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SUMMARY

Phonocardíogram data acguisition and analysis proc.edures

are outlined. Application of Fourier transform techniques in

the frequency analysis of heart sounds is briefly reviewed.

I'ast Fourier transform (FFT) analysis of phonocardiograms

using moving windows is illustrated. Application of the

linear prediction (LP) Èechnigue in the frequency analysis of

, heart sounds is explored. Spectral distributions of second

heart sounds, in normal children, are determined using both

FFT and selectlve linear prediction methods. FFT and LP

spectra are compared. Spectral energies in various frequency

bands of the second heart sounds are correlated with the

aortic valve size parameter derj-ved from 2-dimensional

echocardiograms .

An approach to quantitative inferences of valvular

calcification by mathematical modelling of the vibrations of

heart valves and relating the frequencies to the spectral

characteristics of appropriate heart sounds is outl-ined. A

non-invasive procedure for determining the pressure drop

across the aortic valve by using the data of the left

ventricular outflow tract from two-dimensional

echocardiography is Presented.
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CHAPTER I

INTRODUCTTON

Heart disease still continues to pose etiological

problems, in spite of maj or advancements made in

cardiovascular diagnostic procedures as a result of

revolution in the "chip" industry. Since the beginning of

the eighteenth century, auscultation has been one of the

important differential diagnostic tools. The cardiac

structural vibrations, induced by a sudden accelerating or

decelerating blood flow' are transmittecl to the chest waII,

and result in complex acoustic phenomena. This dissertation

aims to investigate methodologies to extract the frequency

contents of auscultatory sounds r so as to make it eventually

possible to discern pathologies of valvular and myocardial

tissues, by correlating the heart sounds' frequencies with

the vibration analysis of the correspondinq cardiac

structures.

1.1 Brief introducti-on of the heart and heart sounds

The heart is a neuroelectrically actuated mechanj-ca1

pump. The el-ectrical activity of the heart causes the heart

muscles to undergo contraction and relaxation processes

alternately. Electrical impulses are generated at regular

intervals at a site called the sino atrial (S.4. ) node.

(Refer to figure 1.1. ) The generated impulses are then

-1-
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propagated to the atrium, atrio-ventricular junction and then

down to the ventricular musculature. As the electrical pulse

travels dorvn the myocardium, it depolarises the myocardium

and thereby causes myocardial contraction. Once the

electrical pulse has travelled past a site the contracted

muscles are repolarised producing myocardial relaxation.

Thus the heart muscles continually undergo a contraction and

relaxation process alternately and this makes the heart pump

blood periodicallY.

Atrial and ventricular contractions are produced

sequentially. When the atrial- myocardium contracts, blood is

squeezed into the ventricles and as the ventricles contract,

the blooct is ejected into the aorta and pulmonary artery. A

functional diagram of the heart is represented in figure

1.2. As the blood moves from one chamber into another, it

goes through heart valves, which act as ttdiodes" allowing

flow in one direction onIY.

The atrioventricular valvesr âs the name impliesr are

Iocated between the atria and ventricle. Interposed betlveen

the left atrium and left ventricles is a valve with two cusps

known as the mitral valve, whíle a tricuspj-d valve is Iocated

between right atrium and right ventricle. The aortj-c valve

is situated between the left ventricle and the aorta, while

the pulmonary valve facilitates unidirectional flow of blood

f rom the. right ventricle to the lungs via the puJ-monary

artery. The right ventricle receives venous blood via the

right atrj-um and pumps it into the pulmonary artery. After

3
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oxygenation in the lungs, the blood returns via the pulmonary

vein and left atrium to the left ventricle, which in turn

pumps it rnto the aorta.

The cardiac cycle consists of a period of ventricuLar

contractj-on (called systole) and a period of ventricular

relaxation ( called diastole ) . AccordingLy , during systole

the heart chambers empty blood and during diastole fill with

blood. The spread and regression of the ventricular impulse

wave can be represented by a time varying voltage vector'

with a magnitude which is proportional to the voltage

generated by the accession wave and whose direction is given

by the gradient of the wavefront surface. The projections of

this voltage vector on the reference lines of the leads'

constitute the recorded electrocardiogram signals. (Refer

f igure 1 .1 ) . The rrPrr v/ave in the electrocardiogram

represents atrial depolarisatj-on or atrial contraction. The

ttQRStt complex corresponds to ventricular contraction. The

rrTrr wave corresponds to ventricular relaxation.

Intra cardiac blood flow, acceleratj-ons and decelerations

and concomitant vibrations of the cardiac structures resul-t

in sounds and murmurs. These sounds radiate to the torso

surface, where they can be detected by a stethoscope and

categorised to aid in the diagnosis of cardiac

abnormalities. These recordings at the human thorax

constitute the phonocardiogram (PCG).

The acoustic events of the heart can be divided into two

categories; the heart sounds and murmurs. Heart sounds are

5



short-lived bursts of vibrational energy and are transient in

character. Heart murmurs are stochastic in nature, are

longer in duration and are associated with turbulent flow of

blood in the heart and large vessels. Heart sounds are

classified into four basic groups on the basis of their

occurrence in the cardj-ac cycle. The two main sounds are

known as the first heart sound (SI) and second heart sound

(SII) while the other two sounds are referred to as the third

heart sound (SIII) and fourth heart sound (SIV). The genesis

of these sounds has been the subj ecÈ of very many research

investigations for nearly a century. Rushmer (1970) has

proposed a cardiohemic system relating oscillations of the

blood, valves and myocardium, to explain the origins of heart

sounds (refer fj-gure 1.3).

1.2 Relationship of heart sounds to cardiodvnamic events

There have been several controversial theories put

forward to explain the origin of these sounds (Smith, êt aI.,

1950; Sabbah and Stein,1976¡ Stej-n and Sabbah,1978¡ Ionescu

and Stonescu,1980). As the first heart sound occurs during

early ventricular systole, many theories v/ere proposed

concerning the role of atrioventricular valves (mitral and

tricuspid val-ves) in the production of SI. The controversies

have existed mainJ-y due to inadequate hitherto employed

instrumentation, which introduced delays in monitoring the

intracardiac pressures. But now with the advent of

-6-
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echocardiography, one can monitor the movements of

intracardiac structures with minimal time delay.

According to Laniado (1973ìr the atrioventricular vafves

close after the crossover point v¿hen the ventricular pressure

exceeds the atrial pressure. The closure of the mitral and

tricuspid valves coincides with the two major components of

the first heart sound. But the present concept, according to

Lui-sada ( 1 983 ) , favours that the mitraÌ valve plus chordae

contribute small fractions of the energy of the first heart

sound and a good correlation between ventricular wall tension

and the first heart sound has been demonstrated.

The second heart sound (SII) seems to be associated with

the vibrations of the just-closed aortic and pulmonary valves

as weLl as of the ascendi-ng aorta. The recent works of Stein

and Sabbah ( 1 978 ) on the second heart sound production

mechanj-sm have pointed out that even though coaptation of the

leaflet is silent, the rapld vibrations of the closed

Ieaflets that begin immediately after coaptation create the

sound. This theory has been supported by combined phono

echocardiographic studies made by others (Anastassiades et

âI, 1976; Kotler et al, 19781.

The third heart sound (SIII) is a low frequency sound in

early diastole, during the early rapid filling phase of the

ventricle. It occurs from 0.13 to 0.20 seconds after SII.

Because of its Iow intensity u": low pitch it is not commonly

heard. The pathogensis of SIII is stil1 controversial.

However recent studies support the theory that SIII is due to

-8-



a sudden intrinsic limitation of longitudinal expansion of

the left ventricular wall during early diastolic filling

(Ozawa, êt â1, 
.1 

983 ) .

The fourth heart sound (SIV) is a low frequency sound in

Iate diastole. This faint sound is al-so called an atrial

presystolic sound or atrial gaIlop. It occurs at the time of

atrial contraction immediately before ventricular systole.

This sound is more difficult to hear than SIII. Figure 1.4

illustrates the heart Sounds, their duration and their

relationship with other cardiac parameters.

1 .3 Diaqnostic implications of first and second heart sounds

There has always been a need for non-invasive cardiac

assessment techniques. Phonocardiography is one such

technique. Phonocardiography (heart sound recording) evolved

from auscultation and provides a record of the vibrations of

the chest wall originating from the heart. Phonocardiography

removes subjective influence from conventionaL auscultationt

while continuing to be a non-j-nvasive method.

As the first and second heart sounds are most likely

related to the vibrations of just closed atrioventricular and

semi-Iunar valves and to some extent to the ventricular wall

tension, their spectral content could be related to the

vibratory characteristics of the valves and thereby made to

reflect the material properties of these vibrating

structures. With the availability of advanced mathematical

and cligital processing techniques to carry out vibrational

-9-
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and sound anal-ysis, there has. been added interest in the

diagnostic potential of the heart sounds.

Since the first heart sound has two maj or components

belidved to be associated with the mitral and tricuspid

valves, by doing frequency analysis using time varying

windows, and by correlating spectral frequencj-es with the

vaLve size and valve leaflet constitutive property (through

simultaneous echocardiographic and phonocardiographic

studies ) , one can extract valuable pathological information

on the valves (Hearn , 1980 ) . A similar study can be made for

the second heart sound to identify the aortic and pulmonary

valves.

1.4 State of the art on clinical aoplications of heart

sounds

Heart sound studies in general have been carried out by

numerous investigators. Luisada ( 1 958, 71 I and Rushmer

(1970 ) have done much of the pioneering work. A number of

studies have been carried out in the recent past on the

analysis of phonocardiograms and their clinical significance

( Van vollenhoven, êt aI , 1 969; Adolph, et aI , 1 97 0 ¡

Yoganathan, et aI, 1976; Hearn, et al, 1979; Van Vollenhoven,

et âI, 1979; Stein, êt al, 1980).

As the heart muscLe and the valvular system provide a

considerable contribution to the production of heart sounds,

it has occured to investigators to ( i ) relate the leaflet

pathology to the vibrational frequencies and ( ii ) associate

-11-



these vibratj-onal frequencies with the spectral peaks of

phonocardiograms. Thereby the constitutive properties of the

cardiac structures can be obtained from the heart sound

analysis.

The fast Fourier transform (FFT) technique has been used

extensi-ve1y in the frequency analysis of heart sounds

(Yoganathan, et af, 1976ai 1976bi Sarkady, êt al, 1976)..

Studies on the first heart sound using frequency analysis

techniques in normal and pathological cases have clearly

indicated the relationship between the quality of resonant

peaks (frequency and sharpness of the peak) and valvular

pathology (Ado]ph, êt aI, 1970; Renner and Renner, 1979i

Stein, et a1, 1 980 ) .

Frequency analysis studies of the second heart sound have

recently shown that the amplitude and dominant frequency peak

in the aortic component of the second heart sound are

affected by calcific aortic stenosis (Sabbah, êt al, 1978¡

Stein, êt aI, 1 980 ) . The works of Renner, et al, (19791 |

stein et â1, ( 1 980 ) and Adolph (1978 ) have clearly

established the correlatj-on of speci.al parameters of heart

sounds rvith specific pathological conditions like myocardial

infarction, valvular stenosis etc.

This significantly enhances the clinical application of

heart sound signals. The correlative studies of

phonocardiograms with echocardiograms provide additional

information on the timing of valvular events (Prakash, et âI,

1976; Kotler, et aI, 1978; Lewis, et aI, 1979; Isner, et al,

-12-



1979; and Ronan, 1981 ), thus enhancing the potential clinical

usefulness of heart sounds.

1 .5 Scope of the research

The need, importance and diagnostic potential of heart

sound signal analysis has been discussed in the previous

sectj-on. The mathematical modelling of atrioventricular and

semilunar valve vibrations are employed to express the

primary vj-brational frequencies of the valve leaflets in

terms of their pathologies (Ghista and Rao, 1970¡ Mazumdar,

et aI, 1978; Blick, et a1, 19791. Then by relating the heart

sound and model vibrational frequencies, the leaflet

constitutive parameters can be determined from the heart

sound spectral frequencies. FFT techniques have been used

extensively to perform the frequency analysis of first and

second heart sounds. This has improved considerably the

basic understanding of the phonocardiograms and their

relatj-onship to the cardiodynamic events. However, the FFT

has a basic limitation on the frequency resolution dictated

by the window size

Since the diagnostic potential of heart sounds is

dependent on accur,ate determination of the spectral content

of heart sounds, it is important to have an accurate method

for discerning the spectral frequency content of heart

sounds. The purpose of this thesis is therefore, to develop

more accurate techniques for analyses of phonocardiograms r so

as to enhance their clinical applicability.

-13-



The thesis contains nine chapters. Chapter two of the

thesis deals with the instrumentation system for

phonocardi-ogram acquisition. and an analysis procedure, based

on the use of interactive graphics. In chapter three I a

general overview of the application of Fourier transform

technique is provided. AIso, use of moving windows for heart

sound analysis is considered, along with 3-dimensional

spectral representation for heart sound signals. In chapter

four, the application of linear prediction coding (LPC)

method to heart sound analysis is outlined. Frequency and

band width evaluation techniques are also discussed.

Chapter five deals with the selective linear prediction

method in the analysis of heart sounds ì a discussion on the

difference between conventional filtering and the selective

filtering procedure is given. Chapter six describes the

frequency analysis of the second heart sound in normal

children using the selective Iinear predictive coding (SLPC)

techníque. A brief introduction to echocardiography is given

in chapter 7 along with the results of spectral energy

correlations of the second heart sound with

echocardiographically derived valvular dimensions.

