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ABSTRACT 
 

Heart sound stethoscope is primary stage to access diseases. This electronic stethoscope 

based on embedded processor. The data can be transmitted through wireless transmission 

using Wi-Fi module. A microphone is used to pick up the sound of the heartbeat. 

Acoustic stethoscope can be changed into a digital stethoscope by inserting an electric 

capacity microphone at its head. The signal is processed and amplified to play with or 

without earphone. Heart sounds are processed, sampled and sent wirelessly using Wi-Fi 

module so that multiple doctors can do auscultation. Heart beat sounds are sensed, sent, 

reviewed, and analyzed with ease. Murmurs are diagnosed using machine learning 

algorithm.  
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CHAPTER 1 

INTRODUCTION 

 

1.1 Overview 

 

The records regarding auscultation, listening to the sounds of the body, is effortlessly 

described by way of a little evolutionary leaps. Hippocrates(460-377BC) supplied the 

foundation for auscultation when he put his ear in opposition to the chest of a patient and 

described the sounds, he ought to hear beside the heart. Robert Hooke (1635-1703) 

realized the diagnostic utilizes on cardiac auscultation made the subsequent leap. In 1816, 

The biggest breakthrough in auscultation came when Rene 0 Laennec (1781-1826) 

developed the stethoscope. Laennec was going to analyze a lady who has the heart 

disease symptoms, yet because of her sex and age, direct auscultation was improper. On 

account of patients obesity, only a little information is obtained by palpation and 

percussion Therefore, During the examination, a roll of paper is used by the Laennec to 

avoid physical contact. He discovered that emerging of previously unheard sounds and 

lungs and heart sounds were amplified. Thus, it resulted in the invention of the 

stethoscope, whereas now it is the most widely spread and very useful diagnostic device 

in history of bio-medical engineering. Even in the 21st century, many doctors feel 

comfortable and important to use the stethoscope. (see Figure 1.1) shows different types 

of stethoscopes from the time period of invention of stethoscopes to the 20Th century 

 
Figure 1.1: Different types of Stethoscopes.Reprinted from the Research paper[1] 

 

Preliminary research was made to find out the different types of heartbeats that are 

usually determined by a doctor during a patients visit to the hospital. Respiration rate 

stands for the total number of heart beats per minute. Among the most common methods 

used to determine the number of heart beats per minute is the auscultation method. These 

methods offer necessary information regarding a number of internal body sounds that 

originate from the internal organs such as heart, lungs and vascular disorders . A number 

of factors affect the ability to detect heart sounds, such as sensory stimuli and the 

presence of surrounding noises. This may render the final result inaccurate and 

insufficient due to the average users inability to distinguish the complex, short duration, 

seldom encountered and low-level sounds anomalies. Subsequently, only skilled 

physicians who are adept in the auscultation method are likely to perform precise 

diagnoses. Therefore, it is highly necessary to improve the System such as display the 
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heart sound visually and automatically analyze the signal for a better analysis by the 

physician. Most medical services in regional and rural areas are more beneficial with the 

acquisition as well as the graphical display of There are numerous benefits of wireless 

stethoscopes: without any cables, heart sounds, as well as lung sounds, can be sent to a 

computer, laptop, mobile phones for analysis in the future.The patient and expert are 

allowed to move without impediment and are protected from possibly fatal voltage 

sources that might be available on a gadget that isn’t legitimately isolated. Phono 

cardiography gives a graphical representation of auscultation signals, permitting clinical 

perception of heart sounds that are portrayed by frequencies outside the ordinary scope of 

human hearing. The identification of normal and abnormal sounds can be done by using 

the segmentation of heart and lung sound components. Thus the powerful diagnosis tool 

for the auscultation signals is proven as time frequency analysis. 

 

1.2 Problem Statement 

 

In most of the cases,acoustic stethoscopes are used presently in the market.These are done 

by the passive mechanical parts which focus and separate the sound which is generated 

by human body.So that,at places where there is so much noise it is difficult to hear the 

sound of heart beat.Interference with the modern technologies is different for these 

devices for further auscultation such as recording and analyzing the sounds of body 

 

 

1.3 Objectives 

 

The main objectives of the proposed system are as follows: 

 

• To develop a digital stethoscope by inserting an electric capacity microphone at its 

head to capture the heart sound. 

• Heart sounds are processed and sampled and  sent wirelessly using WI-FI module. 

• To diagnose the Murmurs using Machine learning algorithm 

 

1.4 Limitations and Scope 

 

Low level heart and lung sounds are amplified with clear audibility so that in noisy area 

also proper auscultation is possible. Noise reduction takes place by filter thats why 

accuracy increases. Heart sounds are sent to the PC using wireless communication. The 

disease called Murmur is diagnosed using SVM. 
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1.5 Thesis Outline 

 

I organize the rest of this dissertation as follows. 

In Chapter 2, I describe the literature review. 

In Chapter 3, I propose my methodology. 

In Chapter 4, I present the experimental results. 

Finally, in Chapter 5, I conclude my thesis.  
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CHAPTER 2 

LITERATURE REVIEW 

 

2.1 Introduction 
 

The stethoscope is the most frequent auscultating device. An extensive measure of 

Cardiovascular abnormalities including systolic murmurs and mitral stenosis can be 

diagnosed by experienced physicians, But Due to the lack of ability to listen selectively to 

the number of aspects of the heartbeat or due to the characteristic failure to identify 

frequencies outside the ordinary scope of human hearing many abnormalities are missed. 

Division of the different heart sound segments, including parts that demonstrate a 

variation from the norm, can be hard to accomplish on the off chance that they happen at 

the same time or close separated. The graphical representation of auscultatory signals, 

permitting clinical perception of heart sounds portrayed by frequencies outside the typical 

scope of human hearing is given by Phonocardiography. The time frequency domain is 

achieved by the STFT or Wavelet transform, consequently permitting heart sound parts to 

be promptly distinguished. All things considered, the phonocardiogram isn’t just a helpful 

analysis instrument for the experience clinician, yet in addition a significant learning 

apparatus for trainee medical staff. 

 

 

2.2 Heart Physiology  

 

The essential undertaking of the heart is to serve as a pump moving blood around the 

circulatory framework. At the point when the heart contract, blood is constrained through 

the valves, from the atria to the ventricles and in the end out through the body. (See 

Figure 2.1)It explains heart antonym.There are four heart chambers: right and left atria 

and right and left ventricles. The two atria, for the most part, go about as gathering 

reservoirs for blood coming back to the heart while the two ventricles acts as pumps to 

discharge the blood to the body. Four valves avoid reverse of blood; the atrioventricular 

valves (the mitral and tricuspid valve) keep blood from streaming over from the 

ventricles to the atria and the semilunar valves (aortic and aspiratory valves) keep blood 

from streaming once more into the ventricles once being pumped into the aorta and the 

pulmonary artery Deoxygenated blood from the body enters the right atrium, goes into 

the right ventricle and is ejected out into the pulmonary artery while in transit to the 

lungs. Oxygenated blood from the lungs reemerge the heart in the left chamber, goes into 

the left ventricle and is then shot out into the aorta The blood pressure within a chamber 

increases as the heart contracts, generating a flow from higher-pressure areas towards 

lower pressure areas. During the rapid filling phase (atrial and ventricular diastole), 

venous blood from the body and from the lungs enters the atria and flows into the 

ventricles. As the pressure gradient between the atria and the ventricles level out (reduced 

filling phase), a final volume of blood is forced into the ventricles by atrial contraction 

(atrial systole). In the beginning of ventricular systole, all the valves are closed resulting 

in an isovolumic contraction. When the pressure in the ventricles exceeds the pressure in 
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the blood vessels, the semilunar valves open allowing blood to eject out through the aorta 

and the pulmonary trunk. As the ventricles relax the pressure gradient reverses, the 

semilunar valves close and a new heart cycle begins. 

 
Figure 2.1: Heart Anatomy and Pathways of blood flow. Reprinted from the 

Google Web site[2] 

 

2.3 Heart 

 

Heart is known as capable muscle, about the measure of grasped clench hand, positioned 

at the left of the center of the chest with the exceptional sort of muscle called the 

myocardium. Capacity of heart that has a rhythmic, consequently repeated pulsating and 

it is kept up by electrical impulse starting in the sinoatrial central node. It otherwise 

called a natural pacemaker that is to supply the blood and oxygen at all parts of the body. 

The heart is situated in the chest cavity only back to the breastbone, between the lungs 

and better than the stomach. Blood is pumped far from the heart through supply routes 

and comes back to the heart through veins. Aorta is the major artery of the body and 

Venva cavae are the major veins of the body. 

 

2.4 Cycle of Heart beat 
 

Pulse is a solitary throb of the total heart cycle, when the electrical impulse is directed 

and in the meantime a mechanical withdrawal is happens in muscle compression and 

relaxation. This cardiovascular cycle is identified with the stream or circulatory strain that 

happening from the earliest starting point of one pulse to the start of the following. For 

every beat of the heart includes five noteworthy stages. The initial two phases, regularly 

viewed as together as the ”ventricular filling” organize, include the development of blood 

from the atria into the ventricles. The following three phases include the development of 

blood from the ventricles to the pulmonary artery in the right ventricle and the aorta in 

the left ventricle. There are three particular and distinct stages for the process to 

consecutive pulsating of heart. When the blood pass through heart and out of the arteries, 

then the atria and then after ventricles contrast resulting in relaxation of muscles and 

blood is refilled in the chamber. Four fifths second is taken by the whole cycle during 

lively workout, the speed increment to double during the time of stress.(See Figure 

2.2)Normal heartbeat, Fast heartbeat, Slow heartbeat and Irregular heartbeat are four 

types of heartbeats. The cycle of blood flow can be simplified as: 
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1. Diastole First period of cycle, The right chamber consists of deoxygenated blood 

i.e, the firstly it deoxygenated blood moves to right chamber whereas left chamber 

is filled with the oxygenated blood. Afterward blood courses directly to ventricles. 

 

2. Atrial Systole . During the contraction of atria, sinoatrial node impulse is used to 

generate the following period of the cycle which results in the crushing of 

remaining blood in arteries to ventricles. 3. Ventricular Systole Third period of the 

pulse cycle results in the contraction of ventricle. The ventricle valves open at the 

exits, here the blood constrained to aorta as well as pulmonary artery. Diastole 

begin once more after completion of this stage. 

 
Figure 2.2: ECG waveform.Reprinted from the biology student Web site[3] 

 

2.5 Heart Rate 

 

Heart rate is same with the heartbeat rate and it is the quantity of heartbeats per unit of 

time, normally communicated as pulsates every moment (bpm). Heart rate can shift as the 

body’s have to ingest oxygen and discharge carbon dioxide changes, for example, during 

physical work out, rest, sickness, or as a consequence of ingesting medications. Because 

of people having a steady blood volume, one of the physiological approaches to convey 

more oxygen to an organ is to build heart rate to allow blood to go by the organ all the 

more regularly. Typical resting heart rates go from 60-100 bpm. Above is the normal of 

the Heart Rate every Minute for the diverse ages consider circumstance of the physical 

qualities is the aggregate pumping of heart happens. Table below demonstrates the typical 

heart rate in view of age. As can be seen, the heart rate of infant and grown-up is entirely 

high. 
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2.6 Heart Sound 

 

The clamors produced by the pulsating heart is defined as Heart sound, the resultant 

stream of blood through supply route (the turbulence made when the heart valves snap 

close). In cardiovascular auscultation, an analyst may utilize a stethoscope to listen for 

these one of a kind and unmistakable sounds that give essential sound-related 

information in regards to the state of the heart. In adults, lub and dub, which happens one 

after another are the two heart beat sounds. When closing the semilunar valves as well as 

ventricular valves S1 i.e., first heart sound and S2 i.e., second heart sound is produced. 

