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ABSTRACT

This thesis describes a real-time cardiac acoustic mapping system (RTCAMS)

which displays the amplitude of the phonocardiogram (PCG) from the surface of the

thorax through an acoustic probe composed of an array of 25 microphones. The essential

components of the RTCAMS are the data acquisition. the graphie computation and

display of the PCG envelopes and the acoustic maps. These processes are perforrned in

parallel by distributing them in 2 digital signal processors (DSPs) on an add-on board in a

personal computer (pC). Parts of the software for the DSPs are written in assembly

language to improve the overall speed of the system. A real-time micro-kernel is

implemented in the second DSP to improve the use of the DSP resources. As the

RTCAMS uses the MicrosoftTM Windows 3.1 operating system for its graphical user

interface on a PC. a virtual device driver was developed to speed up the data transfer

between the host PC and the DSPs and a double buffering technique was used to support

real-time display of the graphies. Recording from 3 normal subjects was used to tcst the

performance of the system. The preliminary rcsults show that the system can display the

spatial distribution of the PCG on the thorax at the speed of 33 frames per second.

allowing the study of propagation patterns of the PCG in real time.
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Résumé

Ce mémoire déerit un système de eartographie eardiaque sonore capable de

calculer et d'aflïcher en temps réel la distribution spatiale de l'amplitude du

phonocardiogramme (PCG) capté sur la surface du thorax à l'aide d'une sonde

comprenant une matrice de 25 microphones, Les composantes principales du système

sont l'acquisition des données, la production des cartographies cardiaques et des

graphiques des enveloppes des PCGs ainsi que leur aflïchage. Ces composantes sont

écrites en assembleur pour améliorer la performance du système et sont effectuées en

parallèle par 2 processeurs spécialisés (DSPs) situés sur une carte insérée dans un

ordinateur personnel. Un micro-noyau en temps réel est implanté sur le second DSP pour

améliorer l'usage des ressources du DSP. Comme le système d'exploitation Windows

3.1 de MicrosoftTM est utilisé pour son interface graphique, un algorithme a été implanté

pour accélérer le transfert des données entre l'ordinateur hôte et les DSPs et une méthode

de double tampon de mémoire a été utilisée pour supporter un aflïchage en temps réel (33

images par seconde). Des enregistrements ont été effectués sur 3 sujcts normaux pour

vérificr l'efficacité du système et sa capacité d'effectuer l'acquisition des PCGs, le ealcul

et l'affichage des graphiques des signaux et des cartographies en temps réel. Les résultats

préliminaires obtenus sont très encourageants et démontrent l'utilité de la cartographie

cardiaque sonore pour visualiser et étudier les patrons de radiation et de propagation du

PCG sur la surface du thorax.
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Chapter 1

Introduction

1.1 Motivation and Objectives

Phonocardiography is a complemcntary diagnostic tool for cardiac auscu!latiùn

and electrocardiography to detect abnormalities of the heart function. In a recent survey

by Durand and Pibarot [14], several examples can be found on the application of spectral

analysis of the phonocardiogram, and new areas of research and clinical applications of

digital phonocardiography are described. This review and a further literature search show

that only a few studies on cardiac acoustic mapping have been investigated.

Recently. Cozic et al. [9] designed a system to simu!laneously record the

phonocardiogram (PCG) envelopes l'rom 22 sites on the surface of the thorax. The

envelopes are extracted in l'cal time by 22 envelope detector circuits. sampled at 250 Hz.

and slored in a computer disk for off-line processing. Signal processing involves

averaging and mapping of the envelopes. Thc resu!ls seem encouraging and promising

because the recording made on 3 normal subjects provides information that could be used
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to localize the origin of the heart sounds and murmurs. The l'CCCnt developments in

low-cost fast data acquisition equipment and computers. and in digital signal processing

methods, have made it possible to explore real-time eardiac aeoustic mapping.

The basic objective of this project is to realize such a mapping system :0 display

the aeoustie maps at 33 frames pel' second, as the data is aequired. The system will be

based on the one proposed by Cozie et al. The mapping rate will be increased above 5

kHz to support a larger frequeney range for the heart sounds, the heart murmurs, and

especially the clieks of mechanical heart valves. The processing of the PCG envelopes

and the acoustic maps will be done on a personal computer (PC) under the Windows 3.1'

environment to benefit from its graphical user interface. In order to achieve the required

mapping speed of 33 frames P"f second, parallel processing on multiple high-speed

digital signal processors (DSPs) in an add-on board for the PC is necessary. The major

task of the project is the design and implementation of the software system for the basic

objective.

1.2 Thesis Overview

Sorne essential background knowledge about phonocardiography is first

introduced in the next chapter. This will be followed by a description of the surface

localization of the heart sounds and murmurs on the thorax. Then, an overview of past

rcsearch on cardiac acoustic mapping is described. including two real-time systems

developed for a different cardiac application. Finally sorne potential applications of the

real-time cardiac acoustic mapping system (RTCAMS) are suggested.

In Chapter 3. an overview of the hardware architecture of the RTCAMS is first

presented. It is followed by a brief presentation of its various cOll1ponents. the data

1 \Vindows 3.1 is a rcgislcrcd tradcmark for an opcrating system dc\'clopcd hy the Minosofl CorpoT;:uinn.
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acquisition process, and the design and implementation of a pre-processing circuit board

as weil as its integration in the system hardware.

Chapters 4 and 5 describe the design and implementation of the system software.

The major part of the computation is carried out on the OSP board. This is necessary to

avoid the host PC of doing any other tasks than displaying graphics and interacting with

the user. Chapter 4 focuses on the software for the OSPs of the add-on board (the OSP

board). Il describes the partition of tasks between Li,e four OSPs and the role of each task.

The major tasks are controlling the pre-processing board, computing the PCG envelopcs

and the acoustic maps. Chapter 5 focuses on the program running on the host Pc. It

describes the technique used under Windows 3.1 to provide fast graphie display for the

acoustie maps and the acoustic signais.

ln Chapter 6, the test resulls of the RTCAMS are presented. Il is followed by a

description of the procedure used for the recording of the heart sounds from three normal

subjects to lest the RTCAMS. The limitations and the problems encountered during the

development of the system are described, and sorne suggestions concerning the future

improvements are proposed in Chapter 7. The five appendices contain the schematics of

the electronie circuits of the system. the sensitivity of the microphones used in the

acoustic probe, and the PC 1/0 map of the OSP Board. The program listings arc gi"en in

Rer. 27.
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Chapter 2

Cardiac Acoustic Mapping System

2.1 Introduction

Auscultation is a widely used noninvasive technique for diagnosis of hean

disease. Il helps to detect different cardiac malfunclions by listening to the heart sounds

and murmurs From the chest wall. The recording of these sounds and murmurs is called

Ihe phunocardiogram or PCG, and its analysis provides complementary information about

Ihe chronology and frequency content of the heart sounds and murmurs. The digitized

peGs can be further proccssed, analyzed, and displayed. The PCG is most oflen analyzed

in the time and frequency domains. The resulting information is related to the thoracic

area From which the reeording is made. By moving the microphone From one point to

anolher on the chest wall, the location of different vibralion maxima can be obser\'cd.

However, phonocardiogmphy has some serious limitations. For inslance. the signal

ohtained is dependent on the force by which the microphone is pressed 'Igainsl the skin.

the Iransmission characteristics of the heart-thorax acoustic system. and lhe location

where Ihe recording is pcrformed.
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Cardiac acoustic mapping is a complementary noninvasive method to provide

visual information about the spatial distribution of the PCG on the surface of the chest

wall and its evolution during the cardiac cycle. The spatial distribution of the PCG is

obtained using an array of microphones attached to the body. The combination of the

spatial and temporal information can provide a better understanding of the propagation of

the PCG through the human chest. It can also provide basic information about the origin

of the heart sounds and murmurs and about the propagation medium. The input-output

operations of cardiac acoustic mapping are the acquisition of the PCGs and the display of

the map, respectively. A RTCAMS provides an image of cardiac related changes

(patterns). With a system capable of displaying at a suitable frame rate, it would be

possible to observe the radiation and propagation patterns on the chest, and by suitable

analysis of the images, to derive indices of cardiac performance on-Iine. The signal

processing aspects of the mapping process are considerable due to the massive quantity of

data that needs to be processed in a shon time for dynamic rl.isplay via a monitor.

2.2 The Phonocardiogram

Generally, the PCG is composed of two types of acoustic sounds: the hean sounds

and the heart murmurs. In a typical cardiac cycle, up to four heart sounds can be found:

The first (SI), second (S2), third (S3) and founh (S4) hean sounds. SI and S2 are

normally observed in ail subjects while S3 and S4 are normal in young persons, but

pathological in older adults (>40 years). In addition to these four hean sounds, some

other sounds such as opening clicks, snaps, and prolapsed sounds can sometimes be heard

in abnormal heans with valvular stenosis or defective mitral and tricuspid valves. Hean

sounds are short duration transient signais while heart murmurs are relatively longer and

noise like signais. They are generally caused by dysfunction of the cardiac valves. except

for the innocent murmur which may occur during systole in young subjects with a strong

normal heart. Heart murmurs are normally separated into two types according to the

cardiac cycle chronology: the systolic murmurs (SMs) occurring between SI and S2, and
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the diastolic murmurs (DMs) occurring between S2 and SI. The DMs can mask S3 and

S4.

