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ABSTRACT: In this work we have proposed some algorithm and applications of wavelet transform to the cardiac 
signal, especially to the heart sound signal for monitoring the cardiac disorder. Heart sound signals are normally week 
signal. It is tough to detect the heart sound signals using common sensor. In this work we have applied some DSP 
based algorithm and DSP processor (TMS320C6713) to detect the heart sound signal. Then we have applied the 
algorithms and wavelet transform to the heart sound signal. Before applying the wavelet transform to the heart sound 
signal, we have discussed about the wavelet and wavelet transform briefly. To proceed to the work first of all we have 
selected some special type of analog signal and we have chosen some typical wavelet transform to the signals. The 
results have been noticed and accordingly we have made some algorithm to fulfil our objectives. Time domain and 
frequency domain analysis have been carried out. Haar, Daubechies, Symlet and Coiflet wavelets have been utilized. In 
this work we have studied more than 20 heart sound signal.  
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1. NTRODUCTION 
 

In the last 10 years a lot of improvement has been seen in the field of biomedical science and presently biomedical 
signal processing is taking leading role to detect different types of mechanical disorder of different body parts or limbs 
like lungs, heart, kidney etc, due to different body parts failure or affected by some disease. As we know that wavelet 
transform can give the best result to analyze a signal in time and in frequency domain, in this work we are going to 
apply this to the cardiac signal. In case of the biomedical signal different frequencies occur at different instant of time 
therefore it is difficult to analyze these signals using traditional Fourier transform or the short time Fourier transform. 
In [1] the Fourier transform based ECG signal analysis has been shown. The power spectral density of the ECG signal 
shows the presence of noise. But which wave of the ECG (out of P, Q, R and S) is affected, it is not clear from the 
spectra. In [2] the Fourier transforms and short time  
Fourier transforms has been applied to the heart sound signal. Here the problem is that it is difficult to identify which 
heart sound component like S1, S2 or S3 is consist of a particular frequency. It is only possible to know which 
frequencies are present for all the heart sound components. As a result further analysis of S1, S2 or S3 is becoming 
difficult. It is known to us that different heart sound components occur at different time interval; therefore we need 
some technique so that we get the time- frequency analysis of a signal. Heart bit rate detection technique has been 
discussed in [3]. But here the detail of a particular bit was not shown. In [4], [5] and [6] detection of different ECG 
waves like P, Q, R and S have been shown but details of the frequency domain analysis were not shown. In [7] 
application of digital filter to the heart sound signal has been applied. But due to proper selection of the cut-off 
frequencies results are not better. The concept of digital filter bank has been introduced in [8]. It shows better result but 
the process is lengthy. In some works [8],[9],and [10] continuous wavelet transform based analysis are shown. In this 
case comparatively better result was achieved. Because of the fact that wavelet transform based analysis can give the 
details idea of time-frequency resolution of a signal they have got a better result. In this work we have applied 
continuous wavelet transform to the heart sound signal. Different wavelet transforms based algorithm has been applied. 
The results have been compared. The whole work is presented as follows: In Section II we have discussed about 
wavelet transform and Fourier transforms and how we can apply this to the cardiac signals. The comparison of wavelet 
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transform and Fourier has also been discussed. In Section III heart sound detection technique has been introduced. In 
Section IV we have applied wavelet transform based algorithms to the heart sound signals. Results have been discussed 
in Section V.     

 
 
                                                       Fig.1.  Example of Fourier transforms and wavelets. 
 

II.   INTRODUCTION TO WAVELET TRANSFORM AND FOURIER RANSFORM 
 

A. FOURIER TRANSFORM 
Mathematical expression  Meaning of the Fourier transform is that the sum over all 
time of the signal f(t) multiplied by a complex exponential, and the result is the Fourier coefficients F (). The complex 
exponentials are nothing but the constituent sinusoids of different frequencies.  These Fourier series coefficients are the 
strength of the constituent sinusoids and all these sinusoids help to reconstruct the original signal. Here the question is: 
why should we break the original signal into its constituent sinusoids of different frequencies?  The Fourier series 
coefficients show the strength of constituent sinusoids, more strength meaning is that more contribution to reconstruct 
the original signal. Therefore it is easy to identify which constituent sinusoids of different frequencies are important 
and what will be the bandwidth of the signal. Once the bandwidth and range of frequencies are known it is easy to 
analyze the signal through a proper filter or other system.   
 