Additionally, rather than these normal sounds, S3 and S4 are produced.(See Figure 2.3 

)demonstrates the phonocardiograms on auscultation from typical and anomalous heart 

sounds 

 
Figure 2.3: Graphical display of Normal and abnormal sounds. Reprinted from 

Murmur Wikipedia Web site[4] 

 

As you see in the figure 2.3,there are sounds such as s3 and s4.Those sounds are called 

Murmurs. 

The brief explanation is done in the murmur section 

 

2.7  Heart Murmurs 

 

In addition to the heart sounds S1( first heart sound) and S2(second heart sound),the 

sounds which are morphological and functional abnormalities are called Murmurs. 
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Doctors have customarily listened to these sounds to analyze complex capacity issues in 

the working heart in a non-intrusive way. Murmurs are fundamentally grouped by when 

they happen, with respect to systole and diastole.(See Figure 2.4)shows the rise and fall 

of mid systolic murmur. 

 
                                Figure 2.4: rise and fall of mid systolic murmur[4] 

 
Figure 2.5: Continuous Murmurs[4] 

 

The sounds S1 and s2 have the higher sound level than that of the murmurs. In the event 

that there is any part of a murmur which happens amid SI and S2 it is viably conceal, and 

not examined. So the murmurs are characterized by whether they are among S1 and S2.If 

murmurs occur between S1 and S2 then it is known as systolic murmur (see Figure 2.5) 

and murmur which occurs between s2 and s1 of the following beat is called diastolic 

murmurs (see Figure 2.6) and continuous murmur (see Figure 2.5) For example, a 

holodiastolic murmurs exists all through the diastolic period. The terms early (see Figure 

2.7) and late are likewise used to portray shorter murmurs. 

 

 

 
                       Figure 2.6: Diastolic Murmur,typical of mitral stenosis[4] 
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Figure 2.7: Early systolic murmur, typical of mitral regurgitation and atrial septal 

defect[4] 

 

The pitch and frequency are described by the third level of classification of murmurs and 

regardless of whether it has a predominant tone. There are different type of features to 

describe the murmurs are 

 

● It occurs when the sound ascents and falls in amplitude 

● It happens amid lung swelling/emptying  

● It happens when the patient is recumbent 

● It happens amid/after exercise. 

During the whole systolic period Which is also known as holosystolic (see Figure 2.7) ,If 

the murmurs occur at the constant amplitude then the murmur is known as mitral 

regurgitation .If the murmur occurs as rising and falling of amplitude in the middle of 

systolic period , then it is known as aortic stenosis(see Figure 2.8) .If the murmur occurs 

throughout the diastolic period then it is characterized as mitral stenosis (see Figure 2.9) 

 

 

 
Figure 2.8: Holosystolic murmur o f mitral regurgitation [4] 
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Figure 2.9: Holodiastolic murmur of mitral stenosis Note that the systolic time is the 

quiet period [4] 

 

Murmurs are delivered by fierce bloodstream because of narrowing or spilling valves or 

from the nearness of abnormal passages in the heart. All the more particularly, heart 

murmur happens when the bloodstream is quickened over the Reynolds number. The 

subsequent bloodstream incites nonstationary arbitrary vibrations, which are transmitted 

through the cardiovascular and thoracic tissues up to the surface of the thorax.(See Figure 

2.10) There are five fundamental variables engaged with the creation of murmurs: 

 

• High rates of movement through the valves. 

• Flow through a contracted valve (stenosis). 

• Backward move through an inadequate valve (deficiency or spewing forth). 

• Abnormal shunts between the left and right half of the heart (septal deformities) 

• Decreased consistency, which causes expanded disturbance. By the intensity from 

first to sixth, heart murmurs are graded accordingly. Grade one is exceptionally 

swooning and heard just with extraordinary exertion while grade sixth is greatly 

noisy and joined by an unmistakable excite. Grade sixth murmurs are even heard 

with the stethoscope marginally expelled from the chest. At the point when the 

intensity of systolic murmurs is crescendo decrescendo formed and closes before 

either of the parts of S2, it is accepted as an ejection murmur(S2 is made out of two 

segments, one from the aortic valve and one from the pulmonary valve). Murmurs 

because of in reverse stream over the atrioventricular valves are of all the evener 

intensity all through systole and achieve one or the two parts of S2. On the off 

chance that the regurgitate systolic mumble begins with S1 it is called holosystolic 

and in the event that it starts in mid-or late systole it is known as a late systolic 

regurgitate murmur. Other than murmurs, ejection clicks may likewise be heard in 

systole. They are frequently caused by variations from the irregularities in the 

pulmonary or aortic valves. Different murmurs, snaps, thumps, and thuds can 

likewise be heard in diastole, yet such diastolic sounds are beyond the scope of this 

thesis. 
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Figure 2.10: The four heart sounds in relation to various hemodynamic events and the 

ECG.All units are arbitrary[5] 

 

2.8 PCG 

 

The specialized term for tuning in to the internal sounds of the body is called 

Auscultation. With the measurement location, the loudness of different components 

varies from each other. For example, S1 is more intense than S2 at apex area. 

Additionally, the area of a heart murmur regularly demonstrates its beginning, e.g. mitral 

valve murmurs are normally most intense at the mitral auscultation zone. The 

conventional regions of auscultation (see Figure 2.11) are characterized as: 

 

• The cardiovascular apex is considered as mitral area 

• The fourth and fifth intercostal space along the left sternal border is known as 

Tricuspid area. 

• The second intercostal space along the privilege sternal border is known as Aortic 

area 

• The second intercostal space along the left sternal border known as pulmonic area. 

Updated zones of auscultation, permitting more degrees of opportunity, have anyway 

been embraced. 
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Figure 2.11: Traditional areas of auscultation (M refers to the mitral area, T the 

tricuspid area, P the pulmonic area, and A the aortic area). Reprinted 

from the medrx-education Web site[5] 

 

 

A graphical visualization of the waveform of cardiovascular sounds is known as a 

phonocardiogram, PCG. To acquire the phonocardiogram,there are different methods 

,once is that which we use in our thesis that is placing a microphone to the end of 

stethoscope and sending signals to PC and visualizing it on PC . This procedure advances 

visual examination of cardiovascular sounds. 

 

2.9  Support Vector Machine 

 

Vapnik introduced SVM for the first time,it is defined as an effective classification and 

for diagnosis of patterns.SVM is classifier of two class,where linear boundary divides the 

classes.The samples which are closest to the boundary are called support vector 

samples.The equation of decision boundary is defined by these support vectors.To 

summarize SVM theory concept,The two class classification which uses linear is the 

simple option for the classification. yi = 1,+1 labels are assumed to be the samples in this 

technique.The optimal decision boundary was found by means of maximium margin 

method.The hyper palne i.e., decision boundary which is distant from from all support 

vectors is also should be found, in addition of not only dividing the samples in to two 

classes.In vector Space,the decision boundary is expressed in terms of mathematical 

expression is as follows 

 

f(¯x) = sgn( ¯w.x¯ + b) 

 

Where w¯ the hyper plane normal vector is w¯ and intercept is b .The classification of 

samples by the decision making boundary is expressed by the mathematical equation as 

follows: 

yi( ¯w.x¯ + b) ≥ 1 
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On the other hand, the boundary of decision making should have the most distance from 

the samples of each class as according to (See Figure 3.13) means the maximizing  

 
Figure 2.12: Hyperplane separation [21] 

 

Optimization problem is defined as following equation 

 

 
 

The Lagrange multipliers are used for the solving the optimization problem. 

 
Later on, this form (called the original form is changed into the dual form with the 

placement Lagrangian derivatives with regard to the original variables Lagrangian. By 

solving the optimization problem of the form of the twin, the Lagrange multipliers values 

are obtained. KaroshKuhen-Talker state that the optimal value is shown as the following 

equation: 

n 
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w = Xαixiyi 

i=1 

The value of b is calculated as follows 

 
Number of support vectors is defined by Nsv Therefore,the mathematical equation for 

decision making function is as follows  

  

 f(¯x) = sgn( ¯w.x¯ + b) 

 

 

2.10 Previous Survey 

 

[6] In this paper,it develops a system for the detection of cardiac murmurs so that 

individuals know about their heart condition. The murmurs which are also known as 

pathological heart sounds are caused due to the turbulent blood flow which is sufficient to 

cause audible noise. The accuracy level of the murmurs is not satisfied if they are 

detected by the stethoscope. Diverse techniques have been produced for detection and all 

are sufficiently proficient however looking cost viewpoint a framework ought to be 

structured that recognize murmurs effortlessly with most extreme accuracy level. The 

developed system classifies the signal whether it is normal or murmurs from cardiac 

signals which are collected by calculating the low energy rate(LER). The framework is 

totally perfect with a PC or a laptop for Data Visualization. Under the trial an extensive 

number of individuals have been tried and results are counseled with a doctor as well. 

Results depicted for framework intended to identify murmurs. The results are classified 

as normal if LER is greater than 0.8 and murmurs if LER is less than 0.8. 

 
Figure 2.13: System design.Reprinted from research paper[6] 

 

An electronic stethoscope is intended to obtain cardiovascular signals progressively.(See 

Figure 2.12) Shows the system design of the proposed framework. Sound card receives 

the signals from the sound port. The MATLAB programming utilized is perfect with 

sound port and the signals are obtained straightforwardly from the sound port to the 

MAT-LAB. By using the digital stethoscope, the real time heart signals are acquired from 

human aorta. Aorta is the one of the important artery of the human body which carries 
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oxygenated blood to every part of the organs of the body else to lungs. The 

cardiovascular signs are straightforwardly sustained to the sound card. No outside 

interfacing hardware is required for interfacing henceforth it diminishes the framework 

cost. After getting the signal to the MAT-LAB, by applying the filter on the signal the 

noise is removed. The MATLAB plots the graph of the cardiac signal before and after 

filtering the signals(See Figure 2.13 and Figure 2.14) RMS is known as root mean square 

value. Generally, RMS of signal is described as root of mean of square of all values of a 

signal. LER is know as low energy rate. LER is given by the fraction of P and Q, Where 

number of signals below RMS is termed as P and the total number of signals is termed as 

Q. 

 

The calcification of the normal and abnormal sounds are classified after the analysis of 

sounds. (See Figure 2.15)The results of the algorithm are calculated by performance 

metrics such as sensitivity, accuracy, and specificity. 

