,
the performance and robustness of the ABC algorithm was
compared with those of the other well-known metaheuristic
algorithms [19], [20]. In the ABC algorithm, the behaviours
of employed bees, onlookers and scout bees were analysed
and their intelligent manners inspire to solving real world
optimization problems.

In this paper, as the parameter adaptation algorithm, the
ABC algorithm was employed and it optimizes adaptively
the coefficients of the FIR digital filter. The designed FIR
digital filter was adapted to improve the proposed adaptive
noise cancellation approach. In this optimization process
different from the other ABC based adaptive methods, there
is no limitation using any window size or certain number of
signal samples in adaptive filter design. Unlike, the whole
mitral valve Doppler signal was iteratively processed by
using adaptive FIR digital filter and the processing time is
very short in terms of applicability for real time processing.
The pseudo-code of the ABC algorithm applied to adaptive
FIR filtering is given below:

Step 1: Initialization of the set (population) of solutions
where each solution corresponds to a possible FIR digital
filter: ijx , 1,...,i SN , SN is the number of solutions in the
population. 1,...,j D , D represents the number of the
coefficients of filter).

Step 2: Evaluation of the solutions corresponding to FIR
filters by using (3).

Step 3: cycle = 1.
Step 4: REPEAT.
Step 5: Generation of new solutions for employed bees by

means of ( )ij ij ij ij kjv x x x   and evaluation of them by

using (3), where (1,..., )k SN , k i and (1, 2,..., )j D are
randomly produced indexes, and ij is randomly generated

value between -1 and 1.
Step 6: Implementation of greedy selection for solutions

ix and iv found by the employed bees.

Step 7: Computation of probability values ip for the
solutions (filters) by using the following functions

1( )
1 ( )i

i
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J w


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nn
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, where ifit and iJ

is the fitness and objective function values of solution i,
respectively.

Step 8: Generation of new solutions iv for the onlooker
bees by using ix chosen depending on its probability value

ip and evaluation of ix and iv by (3).
Step 9: Use of greedy selection for the solutions (filters)

determined by the onlooker bees.
Step 10: Determination of the exhausted solutions (filters)

for the scout bees.
If there is any, generate new random solutions ix for it by

using maxmin min[0,1]( )j j jj
ix x rand x x   .

Step 11: Keeping in memory the best solution found so
far.

Step 12: cycle = cycle + 1.
Step 13: UNTIL cycle = Maximum Cycle Number

(MCN).

IV. RESULTS AND DISCUSSIONS

A. Simulation and Data Acquisition Study
In this work, the Doppler ultrasound signal of mitral valve

was acquired by GE Vivid7 ultrasound device and sampling
frequency was 44100 Hz. Figure 2 shows the whole
collected signal of mitral valve and randomly selected 250
samples with the certain range from 5000 to 5250 for this
signal, respectively.

Additive white Gaussian noise (AWGN) is a corruptive
noise on mitral valve Doppler signal and negatively affected
to make an accurate diagnosis for mitral valve diseases. So,
the effect of the AWGN on Doppler signal is an issue that
should be examined. For this purpose, the noisy mitral valve
Doppler signals with a SNR of 2 dBs, 5 dBs and 10 dBs
were produced by adding white Gaussian noise into the
original Doppler signal of mitral valve. The SNR is a
measure between original and noise signal and calculated by
(4).
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(b)
Fig. 2. Doppler signal of mitral valve: (a) for all samples; (b) for 250
samples with certain range from 5000 to 5250.

Figure 3 shows the noisy Doppler signal of mitral valve
with 2dB and 250 samples with the certain range from 5000
to 5250 for both original and noisy signal, respectively.
Also, in order to show the strength of the proposed ANC
approach using ABC algorithm under worst noise
conditions, the mitral valve Doppler signal were corrupted
by varying AWGNs with highly SNR values.

(a)
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(b)
Fig. 3. Noisy mitral valve Doppler signal with 2 dB (a) for all samples (b)
for 250 samples with certain range from 5000 to 5250.