2.2.1 The Heart Sounds

Many controversial theories have been proposed so far for the mechanism

responsible of the genesis of SI. The most popular and discussed theories can be

c1a"ified into two basic theories: the valvular theory as supported by Craige and co­

worker [10] and the cardiohemic theory proposed by Rushmer (40). In the valvular

theory, the heart sounds are believed to be caused only by the c10sure and tension of heart

valves, while in the cardiohemic theory the cause of the heart sounds is due to the

deceleration of the blood mass and the vibration of the heart muscles, and the heart valves

do not contribute to the heart sounds. This theory states that the cardiac cavities, the

valves, the blood mass, and the heart muscle form a whole complex system. the

movement of each part being in unison with the others.

According to the valvular theory, SI marks the onset of mitral and tricuspid valve

c1osure, therefore there are two bursts of high·frequency vibrations (M 1 and TI) in SI

corresponding to each valve c10sure and vibration. The mechanism responsible for the

genesis of S2 is due to the c10sure and vibration of the aortic and the pulmonary valves

which create respectively the aorlic (A2) and the pulmonary (P2) components of S2.

Similarly, S3 and S4 are created by the halting of the mitral valve leatlets at the end of

opcning.

On the other hand, the cardiohemic theory recognizes that up to four components

may compose the SI [38). The first component is produced by the myocardial

contraction atthe onset of the contraction of the ventricle and is of low amplitude and low

frequency. The second component is of higher frequency and is caused by the

deceleration of the blood following the c10sure of the atrioventricular valves. The third
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component occurs at the time of opening of the aortic valve and is due to the oscillation

of blood between the distending root of the aol1a and the vcntricular wall. The fourth

component results l'rom the turbulence of blood ejection in the aortic and pulmonary

arteries during the carly phase of systole. for 52. the cardiohemic theory supports two

components A2 and P2. which however are caused by the deceleration and reversaI of

Ilow into the aorta and pulmonary artery, respectively. 53 is generated by the sudden

deceleration of blood into the ventricles during the rapid filling phase of the early diastole

[14]. 54 is also a ventricular filling sound as 53. but it occurs during the late diastolic

filling phase following the contraction of the atria.

2.2.2 The Heart Murmurs

5ystolic murmurs are generally c1assified as systolic ejection and pansystolic

regurgitant murmurs [43]. 5ystolic ejection murmurs are due to the forward Ilow across

an obstruction in the left or right ventricular outllow tract. These abnormalities can be

caused by aortic or pulmonic valvular stenosis, for example. A systolic ejection murmur

can also be heard in some persons without evidence of physiological or structural

abnormalities of the heart. This kind of systolic murmurs is called innocent murmurs. It

can be observed in Jess than hall' of ail children and commonly in adolescent young

adults. The pansystolic regurgitant murmurs are caused by retrograd~ Ilow l'rom a high

pressure chamber into a lowcr pressure chamber. Mitral and tricuspid regurgitation are

typical examples.

:'\ormally. the diastolic murmurs are caused by either a structural abnormality of

the atri'o\'entricular and semilunar valves or by increased Ilow across anatomically normal

atrioventricular valves [42]. They can be c1assified as diastolic filling murmurs (or

rumblesJ and diastolic regurgitant murmurs. The typical pathological cases of the

diastolic filling murmur are mitral stenosis and tricuspid stenosis where the blood is

Ilowing through narrow mitral or tricuspid leallets at greater than normal velocity. Aortic

and pulmonary regurgitations are examples of diastolic regurgitant murmurs.
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2.2.3 Sound Transmission

The transmitting media has a strong influence on the transmission of vibrations

from the heart to the chest wall. Since the mass of the vibrating material (the heart.

blood, and tissues) is important, low frequency sounds predominate in both the

production and the transmission. This is unfortunate because the human auditory

mechanism is particularly insensitive to low-pitched sounds. The most important loss of

heart sound energy occurs in the compressible tissues (iungs) interposed between the

heart and the chest wall. Thus the heart sounds and mumlUrs have maximum intensity in

those surface areas to which the vibrations are transmined directly through dense tissues

or through a minimalthickness of the lung. Layers of fat also anenuate the heart sounds

and murmurs.

2.3 Surface Localization of Heart Sounds and
Murmurs

Clinical experience has weil established the locations on the thorax for listening

the heart sounds from particular origins. The sounds from the mitral, tricuspid. aortic.

and pulmonary valves are bener transmitted to their respective areas on the precordium as

shown in Fig. 2-1. However, the specific localizations of these areas (in relationship to

anatomy) are very difficult to explain on the basis of the transmission of the heart sounds

lhrough the thoracic tissues. The area where a specifie heart sound is best heard does not

correspond to the shortest distance from its source of origin, since it is not the point on

the chest surface nearestto the valve. A sound arising in the thorax will reach sol11e sites

on the body surface earlier than atthe other sites, and the differences between th' times of

arrivai will depend on the speeific origin of the sound. on the path which it takes to

propagate to the surface, and on the velocity with which it travels.
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The systolic munnur originating from the aortic valvc can be localized at various

points on the precordium along a line paralleling the outnow tract of the left ventricle.

The systolic munnur of pulmonary stenosis is heard more loudly in the pulmonary area

and is also widely transmilted over the precordium. The mitral insufficiency produces

murmurs which can be heard near the apex of the heart.

Diastolic regurgitam murmurs, produced by pulmonary and aortic insufficiency.

can be heard in the pulmonary area and near the apex. Diastolic filling murmurs are

localized to a very small area at or near the apical region on the precordium and are

difficult to hear. The vibrations of these munnurs have a very low frequency and

frequently escape detection by auscultation.

2.4 Cardiac Acoustic Mapping

Kozmann and Kenedi first developed a surface acceleration mapping for studying

the origin of the first heart sound [25]. The aim of their study was to get the maximal

possible information from the chest surface vibration by using a 3-accelerometer

recording system, computerized data processing. and display of the results in reference to

the chest surface. Ten 20-year old normal male subjects were selected for the study.

Chest surface vibration measurements were carried out on the subjects in the supine
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position and 19 points were registered for the characterization of the vibration field. The

accelerometer 'signals were recorded sequentially in 9 sessions, each session using 3

accelerometers simultaneously. One transducer was always at the same reference point

while the olher two were systematically changed. The electrocardiogram (ECG) signal

was also recorded as the ti ming reference. The surface acceleration maps were computed

and printed at intervals of 4 ms, or a sampling frequency of 250 Hz. Six most

characteristic map patterns within a period of 256 ms from the staning of Q wave of the

ECG were described in details for explaining the vibration of the heart for different

phases of SI.

Later, Chihara et al. also developed a mapping representation of the hean sounds

[7]. Twenty-five points on the chest surface were measured sequentially by using two

microphones simultaneously. Fig. 2-2 shows the recording sites and their schematic

representation. The recording waç performed in a soundproof room on 20 healthy

subjects and 19 patients. The purpose of this study was to find the difference between the

normal and the abnormal heans by imaging the degree of decrease in the peak frequency

of S 1. Fig. 2-3 is an example of the results obtained where (a) is the mapping image of a

healthy subject and (b) is that of a patient with myocardial infarction.

(

Fig. 2·2 The recording sites used by Chihara and their schematic representation. From

Rer. 7.
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Fig. 2-3 Mapping image of : (a) a healthy subject. and (b) a patient with myocardial

infarction. From Ref. 7.

Both studies of Kozmann and Chihara were performed on 51. In 1982. a

complete chest wall mapping of the heart sounds and murmurs was developed by Okada

[36]. The PCGs were taken l'rom a matrix of 6x6 sites on the thoracic surface. The

mapping images were generated l'rom the envelopes of these PCGs by taking the absolute

positive value of each signal sample. The recorded PCGs were synchroni7.ed by the time

reference point of the R wave of the ECG. A sequential representation of the PCG map

in each phase of the heart cycle could be displayed on the sereen. These maps provided

visualization of the changes in the sound distribution and the sites where the sounds and

murmurs originate. In their paper. maps of 52 in different phases arc illustrated for a

healthy 22-year old male subject and for a 28-year old man with ductus arteriosus. It was

found that for the normal subject, the two components (A2 and P2) of 52 could be c1early

distinguished l'rom each other. as A2 was stretching out to the aortic area and P2 extents

to the pulmonary area. For the abnormal case. an intensified P2 was observed. and a

murmur originating l'rom a single location inside the ductus \Vas also c1early

demonstrated. Okada concluded that the cardiac acoustic maps could be useful not only

for diagnosis but also for educational purpose for medical studems.

As indicated in Okada's paper [36]. the difficulty in acoustic mapping is the

simultaneous recording of peGs l'rom different positions. Ali previous studies used "

few microphones in a sequential recording procedure. The recent study of Cozic ct al.