 
Figure 2.14: Input Signal[6] 

 
 

Figure 2.15: Murmur detected cardiac signal [6] 

 

[7]In this paper,it proposes a new system which include alternative opinion on home 

system diagnosis build upon software as well as electronic stethoscope. Heart signal 

analyzing algorithms as well as the whole developing processes such as electronic 
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physical components, embedded design, USB interaction, and new designs of the 

stethoscope is discussed. The examining programming is actualized in Labview, 

recognizing sound of heart and isolating the signal with two sections naturally: the 

systolic, the primary heart sound (S1) and the diastolic, the second heart sound (S2). 

Framework thus fabricates a database of patients including their typical S1 and S2, other 

than a series of heart disease murmurs are additionally stored as patterns. Pattern 

approximation method based on algorithm of diagnosis 

 

 
 

          Figure 2.16: Receiver operating characteristics [6] 

 

The block diagram of the proposed system is as shown in the (See Figire 2.16) It consists 

of sensing element, pre-amplifier, micro controller and serial to USB converter. 

Microphone TOM-i1545P, demonstrates the best execution. It is a Small microphone 

consists of 4mm diameter, and the most extreme it consumes 0.5Ma current at the 

working four screws are utilized to alter the 2v of PCB. The sensitivity of -453dB is very 

worthy in the application. Correction of amplitude can be done by including 100X 

amplifier in circuit and by using a trimmer resistor. A 10-bit successive approximation 

Analog to Digital Converter (ADC) and the Universal Synchronous and Asynchronous 

Serial Receiver, a Transmitter (USART) is featured. Next the micro controller, associated 

a USB-UART Microphone converter, FT232, which is a chip from FTDI, an organization 

offers a scope of items to permit simple incorporate to gadgets by USB. Utilizing the 

FT232 spares an impressive time and workload of building up the USB communication. 

Double way stethoscope is designed with the help of an acoustic way existing by the 

electric detecting way. When the sensor gains the signals, the client is able to listen the 

sound of heart . Labview software is developed(See Figure 2.17)One period of heart beat 

signal is detected by using the primary design model. S1 is different from s2 at the 

frequency point. By using a band pass filter at certain frequencies S2 is eliminated. The 
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signal is normalized to the maximum value and the energy is calculated .Therefore, using 

the algorithm, S2 and murmurs can be extracted. The extracted S1, S2 and murmurs are 

saved as patterns which are used in the pattern approximation algorithm. Convolution 

between pattern S1 and original heart sound signal is calculated .Three heart beat periods 

appear with 6 identical peaks S1-S2-S1-S2-S1S2, considering three peaks, providing 

either a S1-S2-S1 or S2-S1-S2, time period of heart can be calculated.Whereas sample 

frequency is indicated by fs ,index is indicated by n, Delta n is the number of samples In 

heartbeat cycle samples number is indicated by delta n, and time period is indicated by T.  

 
Figure 2.17: Block diagram of Proposed system [7] 

 

Heart disease can be prevented by detecting heart sound signal and on long term 

monitoring.  

 

[8]In this paper,it state that a stethoscope is a device used for medical diagnosis, which 

can help us listen to the sounds made by heart and lungs in our body. Acoustic 

stethoscope is the most commonly available stethoscope. One of the main disadvantages 

of acoustic stethoscope is its low sound level and hence, it is not apt to be used in any 

noisy environments or to detect the sounds made by the internal organs of babies which 

are very low. Nevertheless, an acoustic stethoscope is most widely used as it is more 

economical than an electronic stethoscope. An electronic stethoscope digitizes and 

amplifies the sounds made by the body. After being digitized, they can be transmitted 

wirelessly using necessary electronics to reduce ambient noise and it interference. The 

primary agenda of the proposed system is to establish and manufacture an electronic 

stethoscope on the basis of wireless Bluetooth using a basic Arduino Microcontroller and 

filters. Hence, it will be easier to distinguish the sounds made by the internal organs of 

the body. The aim of this project is to not only provide a better signal but also to make it 
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wireless and interface it with PCs so as to further store it and analyze it for further 

medical research. It uses Multisim software. Through simulation, using the multisim 

software can record a heart sound, analyze it as well as it views the waveform on the 

oscilloscope. The proposed system consists of band pass filter whose frequency is 

between 2hz to 100hz.with the help of Sallen key filter model. the proposed filter is 

designed and executed on the software for simulation( See Figure 2.19) Op amp 741 is 

used as filter and LM741 used as operational amplifier. The prototype is developed by 

acknowledgment of the virtual circuit on hardware by means of active and passive 

components. Then the oscilloscope verifies the result. The Bluetooth is interfaced with 

the prototype with the help of Arduino micro controller and Bluetooth module. A 9v DC 

power adapter uses to produce power in Arduino board. The input of the Arduino module 

receives the output signal. The Arduino module is interfaced with the HC-05 Bluetooth 

transmitter. 

 

 
Figure 2.18: Software analysis of the proposed 

system[7] 

 

(See Figure 2.18)The Arduino module is interfaced with the HC-05 

module such as: 

• 5V and GND pin of both modules are connected together. 

• RXD pin of HC-05 is connected with TXD pin of Arduino. 

• TXD pin is connected with RXD pin of Arduino module. 
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               Figure 2.19: Arduino and Hc-05 module Interfacing [8] 

 

[9]In this paper,it proposes a system using DWT i.e., Discrete wavelet transforms for the 

identification of normal and abnormal heart sounds, it being helpful for tele diagnosis of 

heart illnesses.The block diagram of the heart sound identification process is shown 

below(See Figure 2.20) Because of the nearness of Cumulative Frequency segments in 

the spectrogram, DWT is connected on the spectrogram up to n level to extricate the 

features from the individual estimation segments. In spectrograms, the approximation 

components of row mean are evaluated, and a dimensional feature vector is obtained. For 

this present methodology, Rather than the sound samples, the arrangement of 

spectrograms has been considered as the database. To identify the heart sounds, the 

minimum Euclidean distance is processed between the feature vector of stored samples as 

well as test samples. Relatively 82 percent of the accuracy is obtained. 

 

X test and Y train points are calculated by the Euclidean distance. The Identification of 

different type of heart sounds are signified from the feature vectors of test and training 

which consists of smallest Euclidean distance. 



20 
 

 
 

          Figure 2.20: Output waveform of proposed system [8] 

 

[10]In this paper,it describes an another wearable stethoscope that is both wireless and 

battery-less. The framework comprises of a sensor and a reader that utilization inductive 

coupling as a technique for transmitting the signals. This strategy empowers the sensor to 

be free of wires and batteries, making it simple to append to the skin. The handset 

receiving wire can be worn outside the garments and the reader unit can be cut on a belt. 

This arrangement will permit long haul wearing of the framework to be less irksome. The 

framework can be utilized to catch human body sounds, for example, respiratory sounds 

with the end goal of consistent checking of patients with asthma or other pulmonary 

diseases. 
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Figure 2.21: Heart Sound Identification Process [9] 

 

The small mock up of the proposed stethoscope system is shown below(Figure 2.21).The 

framework comprises of a reader unit, which produces a substituting current, and a sensor 

unit, put inside electromagnetic field made through reader unit. Sensor unit comprises of 

a condenser microphone and a coil(See Figure 2.22) A resonant circuit is shaped by the 

inductance of coil(L2) as well as capacitance of the microphone C. At the point when the 

condenser microphone is presented to acoustic waves, the diaphragm moves and in this 

manner the capacitance, C, changes. Due to this, In sensor unit resonant frequency 

changes. The electromagnetic field is produced due to other current in the coil produced 

by reader unit. Current is actuated in sensor unit, implying reader unit draws energy. Per 

user side shows up voltage drop. The magnitude of the voltage drop is decided by the 

reader side through the sensor by reflected impedance. The sensor reflected impedance 

changes as capacitance regarding the condenser microwave changes with acoustic wave. 

The detection circuit demodulates the signal by first multiplying detected signal with the 

excited frequency and then afterwards passing the multiplied signal through a low pass 

filter. The filtered signal is amplified with a high gain. An idea of remote and battery-less 

stethoscope that is wearable was displayed. Such a gadget can be utilized for consistent 

health monitoring. Because of constraints in mutual inductance, this framework can be 

utilized just for short-go applications. 
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                  Figure 2.22: Small Mock-up of the proposed stethoscope system [10] 

 

[11]In this paper,it describes a novel multi function stethoscope system and its initial 

prototype. The new proposed system won’t just give to permit specialists to monitor 

patients remotely additionally join new components which can specialist to analyze 

patients all the more precisely and all the more helpfully. These elements incorporate 

heart sound and lung sound detachment, graphical display of sound signals, and ECG 

recording.The novel stethoscope head is incorporated with sensors for the concurrent 

securing of heart and lung sounds, and in addition of ECG. The fundamental elements of 

the proposed stethoscope incorporate customized volume control, LCD display of 

waveforms, diaphragm mode control, ECG recording, moderate play back, automatic 

gain control, and partition of heart sound and lung sound. All the above capacities are 

overseen by an inserted stethoscope controller in view of the ARM 7 processor. 

Bluetooth wireless communication is fused into the stethoscope controller for 

transmission of sound and ECG signs to the convenient medicinal station. The heart 

sound and lung sound partition not just empowers examination of absolutely the lung 

conditions or the heart conditions, additionally encourages instructing of auscultation 

methods. In this framework, serial port profile is utilized for the transmission of the audio 

signal keeping in mind the end goal to stay away from signal distortion, and to empower 

securing of significantly higher and lower frequency components of the heart and lung 

sounds for more detailed analysis. The convenient medical station acts as a set-beat box 

which will give a stage to gathering and pre processing the information got from the 

stethoscope. It will perform data compression and encryption, and also both remote and 

Internet correspondence connections to doctor’s facility or centers. Moreover, video 

conferencing office by means of Internet will likewise be given by the station to real time 

tele-consultation. With a specific end goal to make the station moderate to most patients, 

the station utilizes standard TV and keypad as UI. Medical Doctor Examination System is 

a broadband Internet and PC-based software framework which permits remote specialists 

to look at the medicinal information acquired from the patients. Pre-diagnosis facility, 

which uses multi sensor information combination algorithms, will likewise be 

incorporated into the framework with a specific end goal to help the doctor to speed up 

diagnosis process Keeping in mind the end goal to permit specialists to utilize the device 
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in the hospitals or medical clinics, a PDA version of the medical specialist examination 

framework without the video conferencing office is being produced(See Figure 2.23)  

 
                 Figure 2.23: Wireless and battery-less stethoscope Schematic system[10] 

Preparatory tests have demonstrated the possibility and helpfulness of the proposed 

stethoscope framework for home care applications, and more improvement will be done 

with a specific end goal to assess and field test the entire framework. 