An approach to quantitative inferences of valvular

calclfication by mathematical modelling of the vibrations of

heart valves and relating the frequencies to the spectral

characteristics of appropriate heart sounds is outlined in

chapter eight. A noninvasive method, based on

two-dimensional echocardiography, tor the determination of

-1 4-



the pressure drop across the aortic valve is

in chapter eight. A comPrehensive

recommendation for further research work

chapter nine.

also described

conclusion and

is provì-ded in

-15-



CHAPTER IÏ

INSTRUMENTATTON SYSTE}4

2.1 . Phonocardiogram versus auscultation

The heart sound signal record, resulting from vibrations

of cardiac structures, monitored on the human thorax is known

as the phonocardiogram (PCG). Compared with conventional

auscultation as conceived by the stethoscoPer

phonocardiography has advantages, since it provides

quantification of the auscultatory record and makes

auscultation interpretation independent of auditory acuity'

training, technique of listening and capacity to perceive

certaj-n low frequency sounds (third heart sound). Further'

spectraJ- phonocardiography can yield diagnostic information

associated with the pathology of the vibratory cardiac

structures. Figure 2.1 and 2.2 indicate the differences

between auscultation and the phonocardiogram acquisition

system

In the phonocardiogram acquisition system, the heart

sounds are detected by a microphone which is normally a piezo

electric crystal transducer with a flat frequency response

from d.c. to 2 KHZ. The microphone can be held in position

on the chest by means of a suction type rim attached to the

transducer or by a rubber strap. The transduced sounds are

amplified by a preamplifier with a frequency response similar

to that of the microphone. The heart sounds are then

selectively filtered to extract either low frequency or high

-1 6-
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frequency components by appropriate selection of the desired

band on the filter amplifier. The filtered heart sounds are

displayed on an oscilloscope or recorded on a chart recorder

for the physician to look at and interpret. Sometimes, the

heart sound signals are also recorded on an FM tape recorder

for computer analysis. An instrumentation system developed

by the author, for phonocardiogram acquisition is described

in the following section.

2.2 Phonocardioqram acquisition svstem

Detailed guidelines for standardization of

phonocardiography have recently been outlined by Van

vollenhoven et aI (1979). Normally, the heart sounds have a

frequency spectrurn ranging from approximately 20 HZ to about

500 HZ. Therefore phonocardiogram signals need to be

recorded on a frequency modulated (Ft4) tape recorder for

subsequent analysis. For phonocardiographic studies, one

needs to monj-tor the electrocardiogram (ECG) signal as weII,

for referencing the phonocardiographic activity in the

cardiac cycle.

As commercial FM tape recorders are too expensive, an

i-nexpensive FM recording system is developed using a stereo

cassette tape deck for recordj-ng PCG and ECG. The

preamplifiers are designed to have low noise with gains of

80dB, and flat freguency response from 10 HZ to 1.5 IKHZ. No

additional filters are used in the system assuming that any

required filtering can be done digitally on the computer. A
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block dj-agram of the instrumentation system for

phonocardiogram acquisition is shown in figure 23. In the

frequency modulation (FM) system, modulation and demodulation

are carried out by four phase locked loop (PLL) integrated

circuj-t chips.

The preamplified sj-gnaIs are buffered appropriately with

the required offset so thaÈ the voltage controlled oscillator

(VCO) in the PLL oscillates with a cenÈre frequency of 4

RHZ. Thus an FM wave is generated by the VCO with an

instantaneous frequency 'f ' given by
t

f = f + gg S(t) .. ... (2.1 ¡

tc2

where f denotes the centre frequency
c

S(t) represents the PCG or ECG signal

K is the vco gain constant which is the ratio of
U

angular frequency range to control voltage range.

In figure 2.3, the Ptt(1 ) and PLL(2) act as modulators

which allow the modulated output to .be recorded on the

cassette. In order to recover the analogue sj-gnals from the

recorder, the tape is played back via two signal conditioners

which are simply Schmitt triggers limiting the waveforms at

appropriate levels, so that PLL(3) and PLL(4) can be driven.

A typical demodulator circuit is shown in figure 2.4.

The capacitor C and the resj-stors R1 and R2 are selected to

suit the centre frequency and lock range of the demodul-ator.

The exclusive OR gate in the PLL is a phase comparator which

provides a phase error signal. Whenever an Fll input signal
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is applied to the PLL, while in lock as in figure 2.4, the

changing phase error voltage caused by the variation of the

input frequency will tend to adjust the VCO frequency so as

to track the input, provided the VCO range is not exceeded.

The phase error voltage will then vary as the frequency

varies in the input FlI signal.

A low pass filter (LPF) is necessary to remove the double

frequency from the phase error signal. The filter output is

then proportional to the input frequency, thus the PLL acts

as a frequency demodulator to recover the PCG and ECG signals

from the tape. :n. 
stereo tape deck userl was an ultradynamic

Iow noise deck made by 'I¡ARANTZ' (USe). The detailed circuit

díagram of the PLL modulation and demodulation system is

provided in aPPendix A-

The design of the preampli-fier circuj-ts for the PCG and

ECG will not be discussed herer âs their design is very

standard. Simultaneous recordings of the PCG and ECG were

done on this system as well aS on a commercially available FM

tape recorder. The recovered signals (upon playing back)

were compared both in the tirne and frequency domains, and

found to be identÍcal.

2.3 Microprocessor interface for data acquisition

For computer processing of the heart sounds, the PCG and

ECG signals are to be digitized. This means a signal

digitizer (analog to digital converter) must be j-nterfaced

between the tape recorder and the main computer. Accordingly
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a microprocessor based data acquisiti-on system has been

designed and constructed to enable digitization of laboratory

signals and subsequent transfer of digitized data to the main

computer disk for storage and further analysis. A brief

sunmary of the interface system is given here.

Intels' SDK85 microprocessor system has been used to

control various peripherals in the interface. This selection

is made on the basis of the availability of SDK85 kits for

teaching purposes in the El-ectrical Engineerj-ng department

and also because of large numbers of 1/o ports, teletype

interf ace and bus drivers aII being on one board. t,n"

processor controlling the entire interface is the Intels' I

bit, 8085 microprocessor chip. The interface has been built

to have the following capabilities:

1. Two analog to digital convertors to digitize the PCG

and ECG signals simultaneously.

2. buffer memory of I kilowords.

3. Two digital to analog converters for the display of

stored data.

4. Transfer of data from memory to the Adelaide

University's CYBERI 73 comPuter.

5. Software controlled sampling rate.

The basic system configuration is shown in figure 2.5.

The I bit analogue to digital converters (A/D), digital to

analogue converters (D/A), buffer memory and the serial

interface for the Cyber 173 are all built around the SDK85

kit,. The detai_led circuit diagrams for some of the
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peripherals are given in appendix B. The input and output

slgnals v¡ere limited to +5V peak to peak. The result of the

conversion is an I bit unsigned number. The sampling rate is

software controllable u6i to a maximum of 4000 samples per

second. The signals are sampled such that 4K of data can be

stored for each signaJ- (PCG and ECG) in the buffer memory.

If the sampling is done at 2OOO samples/second, then 2 secs

of data can be stored in the buffer memory. The program (in

machine code) is stored in an E27Og 1K X I bit' EPROIvI. The

random access memory (RAM) required is 8K; hence Intel 2114/3

1K X 4 bit static RAM chiPs are used-

2.4 Onl-ine data col1 ection:

The final system developed for phonocardiogram 'and

electrocardiogram data collection is indicated in figure

2.6. The PCG and ECG signals can be recorded on the tape

deck through the FM system described earlier, and then

digitized by ptaying back the signals through the FM system

and micrprocessor interface. The FM system and tape deck can

be bypassed to have an online data acquisition system. The

dj-gitized PCG and ECG signals can be looked at through an

oscilloscope connected to the microprocessor interface via

D/A convertors.

Digitization can be started at any instant of time by

control from the key board of the SDK-85 kit or can be

triggered by the 'R' wave of the ECG. Once the analogue to

digital conversion is initiated, the system continues to

-26-



*141/r

Br mrnoRv

SDK-85
M I CR0-
PROC ESSOR

I NTERFACE

{¡-'r

FM

SYSTEM

STEREO TAPE DECK

PCG AMP

ECG AMP

ECG

PCG

T0 CYBER I 73
MA I NFRAME

COMPUTER

S COPE

F¡G. Z.6Z FINAL DATA AQUISITION SYSTEM

GT 40
GRAPHICS TERMINAL

-27-



digitize and store the data in the buffer memory, until 4K

data samples are collected from each channel. The digitized

data from the memory can be viewed on an oscilloscope through

D/A S for any artifacts. The digitisation rate is specified

before the A/D S are initiated. The sample rate is normally

calcul-ated from the number of states the CPU ( central

processing unit) takes to execute the machine code program

that carries out analogue to digital conversion. The sample

rate can be decreased by incorporating delay loops in the

above program. A sample rate of 2042 HZ is normally used for

PCc and ECG digitization. The data from the buffer memory is

then transferred to the CYBER 173 computer through serial

interface at 300 baud for storage and further analysis.

2.5 Data storage:

The PCG and ECG data transferred from the microprocessor

memory to the CYBER 173 computer is normally in hexadecimal

format. Therefore, the first processing step is to convert

the data from hexadecimal to real. The data record is then

processed to remove any dc offset produced during

digitization. This is achieved by executing a computer

program that determines the mean value .of the data file and

subtracts the mean value from each sample. The offset

removed files are then stored as indirect permanent fil-es of

Iength 2048 samples each on the CYBER 173 disl<. An indirect

permanent file library of raw data (PCG and ECG) is thus
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created on the CYBER disk. The data is easier to retrieve if

the data files are stored using an indirect permanent file

library utillty on the CYBER computer.
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CHAPTER IIÏ

HEART SOUND ANALYSIS BY FOURIER TRANSFORM METHOD

3.1 Fourier transform method

Interest in Fourier transform technique in Biomedical

signal analysis has increased significantly after the

publication of the 'fast Fourier transformr (FFT) by Cooley

and Tukey t 1 965 I . The Fourier transform is a frequency

domain representation of a signal function, in continuous

systems, and is described mathematically by the relationship

-j 2 TrfL
S (f) = s(t)e dt (3.1)

where s(t) is the signal in time domain

S(f) is the.Fourier transform of s(t)'

i.e., the signal in frequency domain.

j = V_1

The inverse transform is given bY:

j2Tfr.L
s(t) = S(f) e df

Equation (3.2) allows the recovery of the

time domain from its Fourier transform.

implementation of the Fourier transform, the

represented in discrete form. Accordingly'

Fourier transform of a time series S(n) having I

given by:

(-j 2Tln k/N)
s(k)

for n = 0,1 ,2,...rN-1 and K - or1 ,2,...m-1

(3.21

function in the

For computer

signal must be

the discrete

N' samples is

....(3.3)
N-1

t Vs(n) e
-ñ /-'

n=0

+
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th
where S(k) is the k coefficient of the discrete Fourier

transform

In order to compute the finite discrete Fourier transform
2

of a series of N complex data points, N operations are

required. But, with the introduction of the fast Fourier

transform (FFT), the number of operations has reduced to

approximately N log N. Therefore the FFT is simpJ-y an
2

al-gorithm that can compute the discrete Pourier transform

much more rapidly than other available algorithms.

3.2 Fourien transform in heart sound anal S t_s

The application of FFT in the analysís of biomedical data

has been well reviewed by Yoganathan et a1., Í19761. For a

long time, frequency analysis of heart sounds has been

carried out using band pasS filters. Heart sound signals

were scanned through several narror¡/ band pass filters with

different centre frequencies, thå associated outputs recorded

and used to plot the heart sound spectrum lAdolph, et al.,

Renner and Renner, 19791. Single' filters with tunable centre

frequencies v/ere used by some investigators. Sound

spectrograph macfri-nes were al-so used to determine the

spectral phonocardiograph, displaying frequency as a function

of time with the darkness representing relative amplitude

lHearn et aI., 1979].

OnIy recently, the Fast Fourier transform has found

extensive application in the frequency analysis of heart

sounds IYoganathan, et a1., 1976; Rukavina, 1979; Sarl<ady,
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1980; Hearn et aI., 19791. In the conventj-onal heart sound

analysis procedure, using FFT, the phonocardiogram signal is

digitized with appropriate sample rate (>zKHz) and stored on

computer disk files. The electrocardiogram signa1 is also

digitized simultaneously for reference, as described in the

previous chapter. A digital ploÈ of the stored heart sound

data is obtained and the first and second heart sound signals

are identified by visual inspection of the digital plot. The

desired heart sound is extracted for analysis by multiplying

the heart sound signal data file with a smoothing window

positioned appropriately

Figures 3.1 a & c present the data file before and after

it has been windowed by a Hammj-ng type window (0.54 + 0.46

cos e) ( figure 3.1 b) . Windows are weighting functions

applied to data to reduce the spectral leakage associated

with finite observation interval-s. Windows are used in

spectral analysis to reduce the undesirable effects related

to spectral leakage [Harrls | 1978). By applying a window to

a data file, the data are brought to zeTo at the boundries.

The windowed data file is shown in figure 3.1c ready for FFT

analysis, and the resulting FFT spectrum is shown in figure

3.1d.

3.3 Use of movinq window for heart sound analysis

The heart sound signals contain bursts of cardiac

structural vibrational energies associated lvith distinct

events in a cardiac cyc1e. As mentioned in the introductory
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chapter, the main concern will be on the two main complexes

of heart sounds vLz¿ first heart sound and second heart

sound. Many cardiac elements vibrate at different instances

of time contributing to the production of the first and

second heart sounds.

The Fourier transform method (using FFT technique) has

been applied to look at, the spectral components of each heart

sound. The spectra have shown reproducible peaks at certain

frequencies. But there is no information on the precise

correlation of the time of occurrence of the auscultatory

signals with the spectral resonances.

For example the first heart sound is produced following

the closure of mitral and tricuspid valves. The

characteristics of the first heart sound are governed by the

chronological Sequence of events occurring during early

ventricular systole. Hence, if the spectral peaks formed in

first heart sound could be identified in terms of its time of

occurrence, then a correlation could be made with the

geometry and dynamics of cardiac elements contributing to the

production of the sound in that time interval. This ivould

enable identification of the physics-based genesis of the

heart sound and _thereby determine the physical properties of

the vibratory cardiac structure, and correlation of the

properties with the pathologies.