In this work, the ABC algorithm was proposed to remove
noise on mitral valve Doppler signal of mitral valve
employing proposed ANC approach with FIR digital filter.
The control parameters of the ABC algorithm have a great
importance on its performance and they were experimentally
determined as recommend in literature [6]. Colony size, limit
and maximum cycles were 20, 180 and 150, respectively.
The algorithm was run 50 times with different random seeds
and the initial values interval is selected as [-1, 1]. The
performance of the new ABC algorithm for the proposed
ANC approach was compared with those of the LMS, RLS
algorithms and the other methods in literature. For the best
performance of the gradient based algorithms, LMS step size
and RLS forgetting factor were experimentally selected 0.03
and 1, respectively.

Also, the filter order is directly related to the
computational complexity. If the coefficient size of the filter
increases, more computation is needed. More computation
causes long computational time for real time application. To
examine the effect of varying filter order on the
computational performance of the proposed ANC approach
using ABC algorithm, a first, third and fifth order FIR filters
were designed.

Unlike the other adaptive methods in literature, the new
proposed ANC approach based ABC algorithm processed
the whole mitral valve Doppler signal by shifting instead of
the restricted signal using different windows size or limited
samples.

B. Performance of the ABC Algorithm for Adaptive Noise
Cancellation Approach

At first stage, the ABC algorithm was applied to realize
the proposed ANC approach for denoising process. And
then, in order to evaluate the performance of the ABC
algorithm under worst condition, the FIR filter orders and
SNR values were changed. Table 1 shows the obtained
performance indicator values by using new proposed ANC
approach based ABC algorithm for denoising process, such
as filter order (F.O.), mean values (M.V.), standard
deviation (S.D.) values, signal-to-noise rate (SNR, dB) and
execution times (seconds).

TABLE I. THE RESULTS OBTAINED BY ABC ALGORITHM FOR
DIFFERENT SNR VALUES AND FILTER ORDERS.

SNR
(dBs)
values
before

denoising

F.O. M.V.
S.D.
(e-6)

Improved
SNR (dBs)

values
after

denoising

Improved
SNR (%)

after
denoising

Time
(s)

2
1 0.2689 5.5193 38.10 1805 1.41
3 0.2689 10.678 36.10 1705 1.72
5 0.2689 15.359 34.75 1637 1.76

5
1 0.2689 5.6510 38.41 668.25 1.01
3 0.2689 9.531 37.36 647.25 1.26
5 0.2689 14.523 35.60 612.06 1.42

10
1 0.2689 5.5681 38.28 282.79 1.07
3 0.2689 10.182 37.02 270.25 1.25
5 0.2689 13.996 36.31 263.14 1.55

In Table I, the denoising performance of the ABC
algorithm was shown. Mean and standard values obtained by
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ABC algorithm for 50 runs with different random seeds are
very small and it is good proof to demonstrate the robustness
of the ABC algorithm. Improved SNR values are very high
for first order FIR filters when the SNR values are changing
(2 dBs, 5 dBs and 10 dBs) and they decreases by increasing
the filter order. Also, the execution time decreases
depending on the filter order. For instance, the execution
times of the first order FIR filters are shorter than those of
the third and fifth order filters for all SNR values. The
coefficients of the designed first, third and fifth order FIR
filters by using ABC algorithm are presented in Table II for
SNR of 2 dBs, 5 dBs and 10 dBs.

TABLE II. COEFFICIENTS OBTAINED BY ABC ALGORITHM FOR
SNR OF 2 DBS, 5 DBS AND 10 DBS.

SNR
(dB) F.O.

Coefficients

b0 b1 b2 b3 b4 b5

2
1 0.9888 -0.0109
3 0.9891 -0.0084 -0.0098 -0.0100
5 0.9925 -0.0125 -0.0090 -0.0091 -0.0109 -0.0054

5
1 0.9848 -0.0149
3 0.9843 -0.0096 -0.0094 -0.0123
5 0.9849 -0.0144 -0.0096 -0.0133 -0.0085 -0.0094

10
1 0.9730 -0.0274
3 0.9748 -0.0196 -0.0187 -0.0245
5 0.9744 -0.0175 -0.0197 -0.0163 -0.0243 -0.0106

Figure 4 shows the convergence graphics of mean square
error of the first, third and fifth order FIR filters designed
with the ABC algorithm for SNR of 2 dB. From this figure,
it is said that the convergence speeds depends on the filter
order. As the filter order decreases, the convergence speed
increases because the coefficient size to be optimized
decreases and the design problem gets simpler. Also, the
execution time is related to the convergence speed. As the
convergence speed increases, the execution time decreases.
Moreover, the results in Table I demonstrated that the
execution time increases when the filter order increases.