[8.9J overcame this limitation by designing a computer-based systcm for simultancously
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recording the PCGs from 22 points on the surface of the chest. A hardware PCG

envelope extractor was applied to each PCG before digitization of the envelopes at a

sampling interval of 4-ms. An ECG was also acquired as a timing reference signal. Each

envelope was averaged over a series of cardiac cycles and interpolated in two dimensions

to generate the iso-amplitude maps, which were displayed in pseudo-color. Three normal

subjects \Vere selected to study the acoustic maps. Fig. 2-4 shows the recording sites.

Fig. 2-5 is an example of the maps obtained during the production of SI. The maps

clearly show peak amplitude at the two expected positions (apex and tricuspid area) on the

thorax, and they also show the radiation and propagation patterns ofS 1.

hcarl

(

npcx

Fig. 2-4 Recording sites on the surface of the chest used by Cozic et al. From Ref 8.

Fig. 2-5 Amplitude map ofa normal subject during SI. From Ref 8.
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2.S Examples of Similar Real-Time Systems

The signal processing aspects of a rcaHime mapping system are considerable.

Due to the massive quantity of information that needs to be visualized as a function of

space and time, integrated hardware envelope extraction [8,9], data compression [23]. and

muhiresolution display are required [35,57,58]. However, recent introduction of fast and

inexpensive computers, general-purpose data acquisition hardware. and high-speed

digital-signal-processing computer add-on boards make it possible for researchers to

develop a RTCAMS.

There has been no research on the development of a RTCAMS in the past.

However, two real-time electrical impedance tomographie systems have been recently

described [15,44]. Electrical Impedance Tomography (EIT) is a relatively new method of

medical imaging that produces images based on electrical properties within the human

body. Electrical currents are applied to a subject's body using electrodes anached 10 the

skin, and the voltages developed on the electrodes are measured using the tomograph.

Reconstruction algorithms use the applied current and the measured electrode voltages to

compute the clcctrical conductivity and permitivity distribution in the body.

EIT resembles closcly to thc RTCAMS since bath are using less than 30 sensors

and are dealing with data acquisition and reconstruction images. Ho\\'ever. EIT is nol

limited only to cardiac data, it can be used to measure thc conductivity of any

physiological volume or organ. Body surface potential mapping is an other type of

cardiac mapping obtained by measuring on the lorso or on the epicardial surface of the

heart the potentials produced by the electrical generator \\'ithin the heart. Howe\"er. a

large number of electrodes (more than 100) are generally required to produce maps with

acceptable error. The computing requirements of lhese systems are very high [60].

Because the basic requirements of the real-time EIT systems are similar to our RTC.-\x!S.

they will be brieOy reviewed below.
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(
The cornmon clement in RTCAMS or Err systems is the acquisition. image

interpolation and visualization of the acquired cardiac data. Such systems require

simultaneous recording from many sensors (microphones or c1ectrodesl. processing of the

acquired signais. and a display for human visualization and evaluation. Since the volume

of data is quite large. the cardiac information must be efficiently presented.

The first real-time Err system uses an array of 16 electrodes on the surface of the

body to reconstruct electrical impedance distribution images at a rate of 25 frames per

second. allowing lung ventilation and lung perfusion to be observed in real time [-14].

The system hardware consists of four floating point T800 transputers. as shown in Fig. 2­

6. The transputer is a microproccssor which has the neccssary hardware facilities for

designing parallel proccssing systems. It has special communication links which allow

several transputers 10 be connected together to form a network. As shown in Fig. 2-6.

three transputers form a pipeline to perforrn the reconstruction of the images. The first

transputer has two proccsses running in paralle!. The buffer process reccives the

electrical measurements (voltages and currents) from the data acquisition system and

collects them into frames of data. The preprocessor converts the measurements into

~-~,_J

r Monitor 1 i
~ _o/"".

-)'1 T800'
\ -

1

: d
':::-1
Î',

['-------- ::-.1 1
~_~.l,

1.!:l()~tP(";. '

(

Fig. 2-6 Architecture of the first real-time imaging system developcd for

EIT. From Ref. 44.
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transfcr impcdanccs and normalizes them. The results are passed to the second

transputer, which reconstructs the image using the baekprojection algorithm. It then

scules the resulting pixel values in a form suitable for display and transfer thcm to thc

third transputer which contains a mcmory mup into which the images arc \Vrillcn. The

third transputcr interpolates betwecn the reconstructed pixel values to enlarge the image

which is then displayed on a color monitor. The fourth transputer serves as the interface

bctween thc host computer (an IBM PC) and the transputer pipeline. It has access to the

host computcr disk and reccivcs its commands from the host computer through the user

interface.

Thc second real-time EIT systcm is based on a commercially avaiJable

coprocessor board that residef in a pcrsonal computer (PC), as shown in Fig. 2-7 [15]. il

has 16 thoracic electrodes and reconstructs images at a rate of 18 frames per sccond. The

acquired data are transferred from the data acquisition interface to the Alacron AL860 AT

coprocessor board based on an Intcl i860 DSP. The image reconstruction proccss is

cxecuted by the AL860 AT coprocessor board which maps the output of the

rceonstruction algorithm onto the video RAM of the high resolution graphies (HRG)

Direct Memory Aceess Board }- -j

386 Personal Computer
Data Acquisition System

Fig. 2·7 Architecture of the second real-timc imaging system developed for Err. From

Ref. 15.
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board. Thc HRG board is a daughterboard to thc AL860 AT coprocessor board.

Both EIT systems eliminate transmission of the image data across the slow

internai data bus of the host PC by directly sending the reconstructed images to the

monitor. The host PC is the interface with the user who controls the system. It also

provides data storage facility (disk file) for the real-time system. The Err software runs

apart l'rom the host PC, on a DSP board or network of transputers. The data acquisition

hardware were, in both cases, custom designed according to the specific needs of the

projec!. These two Err systems have demonstrated the feasibility of a real-time imaging

system built around a low-cost PC to provide real-time electrical impedancc distribution

maps.

2.6 Applications of a Real-Time Cardiac Acoustic
Mapping System

The introduction of low-cos! and high-pcrformancc integrated-circuit DSPs

cnables complex real-time applications of digital phonocardiography like the RTCA~1S.

Onc impoltant objective of the RTCAMS is to provide an on-line visual representation of

the heart sounds and murmurs on the surface of the thorax. or of transformed images or

features, as a complementary tool to auscultation and phonocardiography, as weil as for

the teaching of auscultation. On-line processing is an important fealure for clinical

application which gives the ability for the physician to monitor at the same time the

activily of lhe heart using olher techniques likc cardiac cathctcrization. imracardiac

phonocardiography, and transesophageal Doppler cchocardiography.

A RTCAMS could be used for clinical applications and for basic research.

Examples of potemial applications ure:

1. The verification of basic hypotheses on thc genesis of the first heurt sound.
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2. The study of the distribution of native and prosthetie valve sounds on the
surface of the thorax.

3. The identification of optimal sites of radiation of stenotic and regurgitant
munnurs.

4. The determination of the influence of positioning the microphone array on the
reproducibility of the acoustic maps on the thorax.

5. The generation of reference isocontour and isochrone maps of the heart sounds
and murmurs on the surface of the thorax for improving the teaching of
auscultation.
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Chapter 3

The Real-Time System Hardware

3.1 Introduction

This chaptcr first introduces the hardware architecture of the RTCAMS. Then.

the essential information about each component is described in order to provide the basic

background required to understand the design and implementation of the software for

OSPs and the integration of the pre-processing board into the system hardware.

3.2 Basic Hardware Architecture

Fig. 3-1 shows an illustration of the real-time acoustic mapping system.

Basically. it includes seven parts: the acoustic probe, the analog demultiplexer, the PCG

pre-processing board, the data acquisition board, the OSP board, the host Pc' and the

monitor. The acoustic probe. shown at the right of Fig. 3-1, has twcnty-five calibrated

miniature microphones whose output signaIs arc pre-amplified to provide good signal-to-
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noise ratios. The twenty-live PCG signais are transferred through a 6-foot flexible cable

to the analog demultiplexer and the PCG pre-processing board by using time-division

multiplexing. The analog demultiplexer reconstructs the twenty-live PCGs which are

then high-pass tïltered at 50 Hz by using a third-order BUllerworth tïlters for each PCG.

The time-division multiplexing is necessary to allow the use of a small ..nd highly

flexible cable" between the acoustic probe and the analog demultiplexer to facilitate the

handling and the positioning of the acoustic probe on the thorax of the patient by the

physician.

Analog Demultiplexer

PCG LZ~'
Pre-Processing ( (
Board • :-:----:-~ Acoustic Probe

€----:/f--------/f ""- - r\

~~ ---zu
+-----r-r Data Acquisition Board

Pentium 9DMHz Personal Computer

Fig. 3·] A real-time cardiac acoustic mapping system

Fig. 3-2 shows a block diagram of the system. The PCG pre-processing board.

whose basic function is to extractthe PCG envelopes. is controlled by software to sample

either the PCGs or their envelopes. The sampled PCG or PCG envelopes are then

multiplexed. sequentially digitized by the data acquisition board. and stored on the DSP

board. The analog multiplexer prior to the data acquisition board and the analog

demultiplexer may appear to be redundant. but they were intentionally integrated in the

system to provide flexibility for other applications not using the probe as the input device

to the RTCAMS. The DSP board processes the PCGs for graphic representations. which

can be the PCG signais. their envelopes. or the resulting acoustic maps. The graphic
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representations are sent to the PC to be displayed on a color monitor. The PC is the user

interface of the system and it is used to send initialization parameters and receive

processed data for display.