A possible method to extract some information on the time

of occurrence of some of the frequency resonances found in

the heart sound spectrum is to use a moving window. Using a
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fixed width window and applying it to the heart sound data at

appropriate locations to analyse the desired heart sound

(first or second), by moving the window along the data record

over a fixed number of samples successively. For each

positlon of the window, a FFT can be performed to obtain a

spectrum. The spectra could be displayed and the frequency

peaks coul-d be compared and related to the time of

positioning of the window. The processing steps involved in

this method are shown in figure 3.2. The sampled hearÈ sound

dâta is processed to remove any d.c. and normalised with

respect to the RMS value.

The analysis of the digitized heart sound data is carried

out as per the block diagram indicated in figure 3.2.

Firstly the selection of an artifact-free segment of the

phonocar.diogram is accomplished by visual inspection of the

time signal on the computer graphics screen. Digital

Equipment Corporation's GT4O graphics processor has been used

for this display. The next step is to select by visual

inspection a starting point for analysis of the first or

second heart sound. Then a time segment of the signal, with

width of 2OO samples (of approximately 80 m.seconds),

beginning with the selected starting sample, is gated with a

Hamming type window. Zeros are added to extend the signal

file to a width of 1024 samples.

A fast Fourier transform of the windowed data is then

obtained using the FFT algorithm availabl-e from the

International Mathematics and Statistical Library (IlilSL).
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The IMSL library is avaj-Iable on the Adelaide university's

CYBER 173 disk. The signal processing steps are carried out

on the Cyber 173 computer interactively with a graphics

terminal cT4O. The window is then shifted in the time domain

a distance of 30 samples (12 msecs ) from the original

starting point, ancl again multiplied with the data signa1.

The window signal is then processed as described above. The

procedure is repeated until the required heart sound has been

processed completely.

An interactive FORTRAN 66 program is developed to perform

the FFT analysis based on the processing steps indicated in

the schematic diagram of figure 3.2. The starting point,

window width, number of samples over which the window has to

be moved each time and number of window shifts are input

interactively. The program performs the FFT analysis for

each amplitude spectra for all the window positions.

Figure 3.3 shows a typical heart sound signal (of a

normal adult) and the spectra for 15 positions of the window

applied on the first heart sound (SI) starting at sample

number 2350 r âs displayed on the G.T.40 graphj-cs screen. The

spectra clearly display a variation in amplitudes of

frequency peaks. Figure 3.4 is the digital plot of the file

containing the spectra for 1 5 window positions. The FFT is

performed on the 1024 point data as discussed earlier. The

FFT returns 512 coefficients corresponding to a maximum

frequency of half the sample rate. The sample rate used in
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the present case i s 2500H2. Theref'ore the f requency

resolution is approximately 2. 44Hz/ coefficient.

Figure 3.5 shows the graphics display of the spectra , for

different positions, indicating the freiquency peak

variations. The time difference between two successive

rrrindow positions is 3O samples , i . e . 12 miIli-seconds (msecs )

approximately. The dotted line in figure 3.4 represents the

contour of the same frequency peaks. Some of the rvindow

positions in figure 3.4 are displayed much better in figures

(3.6) and (3.71, by plotting the data using a digital

plotter.

Fj-gure 3.8 shows the frequency spectra of the first heart

sound for another normal subject, obtained by using a moving

window of the same width and shape as in the previous case.

This clearly indicates the occurrence of a low 'frequency

resonance around 1 5 HZ during the onset of SI. This

resonance disappears approximately 50 msecs later and is

followed by the appearance of two resonances around 24Hz and

43 HZ. These resonances grow in amplitude for about 40-50

msecs before they start decreasing in amplitude. The 43 HZ

oscill-ations persist somewhat longe.r than the 24 HZ as

indicated in the figure 3.8.

The second heart sound spectra are represented in figure

3.9 for I successive window positions. This indicates

clearly a 24 HZ resonance throughout and a 35 HZ resonance

starting approximately after 25 msecs and disappearing much

earlier. Frequency peaks in the low frequency range have
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been observed by previous investigators IYoganathan, et al,

1976; Hearn, et al., 1979 I buÈ the exact origins of these

resonances are as yet undetermined. Using the technicjue

clescribed here, it may be possible to say when a particular

peak appears and disappears. This information may definitely

be valuable in determining the time of occurrence of a

particular resonance in relatlon to the cardiac cyc1e, and

when correlated wiÈh associated hemodynamic events taking

place during that phase of the cardiac cycle could provide

insights into the etiology of these heart sounds '

3.4 Three dimensional spectral representation of heart

sounds:

By tracking the spectral peaks as they develop with time

one can thus examine the appearance and disappearance

behaviour of the various frequency components in the time

domain. Instead of displaying spectral data obtained from

moving window analysis, as indicated in figures 3.6 to 3.8,

where the spectra has been displayed successively on a two

dimensional axis, one could provide the information more

resourcefully in a three dimenslonsal space of amplitude'

frequency and time. Figure 3.9 shows the 3-dimensional plot

of spectral distribution of the first heart sound (SI) for

the same subject. Figure 3.10 indicates distinct resonances

by a clominating frequency at different instants. The time

difference between the two observed peak resonances in figure

3.1.0 is approximately 45 msecs. Figure 3.1 1 exhibits a

similar trend for SII in another subject.
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An interes,ting spectral distribution of SII is seen in

figure 3.12 for a subject with ejection clicl<s. This pattern

appears quite different from other subjects studied by this

technigue. This 3-dimensional representation of the spectra

of successive time segments of first and second heart sounds

may yield interesting features characteristic of specific

cardi-ac abnormalities. The mechanisms involved in the

production of sounds can be studied by ( i ) first correlating

these resonant frequencies with those derived from vibration

analyses of cardiac structures deemed to contribute to the

heart sound production ( ii ) identifying the vibratory

structure wit.h the heart sounds resonant frequencies, and

then ( iij- ) obtaining their time of vibration by the above

described technique of peak frequency tracking.
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CHAPTER 1V

LTNEAR PREDTCTTON TECHNTQUE

APPLIED TO HEART SOUND ANALYSIS

4.1 . Introducti-on

Linear prediction is an aspect of time series analysis.

In Biomedical Englneering, it has been extensively used for

the analysis of speech signals, vocal tract modelling etc.

lAtal and Hanauer , 1971 ¡ Haskew, êt â1., 1973; Markel and

Gray, 19761. The use of linear predicÈion filters (LPF) has

enhanced the detectabilit.y of narrovT band signals in broad

band noise IAlexander and Zeile, 1977]. Linear prediction

technigue has also assumed its importance in data compression

and transmj-ssion. In this chapter, the application of linear

prediction to heart sound analysis will be discussed.

The underlying philosophy of linear prediction rests on

the idea that a signal sample can be estimated by a weighted

linear sum of past samples. The weights are known as linear

prediction coefficients and they are estimated by a least

squares minimization of the error between the actual signal

sample and tinearly predicted signal sample for a suitabl-e

time period of observatj-on.

The exposition of Iinear prediction in the spectral

analysis of speech is due to llakhoul 11973, 1975]. The

formulat.ion of linear prediction in speech processing is well

documented in the literature ISaito and Itakura,1978]. The
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Iinear prediction spect,rum has

comparison with other spectral

Schafer,1978l.

been found to be superior in

analysis methods IRabiner and

4.2 Linear prediction codinq (LPC)

The linear prediction analysis technique is also known as

linear prediction coding (LPC). In LPC, a time series 'S I

n
is predicted from a linearly weighted summation of its past

th
values. If 'S' is the predicted value of the n

n
sample, then,

Ei = a S + a S +...+a S (4.1).
n 1 n-1 2n-2 in-i

where 1< i ( P, P is the predictor order

'4.' s are the predictor coefficientS.
l-

This means to predict any particular sample of a given tj-me

series r wê need only the past values of the time ser j-es and

each predicted sample is a summation of weighted past 'p'

values. The,error between the predicted and the actual

sample is given by:

P

e = S - S = S t a,S ....(4.21
nnnn/,1_n-I

i-=1
The total error ttenergytt 'E' is obtained by summing up the

error energraes,

2 2P

E eI (s I aS )

l_ n- l_

nn
n n

i=1
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The criterion for obtaining the weighting factors ( the

'a 's) is that 'E' is a minimum. This is achieved by
1

equating the first partial derivative of 'E' with respect to

each predictor coefficient to zeto. This leads to a set of P

equations in P unknowns which can be solved for 'u. ' ( s ) .

puttingàn = o, 1 < k < P :....(4.41
ã.

k

P

Taô

L n-i n-k
a eqv9

n n-k

forl <k<P

....(4.s)SS 0

l-
I=l n

i=1

n

P

t, n-k n
SS =FaVs s forl <k<P

l-, íL n- i n-k
i=1 n ( 4.61

for - CO < n (cor equation (4.6 ) becomes

R(k )

PI a
i (k-i )

n

R

where R(l<)

is the autocorrelation of signal 'S I

n
Two major methods of linear prediction coding have' been

developed, based on the range of summation in the above

equatJ-ons, to evaluate the predictor coefficients. These

methods are known as autocorrelation and covariance methods.

Makhoul and Wolf 119721 have discussed these techniques in

detail, and sj-nce then several attempts have been made to

is s¿-)
Il.=-¡ Íl n+k
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develop computatj-onal'algorithms to implement the above trvo

methods.

In the autocorrelation method, the range of summatj-ons is

oo <n< oo ; in the covariance method, the range is o(n(N-1.

The signal S does not requj-re special definition outside
n

the range -P < n< N-1. The autocorrelation and covariance

methods of evaluating the predictor constants are described

in the appendix C.

Expressing equation (4.2) in the 'Z' domainr wê have

E(zl = S(z) t1-
PI l_

-1az l ....(4.8)

l-= I

If the predictor order 'P' is sufficiently large, then

substantially aII correlation is removed from the error e ,
,n

and this yields a white (constant spectrum) signal. The

system,

-l_
H (zl 1

PII
i=1

from equation (4.8), is an inverse filter whose

transformation is the inverse of the generating

(z) that would produce S(z) by filtering a white
G

z
l_

aE(z I
s(z)

defined

spectral

filter H

signal,
i.e.

H (Z)
G

H (z)
T

s(z)

E(zl

1

PI aZ
I

1

i=1 i
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The structure of this signal generating filter is shown in

figure 4.1 .

Therefore, once the predictor coefficients are evaluated

for any given signal, the LPC spectrum is simply obtained

from the response of the generating filter indicated in

f igure 4.1 .

4.3 Linear prediction in heart sound analvsis:

LPC has been used earLier in other ar.eas, such as

industrial time series analysis IBox and Jenkings | 19701 and

in the analysis of seismic signals [Robinson 1967). In the

Biomedical area, the LPC has found its use in speech

processing as well as in the analysis of electroencephalogram

(EEc) signals IGersch, 1970¡ Fenwick et aI., 1971]. Spectral

análysis of cardiovascular sounds based on the autoregressive

model has been attempted by Campbell t 1 978 I . Linear

prediction analysis has been used successfully to detect the

first and second heart sounds in cases of noisy environments

by tracklng the spectral 1evels IÏwata, et aI., 1980].

The heart sound production mechanism has a similarity to

that of speech production mechanism, in the sense that the

resulting acoustic signals are due to the resonance of

varj-ous anatomical structures. In speech, the vocal tract

with varying structural cross-sectional area resonates to

glottal excitation, whereas in heart sounds the various

structures of the heart such as the heart valves,
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heart muscles and chamber wal1s, resonate at different

instances to pressure excitatory functions.

As the linear prediction analysis is found to be more

useful j-n extracting spectral characteristics IRabiner and

Schafer , 19781 ¡ an attempt has been made here to apply this

LPC technique to process the heart sound signals. The

autocorrelation method has been used to solve for the

predictor coefficients in this study; Durbinrs algorithm

I 1 959 I is used to compute the 'a. 's. '

l-
It is necessary, for valid LPC spectral analysis, that

the spectrum of the heart sound signal occupy a substantial

part of the Nyquist frequency ranqe of '1/2 T' HZ, where 'T'

is the samplj-ng rate. Before developing a procedure for the

LPC spectral analysis of heart sounds, consideration must be

given to the following factors: spectral range, sampling

rate of the heart sound signals, the duration of the desired

heart sound segment (ie first or second heart sound), the

effects of windowing, requirement of preprocessing and most

importantly, the choice of predictor order. These factors

are discussed be1ow.

The spectral range of the heart sound signal has been

discussed in the earlier chapters. Heart sound frequency

peaks are found in the frequency ranges up to 500 HZ. In

this study, a sample rate of 2042 HZ has been used which is

much higher than the Nyquist frequency. The sampling rate of

the data files can be reduced if necessary by retaining only

one from N signal samples and discarding the remaining ttl-1
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samples. This expands the effective frequency range by N.

This would in fact enable the LPC analysis to be applied over

+ desired frequency range of the signal spectrum. For

example, the first heart sound has reproducible frequency

peaks in the range 20-150 Hz. In order to evaluate the

spectrum in this range, the sample rate has to be reduced so

that the inverse filter can use aII of its coefficients to

represent the desired portion of the spectrum. In a later

chapter, a different method is discussed to estlmate the

spectrum in selected frequency ranges wlthout having to

reduce the sampling rate.

The duration of the desired heart sound signal segment.

can vary from subject to subject) depending on the age and

other physiological conditions of the subject. The desj-red

heart sound signal is normally extracted by applying an

appropriate window as discussed in chapter 3. The window

width is selected by visual inspection of the desired heart

sound to be analysed. Pre-processing of the signals, as

discussed in chapter 3, is a general requirement to make the

data samples more suitable for analysis.