 
               Figure 2.24: PDA-based medical specialist examination system block 

diagram [11] 

 

[12]In this paper,it introduces a visible Bluetooth wireless electronic stethoscope solution 

such as from cardiopulmonary sound, the sound of heart is isolated. The proposed device 

consists of features such as content of heart-sound as well as lung-sound is customized, 

so it is less demanding got notification from headphone. The greatest is dependent upon 

21dB.LCD show(See Figure 2.24) It consists of Multi-modes such as heart-sound mode, 

lung-sound mode and heart-lung-sound mode. 10 meters successful separation of 

computer with wireless transmission. Real-time supervision programming. The 

programmed should be stopped if it does not operate in 3 minutes. Working temperature 

should be in between 10C and 50C 

 

The separation heart sounds from lung sounds is done by introducing three band pass 

channels(See Figure 2.25) Weak heart and lungs mechanical vibration is converted in to 

electrical signal by using heart and lung sound sensor. The signal is sent to the low noise 

pre amplifier and then sent to the filter array. In the wake of perusing client order from 

keyboard, the channels exhibit to switch among heart-sound channel, lung-sound channel 

and heart-lung-sound channel is controlled by MCU, the heart-lung sound signal which is 

required is selected. As a two sections signal is isolated. The specialist heart the heart-

lung-sound in real time mode when signal drives to headphone after audio amplifier. The 
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digitization collection and heart-rate calculation, and show the heart-rate on LCD can be 

done through analog/digital circuit by the other signal which is send to MCU. For further 

preparing, transmission of the digitized heart-lung signal to computer by Bluetooth as 

well as Bluetooth circuit 

 
Figure 2.25: Small Prototype of electronic stethoscope [12] 

 

Time is controlled by MCU as per client charge. For a better impact, we pick fourth-order 

Butterworth channel in the system. The heart sound S1 and S2 is heard with clarity after 

the signal is filtered by using heart sound filter. 

 

In the meantime, filter array combination is changed by MCU. Therefore, the heart-sound 

of heart, sound of lung and sound of heart-lung-are isolated. An Analog/Digital 

transformation can be empowered in clock interference. A/D service function is stirred 

after analog/digital conversion.The digitalized heart-lung-sound information will be send 

to computer if the stethoscope is not in heart sound mode otherwise the information 

won’t be sent heart rate is ascertained by firmware. At that point the LCD shows the heart 

rate result. Computer generate a virtual UART, after Bluetooth machine capacity. From 

the virtual UART the heart lung sound information is received. Computer programming 

received information as indicated by time, which creates the constant heart-sound 

curve(See Figure 2.26) With a specific end goal to understand the remote consultation in 

view of thin client mode. Computer programming have to support TCP/IP to accomplish 

website services, so that specialists in far-distance can have a 
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                   Figure 2.26: Hardware Architecture of electronic 

stethoscope [12] 

 

discussion just by browser. We pick LabVIEW 8.20 for the proposed system. 

 

 
 

Figure 2.27: Heart sound curve in real time[12] 

 

[13]In this paper,it proposed to create convenient advanced esophageal stethoscope 

(PDES) that to quantify heart sound and murmur, a convenient advanced stethoscope is 

introduced i.e., Esophageal stethoscope(PDES)(See Figure 2.27).The features of 

proposed device is its transmit information with wireless communication, and to measure 

and analyze heart sound and murmur and to anticipate intra operative medicinal mishaps 

through consistent heart sound observing it displays the waveform by embedding the 

sensor of the PDES into the patient’s throat Heart sound information is obtained and can 

be transmitted to a computer and appeared on the screen. 
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Figure 2.28: Portable digital esophagus stethoscope Concept [13] 

 

(See Figure 2.28)The temperature sensor is embedded with the catheter and inserted into 

the throat information, so that body temperature and hear sound are acquired. At that 

point, the information is filtered through a particular frequency band (0 Hz 100 Hz) to 

avoid noises, are amplified to specific amplitude. At that point, to avoid noises at a 

particular frequency band (0 Hz 100 Hz) information is filtered are amplified to specific 

amplitude. Mic affectability is - 27dB and enhancement degree is 50 Db. The signal 

information experience A/D change and send to computer. The amplitude and waveform 

of heart sound are shown utilizing self-created programming Heart Sound 1.0. 

 
Figure 2.29: The whole system functional block diagram [13] 
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Figure 2.30: Small PDES Hardware structure[13] 

 

Software Heart Sound ver.1.0 is established which express heart sound as well as 

murmur, which shows their waveform(See Figure 2.30) The experimental data was saved 

for around 5mins, here heart sound of waveform as well as amplitude are stable. Sound 

can be heard via headphone. At the point during hotness implemented unnaturally over 

temperature sensor associated with esophageal catheter and information get transferred, 

the adjustment in degree were distinguished obviously, yet the indicated investigation 

doesnt gauge body temperature in light of the fact that temperature sensor associated with 

esophageal catheter is so small to quantify the body temperature. Also, a calculation was 

created to distinguish the heart rate and the respiratory rate utilizing the amplitude of 

heart sound and murmur and the waveform of heart sound, and the utilization of HRV 

examination was recommended. In any case, in light of the fact that the software program 

was being worked on, it could show just the amplitude and waveform of heart sound and 

murmur and body temperature. Traditional esophageal stethoscope utilized as a part of 

anesthesiology is for basic stethoscope, so can’t externalize and measure patient 

information. Moreover, as this can’t give impersonal information, analysis positioned 

over device needs to depend on the anesthesiologist’s prejudice augment. Conversely, the 

PDES created in study, supplements disadvantage of traditional esophageal stethoscope 

throughout safeguarding its focal points to measure the patient’s body temperature 

couldn’t just look at heart sound as well as murmur utilizing an esophageal catheter 

additionally show the amplitude and waveform of heart sound and murmur. In like 

manner, created PDES relied upon expected as helpful during constant stethoscope of 

heart sound amid activity also to add to examine through heart sound over giving heart 

sound information. 
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Figure 2.31: Small Real-time Heart Sound ver. 1.0 [13] 

 

[14]In this paper,it proposes a system in which the framework is equipped for extricating 

heart rate and in addition diagnosing strange heart rate condition such as tachycardia, 

bradycardia as well as sinus arrhythmia. The information of acoustic heart sound is 

gained by a sound card of micro PC and put away as a record of wave table. Calculation 

for removing the heart rate starts with the standardization of the information document to 

such an extent that the most extreme esteem IS solidarity. Therefore, the gap requirement 

of the framework is the ultimate vital concern, In VLSI outline hardware of front end can 

be done. All information got by the identifier part are to be examined by a modernized 

framework. The proposed system need to provide unique programming and most likely 

new equipment. Therefore, system managing medical operation the identifier part should 

be exceptionally touchy to distinguish low force in a generous measure of time. The 

variety of these numbers specifically gives us working of the specific proportion of the 

human body. The envelope is distinguished and thought about against a pre-chosen 

hysteresis window. After intersection the positive limit maximum is found during the 

envelope of sample index number. The index is stored at the negative limit i.e., when 

envelope falls, thus results in noise reduction. This is rehashed for three envelope peaks 

uses this strategy, giving one of two i.e., S1-S2-S1 or else S2-Sl-S2 . In one of two cases 

the beginning and last recorded times produces heart rate by the condition. 

 

Here, fs indicates sampling frequency, whereas HR indicates heart rate, indicates number 

of samples in the heartbeat. The circumstances of three heart rates are joined into the 

single calculation as shown below. The primary circumstance such as sinus arrhythmia, 

described by a heart rate inside typical points of confinement yet sporadic. It is 

distinguished by contrasting the span of adjoining heart thumps The proportion of the 

counters gives a sign of sinus arrhythmia. 

 

The heart rate underneath 60 bpm and a normal beat is termed as bradycardia . It is 

effortlessly identified by checking the heart rate. On the off chance if the length of 

heartbeat is extensive , the Bradycardia Counter (BC) is augmented. The closeness of the 

proportion BC to solidarity shows the seriousness of the bradycardia. The heart rate 

surpasses 150 bpm in tachycardia during the inverse end. Segmentation is a process in 
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which systolic and diastolic stages are outlined before the start of murmur examination. 

Genuine division construct exclusively with respect to acoustic information is a 

troublesome procedure. The range of the diastolic stage diminishes when heart rate 

expands on the other hand systolic stage is generally settled. The disparities may invert 

during high heart rates. This is the shortcoming of such a straightforward division 

conspire and the force for utilizing ECG as a part of segmenting. Furthermore, the SI and 

S2 sounds regularly rule the murmurs. It is fundamental, accordingly, each systolic and 

diastolic murmur performances time frequency study rejection of SI and S2 sounds . To 

this end, a different information document will be made for every murmur event. Another 

record can be opened and information composed until intersection the positive edge, 

where the document is closed during the envelope falls underneath the negative edge This 

will confine the murmur from SI and S2. The segmentation comes about frame recognize 

the murmur stage - systolic or diastolic. Along these lines, murmur documents are made 

consecutively, substituting among systole and diastole. The time-frequency analysis is 

performed By utilizing the spec gram work as a part of MATLAB, delivers a local 

spectrum versus time analysis of time-frequency is achieved.The trademark crescendo-

decrescendo pattern is promptly evident. For every local spectrum a spectrograph is 

created for every murmur data file and measurable attributes, for example, normal and 

standard peak deviation magnitude,peak frequency magnitude are ascertained for every 

local spectrum. These measurements are utilized to produce diagnoses of AS and 

MR.The MR is analyzed when the standard deviation are small as well as when the 

average of the peak frequency is reasonable. 

 

[15]In this paper,it presents a framework for determining the frequency characteristics of 

the individual by creating an AR model of a signal. He at that point utilizes a sliding 

window and extract a measure of beat energy in narrow frequency band by repeating the 

AR modeling, which is along these lines cut to give the S1/S2 location. After detecting 

the peaks, the signals which their energy compressed into short time span, then it 

considers as murmurs and is rejected. In spite of the fact that the strategy was tried, the 

outcomes are conceded and not expressed. Particular features have been developed by the 

tracking the energy in a certain frequency band for the segmentation algorithm of heart 

sounds.To evaluate the value of this calculation, it was tried for 960 cycles of PCG from 

a gathering of 30 patients with an assortment of pathological conditions. Correlation 

between the outcome from this calculation and those recognized by experienced 

cardiologist demonstrates an extraordinary level of assertion. Anyway, to express this 

assertion factually, more abstract division done by specialists is being examined. 

 

 

[16]In this paper,it presents a framework in which Segmentation is improved by different 

pre-processing steps. So before running the segmenter based on peak selecting the Hilbert 

magnitude, the signal is pre-processed with a wavelet decomposition .Therefore the 

variation in s1/s2 location against the ECG is compared for the measurement of 

improvement. The simulated PCG signals with interference sound as maternal PCG sounds 

is used as reported results. The segmenter assumed here is peak detector. 
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[17]In this paper,it proposed a system such that From the QRS of the associated ECG, S1 

sound is detected primarily. In order to locate the S2 sound, energy peaks are classified 

by using the mixture of energy measurement and heuristics. T systole remains constant, 

thus the most important rule for the detection of S2. The small sample of 105 heart beats 

are taken from the individuals in a group who consists of different types of heart diseases. 

Therefore, the proposed system worked well on it i.e., greater than 96 percent and 

irregular heartbeats are also handled very well. 