  B. WAVELETS 
A wavelet is a waveform of effectively limited duration that has an average value of zero. Examples of wavelets and 
Fourier transform have been shown in figure 1.  
 

 
                                                                                    (a) 

 
                                                                                    (b) 

Fig.2.   Examples of(a) scaled sine wave and(b) scaled wavelet 
 

  Wavelets are short time localized waves with zero integral values. It can be shifted or scaled. Scaled sine wave and 
wavelets are shown in figures2. Mathematical Expression of scaled and shifted wavelet function: a,b(x)=1/√a a,b((x-
b)/a)……………….2 Here the wavelet function is Ѱ(x) and it is scaled with the scaled factor ‘a ‘and shifted by ‘b’.  
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C)   CONTINUOUSWAVELET TRANSFORM 
 The CWT is the sum over all time of the signal, multiplied by scaled and shifted versions of the wavelet function and 
the result of the CWT are wavelet coefficients[11]-[14]. Multiplying each coefficient by the appropriately scaled and 
shifted wavelet yields the constituent wavelet of the original signal.. What is actually done in case of continuous 
wavelet transform? The following steps are required to perform the wavelet transform operation: Step1: Take a wavelet 
and compare it to a section at the start of the original signal. It is shown in figure3. 
 
 
 

 
 

 
 
Fig.3. Example of wavelet transforms.  ‘C’ represents the similarity between the wavelet and a section of the signal 
whose wavelet transform will be taken. Higher values of ‘C’ show more similarities. 
   
Step2: Calculate a number, C, that represents how closely correlated the wavelet is with this section of the signal. The 
higher C is the more similarity. Step3: The wavelet is shifted to the right and then steps 1-2 are repeated until the whole 
signal is covered. Figure 7 and 8 represents step 3 and 4. Step4: The wavelet is scaled (stretched or compressed) and 
steps 1-3 are repeated. What is the result? After the whole process we are getting a number of wavelet co- efficient ‘C’ 
that shows the similarity between the shifted and scaled version of the wavelet and the section of the original signal. 
Higher values of the ‘C’ indicate more similarity. What happens if ‘C’ gives the maximum similarity? Maximum 
similarity means the shifted and scaled version of the wavelet is similar to a particular section of the original signal 
which can construct the constituent wavelet of the original signal and ultimately we can represent the original signal 
with the help of all the constituent wavelets.   
 
D. ADVANTAGES OF WAVELET TRANSFORM 
With the help of the Fourier transform we get a number of constituent sinusoids of different frequencies which can 
represent the original signal. In the same way in case of wavelet transform we get a number of constituent wavelets 
which can represent the original signal. The advantages of wavelet transform are that we can scale the wavelet- means 
we can change the frequency of a particular constituent wavelet, high scale means low frequency and low scale means 
high frequency. Therefore we will apply high scaled for the low frequency signal and vice-a- versa.  But in case of 
Fourier transform we cannot change the frequency of the constituent sinusoids. Another point is that we can select a 
particular section of the signal in time domain with the help of shifting the wavelet. This helps to know which 
frequencies are present in a particular time interval because we know the frequency of the shifted wavelet. This is not 
possible in case of Fourier transform at all. 