As regards the choice of predictor order, it is desirable

to have as few poles as possible. The effect of varying the

predictor order is dj-scussed in a later section. The number

of poles required for an exact spectral modelling of the

signal would depend on the number of frequency resonances.

In the case of vocal tract modelling using speech signal, it

has been possible to evaluate the predictor order based on
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the length of vocal tract, velocity of sound in the vocal

tract and the sample frequency [AtaI and Hanauer , 1971 ¡

Wakita, 19731. In the case of heart sounds, the acoustic

signal is transmitted to the chest from more than one

source. The heart sound signals do not travel through a

confined tube. It is rather difficult to determlne the

choice of the predictor order quantitatively.

The predictor order for the heart sounds may be estimated

from the expected number of frequency resonances below the

f olding f requency I Rabiner and Schaf er , 197 5 ¡ l,lakhoul and

lrlolf, 19721. One complex pole pair is required to represent

each frequency peak. It may be supposed, Lf there are only

six resonant peaks in the. frequency range 20-120 HZ of the

first heart sound, that a predictor order of 12 would

normally be enough to represent the first heart sound signal

in this frequency range. However, the choice of predictor

order to represent the spectra of the first or second heart

sound should be based on the staËistical average of a number

of peaks seen in the spectra of respective so,rnds.

4.4 Pole enhancement

In the spectra of systems that have low-Q (high

bandwidth) poles, it is often difficult or even impossibl-e to

distinguish visually between several peaks. In the case of a

myocardial infarction, it v¡as found that the spectral peal<s

get flattened lRenner and Renner, 1979]. This means the

resonant peak lvoul-d have a lolv-Q. It has also been observed
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that the quality (Q-factor or fractional bandwidth) of the

spectral peaks of the first heart' sound has a high

correlation with the severity of infarction due to

inhomogeneity of the myocardial. structure in the case of

infarction IRenner and Renner, 1979]. In this situation, the

simplest way to enhance the dormant peaks of the spectrum is

to change the radius of the unit circle, i.e. to evaluate the

Z-transform on a unit circle closer to the poles of the

spectral model. Markel and Gray [1976] have indicated a

technique to enhance the poIes. This is achieved by
i

replacing each predictor coefficient a by a r , where
-TTBo r i i

r = e ( B bej-ng the bandwidth reduction of each
o

resonance and T the sample interval ) .

4.5 LPC s ctral analvsis procedureDE

Once the phonocardiographic data is available on the

CYBER 173 computer disk (as described in chapter two) ' this

data file (stored on computer disk) is plotted for visual

inspection or displayed on the GT40 graphics terminal along

with the corresponding ECG signal. The desired heart sound

is identified and then extracted by multì-plying the data file

with an appropriate window function. A i{amming window has

generally been used in this study.

The windowed heart sound data is selectively filtered so

that the signal contains frequency components in the

frequency range of interest. The selective filtering is done

by simply performing a forlvard discrete Fourier transform
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(DFT) operation on the windowed data, dlscarding the

coefficients outside the frequency range of interest and then

performing a reverse DFT. The selectively filtered data file

is then used in the LPC analysis.

The predictor coefficients are extracted from the

filtered data. This is the next step. For a specified

predictor order, the LPC coefficients are computed from the

filtered data using the autocorrelation method. Once the

predictor coefficients are estimated from the filtered data,

E
then performing Fourier transformation on the data 1 + Li=1 i
yields an inverse spectrum of the signal. PoIe enhancement

may be performed by modifying the predictor coefficients as

described earlíer. The sj-gnaI processing steps involved in

this procedure are indicated in figure 4.2. The magnitude

spectrum of a typical second heart sound, obtained using

conventional FFT technj-que, is lndicated in figure 4.3; this

spectrum is plotted for a frequency range up to 200 Hz.

Figure 4.4 shows the magnitude spectrum of the same

second heart sound signal obtained through LPC analysis. The

predictor order used was 19. The effect of pole enhancement

is demonstratecl in figure 4.5. The solid line shows the log

magnitude spectrum for a second heart sound signal obtained

uslng a predi-ctor order of 22 . The clotted line ( with

symbols þ¡ demonstrates the LPC spectrum for the same signal

with order 22, with the predictor coeffj-cients modified to
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produce PoIe

unit circle

1 .07.

enhancement as discussed earlier; herein, the

radius used in the e.zaluation of Z transform is

4.6 Problems

Iüith the selective filtering, although a frequency window

is introduced to look at the spectral range of interest, the

frequency resolution is not improved. The folding frequency

or the Nyquist frequency is stitl half the sample frequency.

Moreover, the LPC modeL may use some of its poles to model

the filtered portion of the signal. as seen in figure 4.4, a

high predictor order ( 1 9 ) is used to model the signal rvith

relatlvely fewer frequency peaks. In this situation' a

choice for the exact predictor order necessary to model the

signal is not easy. It has been observed that a large

predictor order ( say 2gl is necessary to model the signal so

as to include comparatively fev¡er resonant peaks (IlandagoPal,

et â1., 1 981 l. A modified LPC analysis technique known as

selective linear predictj-on technique will be discussed in

the next chapter to rectify some of these problems.
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CHAPTER V

SELECTIVE LINEAR PRED]CTTON

5.1 Introduction

Heart sound spectra are found to have frequency peaks in

the low, medium and high frequency ranges as defined by

previous researchers IYoganathan et aI., 1979]. For example,

in the case of the seconcl heart =orrrra the low, medium and

high frequency ranges are 1 0-80 HZ, 80-220 Hz and 220-400 HZ

respectively. The peaks observed in a particular frequency

range are attributed to resonant frequencies of cardiac

structures. In the LPC analysis described earlier, these

ranges can be defined by selective filtering. But in this

method, the signal information above the range of interest is

sharply filtered. This increases the dynamic range of the

spectrum and results in greatly decreased spectral flatness -

Also, the inverse filter will use many of its coefficients to

represent the filtered portion of the spectrum.

In order to overcome the problems in the LPC analysis of

heart sounds and to obtain a sharper spectrum, a selective

Iinear predict j-on (SLP ) technique as proposed by ùlakhou1

11975l is emptoyed. fn this technique, the analysis can be

carried out for any desired frequency range (Iow, medium or

high), while employing a low predictor order.

The basic idea in the selectlve linear prediction method

is to obtai-n the autocorrelation coefficients which are
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necessary to compute the predic.tor constants from a selected

portion of the signal po$/er spectrumr so that the selected

frequency range spans the angular range O-Tf along the unit

circle in the Z-pIane.

5.2 Selective filtering versus filterinq bv SLP

The selective filtering, as discussed earlier, in general

involves sharply filtering the signal to remove information

above a certain frequency; the problems encountered in LPC

analysis due to selective filtering of the data have been

discussed earlier. Figure 5.1 indicates the processing steps

involved in selective filtering, while figure 5.2

demonstrates the effect of such filtering on the spectrum.

Makhoul's selective linear prediction involves the

translation of the selected portion of the signal spectrum to

the angular range 0- on the unit circle. Consider a signal

seguence S(n) having 'N' samples. A data file for analysis

1s made by adding zeros to the signal seguence S(n), so that

the data fil-e length is I samples (where I is a power of 2

and I > N + Pi P is the predictor order).

The FFT of the data series can be computed as:

jz1fkr r-1 -)2T( nk/r
FFr ts(n)] = s(e ) - fst"le

D=0 ( 5.1 )

for k - 0r1,2,.....I-1

The power spectrum of the data series is given by:
)2Tfklr )zTf k/î- 2

P(e ) = ls{e )l (5.2)

-69 -



LPC

ANALYS I S

F ILTERED
S I GNAL

INVERSE
F I LTER

DFT
(R)

DFT
(F)

t^lIND0l^lED

SIGNAL (SI I )

SPECTRUM

FIGURE 5.I LPC ANALYSIS STEPS USING SELECTIVE FILTERING

-70-



ORIGINAL
SPECTRUM

f

F I LTERED
SPECTRUM

LOG

MAGNITUDE

LOG

MAGNTTU

00 f
1 s/2

FIGURE 5.2 EFFECT OF SELECTIVE FILTERING ON SPECTRUH

f fI s/2

-71-



ltlith being the folding freguency;

frequency as indicated in figure 5.3.

If a frequency range from f to f.12
an angular range corresponding to

ascribed by
û = K zAflt
11

t (K + r)27(/t

half of the sampling

is desired, then

bef and f can
12

2 1

If K iszero andl=1/2, thenû =0 t =Tl,112
thereby givlng the fulI frequency range of the spectrum.

The new spectrum from eguation (5.21 , based on the

selected range û to û , is given by
12

)2Trk/L j2Trk + k )/t
P (e ) = P(e 1 ) ...(5.5)

ê

for k = Q,1 ,2 r. .. L.

Where L = 2L or 2I + 'l . This new spectrum def inition is

described graphically in figure 5.4. The shifted spectrum in

equation ( 5.5 ) i-s made even by ref lect j-ng it about 7T as

indicated in figure 5.4.b. The shaded portion of the figure

5.4.b is given by

j2Tr klL j27r (L-k ) /L
P (e ) - P (e ) ...(s.6)

SS

where k = I + 1, I + 2, I + 3t.....L-1.

Now, this spectrum can be assumed to be the result of an

L-point discrete Fourier transform (DFT) operation on some

data seguence. Since the spectrum is reaf ancl symmetric, the
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autocorrelation coefficients can be obtaj-ned by performing

FFT operation scaled bY 1 /L:
L-1 j2 Tf k/L -)2 7T kn/r,

)e
S

k=0

where R(n)

coefficients for
the nev/ transl-ated auto-correlation

a

IR(n) l-
L

P (e

1ê

n= 0 ,1 ,2. .. ..P

P is the predictor order.

Once the autocorrelation coefficients are evaluated from the

translated po\^rer spectrum, the predictor constants

a ,a ,.. . .a are obtained as described in appendix C.
12p

The digital processing steps involved in the SLP analysis are

indicated in figure 5.5.

The freguency resolution of this new spectrum is much

higher than the original spectrum. This method enables one

to model the signal over a desired frequency range rather

than over its entire spectral range. As the spectral range

is limited, one needs to use a lesser predictor order than

necessary for modelling over a wider range. This approach

may be very useful for heart sound analysis, where spectra

have frequency peaks in three distinct ranges and each range

can be studied separately.

5.3 Application of selective linear ediction in

heart sound analysis

As discussed in the previous section, the SLP technique

is ideally suj-ted to heart sound spectral analysis in the
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three basic frequency ranges of interest. The computer

program developed ( in FORTRAN 66') to analyse heart sounds

using the SLP technique was first tested using a synthetic

signal. The generated synthetic signal data had five

frequency peaks in the range 20 to 300 HZ, a range simllar to

heart sounds. The purposes of using this test signal were

( 1 ) to check the computer program (2) to check the SLP

technique in different frequency ranges, (3) to compare the

SLP spectrum with the FFT spectrum and ( 4 ) to check for

spectral reproducibility of the SLP method.

First the synthetic signal data v/as generated and sampled

at 2042 Hz with frequency peaks at 25 HZ, 60 HZ, 1 1 0 HZ, 1 60

HZ, and 215 HZ. The choice for these frequency values is

arbitrary. Several segments of this test data hlere windowed.

using a Hamming type window with different widths and then

analysed using the SLP method. A predj-ctor order of 12 \^las

used for this data. Figure 5.6 shows the spectra of the

synthetic signal obtained using the SLP method. The

synthetic data file had a length of 1000 samples, hence

windowing vzas possibte at different locations.

'Syl¡Sl,Pf in f j-gure 5.6 is the SLP spectrum of the test

data windowed with the window middle at sample number 300 and

a window width of 600 samples while 'SYNSLP2' represents a

SLP spectrum when the same window was positioned with the

window middle at sample number 500. 'SyNSl,p3' and 'SYNSLP4'

in figure 5.6 indicate the SLP spectra when the window was
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positioned about sample numbers 600 and 400 with widths 500

and 400 samples respectively. Thus figure 5.6 demonstrates

the reproducibility of the SLP method even when the window

width and position changed on the same signal. Figure 5.7

shows the above four spectra drawn to the same scale in the

same box to indicate the differences. Several segments of

Èhe same heart sound recording hrere also tried to check the

reproducibility of the SLP method. Figure 5.8 indicates the

resultant SLP spectra of the second heart sound, clearly

demonstrating the reproducibiliÈy of the SLP technique.

5.4 SLP and FFT spectra of heart sounds

Figure 5.9 shows the FFT spectrum of a typlcal second

heart sound signal in a normal child. The spectrum is

plotted in the frequency range 0-345 HZ. It appears from the

spectrum that there are a couple of zeros, indicating that

the spectrum is not purely all pole.

Although the SLP method is based on all pole modelli-ng'

the heart sound spectrum being not purely aII pole, w€ can

stilI apply the SLP method to obtain the spectrum in the

frequency range where there are no zeros. Accordingly the

SLP analysis is carried out in the frequency ranges 0-100 ll'2,

100-245 HZ and 245-345 HZ with predictor orders 18,19 and 16

respectively. Figure 5.10 shows the SLP spectrum obtained in

the above 3 ranges plotted together. Comparison of figures

5.9 and 5.1 O shows that the SLP method has reproduced almost

all of the information found in the FFT spectrum.
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Spectral compari-son between the FFT method and SLP

analysis can also be made in each frequency range selected.

Figures 5.1 1 a and 5.1 1 b show the spectra of the second heart

sound (mentioned earlier) in the frequency range of 0-100 HZI

using FFT and SLP methods respectively. The FFT spectrum is

defined by 1OO points in the frequency scale (figure 5.11a),

whereas the SLP spect,rum has 1 000 points defining the same

frequency range. Similarty figures 5.12 and 5.13 define the

SLP spectrum in the ranges 100-245 HZ and 245-345 HZ

respectively. These clearly demonstrate the efficacy of the

SLP method in the production of Èhe heart sound spectral

model and its resolution.