Acoustic Probe and
Analog MultiplexerData Acquisition Board

Analog
PCG Pre-Processing Board Demultipexerlfilter

, _._ _ -

8
'1; <Il~

" 25
MUX: AMP <Il Microphones

~ i

1

[:=J Control Lines

_ Analog Lines

[:=J ControllData Lines

(

Fig. 3-2 B10ck diagram of the RTCAMS

The data acquisition board. the DSP board. the Pc. and the color monitor \l'cre

selected from commercially available computer equipment. The acoustic probe. the

analog multiplexer. and the analog demultiplexerlfilter \Vere designed in the Laboratory

of Biomedical Engineering oi Institut de Recherche Clinique de Montreal (see Appendix

B). The pre-processing board is an improvement and extension of the one devclopcd by
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(
Cozic et al. to support the real-time aspect of the RTCAMS. In this sectie,n. each

component of the RTCAMS is briefly introduced to provide the basic information needed

to understand the implementation of the new PCG pre-processing board and also the

system software described in the next two chapters.

3.2.1 The DSP Board

The DSP board is a Spectrum QPC/C40 with four MDC40S modules. each of

them based on a TMS320C40 integrated-circuit DSP running at 40 MHz. Il uses the full

16-bit interface of the IBM PCIAT or compatible computer. The block diagram of the

DSP board is shown in Fig. 3-3. Communication between the PC and the board takes

place via the PC bus interface which provides access to the various facilities of the DSP

board, such as resets, ua ports, interrupts, and the Link Interface Adapter (LIA). The

LIA enables the PC to communicate with each module via the parallel communication

ports of the DSPs. As shown in Fig. 3-3, one parallel communication port from each

module (Al, BI, C4, and D4) is routcd to the PC bus through the LIA circuitry. Each

i
1

!

i

[Q1J52' [bl~ lCi:C!2' [cs 1B2J1B4lh- II}4]lO&,! L~fL,I~J
i J 1 Iii c-, I,~

1; - ci:..:=.L~=- - --cQO, '

LD1D2 05 ~1C2 cs 1 B2B4 A4A5

DO 03 CO C3 --1 BO B3 AO A3v=---: ! '

C40 C40 C40 C40 1-"':---- :
MODULED MODULEC 1 MODULEB MODULE~~-------- _ A2 i

D4 1C4 iBI Bsi Al ~------ ----85
~ l,

!_,--------J=:::~:=--=-~===1 1 LIA ] ~~C~- J
-..1_~! :.,.' _

r------·-----------

PC BUS INTERFACE

(
Fig. 3·3 Block diagram of the QPC/C40
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module has its address rcflected to the PC 1/0 interface. Data tT".msfer can be rcquestcd

independently by the four processors and the PC determines which one to service firsl.

The C40 modules are connected in a ring topology as shown in Fig. 3-3. Thc

module A has access to the digital 1/0 peripherals of the DSP board via the DSPLINK

interface. The DSPLINK is a Loughborough Sound Images (LSI) interface. which

consists of a high speed bi-directionaI bus allowing direct Input/Output (to/from) the DSP

without using the 1/0 bus on the Pc. Thcre are two boards that are connected to the DSP

board through the DSPLINK interface: the data acquisition board and our customized

PCG pre-processing board.

3.2.2 The Data Acquisition Board

The data acquisition board is a daughterboard to the QPC/C40 DSP board [49J. Il

can support two Burr-Brown (BB) analog modules, but only one is installed in the present

board as shown in Fig. 3-4. A BB module carries one two-channel analog-to-digital

converter (ADC) and one two-channel digitaI-to-analog convcrter (DAC). The ADC has

a 16-bit resoiution and a maximum sampling rate of 200 kHz. Only one channcl of the

ADC is used in the present real-time system. The other channel is left for future

developmenl. The DAC is not used for this projecl. The data acquisition board has its

1/0 mapped into the DSPLINK address space on the DSP module A [47.48]. as shown in

Fig. 3-5. The board is designed to be physically plugged into an cxpansion slot of the

host Pc. The connection, however, is not used to transfer data but for power and ground

connections.
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Fig.3-4 Block diagram of the data acquisition board
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Fig. 3-5 DSPLINK address space mapped on the first DSP module
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3.2.3 The Acoustic Probe, the Analog Multiplexer, and the

Analog Demultiplexer/Filter

The acou~tic probe is composed of twenty-five microphones disposed in an 5x5

array. The peGs captured by the microphones are then pre-amplified with a gain of 20.

time-division multiplexed. transmiued serially to the analog demultiplexer which

reconstructs the twenty-five PCGs. The reconstructed signais are then high-pass filtered

at 50 Hz (-3dB) before they are transferred to the PCG pre-processing board. The

~chematics of these three devices are shown in the Appendix B.

3.2.4 The PC and the Monitor

The PC and the monitor serve as the system hardware interface with the user. The

acoustic maps and the acoustic signais are displayed using these two devices. They also

allow the user to enter the parameters and the operating commands into the real-time

acoustic mapping system. The PC is an IBM compatible with a Pentium processor

operating at 90 MHz. The monitor is a 15" coler video monitor.

3.3 The PCG Pre-Processing Board

Cozic et al. have developed a PCG pre-processing board that features twenty-two

simultaneous sample and hold circuits. cach of them coupied with an envelope extractor.

However. this pre-proce~sing board did not meet our technical specifications for the

following l'casons. First. the sample and hold circuit cannot opcrates at frequency higher

than 250 Hz due to the technical limitations of the data acquisition board used. The

frequency bandwidth must be extended above 5 kHz to include the high frequcncy

eomponents of the mechanical prosthetic heart valve sounds. Second and most
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important. the pre-processing board cannot be integrated in our system hardware because

of incompatible ua ports due to the different equipment used.

PCG Pre-processing Board

, 8BAnalogl_ -------DSp~~K ~_ ~-A~~~-;ti~-Probe
Module r c_ ---" • Connector ,--
Connector' ~- -------------,--
---~~ i~ 1 ii ii

1

Control ' e: Il
.... - Ta ADC Registers 'r----"Il
:From DAC --ri__J i :

[

_._. I~

'1... 0-------- Output I-Jll-clOutP~~-----·-81 il
r:> PCG PCG. ~ 1

1 :~-"'d""A_ 11=i!~ MOO--",,-"'5) !1
! 1 16 Output I~ Lc--: Output 24 1i1o PCG 1L: PCG ':=J

i 23 Module C <i-~ Module D 31}'

[ --' Control Lines

c=J Analog Lines

_ Single Analog Line

Fig. 3·6 Block diagram of the PCG pre-processing board

The main objectives of the PCG pre·processing board are to extract the envelopes

of the twenty·Cive PCGs. to simultaneously sample and hold the envelopes. and ta

multiplex them for acquisition. The PCG pre-processing board shown in Fig. 3-6

suppons four PCG modules. each of them comprising eight envelope extraclors and

sample/hold circuits. The pre-processing board circuit is designed to be modular to

facilitale the expansion of input channels by increasing the number of sites for the PCG

modules. according to the desired number of peG sensors.
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The PCG pre-processing board, like the datd acquisition board. has its ua mapped

into the DSPLINK address space on the tirst DSP module as shown in Fig. 3-5. The PCG

pre-processing board has its addresses located from BOOO 0320h to BOOO 0322h and they

are used as follow :

• BOOO 0320h : Writing an S-bit channel number at this location 10 choose thc

multiplexed channel for acquisition.

• BOOO 0321 h : Writing an S-bit command (FFFFh) at this location to reset the analog

demultiplexer and the acoustic probe.

• BOOO 0322h : Writing a '0' at this location to select a PCG signal or a '1' to select a

PCG envelope. This is al-bit commando

Writing a data into one of the three locations listed above results in storing the

data into one of three registers called the control registers of the PCG pre-processing

board a~ shown in Fig. 3-6. The contents of these control registers can affect the PCG

modules. the analog multiplexer, the analog demultiplexer/tïlter, and the acoustic probe

(see Fig. 3-2). Changes made to the control registers are directly rel1ected to the

concerned devices. The main circuits of the PCG pre-processing board are the control

registcrs and tbe DSrLINK interface. Their implementation as wcll as their utilization

are defined in the schematic of the rCG pre-processing board presented in Appendix A.