 
III    DETECTION OF HEART SOUND 

 
Heart sounds are normally very weak signals. Normal microphones or other sensors are used to convert heart sound to 
electrical signal [15]  
In this present work a stethoscope receives the heart sound and it is fed to a microphone.  Next it is processed through 
an amplifier circuit and an analog low pass filter to remove some high frequencies noise. For further processing a DSP 
KIT is incorporated. Algorithm1 represents the whole process which is written in C. It detects the analog heart sound 
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signal form the analog filter circuit. The CODEC which is inbuilt in the DSP KIT convert the analog heart sound signal 
to digital signal. Now the DSP processor uses the digital filters and windows for further processing of the signal. After 
processing, the results are sent to the PC through the CODEC. Data save option of this kit provide a wonderful job to 
save the digital data in PC. After getting the data in PC MATLAB software has been appointed to get the pure cardiac 
cycle and other results related to heart.  Block diagram and the actual circuit are shown in the following figures. Figure 
4 represents a heart sound signal. A block diagram of the experimental setup is illustrated in figure 5.    
 

 
 
                                               Fig.4. Example of heart sound signal received by our system. 
 

   
                                                            Fig.5.   Block diagram of the experimental setup. 
 

IV.   APPLICATION OF WAVELET TRANSFROM TO THE HEART SOUND SIGNAL 
 
A) Application of haar wavelet transform to the continuous time signal 

In[18] it is shown that Haar continuous wavelet is defined by ψ(t)=  

And the scaled and shifted haar wavelet is given by  a,b(x)=1/√a a,b((x-b)/a)………….2. 
Wavelet transform co-efficient are calculated using C= X(a,B) = (x,Ψa,b) =   a,b(t)dt ………(4)                a ∈ 

R+,b ∈ R, The original signal can be reconstructed By x(t)= 1/Cѱ a,b(t)                                         
a ∈ R+,b ∈ R, 
 

 
 
Figure.6.Examples of Haar wavelet transforms a) The Haar wavelet transform of an example function x(t)(hat 
function). (b)Illustration of the shift-in-time property for x(t− 2).(c) Illustration of the scaling-in-Time property for 
x(t/2). 
  
B). Continuous wavelet transforms to detect heart bit rate. 
As we know that heart sound signals are non-stationary signal, the frequencies may change time to time. It also 
happens that our heart normally produces heart bit at an equal interval, but some time it is irregular, as a result some 
missing pulse may occur. Therefore some discontinuities may occur due to this missing pulse which is known as syno-
bradicadiy [17] .  So for the proper analysis of heart sound we should detect when the frequencies are changing and 
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where the discontinuities are occurring. Continuous wavelet transforms can help in this matter. We will take some 
examples on this matter and then we will apply this to the heart sound signal.  
Let us take the following signals as given in figure 7. It represents some impulses. The position of the pulses is as 
follows:  (i) one pulse at 500 and three pulses at 200,500 and 800. In (ii) a unit step signal which is zero from 400 to 
500. 
Next we will see what happens if we apply wavelet transform to the first signal that is the unit impulse situated at 500. 
Two wavelet Haar and coif have been applied. The results have been shown in the following figures. 

 
                            (i)           (ii)                                                   (iii) 
Fig.7. Shows the position of pulses at different time.  i) Position of pulses. ii) Unit step signal. It is zero from 400 to 600.   
               

 
Fig.8.   Unit impulse situated at 500. 

 

 
Fig.9.   Results of wavelet transform. It shows that at position of pulse the wavelet co-efficient are high. The colour bar 

represents the values of wavelet co-efficient. Red colour indicates maximum and blue indicates minimum value. 
 

 
                                                 (a)                                                                                 (b) 

Fig.10.(a).It shows the position of pulses are at 500 ,200,600 and 8000 and their corresponding with their co-efficient 
‘C”. (b)it shows the  discontinuities of unit step signal. 