5.5 Freguencv estimat.ion

The frequency values of various peaks observed in the SLP

spectrum can be estj-mated by knowing the frequency resolution

and bandwidth of the selected portion of the spectrum.

However, the resonant frequencies can be obtained without

actually evaluating the spectrum. This is achieved by simply

factori zj.ng the denominator polynomial of the all pole filter

(generating f11ter) transfer function H(zl. If a,
1

a ¡...â. are the predictor coefficients obtained from the
2P

SLP analysis, then the denominator polynomial of H(Zl is
glven by:

-1 -2 -p
D(Z) = 1-a Z -a Z .....-a Z

12p

rhe roors of the por-ynomial would provide the pore ;"=;ll"l]
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of the inverse filter and hence the frequency values.

Bairstow's method (James, M.L., et af., 1977 ) can be used to

determine the roots of the polynomial. This method is an

iteratíve process for extracting quadratj-c factors:

2

a(z) =(z +vz +V) (5.9)

of the polynomial D(ZI. The starting values for U and V are

chosen such that the iteration process converges to the

correct values of the U and V. The two roots Z I Z are
12

obtained from the first quadratic factor Q(z)

-U
2

-4VU (s.10)i.e. Z

112

The iteration process is r.p".tàa to obtain a quadratic

factor of the (P-2) degree polynomial, resulting from the

extraction of the quadratic factor a(Zl for the first two

roots. Two more roots are then obtained from the second

quadratic factor.

This process is repeated unt1l all the roots of the

original polynomial are extracted. The roots of the
th

polynomial give the pole positions. If ' r ' is the k
k

complex pole, then the pole frequency is computed by:

F arc tan I Im r" ]
Rr
ek

(s.11)km
where T 1s the sampling interval.

The bandwidth of the frequency resonance corresponding

the complex pole 'r ' can be computed using

relationship:

to

the
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B rog r 5 .12

If the sampling interval 'T' is expressed in seconds, then

the units of F and B will be hertz (HZ).
kk

- -( 1 )
k7rr nk
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CHAPTER VT

FREQUENCY ANALYSIS OF SECOND HEART SOUND TN NORI4AL

CHTLDREN USTNG SELECTTVE LTNEAR PREDTCTTON CODING (SLPC)

6.1 Introduction

The heart muscle and valvular system provide a

cons j-derable contribution to the product j-on of heart sounds.

It is therefore essential to identify and relate the

frequency resonances observed in the spectral distribution of

phonocardiograms with the physiologic state of the respective

cardiac structures. Mathematical modelling in the study of

atrioventricular and semilunar valve vibrations has been an

area of increasing interest in the recent past lGhista and

Rao, 1973; Mazumdar, et al., 1978; B1ick, et al., 19791.

Howeverr âS these models are based on the knowledge of the

primary vibrational frequency of valve leaflets r âo exact

determinati-on of valvular resonances become essential.

Studies on spectral phonocardiography in normal and

pathological cases have clearly indicated the relationship

between the quality of resonant peaks ( frequency and

sharpness of the peak) and the valvular pathology lAdolph' et

al., 1970; Renner and Renner, 1979; Stein, êt âI., 19801.

It has been observed that due to certaj-n pathological

conditions, the dominant frequency component of the second

heart sound increases in its frequency value and at the same

time the resonance flattens (Iess sharp) [Sabbah, et a1.,
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1978; Stein, et af. , 1 980 I . In such cases it becomes

difficult to determine the exact frequency of resonance and

its quality due to its lossy nature. It is the purpose of

this chapter, having established the Iinear prediction

technique in chapters four and five, to study the usefulness

of the selective linear prediction coding (SLPC) analysis

technique in producing better spectral distribution than the

conventional FFT technigue. For this a study of the spectral

distribution of the second heart sound in normal children

using the SLP analysis is made.

6.2 DaÈa Acquisition

Heart sound recordings vrere made in a sound proof room in

the department of Cardiology at the Adelaide chil-dren's

hospital, under the supervision of Dr. E. Goldblatt. The

phonocardiographic recordings \^/ere made possible with the

assistance of Mr. G.M. Lee and Mr. M. Bentley of the

Cardiology department of Adelaide children's hospital.

A block diagram of the data collection system is provided

in Chapter 2 (figure 2.61. Lead II electrocardiogram (ECG)

and the phonocardiogram (PCG) from the aortic area on the

precordium ( second right intercostal space) were recorded

slmultaneously on to a Hewlett-Packard HP 3964A four channel

FM tape recorder from seventeen normal children. A contact

type microphone HP 210504 was used to picJ< up the heart sound
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signals. The phonocardiogram amplifier had a flat frequency

response from 15 Hz to 1 KHz.

In order to determi-ne the aortic valve orifice size and

valve ring (aortic root) diameter, parasternal long axj-s and

short axis views of the aortic valve were recorded for each

subj ect using a two-dimensional echocardiographic machine

(Toshiba SSH-104 sonolayergraph) with a 3.4 I4HZ transducer.

These measurements vtere used in the phonocardiogram and

echocardiogram correlations which wilt be discussed in

Chapter seven.

The preamplified ECG and PCG signals v/ere digitized

simuLtaneously at 2042 HZ by a two-channel 8-bit analog to

digital converter controlled by an Tnte1 8085 microprocessor

based system (SDK85) with 8K bytes of memory as explained in

chapter two. As the Intel system was interfaced with the

Univers ity of Adelaide ' s CYBER 17 3 computer , the data \,\las

immediately transferred to CYBER disks for permanent storage

and subsequent analysis.

6.3 Pre-processinq of data

The data files $zere subjected to processing to subtract

the mean (d.c. offset that may arise due to biasing

conditions in the buffer amplifier and analog to digital

converter circuitry). The processed files were then

normalised with respect to the root mean sguare (RMS) value

of the respective data files of length 2048 samples. These

data files \¡/ere then displayed along with the ECG signals on

the screen of an interactive graphics terminal ( either DEC
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GT40 or Tektronix 4010 terminals). Al1 the signal processing

steps discussed here $/ere pe.rformed interactively on the

CYBER 173 computer using one of the above two graphics

terminals. The second heart sounds v/ere then identified

visually from the screen and extracted using a Hamming type

window operated on the data-file. The width of the window

varied slightly from subject to subject. The window

positioning vras achieved usi-ng the light pen f acility

avall-abLe with the graphic terminal to indicate the start and

end samples of the second heart sound. The average window

width seemed Èo be around 25j samples. The windowed second

heart sounds for each subject v/ere stored as indirect

permanent fil-es on the CYBER 173 disk for further processing

by the Fourier transform method and SLPC method.

6 4 Fast Fourier transform method

The Conventional fast Fourier transform (FFT) technique

was used initially to obtaj-n the spectrum of the second heart

sound for all the subjects. An FFT Subroutine available in

The International mathematical and Statistical Library (ItiiSL)

on the CYBER 173 disk was used. The signal processing steps

involved in the FFT analysis are shown in figure 6.1 . FFT

spectra for each subject \t/ere .obtained for several second

heart sound segments and an average v/as obtained in the

frequency domain.

6.5 Selective linear prediction codinq (SLPC) method

The SLPC analysis technique has been discussed in detail
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in the previous chapter. For the SLPC analysis, the same

second heart sound data extracted for FFT analysis has been

used. The preprocessing and data windowing \^lere common to

both FFT and SLPC analysis. The SLPC analysis has been

carried out interactively on a CYBER 173 computer as

discussed in the previous chapter. A choice was made

initially for the predictor order based on the number of

resonant peaks Seen in the FFT spectrum for a given frequency

range. Then the SLPC spectrum was estimated and compared

with the FFT spectrum using the interactive graphics screen.

The predictor order was changed if necessary. If there are n

frequency peaks in the spectrum in the frequency range sâYr

f to f HZ, then a predictor order of 2n + 1 is normally
12

sufficient to model the signal j-n the above frequency range.

The second heart sound spectra hrere found to have resonant

peaks in three distinct frequency ranges: viz. low ( <80 Hzl ,

medium (80-220 Hzl and high (220-400 Hz). Accordingly; the

SLPC analysis has been carried out in the above ranges.

Also, the frequency values of the peaks seen in the three

frequency ranges mentioned above, were computed by

factorizing the denominator polynomial of the generating

filter transfer function H(z) (Refer chapter IV, equation

4.1 0 ) . The denominator polynomial is constructed from

predictor coefficients as discussed in chapter V. The roots

of the polynomial provide the pole positions of the transfer

function and hence the frequency values. Bairstow's method

as discussed earlier was used to solve for the roots.
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6.6 Results and diÉcussi-on

SpecLra1 distributions of the second heart sound, in 17

normal ckrildren v/ere detennined using both the IFT and $,PC

technigues. The freguenry spectrum of SII contaj-ns freguency

peaks in tLre low, medium and high frequency ranges as

indicated in table 6.1. This table reveafs the presence of

at least three peaks in tLre ranges 15-80 HZ and 80-150 HZ for

the rnajority of subjects. Al-so there are resonant peaks

above 150 Hz.

TLre dcrnirnnt fregr:ency of SII for:nd by inspection of

spectrograms $,as 30 + 5 HZ. It is interesting to ccnpare

this fregr-rency distrlbution in chrildren with the

corresponding result in adults. Stein etaI., [1980] have

reported that tLre dcmina¡rt freqr:enq¿ of the aortj-c ccrnponent

of SIf in adult subjecÈs with nor¡nal aortic valves to be 53 +

3 HZ and in the case of aortic stenosis to be 87 + 5 HZ.

They have pro¡rcsed that the increase in the dominant

fregr:ency is due to tlre increased stiffness of aortic valve

Ieaflet as a result of stenosi-s. The dcminant frequency of

SII in clrildren in the present investigation seems to be

Lciu¡er than that for adults (even tlrough the valvular

dimensions of ctrildren are srnaller). This would mean,

according to Stein's theory, the aortic leaflets in cl:ildren

are less stiff tlnn in adults and hence have lower dcrninant

freqr:encies.

In tJre present analysis of the second heart sound, the

frequency analysis has been limited to 250 HZ as tìere \^/as no

significant output seen beyond thris fregr:ency range. lhe
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TABLE 6.1

Fregr:ency distributj-on of second heart sound in normal cLtildren

Subject
No. Age

Frequency Peaks
1 0-80H2

Frequency Peaks
80-1 50Hz

Freguency Peal<s
>'1 50I{z

I
5

1

2

11

14

14,24 t44,55 t63 ,75

13,24 t34,42,49 r59 |
68

32 r45

15 t26,63,80

14,31 ,42 t57 t74

14t29t45,66

14,30,49 ,69

37 ,49,72

39,51 t71

19,40,61

1g t40,60

21 ,37 ,58,78

39,61

26 t47 t58 t69

23 t44,76

1g t32 t44,58 t79

16r38 t52,68

84 t94,113 ,139

85 ,99 ,104,114 1132 ,
140

83 ,1 08 ,1 30

96 ¡08,133

91 ,110r151

90 ,112,137

86,1 1 3 ,137

96,124

112123

94,129

83 ,1 1 0 ,126 142

98,118145

84,1 00 120 ,146

87 )01 115 ,131 I49

102,134

92,107

82,96 )21 I45

167 ,198 t218

176 t212,245

173

164 1 88,208

186,215,233

161 ,188 t212

170 194,214,234

171 ,209

177 ,200 t224

165,193,213

168

170

156 t200

165 ,188 t214

190,235

3

4

5

6

7

I
9

10

11

12

13

14

15

16

17

4

I
7

9

6

4

12

16

12

11

12

5

7
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spectra of second heart sound produced by the SLPC technique

seem to contain all the frequency peaks seen in the spectra

produced by the FFT technique. Figure 6.2 compares the LPC

spectra of SII in four subjects with the corresponding FFT

spectra over a limited frequency range. The SLPC spectra

provides a better frequency peal< definition comparerl to the

FFT spectra. Frequency peak identification becomes easier i-n

the SLPC method.

Figure 6.3b shows the FFT spectra of the second heart

sound in Subject C. Note the frequency peaks f,
A

f ,...f . On comparison with the SLPC spectra indicated
BF\j-n figure (6.3a) for the same signal, the defj-nition of the

frequency peaks f , f . .. f is much better. This
ABF

demonstrates the effi-cacy of SLPC technique in frequency peak

delineation.

The frequency resolution in the SLPC technique is much

higher than in the FFT technigue. In FFT analysis, the data

Iength is 2048 samples, sampled at 2042 HZ. The FFT returns

1024 Fourier coefficients in the frequency domain. the

frequency resolution therefore is 0.997 HZ/coefficient. This

means that 1024 points are used to represent the frequency

range 0-1021 HZ¡ on the other hand, in the SLPC technique,

for the same data length and sample rate, the frequency

resolution could vary depending on the frequency range over

which the SLPC analysis is carried out. For example, Iet the

frequency range of interest be 0-100 HZ. The number of

sample points in the frequency domain is still 1024, but the

folding frequency nov/ is 1 00 HZ. The frequency resolution is
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higher. The frequency resolution is norrnalJ-y given byII
t /2 where f is tl:e sampling freguency and 2 ís

SS
the data length (r is an integer). Zeros are always appended

ï
so that 2 is kept the same for obtaining t}le data spectn:m

and sr,Pc spectnrm.

fn order to check for ttre corres¡rcndence of the frequency

peaks seen in SLPC s$ectra with those seen in the F¡Il

spectra, the freguency peaks in ttre SLPC spectra and IEI

spectra were estimated for each subject over a tjmited

freguenq¡ range and conpared. Also pole frequencies v/ere

calculated using Bairstcn¡'s method as mentioned earlier. The

fregr-rency values thus obtained v/ere ccnrpared. The

relationship between the frequency peaks of the SLPC and IEI

spectra is demonstrated in figr:re 6.4 by plotting the values

of freguency peaks obtained frcm SLPC spectra against the

freguency values obtained frcrn FEI spectra. TLre relationship

is linear and tLre points cluster aror:nd a 45 1ine. TLre pole

freguencies calculated frcrn eguation 5.11 of cLrapten 5

cprrelate very well with the freguency values obtained frcrn

the SLPC specLra. The deviation is only about +2 HZ and this

is indicated in figure 6.5. This dencnstrates that the

freguency values of t}re peaks in the specLrum can be obtained

directly from the predictor coefficients without having to

estj¡nate the spectrum.