 
 

Figure 2.32: Block Diagram of the proposed algorithm [17] 

 

In the proposed paper, low complexity methodologies which uses for classification and 

heart sound segmentation problem is addressed.(See Figure 2.31) In the segmentation of 

heart sounds the measure of the signal complexity i.e., the variance fractal dimension is 

applied. The average time duration of the segments of heart sounds are observed and it 

considers two distinct time scales for the detection of boundaries of segments clearly. By 

using the fuzzy C-means and ECG-QRS complex classification lobe is dependent. 
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CHAPTER 3 

METHODOLOGY 
 

 

This section summarizes the methodology used in this study for developing of wireless 

stethoscope and diagnosing the disease. The methodology involves five subsections: 

Workflow,hardware specifications,connections,working and Diagnosing the disease 

 

3.1 System Overview 

 

The methodology divides into two parts. First part is developing digital stethoscope and 

sending the heart sounds signals to the PC wirelessly using WIFI module and Cortex M0. 

Second part is about detection of disease Murmur . The overview working of this 

system:when a person keeps the stethoscope on his chest, the heart sounds of the person 

is displayed on the PC and the second part of the system analysis the signals and classify 

whether it is normal or murmurs(See Figure 3.1) 

 
 

Figure 3.1: Block diagram of Proposed System 
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3.2 System Design 

 
                             Figure 3.2: Flow diagram of Proposed System 

 

 

3.3 Hardware Specifications 
 

STETHOSCOPE : The acoustic medical device which uses for auscultation is known as 

Stethoscope. The heart sounds as well as lung sounds are often heard by it. In addition to 

it, intestines and blood flow in arteries and veins are also listened by stethoscope(See 

Figure 3.3) It is also used for measuring of blood pressure with the combination of 

sphygmomanometer. 



 

 

33 
 

 
Figure 3.3: Stethoscope [2] 

 

MICROPHONE:Microphone is placed at the end of the stethoscope, it captures the 

sound from the diaphragm of stethoscope and converts body sounds in to electrical 

signal. One of the most important criteria is frequency response of microphones. It must 

be capable of picking up sounds from the range of 20Hz-2kHz.The microphone must also 

be capable of reproducing the correct intensity of sounds of body .Thus the sensitivity is 

another most important criteria. 

 

Condenser microphone is chosen as it has a flat frequency response.Standard condenser 

and Electret condenser are two different type of condenser microphones. 

 
Table 3.1 shows the comparison between dynamic and condenser 
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Table 3.2 Comparison between standard and electret microphone 

 

Thus,for the conversion of body signals to electrical signals we choose electret condenser 

microphone. 

. 

Figure 3.4: Schematic diagram of Sensor [2] 

 

The current for the electret microphone internal FET is provided by the R1 and R2.For 

the supply of Build in FET buffer,,1-10v of voltage is needed(See Figure 3.4) 

 

AMPLIFIER: The electronic device which increases the strength(amplitude) of the 

signal i.e.,audio while passing through it is know as Audio amplifier. it is capable of 

increasing the strength in such a way that it is suitable for driving loudspeakers.it 

amplifies the low power audio signals.For example if we give input as 100 micro Watts 

,the output deprived can be 10-1000 Watts.Gain,Frequency response,gain,noise and 

distortion are the parameters for audio amplifiers(See figure 3.5) 

 

• On-board LM358 chip 

• up to 100x,the gain is adjustable 

• For gain adjustment,10K adjustbale resistor On -board 

• power indicator 
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• Chip has been drawn out to the main pins for direct input and output of signals 

• 5 V to 12 Vis working voltage range 

 
 

Figure 3.5: Amplifier[2] 

 

CORTEX MO: Arm cortex M0 is a 32bit micro controller which offers the 6X the 

power of 8bit micro controller.The operating voltage of micro controller is 5V Dc.It 

consists of 64KB Flash size as well as 8kB SRAM size.I consists of 10 digital IO,6 

Analog Input,10 external Interrupts,16 PWM ,clock speed of 50Mhz.It is compaitable in 

Arduino IDE.(See Figure 3.6) 

 
Figure 3.6: Cortex M0 [2] 

 

ESP8266-01 WIFI MODULE: Esp 8266-01 is the WI-FI module which we uses in our 

proposed system to transmit the received signals.This some of the features of wifi module 

is 802.11 b/g/n,Antenna diversity, is supported.it is low power 32 bit MCU.it has 10 bit 

ADC.IN ¡2ms ,it wakes up and transmit packets.The power consumption is of less than 

1.0mw.-40C to 125C is the operating voltage of it.(See Figure 3.7) 
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. 

Figure 3.7: ESP 8266-01 [2] 

 

3.4 Connections 
 

At the end of the stethoscope,Electret condenser microphone is placed.The supply voltage 

of microphone is connected to the output of amplifier. Ground of microphone is 

connected to the ground of amplifier. The 4th pin of amplifier is connected to A0 of the 

cortex m0. The Vcc pin of amplifier is connected to 5v of cortex m0 chpd and 3.3 vcc of 

WIFI module ESP8266 is connected to isp pins of cortex for power supply. Ground of 

esp8266 is connected to the ground of cortex respectively. TX of esp8266 is connected to 

the 8th pin i.e., receiver of cortex mo. Rx of esp8266 is connected to the 9th pin i.e., 

transmitter of cortex m0. 

 

3.5 Working 
 

At the end of the chest piece of the stethoscope ,the electret condenser microphone is 

placed such that it converts body sounds into an electrical signal. The amplifier is used to 

amplify the signal , thus it makes the signal strong, thus the output of amplifier is given to 

the A0 of microcontroller. The micro controller converts the received analog signal to 

digital signal by using inbuilt ADC. The output of microcontroller is fed to the WIFI 

transmitter. The receiver in the PC receives the signals. 

 

3.6 Design of User  interface 
 

A user interface has been designed to be operated at the central location. This interface 

has been designed using MATLAB and is shown below. This interfacing software can 

maintain the data connection between the central location and the stethoscope. In 

addition, this can automatically get the data from the stethoscopic device soon after the 

data sampling is done. 
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Figure 3.8: GUI 

 

 

3.7 Diagnosing the disease 
 

The dataset is taken from the website [19].The dataset contains the normal heart sounds 

and the murmur heart sounds. It was sorted into two folders i.e., normal folder consists of 

31 files and murmur folder consists of 34 files. Sound signals was extracted from the heat 

beat sounds and it was classified into two arrays in Matlab. The first array contains sound 

signal array for normal . The second array contains sound signal array for murmur.The 

heart sound data is given to total system is in wav file format.The heart sounds filtered to 

remove the noise. Then the heart sounds are re sampled to normalize their lengths. 

 
Figure 3.9: Block diagram of Signal Processing 

 

3.7.1 Pre-processing Steps 

 

It consists of two steps here i.e., segmentation method and feature extraction. 

In our proposed system we use segmentation algorithm for pre processing. Segmentation 

method includes following steps 

• Normalized average shennon energy 
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• Picking up the peaks 

• Rejecting extra peaks 

• Identification of S1 and s2. 

In our proposed system we use segmentation algorithm for pre processing. So, it is based 

on envelope calculation using normalized average Shannon energy. it results in finding 

the low intensity of sounds easily and to constricts the impact of low value noise. 

The Data set is taken from the website [19].The input for this system is signal from the 

dataset. We re-sample the data to 11025Hz. Firstly, using an 8th order Chebyshev type I 

LPF with 882hz cut off frequency of signal from 11025hz to 2205hz sampling frequency 

is decimated by factor 5. 

 
Where  is the ripple factor, ω0 is the cutoff frequency and Tn is a Chebyshev polynomial 

of the nth order. In matlab we use cheyb1 command for filtering the signal.The output is 

filtered signal. 

Downsampling is done for decreasing the sample rate by integer factor.We use 

downfactor as 1. 

Secondly, absolute maximum of the signal is obtained by normalizing the equation 

 
Here, the decimated signal is x2205. For normal decimated signal, the energy is calculated. 

The normalized signal envelope is calculated by different ways. Shannon energy is 

determined as 

E = −x
2
.logx

2
 

enlarging the ratio of High or low intensity, low-intensity sounds are buried under the 

high intensity by energy(square)(See Figure 3.11). Shannon entropy emphasizes the 

impact of low noise that makes the envelope excessively noise, making it impossible to 

read. To all the signal, same weight is given by the absolute value. The medium intensity 

signal is emphasized by Shannon entropy and then that of the high-intensity signal, the 

effect of low intensity signal is attenuated. The low intensity and high intensity envelope 

difference is shortened better by the Shannon energy than that of the absolute energy. The 

low intensity sounds can be found easily by shortening. 
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Figure 3.10: Flow Chart of Segmentation 
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        Figure 3.11: Comparison of different methods of envelop [20] 

 

The signal is segmented by 0.02 second with the overlapping of 0.01second and the 

average Shannon energy is calculated by 

 

 
The calculation of normalized shannon energy is given by 

 

 
Mean value and standard deviation of Es(t) is calculated by M(Es(t))and S(Es(t)) 

respectively. 

 

Picking up the peaks: After calculating the envelope by using normalized Shannon 

energy, based on it we set a threshold for removing noise and low intensity of the signal. 

So, if the peak of signal exceeds the threshold level, the peak is picked up and assumed to 

be first or second heart sound. There are too main criteria for picking up the picks such as 

• we pick one sound always 

• If it consists of 2 peaks, then it means that it consists of either first heart sound or 

second heart sound. In order to get on sound, only one peak is selected. 

From one recording to the other recording, there is a lot of difference in heart sounds 

patterns, Mostly, it is very complicated for recording of actual abnormal heart sounds. To 

take care of these issues, we made a few increases in the methodology. 

 

Rejecting Extra Peaks: The main issue is many extra peaks are used to picked up. The 

intervals between each adjacent peak are calculated for eliminating the extra peaks. The 

mean value and standard deviation are computed for each signal by by low level time 

limit and high-level time limit in order to delete extra peaks. 

• If we get two peaks within 50ms, if the energy of first peak is not less than the 

second peak, then the first peak is selected, otherwise second one is chosen. 
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• if we get two peaks after exceeding 50ms, both the peak energies are calculated. If 

the first peak is larger than that of the second peak, then we select first peak 

otherwise we choose second peak. 

 

Identification of s1 and s2: We got the peaks, now our aim is to find which peak is s1 

and which peak is s2. To identify these peaks, we do have particular criteria 

• The diastolic period is determined by the recording which is largest (within 

20seconds). 

• The shortest interval is known as systolic period. Compared to the diastolic period, 

the systolic one is constant. In general, the time gap between the s1 and s2 is 

known as systolic period and the time gap between the s2 and next s1 is known as 

diastolic period. 

 

In our system, the feature extraction is done by MFCC. Generally, Davis and 

Mermelstein in 1980s , calculated MFCC for first time and it used for speech analysis. At 

lower frequencies, a small change in the pitch of sound signal is recognized by Human. 

For those frequencies, MFCC is linear. The log filter bank energies is similar to that of 

the MFCC features. Mel scale is included in the Mfcc, where it makes exact copy on 

smaller scale which is understandable by human.The Computation steps of mfcc is shown 

below(See Figure 3.12) 

 

 
 

Figure 3.12: Computation Steps of mffc [21] 

The sounds in our dataset is resampled to 11052hz. Pre-emphasis filter: Generally, it is 

used in the communication, to increase the strength of higher frequency components and 

while taking the lower frequency at same level. To make the spectrum to equal for all the 

components. . Framing and Windowing : In our first step, we divide our signal in to the 

frames. We need to extract 13 mfcc coefficients from each frame, therefore the next steps 

are required to apply for each frame. So, we give our time domain as s(n), then after 

framing its results in si(n), it means n indicates number of samples in the frame and I 

denotes the number of frames. We obtain si(k), by calculating DFT. Where k denotes the 

length of the DFT. 