 
Now we will apply the wavelet transform to all the signals.  We are selecting haar wavelet. The absolute values of 
wavelet transform co-efficient C with scale a=1, 2, 3 … up to 128 are plotted in the same figure10.  
 From figure 10 it is clear that the co-efficient are higher at the position of the pulses for (a) and (b). It indicates that 
whenever there is a change in the signal pattern wavelet co-efficient are changing abruptly. For the signal (a)  it is low 
or zero except the position of the pulses, accordingly wavelet co-efficient are very high at that points. In the same way 
for signal (b) it is one except the interval 400 to 600 and accordingly we are getting different wavelet co-efficient at that 
interval. Now the question is: why is it happening? If we look at the wavelet, we see that it is 1 for the interval of 0 to 
0.5 and it is 0 for the interval 0.5 to 1.  As we know that the wavelet co-efficient are the similarity between the signal 
and the wavelet so here the Haar wavelet is getting some similarity with the pulse but there is no similarity with zero or 
one. That is reflected in figure (10).   Now the question is: how does this help to analyze the heart sound signal? 
As we know that heart bits are produced at an equal interval. In most of the cases 72 bits (average) are produced in a 
minute. Each and every bit produces some sound that is known as heart sound.   Therefore we can represent the heart 
sound signal as a train of weighted impulses where there will be 72 weighted impulses in a minute or during 60 
seconds. Now using the wavelet transform we can easily detect the position of each pulses corresponding to each heart 
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bit.  It is also possible to detect the missing pulse if there is any. In figure (11) the heart sound signal and position of 
heart bits are shown. In the first part of figure (11) the heart sound signal with some noise has been shown. In the 
second and third part the wavelet transform co-efficient has been shown after applying the wavelet transform. In the 
second part the wavelet transform co-efficient have been considered without taking any threshold values whether in the 
third part some threshold values have been considered. From the figure it is clear that the wavelet co-efficient are high 
at the position of a pulse. Here we have found some irregular co-efficient whose values are comparatively high. This is 
due to the sound signal.  
 

 
Fig.11. : Heart sound signal. Second and wavelet co-efficient indicate the positions of pulses. Higher values of co-

efficient indicate the position of the pulse. 
C). Continuous wavelet transforms to detect the frequency of the heart sound signal 

 
I) Detection of center frequency: It is well known that heart sound signals are not stationary signals [18]. Therefore the 
frequencies will very time to time. For proper analysis of heart sound signal we should know the frequencies at every 
instant and it is possible if we know the center frequency of the wavelet. With the help of the MATLAB we can easily 
find out this center frequency.  
The following figures show how it is possible. In figure12 two wavelet db2 and db6 has been selected. The center 
frequencies of them are shown in figure (13). In the same way we can select any wavelet and we also can find out their 
center frequencies. How does this help to know the frequency of the heart sound signal at every instant? 
 

 
 

Fig.12.  Example of debauches wavelet at order 2 and 6. 
 

 
Fig.13.  Center frequency of wavelets. 

 
We know that in case of wavelet transform a section of the signal is sleeted first and then it is compared with a 
particular wavelet. The wavelet transform co-efficient shows the similarity between the section of the signal and the 
wavelet.  Higher values of co-efficient indicate more similarity. More similarity means the frequency of the selected 
section of the signal is equal to the frequency of the wavelet. Ultimately we can find out the frequency of the heart 
sound signal at each section of the heart sound signal. If the center frequency of the wavelet does not match with the 
frequency of the mother signal, then what should be done? 
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  II)     Detection of the frequency of a mother signal 
 As we know that if we change the scale of the wavelet we get different center frequency for each and every scale. This 
help to find out the frequency of the mother wavelet. With the help of some MATLAB command we get a number of 
pseudo frequencies at different scales we also can find out the frequency which is nearer to the mother frequency. 
Algorithm1 describes the process. 
 