7 Conclusion

The selestive linear predicbion technigue has been

6-
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applied to obtain the spectral distribution of the second

heart sound in 17 normal children. The SLPC spectra have

compared with FFT spectra. The efficacy of the SLPC

technique in providing better frequency spectra has been

demonstrated. The dominant frequency of the second heart

sound spectra j-n chil-dren is found to be around 30 ti'Z which

is comparatively smaller than in adults.

The main advantage of using the linear prediction

technique is that one has the flexibility of limiting the

analysis to a desired frequency range without losing the

dynamic range of the spectrum. Also the desired frequency

range can be obtained by doing the analysis over subdivided

ranges using inverse filters of lower predictor order. The

SLPC technique can be viewed as providing a narro\¡/' frequency

window through which the second heart sound signal can be

viewed to determine the spectral characteristics.

-106-



CHAPTER VTÏ

SPECTRAL ENERGY CORRELATTONS OF SECOND HEART SOUND

WITH ECHOCARDIOGRAPHICALLY DERIVED VALVULAR DII..ÍENSTONS

7 .1 Introduction to echocardioqraphv:

Echocardiography is no\^r an established diagnostic

procedure in most hospitals throughout the world. This is

done in real time, entailing cross sectional imaging of the

heart using ultrasonj-c scanning techniques. The

echocardiographic techniques have been used in the present

study to obtain aortic valve dimensions for correlation with

spectral energy of the second heart sound with a view to

understand the contribut.ion of aortic üalve vibration to the

produition of the second heart sound.

Ultrasonic techniques are used for the examination of

soft tissue structures in a way complementary to X-Rays

employed for imaging hard tj-ssues. Ultrasonic imaging 1s

based on delineation of tissue structural boundaries due to

reflection of part of the energy of a pulse of ultrasound

when it meets the boundary between two media of different

accoustical properties. The ultrasound reflection phenomenon

is schematized in figure 7.1. The transducer (piezoelectric

crystal ) sends a short burst of ultraq,ound into the obj ect

under examination. This short pulse of ultrasound travels

from the transmitter and when it reaches a surface between

two different media, some of it is reflected producing an
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echo and the rest is transmitted into the second medium.

Againr âñ echo is produced at surface 2 and successive

surfaces.

The echoes are detect.ed by the receiving elements of the

transducer; most often the transmitting elements detect the

echoes as well. Echoes are detected only if they travel back

to the receiver, i.e. if they are reflected from surfaces

which are perpendicular to the beam. As seen in figure 7.1 ,

the echo produced from Surface 3 would not be detected. The

amplitude of the detected echo would depend upon a number of

factors such as the shape of the reflecting surface, nature

of the media and the absorption of the ultrasound by the

media.

The time between the pulse being transmitted and the

first echo being recelved may be detected by monitoring the

pulses on an oscj-lloscope. Knowing the velocity of sound in

the medium, the depth of the surface causing the particular

echo can Èhen be calculated.

depth velocity of ultrasound x time between the pulse and echo

The velocity
given by:

2

...(7.1)

of propagation of ultrasound in a medium is

V = rÀ (7.2)

the frequency of ultrasound and À i= the

The frequency of ultrasound employed in cardiac

between 1 and 7 MHZ. The velocitY of

where f is
wavelength.

imaging varies
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ultrasound in soft tissue is assumed to be constant around

1 540 m/sec. The higher the frequency of ultrasound, the

larger is the attenuation as the ultrasound penetrates the

tissue. The detected echoes are processed and displayed to

produce real time images of the heart-cross section. In

echo-cardiography, two types of techniques are normally used

to scan the heart.

1 . Ivi-mode echocardiography

2. 2-Dimensional echocardiography

In M-mode echocardiography, t.he ultrasound pulse is produced

by a single transducer and directed along a single line.

This gives an image of the heart along a single line with

respect to time. The ultrasound beam acuied to pass through

various cross sections of the heart is depicted in figure 7.2

and the corresponding reflections from various structures

along the beam direction is shown in figure 7 .3.

In 2-dimensional echocardiography, multiple transducer

elements are used to produce ultrasound beams along seveal

lines over a sector of heart. The echoes produced along

several Iines, when viewed together, produce a 2-D image of

the section of the heart. The reconstructed 2-D images are

reproduced at a rate of 3O/second to give a dynamic real time

scan. By varying the position and angle of the transducer'

different sections of the heart are imaged.

Various types of ultrasound transducers used to produce 2

dimensional echocardiography are shown in figure 7.4. The

phased array scan is probably the most sophisticated

technique for obtainíng two dimenslonal images of the heart.
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The transducer is normally about 2 cm wide allowing

positionj-ng between the ribs. It employs multi-p1e el,ements

(say, about 321 wh:-ch are activated in seguence with an

electronically timed delay so that the ultrasonic wave froàt

is at an angle with the transducer. Thls electronic scan

permits high speed scanning without having to use mechanical

moving parts. The Cardlac structure is scanned over a sector

as wide as 78' .

7.2 2-di-mensional echocardioqraphic planes

The cross-sectional view of the heart obtained in

Èwo-dimensional echocardiography depends on the location and

angle of the transducer on the precordiu¡n with respect to the

heart. Accordingly, a number of planes have been described

for 2-D echo imaging and are standardised by the American

Society of echocardiography in 1979. Some of the common

transducer positions are shown in figure 7 .5. The

parasternal long a><is approach allows the study of the aorta,

mitral valve, left vent.ricle and left atrium. For this long

axis view, the transducer is placed in the left panasternal

region, usually in lhe third or fourth left intercostal

space. The plane of the ultrasound beam is parallel to the

axis of the left ventricle from the apex to the aorta. The

corresponding image of the heart in this approach is shown in

figure 7 .6a. In the parasternal short axis , view, the

transducer location is as in the previous view, but rotated

90 clockwise so that the ultrasouncl beam j-s perpendicular to
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the long axis. The. short axis view is indicated in figure

7.6b. These are the two main viev¡s used in this study to

obtain the aortic valve size parameters. Depending on the

cross section of interest, other echocardiographic planes

such as apical and subxiphoid are also used in the routine

cllnical examination of the heart.

7.3 Heart sound spectraL enersv distribution

The spectral analysj-s of heart sounds in general clearly

indicates the presence of several resonant peaks believed to

be due to the resonance of various cardiac structures. These

resonant peaks have different amplitudes as seen in the

previous chapters. The knowledge of the energy distribution

of heart sounds is important in valvular diagnosis IRangaraj,

et aI. , 19791.

I4ost of the spectral analysis studies in cardj-ovascuLar

sounds have been aimed at providing better understanding of

the vibratory origin of the heart sounds and murmurs. In the

case of the first heart sound (SI), a number of meticulous

stud j-es have suggested that the vibration of the

atrio-ventricular valve leaflets may be a contributory factor

in the production of SI [Laniado et a1. , 1973; Pral<ash et

al., 1976; Mills et aI., 19761.

As the heart sound data have been collected on 17 normal

children and the second heart sound spectra for the above

subjects have been determined (refer chapter 61, an attempt

is made in this chapter to determine the energy distribution
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of second heart sound in the frequency domain. Ileart sound

energy distribution in the time domain has already been

attempted by Rangaraj et aI. 119791.

In order to estj-mate the spectral energy distributJ-on,

spectral energie" oo"t" calculated by computing the areas

under the power spectrum over a 20 HZ bandwidth, normalized

with the total area under the entire spectrum. The areas are

estimated by numerical integration of the po\^/er spectrum

curve over the desired bandwidth (20 HZI using a trapezoidal

scheme. The energies could also be calculated over 1 0 HZ or

30 HZ bandwidths. The choice for the bandwidth is purely

arbitrary. The average spectral energy distribution in

children is represented in the form of'a histogram as shown

in figure 7.7. The ordj-nate represents normalized energy or

the proportlonate energy. It is apparent, from this

histogram, that the dominant frequency of SII is in the

frequency range 20-40 HZ; more accurately most energy is in

this bandwidth.

7.4 Echocardiographic evaluation of aortic valve dimensions

The aortic valve dimensions for children whose spectral

distribution was studied earlier, have been evaluated using

both }l-mode and 2-dimensional echocardiographic techniques.

A Toshiba SSH-1 0A sonolayergraph machine has been used to

obtain both the M-mode and 2 dimensional echocardiographs of

the left ventrj-cular outflow tract. The 2-D echocardiograph

recordings \^/ere done at the Adelaide chi-ldren's hospital
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along !'/ith the phonocardiographic recordings outlined in

chapter Vf.
Parasternal long axis and short axis views of the aortic

valve were used f or each subj ect. A 3 .4 IvIHZ ultrasound

transducer was used in these measurements. Two dimensional

echocardiograms vÍere stored on 'U' matic 3/4" video tape by

using the video recording facility attached to the Toshiba

SSH-1 OA sonolayergraph machine. In order to determine the

aortic valve orifice size and valve diameter, stop frame

echocardiographic images of the aortic valve in opened and

closed pos j-tions ( along the parasternal long axj-s and short

axis) were taken for each subject. Figure 7.8 shows the stop

frame images of the parasternal long axis views of the aortic

valve in opened and closed pos'itions.

The aortic valve ring diameter is measured from all these

views by tracing from the stop frame images and then

digitising the length along the dotted line in figures 7.8

and figure 7.9 using a Hewlett-Packard 9874A digitiser

interfaced with a Hewlett-Packard 98304 computer. An average

value is obtained from these vi-ews to minimize the error in

measurement. Al-so the valve dimensions thus obtained are

checked with the corresponding values f rom i"I-mode

echocardiography. Figure 7.10 shows the l4-mode

echocardiography when the ultrasound beam is directed through

the aortic valve. The electrocadiogram and phonocardiogram

are also displayed alongside. It is also seen, from the

fJ-gure 7.10, that the coaptation of the aortic valve leaflets
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is synchronous with tLre onset of the second hea-:t sound. Íhre

aortic valve size parameters were thrus obtained for ten

subjecLs. Tab1e 7.1 gives Èhe average diameter of the aortic

valve and tkre average R-R inten¡a1 for ten subjects.

7.5 Correlation of spesb.ral- enercv with aortic valve slze

parameter

Hearn et a1., 119821 have de¡ronstrated the e><istence of a

strong correlation between tlre closing velocity of t}te

antenior rnitral leaflet and the first heart sor¡nd energy in

tLre fregrrenry bandwidtlr 30-45 HZ. Fì:rther, spectral energy

of the first heart sor:nd has been correlated wittr a mitral

valve size ¡nrameter and tlre best correlation was attained in

the 30-45 HZ band\^/idth [Hearn, et aI. , 1983 ] . Thris In¿ry

suggest tLrat ttre freqr:ency peaks seen in the range 30-45 HZ

of the first heart sor:r¡d spectra may origirnte from the

vibration of rnitral leaflets.

rt is believed that tJ:e second hearL sor:nd is caused by

ttre vjJ¡ration of the closed semitr::rar leaflets inrnediately

after silent coaptation [Stein and Sabbah 1976]. In order to

find a relationship between the aortj-c valve vibration and

the sec.ond heart sound, an attempt is rnade to correlate the

spectral energies calctllated in various freguenry bandwidtlts

of SII with the aortic valve dimensions.

TLre normalised spectral energy contained in 20 HZ

band\didth for each subject is calculated as described in
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TABLE 7 .1

Subj ects Age/Sex
Years

Average diameter
of Aortic value

cm/sec

Average
R-R interval

m. secs

c25

c28

c29

c31

c32B

c34

c36

c1

c9c

c1 3A

12/M

6/E

12/M

11 /t't

12/F

slM

7 /M

8 lyl

a/Yt

e/M

1.8

1.3

1.4

1 .71

1.5

1 .2'
1 .27

1.6

0 .95

1.4

680

720

720

560

680

680

720

730

640

680
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section 7 .3. correlation anarysis was performed by

correlating the spectral energy contents in 20 HZ bandwidths

of the second heart sound spectra of ten subjects with . the

aortic val-ve dimension; viz. diameter of the aortlc valve

ring and the aortic area assuming cj-rcular cross section.

The Pearsons correlation coefficient y was used to test for

significant correlations Isnedecor and Cochrant 1967]. The

correlation coefficien|-]y' is given by:

T = -$*u- ( 7.3 )

O*Oy

where

6* n
T

i=1
x

1

nI
i=1

2 2
( x) (7 -41

1

22

n

ay
nI n

.f_ vl-= I

n

v
i=1 i I

o*v
nI

i=1

nt1=l
rn\t

-L
x (7 .61

ii=1 i
n

Here, X is the array containing spectral energies in 20
i

HZ bandwidths in various frequency ranges for n subj ects and

Y is the array containing the parameter relating to aortic
i

valve size.
The correlation coefficient 7 is calculated for the

spectral energy in every 20 HZ bandwidth of the spectra in

the frequency range 0-200 Hz using a computer program.
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This program first computes the area under every 20 HZ

bandwidths of the second heart sound spectra of ten subjects

and creates ten arrays containing spectral energies with each

array containing spectral energy of 1 0 subjects in 20 HZ

bandwidth of a given range ( say 0-20 HZ, 20-40 112, etc. ) .

The areas are estimated by numerical integration of the pov/er

spectrum curve over the 20Hz bandwidth as explained earlier.

Each of the above arrays is correlated with the array

containing the valve size prarmeter and a correlation

coeffj-cient r is computed.