3.3.1 The PCG Module

Each rCG module supports eight envelope extractors. eight sample/hold circuits.

and one analog multiplexer. as shown in Fig. 3-7. Depending on wbich channel to be

multiplexed. only one multiplexer of a PCG module is active to select the appropriate

rCG for acquisition. There is an analog switch prior to the sample/hold circuit which

selects eilher the rCG envelope or the rCG to be sampicd and held.
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Fig. 3·7 Block diagram of the PCG module

3.3.2 The Envelope Extractor, the Aualog Switch, and the

SampleIHold Circuit

This part of the hardware is very similar to the one designed by Cozic et al. [8].

However, there are two differences. Firsl. thc discrete components of the samplelhold

circuit used as (he analog switches were replaced by a specialized integrated circuit to

allow a faster and more accuratc bi-polar samplelhold function. Second. an analog swit~h

was integrated prior to the sample/hold circuit for choosing between the PCG and its

envelope. The block diagram of this part of hardware is illustrated in Fig. 3-8. More

details about the implementation of this part of hardware are described in the thesis of

Cozic and in Appendix A (for the schematic) of this thesis.

3.4 Integration of the PCG Pre-Processing Board in the
System Hardware

The PCG pre-processing board must be synchronized with the data acquisition

board to sample the twenty-five channels. However. there are no control lines between

these two boards because the data acquisition board does not provide any additional 1/0
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Fig. 3·8 Block diagram of the envelop extractor, the analog switch. and the

sample/hold circuit

pons. Synchronization must be donc by software via the C40 module A of the OSP

board. since it has the control of the OSPLINK which is connected to both boards. At the

end of each data conversion. an interrupt is generated by the data acquisition board to the

e40 module A to t'ead the acquired data. Note that the data read from the ADe is the

digitized value of the analog signal of the second previous channel as specified in the data

acquisition board manual [45]. At the same time. the number of the next channel is

wriUen to the approp~iate control register to digitize the next peG or peG envelope.

At the transition from the last channel to the first channel, a sample/hold signal is

generated and ail sample/hold circuits simultaneously sample and hold the peGs or the

peG envelopes. The timing relationship between the channel number and the

samplelhold signal is shown in Fig. 3-9. An extra channel, channel O. is i,.,ened between

channel 25 and channel l, and it serves to sampie ail twenty-five analog signais. Note

that data are continuously acquired while the system is started, even for the channel 0

which is ignored by the OSPs. The samplelhold signal is generated by the monostable 1

(sec Fig. 3-8) after receiving a signal from a decoder when channel 0 is seleeted. The

sample signal is first generated, and it is followed by the hold signal after 4.6jls.
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Fig. 3-9 Timing relationship between the channel number and the sample-and-hold

signal

3.5 Performance of the PCG Pre-processing Board

Careful attention has been paid to the power supply, grounding arrangements.

channels isolation, and acquisition timing to optimize the performance of the PCG pre·

processing board. In particular, a sine wave with a frequency of 200 Hz was applied to

several channels and an FFf analysis was performed on the digitized sine wave acquired

by the data acquisition board. The frequency of 200 Hz was chosen for this lest to

provide a c1ear picture of the harmonies on a bandwidth of 3 kHz and to allow the DC

component on the power spectrum 10 be visible. In this section, the resllil of the test

made on channel 7 is presented bU! the resllits are similar for the other channels. The

input signal, bypassing the envelope detector. was digitized at 5,769 Hz and a total of

62.914 sampies was acquired. The signal was analyzed by using a 1024-point rectangular

window. with a window shift of 512 sampies. A mean spectrllm was obtained by

averaging the power spectra of ail 120 segments. Fig. 3-10 shows the power spectrum of

the sampied data of channel 7 driven with a full-scale (±3 V) 200 Hz signal. Note the

low (-75 dB) noise floor and the harmonie frequencies at -40 dB or less.
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A measure of crosstalk between three input channels of the peG pre-processing

board was also performed. A full scale 200 Hz sine wave was applied to one channel

located between two adjacent channels with grounded input. Fig. 3-11 and Fig. 3-12

show the power spectrum of the first and the second grounded channels under test. In

both channels. the residual amplitude of the fundamental and harmonie frequeneies of the

test sine wave has an amplitude below -60 dB.

iD 0,.....,,....-----,-------,-----,
2-
Q)

l20
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Fig.3-10 Power spectrum of the data from channel 7 sampied at 5769 Hz. and driven

with a full-scale (±3V) 200 Hz signal.
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Fig. 3-11 Power spcctmm of the first channel with grounded input. \Vith a full scale

(±3V) 200 Hz sine wave signal appIied to the second channel.

rn-55 .-------~---~-----,
2

2000 3000
Frequency (Hz)

1000

-â ·60 - - j- : .......•........

~ : :
~-65 : :

~ ·70 :: ::: ::r::I;::r;:::::::::::::C:::::::::::::

:::~~~-
o

Fig.3·12 Power spcctrum of the third channel with grounded input. \Vith a full scale

(±3V) 200 Hz sine wave signal applied to the second channel.
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Chapter 4

The DSP Software

4.1 Introduction

The software developed for the DSP board to support a RTCAMS is presented in

this chapter. It includes the real-time micro-kernel, the parallel processing. and the multi­

processing routines for the DSPs. The design of the software for the data acquisition

system must consider ail aspects of the hardware that have bcen introduced in Chapter 3.

The challenge of writing the software is to get the maximum performance of the available

computing power. to give an informative presentation for human visual perception. and to

maintain sufficient flexibility such that the system can be adapted to different

experimental protocols. Like the hardware. the software structure is based on a modulaI'

approach that can utilize the system flexibility and allow expansion for future demands of

research and clinical applications.
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4.2 The System Software Overview

Massive data transfers requiring almost ail the resources of the PC are involved in

the RTCAMS to display graphies in real time (33 frames per second). Therefore. it is

neeessary to develop the main part of the software on the DSP board which has ail the

processing power and resources required. The host PC software thus serves as the

interface between the user and the RTCAMS, and provides the graphie display of the

cardiac acoustic maps (CAMs) and the PCGs or PCG envelopes. In the rest of this thesis,

the term "PCGs or the PCG envelopes" will be referred ta as the PCGs to simplify

writing, unlcss it is specified as an envelope. In addition to the user interface function.

the host PC spends a significant length of time transferring the cardiac data to and from

the DSP board. These tasks require nearly ail the computing power of the hast PC when

processing in real time. The details of this part of the software will be presented in the

next chapter.

The overall structure and data-flow developed on the DSP board are shown in Fig.

4-1. The DSP software contrais the pre-processing board and the data acquisition board

to acquire the PCGs from 25 channels. It computes the graphie representation of the

PCGs for visual monitoring, and the CAMs for studying the propagation of the PCGs.

These tasks are distributed among two C40 modules, module A and module B. The

graphical data are then transferred to the host PC for display. The C40 modules C and D

are used only for their memories. The task assigned to these modules consists of saving

the cardiac data into their on-module memory. Saving the cardiac data directly into a disk

file or into the host PC memory while the system is running is not feasible due to the low

bandwidth of the ISA bus where the DSP board is connected. The buffered cardiac data

are transferred off-Iine to the host Pc.
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Fig. 4-1 The overail structure and data-now diagram of the software developed on the

DSPboard

4.3 The C40 Module A Software

The C40 module A interacts with five different devices as shown in Fig. 4-2. The

first device is the host PC from which it receives commands. and transfers the PCGs and

the CAMs. The second device is the data acquisition board from which the cardiac data

are read. The third device is the PCG pre-processing board. as explained in Section 3.3.

The fo·mh device is the C40 module B to which the cardiac data are transferred to

process the PCGs and the CAMs. The module A receives also commands from the C40

Fig. 4-2 Interactions between the C40 module A and the other devices.
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module B which supervises the activity of the DSP board. The fifth devicc is the C40

module D to which the cardiac data are transferred and saved into the temporary memory

for off-line saving into a disk file and for off-line processing. The C40 module D fills the

memory of the C40 module C first with the transferred data, before storing data in its own

memory. This procedure is necessary because there is no direct connection between

module A and module C.

4.3.1 The Main Function of the Software of DSP Module A

The first function to be executed when the DSP A starts is the Main Function. As

shown in Fig. 4-3, it contains thirteen steps. The first step allocates two buffers: a 10­

kword (32-bit) circular buffer to store the cardiac data and a 5-kword buffer to store the

packed cardiac data. The use of these two buffers is explained later in this section. In the

second step, the program sets up and enables three hardware interrupts. The first

hardware interrupt is generated by the data acquisition board when a new digitized data is

ready to be read. The second and the third hardware interrupts are generated by the host

PC and the DSP B, respectively, when they send commands to the DSP A. In the third

step, two direct memo~ access (DMA) channels are initialized. The two channels.

channels 0 and 3, are used to transfer the cardiac data to the C40 module B and the C40

module D. Using the DMA is important because it allows DSP A to perform another task

in parallel. In step 4, the Main Function resets the analog demultiplexer and the acoustic

probe to make sure that both devices are synchronized for the data transfer using a time­

division multiplexing technique. This is achieved by writing the command FFFFh at

address BODO 0321h, as explained in Section 3.3. It then writes a 1 at address BODO

0322h to select the PCG envelopes (step 5) and writes a 0 at address BODO 0322h to

sample alltwenty-five channels beginning with channel 0 (step 6).