Algorithm 1 detection of unknown frequency of a mother signal 
wname = 'db10'; 
A = -64; B = 64; P = 224; 
delta = (B-A)/(P-1); 
t = linspace(A,B,P); 
omega = 5; x = cos(omega*t); 
freq  = omega/(2*pi); 
scales = [0.25:0.25:3.75]; 
TAB_PF=  scal2frq(scales,wname,delta); 
 [dummy,ind] = min(abs(TAB_PF-freq)); 
freq_APP  = TAB_PF(ind); 
scale_APP = scales(ind); 
str1 = ['224 samples of x = cos(5t) on [-64,64] - ' ... 
'True frequency = 5/(2*pi) =~ ' num2str(freq,3)]; 
str2 = ['Array of pseudo-frequencies and scales: ']; 
str3 = [num2str([TAB_PF',scales'],3)]; 
str4 = ['Pseudo-frequency = ' num2str(freq_APP,3)]; 
str5 = ['Corresponding scale = ' num2str(scale_APP,3)]; 
figure; cwt(x,scales,wname,'plot'); ax = gca; colorbar 
axTITL = get(ax,'title'); 
axXLAB = get(ax,'xlabel'); 
set(axTITL,'String',str1) 
set(axXLAB,'String',[str4,'  -  ' str5]) 
clc ; disp(char(' ',str1,' ',str2,str3,' ',str4,str5)); 

   
                                                                                          TABLE I 

RESULT RELATED TO PSEUDO FREQUENCY AND CENTER FREQUENCY 

 
 
  **Notes: 
PF:  pseudo frequency.  
S:    Scale of wavelet transforms. 
TF: True frequency. 
CS: Corresponding scale. 
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                                                (i)                                                                                                         (ii) 

Fig.14.(i) Example of wavelet transform to a pure sinisoid with different scale .it shows different co-efficients at 
different level.(ii) It shows the wavelet co-efficient for three mother signal at different scales. 

 
   In figure (14) it is shown that the wavelet transform co-efficient are changing with different scale. Three mother 
signals have been selected and all the pseudo frequencies with the nearest mother frequency have been shown in the 
same figure . From the figure it is clear that the wavelet co-efficient are higher at the scale where the pseudo frequency 
is nearer to the mother frequency.Table1 shows the true frequency and pseudo frequency.  
 
                                                                              TABLE II 

TIME AND FREQUENCY RELATED RESULTS APPLYING WAVELET TRANSFORM 

 
**Notes: 
 S1-T  Duration of 1st heart sound in second. 
 S2-T:   Duration of 2nd heart sound in second. 
 CM1-T:  Duration of a cardiac cycle measuring the duration of two consecutive   M1 in second. 
CT1-T:   Duration of a cardiac cycle measuring the duration of two consecutive T1 in second. 
S1-F: Frequency of 1st heart sound in Hz. 
 
D. RESULT OF THE WAVELET TRANSFROM TO THE HEART SOUND SIGNAL 
In the privious section we have applied the wavelet transform to detect and identify the position of a heart bit and the 
center frequency of the heart sound signal at different interval. In this section we  have shown some results after 
applying different wavelet transform to the heart sound signal.Table 2 shows the results. 
In figure(15) a complete heart sound signal has been shown. In chart 1 heart bit rate comparision  has been shown. 
Some noise cancellation technique has been applied. From the figure (15) we see that for each and every heart bit we 
are getting higer wavelet co-efficient.The figure also shows the  scale where the signal is more clear or noise free.   
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CHART 1 

 
Fig.15.   Complete noise free and pure cardiac sound signal. Two bits have been shown. The position of the heart bits 

have been shown by the wavelet co-efficient. 
 

V. CONCLUSION 
 

The aim of this work was to apply the wavelet transform and some innovative algorithms to the real time heart sound 
signal to monitor the cardiac disorder. To fulfill this we have made algorithm1 to detect the real time heart soundfrom 
the patients using DSP processor (TMS320C6713) which is working excellently. Algorithm1  serves brilliantly to apply 
the wavelet transform to the heart sound signal. Table1 shows the results related to the heart bit rate and frequency 
contains in the signal. Any disorder of the heart will give absurd result for the heart bit rate. What type of disorder that 
also can be found by analyzing the heart sound components like S1,S2 etc. it is known fact that heart bit rate differs 
from person to person that is also reflected in chart1. 
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