The Correlation Coefficient obtained by correlating the

aortic valve diameter and aortic valve area are indicated in

table 7.2. Figure 7.11 shows the correlogram of spectral

energies with the aortic valve areas assuming circuLar cross

sections. From the Correlogram it is quite evident that the

aortic valve area correlates best with the spectral energies

in the bandwidth 120-140 HZ with a Correlation Coefficient of

0.95, implying a relationshlp between the aortic valve and

the second heart sound spectra in the range 120-140 Hz. This

may mean that certain modes of vibration of closed aortic

valve leaflets may contain freguencies in the range 120-140

Hz. In order to check that this high correlation is not by

chance, a cardiac parameter not directly related to second

heart sound was chosen for correlation. AccordinglY, the

average R-R interval- for each subj ect was calculated and

correlated. Figure 7.12 indicates that there is no

significant correlation in any frequency range.
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TABLE 7 .2

Correlatj-on coefficients between spect.ral energy and the aortic

diameter and area

Correlation Coef f icient tTt

Frequency

Bandwidth Hz

0

20

40

60

80

100

120

160

180

20

40

60

80

100

120

140

180

200

hlith the aortic valve area

-0.i943

-0 .51 32

-0.0890

+0.2096

+0.4895

+0.7059

+0.9501

-0.3027

-0.4721

With the aorti-c diameter

-0.1 931

-0.5272

-0.0986

+0.2229

+0.51 96

+0.7234

+0.9458

-0.2991

-0.4581
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However, there are a number of factors that govern the

characteristics of t,he second heart sound, i.e. the diastolic
pressure gradient.across the closed va1ve, the modulus of

elasticity of the valve leaflets, size of the vaLve(diameter,

area of cross section and thickness) and of course, the

viscosity of the fluid (b1ood) surrounding the valve. It has

aLso been observed that the aortic component of SII is caused

by physical events that occur after the coaptation of the

aortic leaflets IAnastassiades, et al. 1976 i Sabbah and

SÈein , 19761.
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CHAPTER VTTI

TOIVARDS QUANTITATIVE DETERMINATION OF VALVULAR

CALC IF T CAT ION / MALFUNCT ION

8.1 Introduction:

Heart valves, upon coaption of their leaflets, will
vibrate when subj ected to dynamic pressure loading '
corresponding to sudden acceleration or decelerations of

intra-cardiac blood columns. Such vibrations have been

associated with the occurren"" of tfr" first and second heart

sounds. Mathematical models to represent the free and forced

vibrations of mitral valve leaflets have been developed by

Hearn et al 119791. Assuming semicircular boundary shapes

for the leaflets, solutlons for the mitral valve frequencies

have been obtained by Ghista et al l1g72l. Having studied

the second heart sound spectral distribution, âñ attempt will

be made in this chapter to model the aortic valve in a simple

\¡ray proceeding along similar lines to those of Hearn et aI

119791. The maximum energy frequency obtained from the

second heart sound spectrum is used in the aortic valve model

along with 2-D echocardì-ographically derived aortic valve

dimensions, to designate the vibrational frequency versus

valve membrane radius coordinate plane.

8.2 Aortic valve vibrational model

The aim of this analysis is to model the aortic valve
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vibrations mathematically so as to determine the primary mode

frequencj-es of the leaf1ets, and then correlate this
vibration with the occurrence of the SII. The boundary shape

of Lhe membrane together with the mass of leaflets and the

"tension in the leaflets will be of major importance for this
analysis.

It will be assumed that the curved edges of the aortic
Ieaflets are firmly anchored to rings of dense connective

tissue, which 1n turn are firmly embedded within the

musculature of the heart. Thus it is unlikely that the

movement of the "ottic annulus wilt accompany l-.eaf Iet

vibrations lRushmer, 1970]" It has been argued further [Lim

et aI. , 1 980 I that the absence of regurgitation in the

properly sealed valve suggests that the lines of coaption of

the individual leaflets may be regarded as fixed. With these

assumptions, the closed aortic valve may be modelled as three

sectors of a circle as shown in figure 8.1 .

It has been pointed out by Lim et al t 1 980 I that the

illustrated membrane configuration does not occur as a

vibrational mode shape of a vibrating circular mernbrane. In

order to obtain an accurate measure of the vibrational

frequencies, each leaflet is considered as a separate

membrane and the analysis is carried out in the same manner

as Mazumdar 1,19731.
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The membrane boundary is represented by a simply

connected plane curve c enclosing a region f¿ . The
oo

dynamic membrane deflectlon at any point in the region 
CI o

and at any time tt is represented by w(xryrt). When the

membrane vibrates, the profile of the deflection surface at

any time may be described by a family of iso-amplitude

contour lines, which when projected onto the xy-prane will
form a system of leve1 curves

U(xrY) = constant

This family of closed curves will be represented by C ,
u

0<U<U* where C represents the boundary of the membrane and
o

C coincj-des with the point at which the maximum U = U* is
U*

attained. The regi-on bound by C is denoted by
u

indicated in figure 8.2.

SmaIl dynamic def lections \^/ of the membrane during

vibrd.tion will be described by the two-dimensional wave

equation.

0 AS

2,2
TVw =pÒw'æ'

u

a
u

where T is the tension per unit length

P is the vibrating mass per unit area

Integrating equation 8.1 over the membrane region

results in

2
I w dfl of) =ò

ð-E-
w 0

Now introducing n as an outward normal to the contour C

and applying Green's theorem
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With the assumption of harmonic vibration,
)ut

w = W (n) e

where C¡J is the mode f requency and

the deflected surface, equation (8.3)

(8.4)

Vr/ determines the form of

reduces to

f tlra= -0"'l 
fïvdCI = o

2 0,

'[ þa" ,l[cqvQ,
Ò2r aQ
ðE

0

T 0

noting that the outward unit normal o may be described as

and then dW = dW du =dn ãu ã;

dW
du

dW.Vu. n.î +du

Ë
Tds+k W(u) du

n=

2 21/Z
= dW (U + U )

duxy
equation ( 8.5 ) may be rewritten as

2
where T =U +U (8.9)

xy
The double integral in equation ( 8.8 ) may be simplified
following Mazumder (19711 to yield

2

TdW
du

2

= ?a)

....(8.10

k
T
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Differentiating equation ( 8.1 o ) with respect to u yierds

0 (8.12)

which, with the evaluation of the contour integrals, and the

introduction of a nel^r variable f given by

2
f = ¿* - u ....(8.13)

finally becomes

22
dV{+ldVf+2kW=0ãF EãT

(8.14)

th

ds

JT

2
dW
dE

where B
i

function.

Equation (8.14) may be recognized as the zero

Bessel equation with the general solution
l{ = A J ( J2 kf) + BY (J 2 kf)

oo

order

(8.1s)

since the

(u = 0),
(8.16)

Where A and B are arbitrary constants.

To avoid infinite displacements, B = 0. AIso,

membrane has zero displacement around the boundary

J ( u/2ux k) = 0

so tþat

2u'rk=B
l_

is the

Thus, for

(8.17)

th
i zero of the zeroth order Besse1

fundamental mode vibration:

r/2uxk=2.4048 (8.18)
V

22
k =?O) (8.1e)

T
and
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In order to evaLuate the frequencies, by employing the eigen

values (equation 4.171 | it is necessary to specify the value

of u*, the maximum value of the iso-amplitude contour

function u, based on the size and boundary shape of the

membrane. Here, for an idealized membrane subjected to a

pressure loading gr the static response W is given by

2

! w - -9. (8.20)
T

with W vanishing on the membrane þ6s¡1Qan-¡.

In the context of the membrane analogy I a cylindrical

beam with the Same cross-section aS the membrane boundaryt

when ,rrr'd"r torsion, has lines of constant shearing stress

coincident with the iso-deflection contours of the membrane.

It has been shown lJones, et aI, 1975] that the function

u(xry) satlsfies the same Poisson's equation as does the

Prandtl stress functlon (xry). Hence,

2v
with u vanishing on the

equations (8.20) and (8.21) |

= -2 (8.21 )

boundary, and consequently from

u

u 2TÍÑ (8.22)
q

Limiting the analysis to the determination of the fundamental

mode frequency of vibration (Ul, and using equation (8.17). t

the following expression for the fundamental mode frequency

is obtained

222lu (2.4048)
T

k
2u*
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ü/herein, ü* willl no!ì/ be specified, using the analogy of the

stress function (x,y) of the torsion problem to the u(x'y)
of the membrane deflection, by specifying the boundary shape.

In order to specify u*, it is required to obtain the form

of u(xry) or u(rr0) for a sector-shaped membrane. If the

boundary shape for an aortic valve leaflet is approximated as

a circular sector of angle 2Tf/3, the fundamental frequencies

may be obtained, for a sector-shaped membrane by selecting

( in equation 8.1 I ) the appropriate u* corresponding to the

membrane boundary shape. From the corresponding torsion
problem [Love.. A.E.H., 1944], it is noted that for a sector

of a circle, with boundaries given by (r = or r = a, O = lF )

2

rcos2t+a
cos 2p

cos

n+1
(-1 )

(2n+1 lTzB2

2n+1 a
u 1

2
(-r )

{(2n+1 lTlel
2p

(8.241
I

where

A
2n+1 (2n+1 )Tl -+P (2n+1 l7T

( B.2s )
(2n+1 l7T + 4þ

By symmetry the maxlmum value of ( 8.1 9 ) w111 be found along

the line t = o. Computation of equation (8.24) along this

line provides a profile of the membrane's deflected shape.

This is plotted in figure 8.3, from r/a = 0 to tfa= 1, for a

range of sector angles. Choosing the sector angle as zTf /3

provides a representation of an aortic leaflet and is shown

in figure 8.4.
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An iterative computer calculation yields the maximum

value of p* (from equation 8.24 ) for the corresponding

membrane. These are plotted j-n f igure 8.5 for sector

membranes. Corresponding fundamental frequencies are then

calculated from equation ( 8.23 ) and are shown in figure 8.6.
2

For the aortic leaflet modeI, the value of s* = 0.1 43a

with the corresponding fundamental eì-gen values provided by

equation (8.23 ) .

8.3 Interaction of aortic valve vibrational and second heart

heart sound spectral analvses:

The second heart sound spectra for several subj ects hrere

obtained as described in earlier chapters. The dominant

frequency (maximum energy frequency) of the second heart

sound spectrum for each subject is extracted along with the

valve radius from 2-D echo-cardiograms. Constant ?t,

contours are computed from equation ( 8.23 ) with q* =
2

0.1 43a and drawn on tfre tJ versus a coordinaLe space. This

is shown in figure 8.7 .

When the values of maximum energy frequency and the

corresponding valve radius are depicted as coordinate points

in figure 8.7, by means of the contour curves, a val-ue of \fV/T

can be designated to each of these poj-nts

Thus the interaction of the valve vibrational and heart

sound analyses furnishes the values of the tension in the

vibrating valve membrane. For a patient, the increase of

tension over a period of time may signify advent of valvular

calcification.
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8.4 Non-invasive determination of pressure drop across

aortic valve

8.4.1 Introduction:

Cardiac catheteiization is an accepted method for the

measurement of pressure drop across heart valves (e.9. aortic

valve) during the period of blood flow through the val-ves, to

ascertain the degree of valvular stenosis, ( a disease which

causes the heart val-ves to stiffen). This pressure drop

along with the valve flow, is used to estimate the orifice

.t... This cardiac catheterization involves inserting a long

Cannula into the patientrs heart through one of the major

arteries, for making various measurements such as pressure,

fl-ow etc. It is an important procedure enabling more

accurate assessment of the clinical- problem and clarifies the

need for further surgical j-ntervention. This method is not

s1mp1e and could be painful to the patient.

A non-invasive method to determine the pressure drop

across the aortj-c valve using information from

two-dimensj-onaL echocardiography, has recently been developed

lGhista et aI, 1 983; Hearn et aI , 1983 I . The method has

orj-ginated as a result of contributions from a team of

severaL research workers. This work was carried out during

the author's stay at the Mcl4aster University l4edical Centre

where the author was a member of the research team whÍch

contributed to this work. In this method, it is demonstrated

that through the use of echocardiography and simplifed fluid
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mechanics, Èhe pressure drop across the

determined to a reasonable accuracy.

aortic valve ean be

8.4.2 Methodol-ogy

In the aortic crutflow tracÈ, the instantaneous pressure

drop Ap across the aortic valve cannot be quantified merely

in terms of the mean bloodflow vel-ocity or flow rate in the

aorta. The proposed method for determining the pressure

gradient requires the use of BernoulIi's equation in

conjuction with two dimensional echocardiography. Figure 8.8

shows the stop frame image of the 2-D ecfrocaraiograph taken

along the parasternal long axis indicating the left

ventricular outflow tract. Figure 8.9 shows the schematic

characterization of the outflow tract indicating dimensions

at various sections. The analytical formulations express the

pressure drop across the aortic valve in terms of (i) the

dimensions of the aortic ring (d ), leaflet excursion
1

(d ) and of the aortic root about 1 cm distal to the valve
2

leaflet tips (a ), and (ii) the mean flow rate during the
3

ejection phase. The above data can readily be obtained from

the two-dimensional echocardiography. Figure 8.10 shows the

apical 2-chamber view of the left ventricle. The endocardial

boundary is outlined using the light pen arrangement system

of the 2-D echocardiograph machine (varian 3400 2-D echo

system). From this boundary, the instantaneous chamber

volumes and the mean flow rate can be determlned.
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FIGURE 8.8 PARASTERNAL LONG AXIS VIEW OF THE

LEFT VENTRICULAR OUTFLOW TRACT
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FIGURE 8.IO APICAL Tì¡JO CHAMBER VIEt¡J ( STOP FRAME IMRCE )

ENDOCARDIAL BOUNDRY OF THE LEFT VENTRICLE IS

OUTLINED USING A LIGHT PEN ATTACHED TO THE

vARIAN 3400 2-D EcHocARDIoGRAPH MAcHINE.
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I . 4.3 Analytical f orrnulation of the þressure droo:

The Bernoulli equation is employed to determine the

pressure gradient (p - P ) across the aortic valve, at
13

an instant during the ejection phase when the valve leaflets

are fu1ly opened. During this phase, the blood flow was

assumed to be steady, and so the Bernoulli equation (applied

between sections 1 and 3 of the parasternal long axis vieú)

is written as

(P - P
13

where

[tta.) + kLez
2

) 1-ãT
1

].
= Q0

1t
(8.261

P and P are . the pressures at cross sections 1

13
and 3 of the left ventricular outflow tract and the

aorta ( 1 cm distal to the valve leaflets )

Q, the volumetric flow rate of blood, is defined as

the ratio of the change in volume to the change in

time, between end-diastole and end-systole and

expressed as:

o EDV - ESV) (e.27 |

where EDV and ESV are the end-diastolic and

end-systolic volumes and t is the time interval

between these instants.