ACter performing the initialization steps 1 to 6. the Main Function signais 10 the

host PC that the C40 module A is ready. It then waits for the host PC signal to indicate

that the three other C40 modules are ready before continuing the program execution. The
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(
Main Function then enters the Main Loop and it will never go out until the OSP board is

resel. The OSP board is reset when the system is first started and before any programs

arc downloaded into the OSP board. However, the user can manually reset the OSP

board through software running on the host Pc. At step 9, the program is looping

continuously, waiting for the start command from the user.

2 9
No

3
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4

5 11

6
12

13
7

II

Fig. 4·3 The flowchart of the Main Function of OSP A

(
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Fig.4-4 Flow of the cardiac data into the C40 module A

Fig. 4-4 shows the cardiac data flow in the C40 module A when the system has

started. First of ail, when a cardiac acoustic signal is digitized, the data acquisition board

interrupts the DSP A to get it to enter the Data Acquisition Board Interrupt Service

Routine (DAB ISR). The DAB ISR retrieves the digitized value from the data acquisition

board and stores it in the IO-kword cireular buffer at the address pointed by the Wrire

Data Poilller. This pointer is then incremented for the next value.

At step 10 of the Main Function. the cardiac data that arc not yet transferred arc

sent 10 the C40 module B by using channel 0 of the DMA (sec Fig. 4-4). The DMA

transfers the cardiae data starting at the location pointed by the TrallsJer Data Poillter up

to the newest stored cardiae data (Sec Fig. 4·4), At the end of the transfer, the TransJer

Data Poilller will be at the address pointed by the Wrire Data Poilller. If the system is to

save the cardiae data into the memory of modules C and D. the Main Function will enter

step 12 of Fig. 4-3. A Data Packing Routine starts packing the cardiac data pointed by

the Save Data Poillter up to the newcst stored data. The Data Packing Routine is

necessary to double the number of sa\'ed data by packing two 16-bit data, as determined
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by the 16-bit analog-to-digital eonverter, into one 32-bit data, since the C40 is a 32-bit

processor. During the packing procedures. the packed cardiac data are stored temporarily

in the 5-kword buffer allocated in step 1 of the Main Function. At the end of the packing

procedure, the content of the 5-kword buffer is transferred to the C40 module D by the

DMA using channel 3.

4.3.2 The Hardware Interrupts

As mentioned earlier, there are three hardware interrupts: the host PC interrupt,

the C40 module B interrupt, and the data acquisition board interrupt. This section

describes these hardware interrupts and how they are handled by the DSP A.

4.3.2.1 The Host PC Interrupt

There are five types of services that the host PC may request to the DSP A as

listed in the Table 4-1. Each type is identified by a service identification number (ID

NO.) which is sent by the host PC to the communication port 1 of the DSP A via the LIA

(see Fig. 3-3). The communication port 1 then interrupts the execution of the DSP A to

get it to enter into the PC ISR. The PC ISR retrieves the service ID NO. from the

communication port l, executes the requested service, and returns to the Main Function.

The first service is to save the cardiac data into the memory of modules C and D.

Becausc there is a 385-kword of mcmory pcr C40 module and the cardiac data arc packed

into 32-bit, 1.54 million of sampies can be saved, which represents approximatcly 10

seconds of recording. When the C40 module A rcccives the command ID NO. 1. it

transfers it to the C40 module D, as explained in Section 4.5.
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Table 4-1 Service identificatian number (ID NO.) sent by the hast PC ta request a

service from the DSP A.

Service Service Description

ID NO.

1 Save the cardiac data inta the memary of madules C and D.

2 Retrieve the cardiac data from the memary of madules C and D and transfer
them to the hast Pc.

3 Retrieve the cardiac data sent by the hast PC which are read from a disk file.

4 Set the PCG pre-pracessing baard ta acquire the PCG envelopes.

5 Set the PCG pre-processing baard ta acquire the PCGs.

The second service is ta retrieve the packed cardiac data from the memary af

madules C and D and transfer them ta the hast PC. Like for the first service, the C40

madule A transfers the received cammand ID NO. 2 to the C40 madule D. As mentianed

previausly, the RTCAMS must be stopped during this transfer. The retrieving

mechanism cansists af retrieving the aldest packed cardiac data first by blacks af IOk

wards. The retrieved packed cardiac data are stared tempararily inta the IO-kward

circular buffer and transferred ta the hast PC via the cammunicatian part 1 and the LIA

(see Section 3.2.1). Retrieving the cardiac data is dane by the DSP A and the transfer ta

the hast PC is done by the DMA using the channel 1. The channel 1 af the DMA is used

ta transfer the packed cardiac data in bath directions between the DSP A and the hast Pc.

depending on the serviœ (2 ar 3) requested by the hast Pc. The process of retrieving a

black af IO-kword packed cardiac data fallawed by the transfer to the hast PC is repeated

until ail the packed cardiac data saved inta madules C and D are transferred ta the hast

Pc. At the end of the transfer, the PC ISR exits and returns ta the Main Functiol1.
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The third service allows the DSP A to retrieve the packed cardiac data read l'rom a

disk file by the host Pc. The retrieving mechanism is similar to the second service

described above except that the data transfer is in the opposite direction. The fourth

service simply writes a 1 or a 0 at address BOOO 0322h to select the PCG envelopes or the

PCGs (see Section 3.3 and 3.4).

4.3.2.2 The C40 Module B Interrupt

The C40 module B controls the activity of the whole DSP board. therefore

sending commands to the DSP A to start or to stop the system. Table 4-2 summarized the

ID NO. assigned to each commando Each time the DSP B sends a commando il interrupts

the DSP A to get itto enter the DSP B ISR and executes the associated program.

Table 4·2 Identification number (ID NO.) assigned to the commands sent by the DSP B.

Command Command Description

ID NO.

1 Start the system and start the data acquisition board.

2 Start the system. retrieve and unpack the packed cardiac data saved into
DSP Band C.

3 Stop the system.

The first two commands initialize the three pointers of the 10-kword circular

buffer to point to the same element (see Fig. 4-4). This procedure is equivalent to

emptying the circular buffer. If the command ID NO. is 1. the DSP B ISR performs three

steps; it first writes a 0 at address BOOO 0322h for sampling allt\\'enty-five channels (sec

Section 3.3). sets the data sampling rate to 150 kHz. and starts the data acquisition board.

If the eommand ID NO. is 2, the DSP B ISR prepares the DSP A ta retrieve and unpack

the packed cardiac data saved into DSP Band C and transfer them to the DSP B for

generating the graphical display of the peGs and the CAMs. The command ID NO. 3
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stops the data acquisition board and aborts any data transfcr from the PC to the C40

module A.

4.3.2.3 The Data Acquisition Board Interrupt

As described earlier in this chapter. the data acquisition board interrupts the DSP

A every time it finishes digitizing a signal value. The DSP A enters the DAB ISR 10

switch to the next channel for the next acquisition. to read the new cardiac data from the

data acquisition board. and to store it into the IO-kword circular buffer. The Ilowchart of

the DAB ISR is shown in Fig. 4-5. Switching to the next channel is done by writing the

Read the cardiac data
from the data acquisition
board

Ycs

(

No

Store the cardiac data
iI1lo the IO-kword
circular buffer

Fig. 4·5 Flowchart of the DAB ISR.
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next channel number at address BODO 032211. as explained in Section 3.3. The data

acquired from channel 0 is not valid (see Section 3.4) and consequently not saved into the

10-kword circular buffer.

Eecause the data acquisition operates at 150 kHz. the DAB ISR is executed

150.000 time per second. To aUow sufficient DSP resources to process other tasks. the

DAB ISR must be very short and optimized for speed. In our application. the execution

of the DAB ISR takes 42 c10ck cycles plus 6 c10ck cycles to switch from the Main

Function to the DAB ISR. and retum. Because there are 150.000 interruptions per

second. the DSP A executes 7.2 106 c10ck cycles per second for the DAB ISR which is

equivalent to 36'70 of the DSP A resources. for a 40 MHz TMS320C40 DSP processor

operated at 20 MOPS.

150 kHz
acquisition rate

~ Acquisition stalShcre

( 5~s acquisition time )( 1.66~s)( 5~s acquisition lime) ~
~ 1 Il 1 Il

( ) ~(------7)

2.4~s

DABISR
cxcculion lime

2.4~s

DAB (SR
cxccution lime

(

Fig. 4-6 Timing of the data acquisition and the DAB ISR.

Fig. 4-6 shows the timing of the data acquisition and the DAB ISR execution time

at 150 kHz. The time required to acquire an analog signal is 51-1s and this is independent

of the data acquisition rate. The DAB ISR requires approximately 2.4l-1s to execute but

the switching to the next channel occurs within the first II-Is. It is essential that the next

conversion begin only after that the next channel is enabled. Therefore the minimum

sampling interval is 61-1s between two data conversions. which is equivalent to a maximal

sampling frequency of 166 kHz. However, the data acquisition board is set to operate at
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150 kHz which is lhe highest configurable frequency rate below 166 kHz [45]. This

leaves 1.66fJs for channel switching.