 
Thus, we perform hamming window of the signal. Therefore, each sample of signal 

multiply with each sample of hamming window. In each frame, to keep the continuity of 

the first and last point, we use hamming window. In our system, we consider Window 

size=100 frame shift=99. 
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For si(n), we give the periodogram based spectral estimate for speech is given as 

 
Therefore, by taking an absolute value of si(k), we get result of the power spectrum of 

frame i. A lot of information is estimated in the periodogram spectral estimate which is 

not required for the ASR (automatic speech recognition). Therefore, each frame is 

computed with power spectrum. 

The following step is to calculate the energies in each frame by using Mel bank filter. So, 

we compute Mel spaced filterbank i.e., we apply triangular filters to the periodogram 

power spectral estimate.we multiply each filter bank with power spectrum, then add all 

the coefficients, which results in the energies which indicates how much of energy is in 

each filter. The filter bank is applied to each part of the magnitude.” The frequency in 

mel scale is given as 

 
The next step is taking the log of each energies which results in the log filterbank 

energies. DCT decorrelates the filter bank energies. Thus, the DCT of these log filter 

bank energies results in the cepstral coefficients. For ASR, we dont require all the 

coefficients, therefore we take lower 2-13 coefficients. So here the resulting features i.e., 

12 coefficient of each frame known as MFCC features. 

In our system ,we compute mfcc as shown in the source code in figurre 3.13 

 
Figure 3.13: Source code of Mfcc 
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Steps involved in making mfcc features  

• Read the signal  

• Split the signal into frames of frame size 100ms  

• Apply fft to get periodogram to get 20 filter bank coefficients  

• Taking the logarithm of all filter bank energies  

• Apply DCT to filter bank coefficients to get 13 Mfcc coefficients because filter 

bank energies are correlated.  

  

  

 
  

Figure 3.14 Source code of mfcc features         
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3.8 Obtaining SVM classifiers  

 

After the mfcc coefficients were constructed, the 13 coefficients were used to generate the  

“Feature matrix”. Feature matrix is the representation of the signal using statistics over the 

set of 13 mfcc coefficients. For this model, the entire feature matrix was used as the 

training matrix to train the SVM classifier training an SVM classifier using all of the 

features would likely provide better sensitivity and specificity.  

  

  

Figure 3.15: Block Diagram of classification of Heart sounds  

  

  

Explanation of SVM Source Code:  
 

SVM is also a function available in the Statistics Toolbox of MATLAB 2016a and was 

used for classifying data into two classes. SVM algorithm classifies the two classes 

(normal and abnormal) by finding an optimal hyperplane with the largest margin that 

separates the data points of the classes. The support vectors are the data points closest to 

this hyperplane and on the margins of the border separating the samples”.  

As with any supervised learning model, we should first train a support vector machine, and 

then cross validate the classifier. The trained machine is used to classify (predict) new 

data.  Training an SVM classifier was achieved in distinct steps  

• Load data  

• Training an SVM Classifier  

• Classifying New Data with an SVM Classifier”.  

 

 

 

 

 

 

https://in.mathworks.com/help/stats/support-vector-machines-for-binary-classification.html#bsr5o09
https://in.mathworks.com/help/stats/support-vector-machines-for-binary-classification.html#bsr5o33
https://in.mathworks.com/help/stats/support-vector-machines-for-binary-classification.html#bsr5o33


 

 

45 
 

Readsound2.m  
Firstly, we load the data files. two folders i.e., normal folder consists of 31 files and 

murmur folder consists of 34 files as shown in the figure3.15. The heart sound data that is 

provided to the complete system is in .wav audio format.  

  

 
  

  

Figure:3.16 Loading the Data of normal and murmur sounds  

  

  

Figure 3.16 explains the source code of readsound.m . By using the function audioread we 

read the files. Sound signals was extracted from the heat beat sounds and it was classified 

into two arrays in MATLAB. The first array contains sound signal array for normal. The 

second array contains sound signal array for murmur. In line 7, we read murmurs sounds 

using MATLAB function audioread, then the sound signal is segmented by using 

segmentation process. We initialize zero array and then add all the cycles, then finds the 

average of cycle. The same procedure is repeated to normal files in line 31. Then we 

proceed to feature extraction process using   Mfcc. We initialize array called mydata, then 

we extract the mfcc features for the signal as explained in the source code of mfcc in 

figure3.13 and We are appending class 1 as murmur and class 0 as normal and we input to 

SVM.  
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Figure 3.17: Source code of audioread 

   

Training SVM  
  

Svmm.m  
  

After the segmentation and mfcc feature extraction as shown in the figure 3.1 ,the mydata 

is divided into input and Target as shown in the figure line 4 and line 5. The input data 

consists of 13 mfcc features, and the target indicates the Array of class labels with each 

row corresponding to the value of the corresponding row in Input. In line 6, the SVM is 

trained using the MATLAB command fitcsvm. The radial basis function (RBF) kernel 

which is a Gaussian function is used compute the elements of the gram matrix. The kernel 

scale is set to auto, then the software selects an appropriate scale factor using a heuristic 

procedure. This heuristic procedure uses subsampling, so estimates can vary from one call 

to another. Box Constraint is set to 1, which controls the maximum penalty imposed on 

margin-violating observations, which helps to prevent overfitting. The class names 

distinguish negative class and positive class.1 indicates murmur and 0 indicates normal. In 

line 9, it Cross-validates the SVM classifier. By default, the software uses 10-fold cross-

validation.in line 10, it Estimate the out-of-sample misclassification rate by using 
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classloss.in line 12 the model accuracy is calculated. In line 14, the model loss is 

calculated

 

Figure 3.18 Source code of SVM  

       

Classifying New data 
  

Predict_sound.m  
  

The model is tested with new data. Firstly, the new signal is segmented, we initialize 

zero array and then add all the cycles, then finds the average of cycle and mfcc 

features of signal is extracted. Then by using the predict function, the model predicts 

the signal whether it is a normal or murmur. If it is 1, then it indicates murmur. If it is 

0, then it indicates as normal.  

  

  

Figure 3.19 Source code of predicting new data. 
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Murmur.m  

    

The graphical user interface is designed in such a way that it predicts the data from the 

selected folder and data from the hardware as shown in figure 3.20  . In line 36,push 

button 2 is set to select file from the folder.In line 44,push button 3 is set to read the 

audiofile and plot the signal. ,In pushbutton 9 is used to train the svm data.After 

training,it appears as trained .In line 56,we set pushbutton 4 to predicts the data file 

selected as murmur or normal. In pushbutton 7 the data from the hardware is 

plotted,then the sound is filtered and it is trained using svm and predicts wheather it is 

normal or murmur.  
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Figure 3.20 :Source code of murmur  
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                             CHAPTER 4 

                                    EXPERIMENTAL RESULTS 
  

  

The data from the stethoscope is transmitted wirelessly to PC Using the WIFI module. The 

GUI is designed in such a way that data from the hardware as well from the dataset are 

predicted. 

  

The data sent is shown as  figure 4.1. when we press the get signal and detect murmur. On 

the GUI. The time is given by the X axis and Y axis is gives the Analog value of the Real 

time Data.  The Sampling frequency is 100Hz and Time frequency is 0.01sec  

  

 
  

Figure 4.1: Heart sound from stethoscope  

  

The user interface is designed in such a way that it diagnoses from the data set as well data 

from the stethoscope.  
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Heart Sound Analysis by Segmentation:  

 

The sound analysis is done by the segmentation of method. So, it is based on envelope 

calculation using normalized average Shannon energy. it results in finding the low 

intensity of sounds easily and to constricts the impact of low value noise. Firstly, using an 

8th order Chebyshev type I LPF (low pass filter) with 882hz cut off frequency, the signal 

of 11025hz sampling frequency is decimated by factor 5. The signal is segmented by 0.02 

second with the overlapping of 0.01second and the average Shannon energy is calculated. 

Extra peaks are deleted and S1 and S2 are identified.  

  

 
  

                   Figure 4.2 : Normalized Average Shannon Energy  

   

 
  

                  Figure 4.3: Identification of S1 and S2  
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Firstly,the signal is pre emphasized.then it is divided into frames.Then we apply hamming 

window to it. Split the signal into frames of frame size 100ms. Apply fft to get 

periodogram to get 20 filter bank coefficients.Taking the logarithm of all filter bank 

energies.Apply DCT to filter bank coefficients to get 13 Mfcc coefficients because filter 

bank energies are correlated  

  

  

  

  
  

  

  

Figure 4.4 Result of signal waveform, wave after getting log filterbank energies, 

waveform of Mel frequency spectrum  

  

 

  

Heart Sound Classification   
  

The segmented Samples and Mfcc features obtained by preprocessing steps and Feature 

extraction, 65 recordings are selected (including 31 normal cases and 34 abnormal cases) 

as the training set and the 20 recordings are selected from the Michigan 

university(including 10 normal cases and 11 abnormal cases) as the testing set .  
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In this thesis, MATLAB fitcsvm toolbox was used to implement the classification of heart 

sounds. We also used RBF kernel. the SVM is trained using the MATLAB command 

fitcsvm. The radial basis function (RBF) kernel which is a Gaussian function is used 

compute the elements of the gram matrix. The kernel scale is set to auto, then the software 

selects an appropriate scale factor using a heuristic procedure. This heuristic procedure 

uses subsampling, so estimates can vary from one call to another. Box Constraint is set to 

1, which controls the maximum penalty imposed on margin-violating observations, which 

helps to prevent overfitting. The class names distinguish negative class and positive class.1 

indicates murmur and 0 indicates normal. Result of the classification of the test sets 

consisting of 40 cases are presented in the calculation of “accuracy..  

  

  
  

  

Figure 4.5: Detection of normal sound from the data set  

  

  
  

Figure 4.6: Detection of murmur from the data set  
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Figure 4.7: Detection of disease from the stethoscope data  

  

  

These results indicate that only 5 abnormal heart sound signals, out of the 22 abnormal 

signals, are recognized as normal heart sound signals with all other signals are accurately 

classified Table 3 shows that accuracy of the SVM classification. From the results, it can 

be seen that SVM has a high accuracy even though we have a limited training set.SVM 

has a strong adaptability to the small samples. Simulation results indicated that the 

proposed algorithm achieves the sought goal with a classification accuracy of 83.3% 

composed of 77.2 percent Precision and 89.4 percent recall”.   

  

Therefore, the whole system need more heart sound signals to improve its performance  

  

4.1 Calculation of Accuracy  
  

The test data is taken from the Heart sound & Murmur Library of Michigan 

University[13]. The normal sounds and murmurs sounds are tested for the trained model 

and accuracy is calculated.  