A , A , A are the cross sectional areas
123

( assuming circular cross sections ) of the left

ventricular outflow tract, maximum aortic valve

1

æ
23

(i)

(ii)

(rii)
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opening and aortic root,

sectional diameters

indicated in frgure 8.9.

corresponding to the

drdrand
12

CTOSS

das
3

(iv) P t= the density of blood.

(v) f (e /n ) is the term that accounts for losses
12

due to the contracti-on between the left ventricular

outflow tract and the inlet of the aortic valve

Ieaflets.

(vi) The term k = tl (e /p, ll2 accounts for
23

losses due to the sudden expansion between the valve

leafl-ets and the aortic root. The derivation of

this energy l-oss coefficient can be done as follows:

Applying the momentum equati-on for incompressible steady

flow through a sudden enlargement of flow tract betwëen

sections 2 and 3 (figure 8), we have

P - P =?v (v - v ) .....(8.28)
23332

where P I V and P tV represent the pressure and
2233

velocity at sections 2 and 3 respectively.

From continuity we have

(8.29)
3

From (8.28) and (8.291

2
P (&

A
3

1) (8.30)
2

noht applying the modified Bernou1li equation between sections
2

2 and 3, with a term kV /Z accounting for the loss from
2

the expansion; vre obtain

A V =A V
322

P ? 4zv'A23
3
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22
&_+Vz =3¿+\¿¿ +K
P2(2

wherein k = energy .loss coefficient

substituting (8.30) in to (8.31 ) gives

2222
Vz tl -/ez\ l

\A / &
A3

(Az - 1)

2

b
2

(8.31 )

KV¿ + v2
A

3 3
(8.32)

Hence

(8.33)

The val-ue for f (e /n ) can be obtained directly from the
21

standard experimental data [John, J.E.A., and Haberman, W.L.,

19801. Flgure 8.11 shows a plot of f(A /e ) against
21

A /A . For any given ratio of A /A the value of
21 21

f(Az/ ) can be read from the plot. This accounts for
A1

the pressure loss function due to sudden narrowing of the

flow tract because of the aortic valve leaflets when opened

( refer to figure 8.9 ) .

8.4.4 Data acquisition
Eight patients were selected for this study. Prior to

undergoing cardiac catheterization, afl patients with aortic
stenosis \dere studied echocardiographically. A Varian 3400

phased array ultrasonograph machine with a digital scan

process v/as used. The measurements on the left ventricular

outf 1ow tract \^/ere made by freezing the (parasternal long

axis view) frame corresponding to the instant when the aortic

22

.2
k = (t - A, \\ e./

3
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vaLve is open; d , d and d are thus obtained. The
123

end-diastolic and end-systolic left ventricular volumes were

obtained from the apical two and four chamber views at

end-diastole and end-systole using the single plane

area-length method. The perimeter of the left ventricl-e \¡/as

outlined using a light pen system of the Varian phased array

ultrasonograph. The resulting area (A) was calculated and

displayed on the video monitor A line L r¡ras measured to

represent the maximum length between any two points on the

endocardial outllne ( refer figure 8.9 ) . The volume was then

calculated according to the expression

2
v = 8A (8.34)

3L

The time interval t between end-diastole and end-systole was

numbers betweenmeasured as

end-diastole

the difference

and end-systole

in frame

(number of frames/second) of

mean flow rate was obtained by

in equation (8.27 ) .

divided by the frame speed

the videotape recorder- The

using the above volumes and t

8.4.5 Discussion

The pressure drop across the aortic valve in eight

patients are calculated. The mean flow rate was calculated

using apical 2 chamloer and 4 chamber views of the 2-D

echocardiogram. Accordingly two values for the pressure drop

v/ere calculated for each patient. Table 8.1 shows the

pressure drops calculated from the above measurements as lve1l
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as actual pressure drops obtained from catheterization

procedures. The avettn. pressure drops obtained from the two

and four chamber views are also included in table 8.1. There

is a good correlation between the non invasively computed

average pressure drop and the actual pressure drop. The

results thus demonstrate the efficacy of the non-invasive

method in determining the pressure drop across the aortic

valve.
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Act a1
mm H9) (mrn Hg)

TABLE 8.1

2 Chamber 4 ChamberPatient

rM( 82-703 )

LK(82-1s71
I^IK( e20 )

sE( 1 731 )
TF (.)
EK(1399)
AS(82-594'l
JP (.)

64.0
27 .9
22.s

(mm Hg )

56 .0
32.6

Averaqe
(mm Hg )

60.
30.

s7.0
35. 0
20.0
50.0
42.5
31 .0
61 .0
64.0

gÁ.ø
37 .6
u 
3:u

16.3
62.9
28.7
20 .6

19.
62.
33.
29.
69.
62.

0
0
4
9
0
0
5
762.7
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CHAPTER IX

CONCLUSTON

9.1 Conclusion:

The etiorogy of the heart sounds, based on vibratj-ons of

cardiac structures, has given impetus to investigations on

( i ) the spectral analysis of heart sounds and ( if ) vibration
analysis of heart valves (mitral and aortic ) and left
ventricular chamberr so as to attempt to noninvasively

determine the valvular and myocardial properties and'their
pathologies, by correlating the heart sound signal analysis

and the corresponding structural (valve or chamber) vibration

analyses.

The frequency analysis techniques described in this

thesis provide effective and efficient methods for processing

heart sounds and thereby increasing the diagnostic value of

phonocardiograms. FFT analysis using moving windows'

provides temporal variations in heart .sound spectra. This

technique enhances the means of studying the spatial and

temporal relationships of the cardiac structural resonances.

The LPC technique, as applled to heart sounds analysì-s in

this thesis, provides a better spectral estimation of heart

sounds. The selective linear predictive coding procedure'

described in chapter six, enables heart sound spectral

estimation (over a well defined frequency range) with higher

frequency resolutj-on. The efficacy of this technique in
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enhancing the frequency peaks in the heart sound spectrum is

demonstrated.

Thé second heart sound spectral energy correlations with

the 2-dimensional echocardiographically derived aortic valve

"dimensi-ons (in children) have demonstr.i"a high correlation

in the frequency range 120-140 HZ. This implies that a shift

of the spectral peak in this band width should be noted, in

order to track valvular degeneration. Likewise, for tracing

myocardial degeneration, one should determine the spectral

band width which yields best correlations with chamber

dimensions.

The proportionate energy of the second heart sound in

this (120-140 Hz') band width is however very small (<102).

Considering the very recent observations made by Luisada et.

al. , t 1 983 I on the contribution of the cardiac valves to the

production of heart sounds, this correlation validates the

observation made by Luisada concering cardiac vibrations

being the result of accelerations and decelerations caused in

the entire cardiohemic system with the cardiac valves

contributing minimally to the production of heart sounds.

The aortlc valve vibratlonal model together with the

maximum energlu frequency peak in the second heart sound

spectrumr ês indicated in chapter eight, provides a

quantitative method for the determination of the aortic val-ve

pathology or dysfunction. This technique would also enable

to track the al-teration in the valve membrane elastj-city over
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a perlod of time, in the case of progressi-ve degeneration of

the valve. Also, the noninvasive method of determining the

pressure drop acr-oss the aortic valve described in chapter

eight provides a clinically implementable procedure for the

investigation of the extent of the aortic st"enosis.

9 2 Recommendations

The thesis has provided detailed analyses techniques for

heart sounds in general, and a noninvasive method of

determining valvul-ar pathology based on aortic valve

vibrational model and spectra of second heart sounds.

Methods for accurate heart sound frequency determination

based on linear predJ-ctive coding have been delineated. This

powerful technique could be used to model the heart sound

signals in desired frequency ranges and thus develop

parametric models to represent the genesis of heart sounds.

A possible spectral modelling procedure based on SLPC

technique, for future work, is proposed in fi-gure 9.1. The

model parameters would then help characterise the valvular

health-pathology status. Ranges of the values of the model

parameters, for the first and second heart sounds, could be

first established for normal subjects. Then any deviations

in the parametric values from their normaL ranges would

indicate abnormalities .

As the LPC is a sensitive technique for freguency peaJ<

determination, it could be employed to sensitively track the

shlfts in the frequency peaks of the heart sound spectra due
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to deterioration of implanted bioprosthetic mitral and aortic

valves.

The compiete understanding of the genesis of precordial

heart sounds reguires the use of such sensitive freguency

analysis techniques in identifying the sources of the various

frequency resonances seen in the heart sound spectra.

Extensive studies are required to establish relationships
between the frequency peaks and the pathologies of the

corresponding structures producing them. The author has

already commenced research work in this direction.
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APPENDIX C

AUTOCORRELATION METHOD FOR SOLVTNG LINEAR PREDICTTON

Consider the

t4.61.
The signal is

i.e.

where tvrl

n

Equation

S S
n-k n

COEFFÌCTENTS

range of summation as -o0< n <ôO in equation

defined only for a l<nown number of samples

S

n
otherwise

lA. c.1 l

0 < n < N-1= f t w

t"ä
' is some window function

N is the length of the analysis data segment.

14.61 becomes

P N-1N-1

T
n=l<

_r- ,L.l-= I

açss
, lr^i n=0 n-i n-k

for 1<k<P ... . t A.c.2l

....t4.c.31

. .. . tA.c.4l

Now,

i-s the

A1so,

io

N-1

n=k

auto

R(k)

t'o' SS R(k)
nn+ lrl

correlation function of

is an even function of k.

l¡ Iò
n

R(k) = Q (-k)

Therefore the resulting eguation from [4.c.2] is;

R for ...t4.c.51
k

IVithout l-oss of generality, the autocorrelation coefficients

D+r
La R

i=1 i k-i 1<k<P
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can be normalised, as

r
k

R/n

i k-i

....14.c.61

....14.c.71

....t4.c.81

....14.c.91
ation matri-x
equation is

kko

Thus, equation IA.c.5] becomes

at

Therefore, for a given predictor ord.er p, p simultaneous

equations can be obtained from equation [4.c.7]. For the

sake of argument, consider the predictor order to be 4.

Hence we can wrj-te the following set of eguations, for p - 4

AS

ar+ar+ar+ar
10

11

12

13

21

21

32 4 +3

ar+ar+ar+ar
-I20 31

31

42

40

-!

2

3

ar+ar+ar+ar
3041

ar+ar+ar+ar
-I

eguation
the same

0

lA.c.9l
diagonal

is known as
elements.

4

he autocorrel
erefore this

22

Equation [A.c.B] can be written in the matrix from as

r t a
1

a
2

a
3

a
4

r
1

r
2

r
3

r
4

t
Th

0
tr

r

r

t

t t r
123
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also known

alIows an

method to

I Robinson,

solvJ-ng

recursive procedure IDurbin, 1 959 ] .

The minimum total squared error
us ing equation l, 4 .6I in equation t 4 . 3 l

a Toeplitz matrix. The symmetric Toeplitz matrix
efficient recursive computation using Robinson's

solve the equations for the parameters
l_

1967 l. The most efficient method known for
this particular set of equations is Durbin's

tE I

0
and

can be obtained by

rearranging

aE
N-I E.l-= I

N-1I12P
S+

0 n n n-l_
...[a.c.10]

Equation (4.c.10) can be rewritten as

P
E = R(O) * f a R(i) ...t4.c.111
oi?1 i

Therefore from the predictor coefficients and the

autocorrelation coefficients, the total minimum squared error
E can be carcul-ated. This is al-so regarded as the system

0
gain factor.

i. e. from equation t 4.1 0 l

s(z)

nn l_

SS

az

zE

1

P

I.
I=l l_

s (z') A lA. c. i 2l
P

I.
l-= I

-I
1 za

l_

A can be regarded as E (gain term).
0
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COVARTANCE METHOD OF SOLV ÏNG FOR PREDTCTOR CONSTANTS

The range of summation is O < n < N-1. The signal
does not requJ-re special definition outside the range

-P < n < N-1.

Rewriting equation [4.6] with the above rançfe,

la tò

.'f
i n=0

for

n

lA.c.13l

a
n

S

Iet

P

T-
=la

1P

2P

3P

SS
n- i n-l<

N-1

T S S
n=O n-i n-k

1<k<P

where $ is the covariance of the signal/ik
given interval.
Equation [4.c.13] now reduces to

ói'ik
1<k<P

P=I
i=1

ó
0k

lA.c.14l
tS t over the

n

lA. c.1 5la

expanding equati_on I A. c. 1 5 ] in matrix f orm

ó

ó

þ

ó

ó

ó

12

22

32'

P2

ó

ó

ó

ó

þ

e

10

20

30

11

21

31

a

a

a
2

3

a

ór, þ
'ó a

P ØnoPP
...ta.c.161

The above symmetric matrix of (p x p) order is called
covariance matrix. The diagnor elements are not equar in
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this case. Hence [A.c.15] is not a Toeplitz matrix. The

covariance normal equations can be solved by a method call-ed
the square root method lMakhoul and WoIf , 1972).
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