Fig. 4. The convergence graphics of the ABC algorithms with varying
filter orders for SNR of 2 dB.

Figure 5 shows the filtered 250 samples with certain range
from 5000 to 5250 of mitral valve Doppler signal by using
ABC algorithm with 1st, 3rd and 5th order FIR filters for

SNR of 2 dB. In here, instead of the whole mitral valve
Doppler signal, only the limited samples are shown because
it is difficult to see the difference between filtered and
original signal for the whole Doppler signal.

(a)

(b)

(c)
Fig. 5. Filtered signal by using ABC algorithm with: (a) 1st, (b) 3rd and
(c) 5th order FIR filters for SNR of 2 dB.

The denoising performance of the new proposed ANC
approach using ABC algorithm for Doppler signal was
compared with those of the LMS and RLS algorithms,
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metaheuristic algorithms based adaptive and non-adaptive
structure and conventional methods based discrete wavelet
approaches in literature [9]–[26]. Table III and Table IV
show the SNR improvements of the Doppler signal using
different methods with varying filter order and SNR values.
For a fairly comparison, the results obtained by Zhang et al.
[26] and Karaboga and Latifoglu [6] were taken from the
literature and the proposed ANC approach was employed
under same conditions recommend as in literature, such as
same filter orders and same SNR values. From Table III and
Table IV, it is concluded that the new proposed ANC
approach using ABC algorithms shows better performance
than the other methods for varying filter order and noisy
cases (2 dBs, 5 dBs and 10 dBs). The RLS produces better
results than the LMS algorithm in all cases. Unlike other
adaptive and non-adaptive methods, the success of the new
proposed ANC approach using ABC algorithm depends on
the shifting usage of the whole Doppler signal in denoising
process.

TABLE III. SNR IMPROVEMENTS FOR THE FIRST ORDER FILTER
WITH VARYING SNR VALUES.

SNR (dBs) values before denoising 2 5 10

SN
R

(%
)v

al
ue

sa
fte

r 
de

no
isi

ng

Zhang et al. [26]
DWT 182 55 16
DWF 265 94 39

Karaboga
and

Latifoglu
[6]

Adaptive
filtering

ABC 756 76 62
PSO 574 67 39
DE 701 64 101

Non-adaptive
filtering

ABC 1155 642 225
PSO 935 417 29
DE 929 414 28

LMS 734.12 349.56 138.04
RLS 1398 501.67 201.87

Proposed
adaptive ABC filtering

1805 668.25 282.79

TABLE IV. THE SNR IMPROVEMENTS FOR THE FIFTH ORDER
FILTER WITH VARYING SNR VALUES.

SNR (dBs) values before denoising 2 5 10

SN
R

(%
)v

al
ue

sa
fte

r 
de

no
isi

ng

Karaboga
and

Latifoglu
[6]

Adaptive
filtering

ABC 566 70 41
PSO 188 62 24
DE 442 58 48

Non-
adaptive
filtering

ABC 1161 591 213
PSO 996 292 25
DE 467 176 21

LMS 774.95 293.10 124.43
RLS 1165 407.16 154.49

Proposed adaptive
ABC filtering

1637 612.06 263.14

V. CONCLUSIONS

Mitral valve Doppler signal plays an important role to
early diagnose mitral valve diseases and more meaningful
and exact Doppler signal make easy the diagnostic
procedure. So, noise reduction is a necessary process for the
acquisition of Doppler signal of the mitral valve from the
Doppler device. In this work, a new adaptive FIR filtering
approach based ABC algorithm was successfully employed
for noise cancellation. The first, third and fifth order FIR
filter was used for denoising process under hard noise
conditions, such as SNR of 2 dBs, 5 dBs and 10 dBs. The
results indicated that the suggested ANC approach achieve

1805, 668.25 and 282.79 SNR (%) improvements for 1st

order filter. Also, 1637, 612.06 and 263.14 SNR (%)
improvements were obtained for 5th order filter. Also, the
design of the FIR digital filter decreases the execution time
of the denoising process.
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