4.4 The C40 Module B Software

Computing the CAM and the rCG graphic display are the two main tasks of the

C40 module B. l'wo other tasks are also included in the module B: to receive the cardiac

data from the C40 module A and to transfer lhe resulting PCGs and CAMs to the host

PC. l'hese four tasks must operate in parallel to achieve the real-time display of lhe

PCGs and the CAMs. 1'0 achieve this goal, a real-time micro-kemel had to be developed.

The flow of the PCGs and the CAMs is shown in Fig. 4-7. Thecardiac data sent

by the C40 module A arrives atthe communication port 3 of the DSP B. The presence of

a cardiac data in that port activates the DMA which slarts retrieving the cardiac data using

its channel 3 and stores it into an JO-kword circular buffer using ils own destination

addrcss register. This destination address register can be accessed by the PCG Graphie

Fig. 4·7 Flow of the PCGs and the CAMs in C40 module B.
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Process and the Acoustic Mapping Process to identify the newest cardiac data being

stored into the lO-kword circular buffer. The Graphie Process uses the PCG Pointer to

retrieve the oldest cardiac data up to the newest stored cardiac data. The retrieved cardiac

data are then processed and transformed into its graphical representation based on an

array of 8-bit values whieh represent the position of several pixels on the display window.

At the end of the PCG Graphie Process. the resulting PCG graphies arc packed and stored

into a 2-kword circular buffer. The Acoustic Mapping Process retrieves the twenty-five

newest cardiac data from the lO-kword circular buffer and computes the CAM. The 8-bit

values of the resulting CAM are then packed and stored into a 1.6-kword buffer. The

PCGs and the CAMs arc later transferred to the host PC by the OMA using channel 1.

The four tasks of the C40 module B are distributed among the OSP Band its

OMA. The first task, which retrieves and stores the cardiac data from the communication

pon 3 to the 1Q-k\\'ord circular buffer. is completely carried out by the OMA and it does

not require any intervention from the OSP B. The second task. the PCG Graphic Process.

and the third task, the Acoustic Mapping Proccss. arc both time-consuming tasks and arc

handled by the OSP B. The last task is operated by both the OSP B and the OMA. The

OS? B programs the OMA to transfer the PCG or the CAM graphic to the host Pc. The

transfer is, of course, handled by the 01\IA which then frees the OSP B for other lasks.

4.4.1 The Main Function of the DSP B Software

As shown in Fig. 4-8, the Main Function of the OSP B is similar to the Main

Function of the OSP A. therefore it is deseribed only briefly here. The first step allocates

three buffers: one IO-kword circular buffer, one 2-kword circular buffer. and one 1.6­

kword buffer. The second step initializes three hardware interrupts: one generated by the

host PC to send commands to the OSP B, one generated by the timer of the OSP B to

activate the Acoustic Mapping Process 33 times per second. and one generated by the

OMA to transfer the next graphic to the host PC when the on-going transfer is finished.

The third step initializes the OMA channel 1 and 3 for data transfer, as explained in the
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Fig. 4·8 The f10wchart of the Main Function of the OSP B

previous section. Steps 4 and 5 signal the host PC that the C40 module B is ready and

waiting for other C40 modules before continuing its execution. Step 7 starts the OMA

with channel 3 to store the incoming cardiac data into the 10-kword circular buffer. Steps

8. 9 and 10 create and initialize the three tasks pcrformed by the OSP B. These steps are

necessary to register the three tasks into the micro-kerne!. In the last step. the Main

Funclion starts the micro-kernel which distributes the OSP processing time among the

three tasks such thal they can perform in paralle!. Section 4.4.3 describes in details the

micro-kernel and its relation with the three tasks.

4.4.2 The Hardware Interrupts

There are three hardware interrupts in the OSP B. The first is generated by the

host PC. the second by the timer of the C40 module A. and the third by the OMA.

( 4.4.2.1 The Host PC Interrupt



(

(

Chapter 4: The DSP Software 46

The host PC interrupt works similarly to the one in the C40 module A. Table 4-3

shows five types of services that the C40 module B handles. The first service starts the

C40 modules A and B in real-lime mode. This is donc by starting the timer to activate

the Acoustic Mapping Process 33 limes pel' second and by sending the command ID NO.

1 to the C40 modules A (see Table 4-2). The second service is to start lhe C40 modules

A and B to process the cardiac data saved into the memory of DSP Band C. This service

also starts the timer for 33 interrupts pel' second and it sends the command ID NO. 2 to

the C4(} module A. The third service stops the C40 module A and B by stopping the

timer. The fourth service reports the currently opened winnows by the RTCAMS on the

monitor to the C40 module B. Normally lhere are Iwo windows opened; one for the

CAM and one for the PCGs. Only the graphic with the opened window is computed by

the DSP Band transferred to the host Pc. The fifth service specifies the upper and lower

limits of the PCGs on the display window area. and specifies the number of data points to

merge for the construction of the PCGs.

4.4.2.2 TI-.e Timer Interrupt

rable 4-3 Service identification number (ID NO.) sent by the host PC 10 the C40 module B.

Service Service Description

ID NO.

1 Start C40 modules A and B in real-time mode.

2 Start the C40 modules A and B to process the cardiac data saved into the
memory of DSP Band C.

3 Stop the C40 modulcs A and B.

4 Report the currently opened windows by the RTCAMS on the monitor to the
C40 module B.

5 Specify the upper and lower limits of the PCGs on the display window area.
and specifies the number of data points to merge for the construction of the
PCGs (see Section 4.4.4.3)
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When the timer interrupt arrives. the DSP B enters the Timer Interrupt Service

Routine (TISR). This routine then sends a message to the micro-kernel to aetivate the

Acoustie Mapping Process. This is neeessary to make sure that 33 CAMs can be

computed every second. Once the CAM is cre31ed. the Acoustie Mapping Process

releases the DSP B for another task and put itself imo a waÎt state for the next limer

interrupl. The details about the miero-kernel and the tasks are explained in Section 4.4.3.

4.4.2.3 The DMA Interrupt

At the end of a transfer to the host PC. the DMA interrupts the DSP B to execute

the DMA Comroller Process which reprograms the DMA for the next transfer. This is

necessary because, the DSP B has to deterrnine whieh acoustic graphie nceds to be sent;

the PCGs or the CAM. Note that the DMA Comroller Proeess is not an imerrupt service

routine but a task. as described later in Section 4.4.4.2.

4.4.3 The Design of the Real-Time Micro-Kernel

Although therc arc many well-known real-time commercial operating systems.

lhese arc often too expensive and too all-purpose to be optimal in real-time applications

that have rigorous response time requirements. To deliver total control over the imerrupt

state of the DSP board. a real-time micro-kernel (RTMK) was emirely wrillen for the C4Ü

module Band its design was cIosely tied to the specific application and based on

technieal faeets described in [3,4.26]. The micro-kernel provides three specific functions:

task seheduling. task dispatching. and inter-task communication. The scheduler

determines which process will run next in a multi-tasking system, the dispatcher performs

the neccssary work to start that task, and the inter-task communication is used to

synchronize the activities between running tasks.
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The micro-kernel designed for the C40 module B is based on the RTMK written

for embcdded systems [4]. This RTMK provides a fast context switching to spend as

little time as possible in the kemel, a simple interface to a standard programming

language. and interruption of the kernel to allow high-priority immediate processes

hooked to an interrupl. The RTM K also supports a subset of the original Sceptre standard

[3]. The Sceptre. defined by several European software houses. proposes a simple but

realistic set of commands for a real-time kernel. The enlities of our RTMK include :

• Tasks. In the C40 module B. the real-time system has three tasks: the PCG

Graphic Process. the Acoustic Mapping Process. and the DMA Conlroller Process.

Switching from one task to another is like switching from one DSP to another.

Therefore, each task must have its own copy of ail registers of the DSP, which is

called the process contexl. During process changes or context switches. the

environment of the executing process (the content of the DSP registers) is saved

into the process context while re-installing the next scheduled process contexl.

Consequently, the context must contain ail the necessary data to maintain the

integrity of the DSP operation. The area where ail this data is stored is a process

descriptor as shown Fig. 4-9. The process context is stored inlo the variable

colllext. The task priority is handled by the structure priority and pmask fields. The

pmllsk field is simply a mask that is pre-calculated during task definition in order 10

accelerate the context switches by avoiding unnecessary left shifts at run time. The

expectl','-sigllals field is a mask. If bit Il is set in this mask. signal Il can activate

the proccss. In other words the process is waiting for signal Il to arrive before it can

be scheduled. The receivedjigllals is another 32-bit field in which each bit sct to 1

means that the corresponding signal has been received by the process; but if the

process is not waiting for this signal. then the process will not be scheduled until

the corresponding receil'ed_sigllals is set by the process.
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/* Double Ward for a max of 32 proccsscs kcmel */

lypedef word32 SIGNALS;

slruCI PCS (
myjmp_buf contexl;

*/
SIGNALS expecled_signals;
SIGNALS reccivcd_signals;
word32 pmask;
word32 priorilY;

);

/* Signallype

/* CPU Contcxl (rcgislcrs)

*/

(

lypedefslrucl PCS *PROCESS; /* poinlerofPROCESS CONTEXT STRUCTURE */

Fig. 4·9 The RTMK process descriptor

• Immediate Tasks. In the OSP B. the real-time system has two immediate tasks:

the hast PC interrupt and the timer interrupt. In lhe RTMK. an immediate task is an

interrupt service routine which does not have a process contex!. However. the

immediale task saves al the beginning of the task execution the OSP registers lhat il

will use. Therefore. the immediate task can restore the content of lhese registers

before exiting ilself without disrupting the execution of the interrupted process.