  

The accuracy of this detection is calculated by forming a confusion matrix. Confusion              

matrix has four main parameters and according to this case they can be defined as:  

  

  

TP (True Positive) : In this case it is the predicted yes (Murmur detected) and it is a 

Murmur.  

  

TN (True Negative) : In this case it is predicted no and there is no Murmur.  
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FP (False Positive ) : Predicted yes, but actually there is no Murmur.  

  

FN (False Negative) : Predicted no , but actually there was a Murmur”.  

  

  

     

Predicted condition  

  

  

Actual 

condition  

  

Murmur  

True Positive 

17  

False Positive 

5  

  

Normal  

False Negative 

2  

True Negative 

18  

  

  

  

  
   For the above confusion matrix, accuracy, recall and precision is calculated 
 

 
  
           
                            

“The sensitivity, specificity and total classification of accuracy is  89.4%,82.6% and 

83.3%”. 

  

 

 

 

 

 

 



60 
 

CHAPTER 5 

  

CONCLUSION AND RECOMMENDATIONS 
   

  

The proposed system consists of two parts , In first part ,the data from the stethoscope isent 

to the PC wirelessly using WI-Fi module, whereas other systems used seral communication 

for sending the data to PC. The second part of the system diagnose the disease called 

murmur. It detects the signal which is obtained from the stethoscope. The preprocessing 

steps includes the segmentation method to detect s1 and S2.The diagnosing of the model is 

done by Support vector Machine. Other systems detects the disease from the dataset. 

whereas in our system, the user interface is designed in such a way that it diagnoses the 

disease from the dataset as well as from the data received from the stethoscope.  

  

The accuracy obtained for the training and testing is reported.  

  

The biggest recommendation is that the testing accuracy can be increased if the dataset is 

more. So, the system improves if the dataset of murmurs is more.  
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APPENDICES  
  

  

Murmur.m 

function varargout = murmur(varargin) 

% MURMUR MATLAB code for murmur.fig 

% MURMUR, by itself, creates a new MURMUR or raises the existing 

% singleton*. 

%H = MURMUR returns the handle to a new MURMUR or the handle to 

%      the existing singleton*. 

%       

%      MURMUR('CALLBACK',hObject,eventData,handles,...) calls the local 

%      function named CALLBACK in MURMUR.M with the given input 

arguments. 

% 

%      MURMUR('Property','Value',...) creates a new MURMUR or raises the 

%      existing singleton*.  Starting from the left, property value pairs are 

%      applied to the GUI before murmur_OpeningFcn gets called.  An 

%      unrecognized property name or invalid value makes property application 

%      stop.  All inputs are passed to murmur_OpeningFcn via varargin. 

% 

%      *See GUI Options on GUIDE's Tools menu.  Choose "GUI allows only 

one 

%      instance to run (singleton)". 

% 

% See also: GUIDE, GUIDATA, GUIHANDLES 

 

% Edit the above text to modify the response to help murmur 

 

% Last Modified by GUIDE v2.5 16-Sep-2018 00:41:36 

 

% Begin initialization code - DO NOT EDIT 

gui_Singleton = 1; 

gui_State = struct('gui_Name',       mfilename, ... 

                   'gui_Singleton',  gui_Singleton, ... 

                   'gui_OpeningFcn', @murmur_OpeningFcn, ... 

                   'gui_OutputFcn',  @murmur_OutputFcn, ... 
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                   'gui_LayoutFcn',  [] , ... 

                   'gui_Callback',   []); 

if nargin && ischar(varargin{1}) 

    gui_State.gui_Callback = str2func(varargin{1}); 

end 

 

if nargout 

    [varargout{1:nargout}] = gui_mainfcn(gui_State, varargin{:}); 

else 

    gui_mainfcn(gui_State, varargin{:}); 

end 

% End initialization code - DO NOT EDIT 

 

 

% --- Executes just before murmur is made visible. 

function murmur_OpeningFcn(hObject, eventdata, handles, varargin) 

% This function has no output args, see OutputFcn. 

% hObject    handle to figure 

% eventdata  reserved - to be defined in a future version of MATLAB 

% handles    structure with handles and user data (see GUIDATA) 

% varargin   command line arguments to murmur (see VARARGIN) 

 

% Choose default command line output for murmur 

handles.output = hObject; 

 

% Update handles structure 

guidata(hObject, handles); 

 

% UIWAIT makes murmur wait for user response (see UIRESUME) 

% uiwait(handles.figure1); 

 

 

% --- Outputs from this function are returned to the command line. 

function varargout = murmur_OutputFcn(hObject, eventdata, handles)  

% varargout  cell array for returning output args (see VARARGOUT); 

% hObject    handle to figure 

% eventdata  reserved - to be defined in a future version of MATLAB 

% handles    structure with handles and user data (see GUIDATA) 
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% Get default command line output from handles structure 

varargout{1} = handles.output; 

% --- Executes on button press in pushbutton1. 

function pushbutton1_Callback(hObject, eventdata, handles) 

% hObject    handle to pushbutton1 (see GCBO) 

% eventdata  reserved - to be defined in a future version of MATLAB 

% handles    structure with handles and user data (see GUIDATA) 

global f 

axes(handles.axes1); 

segment(f); 

% --- Executes on button press in pushbutton2. 

function pushbutton2_Callback(hObject, eventdata, handles) 

% hObject    handle to pushbutton2 (see GCBO) 

% eventdata  reserved - to be defined in a future version of MATLAB 

% handles    structure with handles and user data (see GUIDATA) 

[queryName, querypath, ~] = uigetfile({' *.mp3; *.wav' ,'Heart Sound 

(mp3,wav)';}, 'Select Sound file'); 

global f 

f=fullfile(querypath,queryName); 

 

 

% --- Executes on button press in pushbutton3. 

function pushbutton3_Callback(hObject, eventdata, handles) 

% hObject    handle to pushbutton3 (see GCBO) 

% eventdata  reserved - to be defined in a future version of MATLAB 

% handles    structure with handles and user data (see GUIDATA) 

global f 

axes(handles.axes1); 

 

[signal,fs]=audioread(f); 

t=length(signal)/fs; 

time=linspace(0,t,length(signal)) 

plot(time,signal) 

%p=segment(f); 

 

% --- Executes on button press in pushbutton4. 
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function pushbutton4_Callback(hObject, eventdata, handles) 

% hObject    handle to pushbutton4 (see GCBO) 

% eventdata  reserved - to be defined in a future version of MATLAB 

% handles    structure with handles and user data (see GUIDATA) 

 

global f 

 

value=predict_sound(f); 

if value==0 

  set(handles.text2,'String','Normal') 

  set(handles.text2,'BackgroundColor','green') 

else 

  set(handles.text2,'String','Murmur') 

  set(handles.text2,'BackgroundColor','red') 

end 

% --- Executes on button press in pushbutton5. 

 

 

% --- Executes on button press in pushbutton7. 

function pushbutton7_Callback(hObject, eventdata, handles) 

% hObject    handle to pushbutton7 (see GCBO) 

% eventdata  reserved - to be defined in a future version of MATLAB 

% handles    structure with handles and user data (see GUIDATA) 

 

%global allsignal2 

global y 

clc; 

global hbtc; 

global timegap; 

global noise; 

; 

% SerialPort = serial('COM12','BaudRate',2400,'DataBits',8); 

allsignal=[]; 

allsignal2=[]; 

allsignal3=[]; 

h = tcpip('192.168.137.138',8080); 

fopen(h); 

pause(1); 
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MaxDeviation = 0.1;%Maximum Allowable Change from one value to next  

TimeInterval=0.001;%time interval between each input. 

loop=700;%count valuesc 

bytesToRead = 1; 

%  

% s = serial(SerialPort) 

% fopen(s); 

 

time =0; 

voltage = 0; 

 

%% Set up the figure  

%figureHandle = figure('NumberTitle','off',... 

%'Name','Data monitoring',... 

%'Color',[1 1 1],'Visible','off'); 

 

figureHandle=handles.axes2; 

 

% Set axes 

%axesHandle = axes('parent',figureHandle,... 

%'YGrid','off',...                       

%'YColor',[0 0 0],... 

%'XGrid','off',... 

%'XColor',[0 0 0],... 

%'Color',[1 1 1]); 

 

%axesHandle=axes(hanldes.axes1) 

 

axes(figureHandle) 

 

hold on; 

 

plotHandle = plot(time,voltage,'LineWidth',1,'Color',[0 0 1]);  

%         

% plotHandle = plot(axesHandle,0,'-y','LineWidth',1); 
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xlim([0 700]); 

ylim([0 70]); 

 

% Create xlabel 

xlabel('Time','FontWeight','bold','FontSize',14,'Color',[1 0 1]); 

 

% Create ylabel 

ylabel('Analog Value','FontWeight','bold','FontSize',14,'Color',[1 0 1]); 

 

% Create title 

title('Real Time Data','FontSize',15,'Color',[1 0 1]); 

%hold off; 

 

 

 

%% Initializing variables 

 

voltage(1)=0; 

time(1)=0; 

count = 2; 

k=1; 

hbtc = 0; 

 

while 1   

 

    if(count == loop) 

         

        noise = hbtc; 

        hbtc = getBeatTimes(hbtc);     

           

      if (count == 0) 

        break; 

    end 

%      voltage(count) = fscanf(s,'%f'); 

      voltage(count) = fread(h,bytesToRead); 

     if voltage(count) > 35 

        time(count) = count; 

  allsignal=[allsignal voltage]; 
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        [xx,yy] = smoothLine(time,voltage,70); 

         allsignal2=[allsignal2 yy]; 

         allsignal3=[allsignal3 xx]; 

        set(plotHandle,'YData',yy,'XData',xx); 

 

        set(figureHandle,'Visible','on'); 

 

        count = count +1; 

        k = typecast(uint8(voltage),'uint8'); 

        hbtc = hbtc+mean(k); 

         

     end 

end 

 

 

 

%% Clean up the serial port 

fclose(h); 

delete(h); 

clear h; 

readsound2; 

svmmm; 

set(handles.text5,'String','Trained') 

set(handles.text5,'BackgroundColor','green') 

 

x=allsignal; 

value= predict_signal(x); 

 

if value==0 

  set(handles.text2,'String','Normal') 

  set(handles.text2,'BackgroundColor','green') 

else 

  set(handles.text2,'String','Murmur’') 

  set(handles.text2,'BackgroundColor','red’') 

end 
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function pushbutton9_Callback(hObject, eventdata, handles) 

% --- Executes on button press in pushbutton9. 

  

% hObject    handle to pushbutton9 (see GCBO) 

% eventdata  reserved - to be defined in a future version of MATLAB 

% handles    structure with handles and user data (see GUIDATA) 

global mdl 

set(handles.text5,'String','Trained') 

set(handles.text5,'BackgroundColor','green') 

guidata(hObject,handles) 

readsound2; 

Svmmm; 

 

 

ii)readsound2.m 

clc 

 

murmurdisease = ('C:\Users\keerthana katta\Desktop\mfffc new\Data'); 

murmurdiseasepath=dir(murmurdisease); 

 

normalsound= ('C:\Users\keerthana katta\Desktop\mfffc new\Normal'); 

normalsoundpath=dir(normalsound); 

 

%Read the murmur heart sound audio  

aud.a={}; 

aud.fs={}; 

for i=3:numel(murmurdiseasepath)     

[signal,rate]=audioread(strcat(murmurdisease,'\',murmurdiseasepath(i).name)); 

 

soundfile=strcat(murmurdisease,'\',murmurdiseasepath(i).name); 

we  

cycle =segment(soundfile); 

c=[]; 

 

if numel(cycle)==0 

    continue 

end 
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for t=1:numel(cycle) 

    c=[c length(cycle{t})];  

     

 end 

 [a,idx]=max(c); 

  

 if length(cycle{idx})<0.4*11025 

   continue 

 end 

maximum=cycle{idx}; 

max_cycle=maximum(1:0.4*11025); 

 

count=0; 

sum_cycle=zeros(0.4*11025,1); 

for j =1:numel(cycle) 

    if length(cycle{j})<11025*0.4 

        continue; 

    end    

    sg=cycle{j}; 

    sum_cycle=sum_cycle+sg(1:11025*0.4); 

    count=count+1; 

end 

ave_cycle=sum_cycle/count; 

 

sg=[ave_cycle]; 

aud.a{i}=sg; 

aud.fs{i}=rate; 

 

end 

 

 

%Read the normal heart sound audio  

normalsig={}; 

normalfs={}; 
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for i=3:numel(normalsoundpath)     

    %disp(normalsoundpath(i).name) 

 

soundfile=strcat(normalsound,'\',normalsoundpath(i).name); 

 

cycle =segment(soundfile); 

c=[]; 

for t=1:numel(cycle) 

    c=[c length(cycle{t})];  

     

 end 

 [a,idx]=max(c); 

 if isempty(idx) 

     continue 

 end 

  

 if length(cycle{idx})<0.4*11025 

   continue 

 end 

maximum=cycle{idx}; 

max_cycle=maximum(1:0.4*11025); 

 

count=0; 

sum_cycle=zeros(0.4*11025,1); 

for j =1:numel(cycle) 

    if length(cycle{j})<11025*0.4 

        continue; 

    end    

    sg=cycle{j}; 

    sum_cycle=sum_cycle+sg(1:11025*0.4); 

    count=count+1; 

end 

ave_cycle=sum_cycle/count; 

 

sg=[ave_cycle]; 

normalsig{i}=sg; 

normalfs{i}=rate; 
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end 

 

 

 

    

mydata=[]; 

for i=3:numel(aud.a) 

     

    %extract signal from each file path 

    signal=aud.a(i); 

    %signal=cell2mat(signal); 

    signal=signal{:};  

     

    if isempty(signal) 

        continue 

    end 

    %spectrogram of the signal 

   [s]= Mfcc(signal); 

   

    d=s'; 

   

 

    

   d=[d 1]; 

   mydata=[mydata;d]; 

end 

 

 

 

for j=3:numel(normalsig) 

 

    signal=normalsig(j); 

    signal=signal{:};  

    if isempty(signal) 

        continue 

    end 
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   [s]= Mfcc(signal); 

    

   d=s'; 

 

    d=[d 0]; 

 

    mydata=[mydata;d]; 

    

end 

iii)Segment.m 

 

function cycle =segment(soundfile) 

[signal,rate]= audioread(soundfile); 

 

signal=signal(1:rate*4); 

%signal=signal(1:20*rate); 

%Resampling frequency to 11025 

[P,Q]=rat(11025/rate); 

 

signal1=resample(signal,P,Q); 

%filtering in forward direction 

[b,a]=cheby1(8,10,2205/(11025/2),'low'); 

signal=filter(b,a,signal1); 

 

%downsampling  

DownFactor=1; 

signal = downsample(signal,DownFactor); %downsampled signal 

 

%Time 

 time=length(signal)/11025; 

  x=linspace(0,time,length(signal)); 

 

   

%Normalizing to absolute maximum of the signal 

 

xnorm=(signal)/max(abs(signal)); 
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%shannon Energy 

E=-(xnorm.*xnorm).*log(xnorm.*xnorm); 

 

%calculate the Average shannon energy continously 

 

seg=0.02; %segment 

 

N=floor(11025*seg); %number of point in the segment 

 

number_of_segment=length(signal)/N; 

 

Es=zeros(1,floor(number_of_segment)); 

time2=zeros(1,floor(number_of_segment)); 

Es(1)=-(1/N).*sum((xnorm(1:N).^2).*log(xnorm(1:N)).^2); 

time2(1)=seg; 

 

for i =2:floor(number_of_segment) 

      

     Es(i)=-(1/N).*sum((xnorm((i-1)*N:i*N).^2).*log(xnorm((i-1)*N:i*N).^2)); 

     time2(i)=seg*i; 

end 

 

Es=real(Es); 

%calculate average shannon versus time  

    Pa=(Es-mean(Es))/(std(Es)); 

    Pa=abs(Pa);     

 

    %set threshold 

    thresh=0.35*(max(Es)); 

     

     

  %Rejection of extra peaks 

 Mpa=[]; 

 time3=[]; 
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 for allpoint=1:2:length(Es)-4 

      

      if Es(allpoint)>=thresh 

          %check if the interval between adjacent peaks are greather than 

          %80ms 

          peak=Es(allpoint); 

          mytime=time2(allpoint); 

          %find the next adjacent peak 

          for check=1:4 

              if Es(allpoint+check)>=thresh 

                  peak2=Es(allpoint+check); 

                   

                  %check if the time is not less than or equal to 80ms 

                  if time2(allpoint+check)-time2(allpoint)<=0.08 

                       

                      %if it is combine the two point and pick the 

                      %strongest point 

                       

                      if peak2>peak 

                          peak=peak2; 

                          mytime=time2(allpoint+check); 

                      end 

                       

                  end 

              end 

          end 

           

      Mpa=[Mpa peak]; 

      time3=[time3 mytime]; 

       

      end 

       

    end 

   

   

   %pick s1 and s2 

   ss1=[]; 

   ts1=[]; 
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   ts2=[]; 

   ss2=[]; 

    

    

   for i =1:2:numel(Mpa)-1 

       s1=Mpa(i); 

       stime=time3(i);   

        

             if Mpa(i)>Mpa(i+1) 

                s2=Mpa(i+1); 

                stime2=time3(i+1);    

             else 

                  

                 s2=s1; 

                 s1=Mpa(i+1); 

                 stime=time3(i+1); 

                 stime2=time3(i);  

             end 

              

           ss1=[ss1 s1]; 

           ss2=[ss2 s2]; 

            

           ts1=[ts1 stime]; 

           ts2=[ts2 stime2]; 

          

          

   end 

    

%figure(1) 

 % subplot(211) 

 

%  plot(x,signal) 

 % xlabel('Time') 

  %ylabel('Amplitude of Signal') 

  %title('Amplitude') 

   %subplot(212) 



78 
 

    %plot(time2,Es) 

    %hold on 

    %f=ones(length(Es),1); 

   % f=thresh*f; 

    %plot(time2,f) 

    %xlabel('Time') 

    %ylabel('Envelop') 

    %title('Envelop of the signals') 

     

    %count=1; 

%hold on 

  

 %plot(time3,Mpa,'o') 

  

 %for j=1:numel(ts1) 

     %text(ts1(j),ss1(j),'s1') 

     %text(ts2(j),ss2(j),'s2') 

 %end 

  

 cycle={}; 

  

  

  

 count=1; 

 for i =1:numel(ts1) 

     

     time=ts1(i); 

     time2=ts2(i); 

     for j =1:numel(x) 

        if x(j)>=time 

             

            p1=j; 

            break 

        end 

     end 

      

      for j =1:numel(x) 

        if x(j)>=time2 
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            p2=j; 

            break 

        end 

      end 

      

     if p1>p2 

      

       cycle{count}=signal(p2:p1); 

      

     else 

        cycle{count}=signal(p1:p2); 

        

        

     end 

     count=count+1; 

      

      

 end 

  

 cycle2={}; 

 count=1; 

 sum_cycle=zeros(0.2*11025,1); 

  

 for j=1:numel(cycle) 

     if numel(cycle{j})>0.2*11025 

         cycle2{count}=cycle{j}; 

         c=cycle{j}; 

         sum_cycle=sum_cycle+c(1:0.2*11025); 

         count=count+1; 

     end 

      

 end 

  

 c=[]; 

 for t=1:numel(cycle) 



80 
 

    c=[c length(cycle{t})];  

     

 end 

 [a,idx]=max(c); 

 %ave_cycle=cycle(idx); 

% ave_cycle 

% ave_cycle=ave_cycle{:}; 

 %ave_cycle=signal1(1:11025*4); 

  

 %ave_cycle=ave_cycle(1:11025*0.4); 

% ave_cycle=sum_cycle/numel(cycle2); 

 

iv)MFCC.m 

function MFC =Mfcc(speech) 

    % Define variables 

    Tw = 100;                % analysis frame duration (ms) 

    Ts = 10;                % analysis frame shift (ms) 

    alpha = 0.97;           % preemphasis coefficient 

    M = 20;                 % number of filterbank channels  

    C = 12;                 % number of cepstral coefficients 

    L = 22;                 % cepstral sine lifter parameter 

    LF = 130;               % lower frequency limit (Hz) 

    HF = 500;              % upper frequency limit (Hz) 

%    wav_file = soundfile;  

    % input audio filename 

 

     fs=11025; 

    % Read speech samples, sampling rate and precision from file 

 %   [ speech, fs, nbits ] = wavread( wav_file ); 

 

 

    % Feature extraction (feature vectors as columns) 

    [ MFCCs, FBEs, frames ] =   mfcc( speech, fs, Tw, Ts, alpha, @hamming, 

[LF HF], M, C+1, L ); 

     

    MFC=[]; 

    for i=1:numel(MFCCs(:,1)) 

          mfc=mean(MFCCs(i,:))  
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          MFC=[MFC;mfc]; 

    end 

 

V)Svm.m 

clc 

globalMdl 

mydata=real(mydata); 

Input=mydata(:,1:13); 

Target=mydata(:,14); 

Mdl=fitcsvm(Input,Target,'Standardize',true,'KernelFunction','RBF',... 

'KernelScale','auto', 'ClassNames',{0','1'},'BoxConstraint',’1’); disp('Model Accuracy from Cross 

validation') 

cvsv=crossval(Mdl); 

trainedmodel=cvsv.Trained{1}; 

classloss=kfoldLoss(cvsv); 

modelacc=(1-classloss)*100 

 

Predict.m 

functionvalue=predict_signal(x) 

globalMdl 

ave=segmentsig(x); 

ave 

count=0; 

sum_cycle=zeros(1,800); 

forj=1:numel(ave) 

iflength(ave{j})<800 

continue; 

end 

sg=ave{j}; 

sum_cycle=sum_cycle+sg(1:800); 

count=count+1; 

end 

ave_cycle=sum_cycle; 

ave_cycle=ave_cycle/max(ave_cycle); 

ave_cycle=[ave_cycle,ave_cycle]; 

M=Mfcc(ave_cycle'); 

d=M';value=predict(Mdl,d) 

value=round(value); 

end 
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