Usually immediate tasks are not interruptible and they must be kept as small as

possible especially in a real-time system where timing is highly critica\. On the

other hand. a task is usually a big process and is al ways interruplible by any

immediate tasks.

• Scheduler. A scheduler is a software module in charge of handling the OSP

resources and dispatching it to a set of processes. In the RTMK. the scheduler of

the immediate processes is the interrupt mechanism of the processor. while the

scheduler of standard processes is part of the kcrne\. The f10wchart of the

Schedll!er function is shown in Fig. 4-10. This function is called when a wailing

process requests for the OSP B. or when a process releases the OSP B because it is

waiting for a signa\. In the first case. the waiting process is passed as the parameter

llex!-JJI'ocess to the Sc/l<'dll!er function. The scheduler then saves the COlllex! of the

current process and restores the C(JIl!ex! of the f1ex!-J'rrJcess to allocate the OSP B to
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the waiting process. In the second case, the Sc"eduler function is called \Vith the

lIex/-process equal to O. In that case, the scheduler finds among the rcady

processes the one that has the highest priority and allocates the DSP B 10 il.

( SchedUler(next_process))

Ycs

Fig.4-10 Flowchart of the Scheduler function.

In our implementation, cach process is associated with a set of signaIs. Each

signal can be arrived or lIoCarri\'cd. The process specifies its own activation condition

through these signaIs. A process can be in one of the following states:

• Waiting. The process is suspended untii one of its signaIs has arrived.

• Read)'. The process has received a signal and will continue execlllioll \Vhcll the

kernel allocates it DSP time.

• Progress. The process is currently running.
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Sending or receiving signais is done through kemel services by the process. In

these primitives, the signais that have arrived are checked against those expected. If a

match occurs, the DSP can be reallocated to another process, depending on its priority.

The RTMK provides four important processes handling services (see Fig. 4-11) :

• Send (process. signais). Sets the bits contained in signais \Vith the corresponding

bits in the received_signals field of the process descriptor and calls the Schedllier

Signal has
yes L::adY?arrived

Ino

Send '\
(Process. Signal)

no Is process waiting
for this arrived

signal?~

yes

-,,-­
Put process]

readY--l

Process no
Higher
Priority

?
yas

I-S~;~-Ta~
l~_. ~..J

!---t----- ---
_T

C~_n~

1

1

T

[ Process is
not ready

--'"
[

SWitch to an 1

othertask
~;r--

'"Œ~~

CReset (Signa~
1
T-..__~~

Resetall~
received sigmals

---,--
~

(Arrive_sig~

~-~~
1

,.............._T ~

~
Retums l,

arrive_signais i
-!~

r---"--·~

,-§n~)

(
Fig.4·11 Flo\Vchart of the four most often used RTMK handIing services.
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with l'rocess as the parameter.

• Wait (sigl/ais). Sets the process deseriplOr l'Xl'ecte(Cs;gl/ais field and calls the

scheduler. which suspends the process. This service retums the list of reccived

signais. The relUm value distinguishes between the signais that triggered the

process. since two signais can be activated at the same lime.

• Reset (sigl/ais). Clears the bits corresponding to sigl/ais in the process descriplOr

arrived_sigl/ais in order to permit another cycle. By clearing these bits just before

the next cali 10 the wait service, ail the events that occurred during the proccssing

arc ignored.

• Arrive_signais (void}. Retums the field arrived_sigl/ais to the caller.

The send(process. signais) and wait(signais) services serve many useful purposes.

For example, they may be used to guard against concurrent acccss of shared variables

among a number of concurrent tasks, or to synchronize the execution of two tasks. In our

project, both the Acoustic Mapping Process and the PCG Graphie Process need to

transfer their resulting graphies to the host PC via the LIA which is mapped into a single

address. To avoid the conflict of simultaneous aceess. the two tasks need to synchronize

their access to this single resource by sending a signal to a third task which is the DMA

Controller Process. When the DMA Comroller Process receives a signal l'rom a task. it

then programs the DMA and starts the data transfer if the DMA is not used. If the DMA

is used then the DMA Controller Process blocks itseIf (with wait(DMA ready)) and the

data transfer is deIayed until the DMA is free. Every time the DMA ends transferring

data to the host PC, it intertupts the DSP B to send the DMA rcmly signal (with send(PC

SCI1'er. DMA rcady)) to the DMA Controller Process to resehedule another data transfer.
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4.4.4 The Real-Time System Tasks

As staled in the beginning of this section (4.4), the DSP B has four lasks. In the

following, a description as weil as the integration of the four tasks in the real time and

multitasking environment of the DSP B are described .

4.4.4.1 The DMA Channel 3 Task

The DMA channel 3 is set to continuously receiving any incoming cardiac data

from the C40 module A. Once il is initialized, the DMA wiIl run independently from the

DSP B during the RTCAMS execution. As soon as the communication port 3 receives a

cardiae data from the C40 module A, it sends an interrupt signal to the DMAwhich starts

retrieving the cardiac data and places it into the IO-kword circular buffer. Allocating this

task to the DMA will allow the DSP B ID compute the PCGs and the CAMs in real time.

In fact, if this task is not handled by the DMA, the DSP B must allocate approximately

30% of its computing resources to do this task, thus slowing down considerably the

processing of the other tasks.

4.4.4.2 The DMA Controller Process and the DMA Channel 1 Task

The DMA Controller Process serves for IwO purposes in the C40 module B

software. First it controls the DMA channel 1 to transfer the PCGs or the CAMs to the

host Pc. Second it arbitrates the request from the PCG Graphic Process and the Acoustic

Mapping Process to transfer their cardiac graphies to the host PC, as explained al the end

of Section 4.4.3. However, this Process is relatively small because it assigns the main

purpose of its task (transferring the cardiac graphics) to the DMA channel 1. The DMA

is capable of handling two transfers from two different channels without penalties [59],

thus the DMA channels 1 and:l can operate in parai le!. Note that the ACOllstic Mapping

Process must wait for the CAM to be totally transferred to the host PC before storing the

next CAM into the 1.6-kword circular bllffer. This approach is implemented because
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there is no advantage of computing more CAMs if the DMA cannot transfer ail of them to

the host Pc. This limitation does not exist for the PCG Graphic Process because the 2­

kword circular buffer is large enough to insure that it will not be filled out before the next

PCGs transfer occurs.

4.4.4.3 The peG Graphie Proeess

The goal i,; to enable the user to view the PCGs and evaluate the quality of the

digitized cardiac data. Twenty-five PCGs are computed from the cardiac data retrieved

from the 10-kword circular buffer of the C40 module Band drawn on the PCG Window

with a minimum processing from the host Pc. The PCG Graphie Process can compile ail

incoming cardiac data in the IO-kword circular buffer and generate the graphics in real

time. Each PCG is a set of data which are plotted versus its indices onto the PCG

Window and each PCG is assigned to its own plotting area which is 35 pixels high. More

details about the display of the PCGs are given in Chapter 5.

The RTCAMS can plot 150,000 data points in one second (for the -150 kHz

sampling rate excluding the channel 0), but using this approach to display the PCGs

would not be practical for two reasons. First. Ihis will require more processing time for

the host PC for displaying 'the PCGs and thus slow down the displaying rate of the CAMs,

Second. the PCGs are displayed on the PCG Window in a very short period of time. due

to the limiting display length of the PCG Window, so that the user cannot control

efficiently the quality of the PCGs. Instead. displaying the PCGs in a reasonable speed

was accomplished by allowing some data points to be represented by a vertical line

corresponding to their maximum and minimum values, enabling the user to enlarge or

shrink the dOle period displayed. The number of data points to merge is specified by the

user and sent by the host PC with the service ID NO. 5, as explained in Section 4.4.2.1.

The procedure of merging the data point is common in real-time monitoring systems that

has multiple channels at acquisition rate higher than 100 kHz [63]. An example of

merging one period of a sine waveis iIIustrated in Fig. 4-12 to show the effectiveness of



(

Chapter 4: The DSP Software 55

this procedure. The original sine wave is shrunk to half of its period, to a quarter of its

period, and to a line for merging one full cycle.

a b c d

(

Fig.4·12 Merging example of one sine wave period. The original sine wave (a) is

shrunk to half of its period (b), to a quarter of its period (cl. and to a line for

merging one full cycle (d).

Because the result of a merged segment of data points is a vertical line, only the

positions of the two extremities are needed to be passed to the host PC in order to redraw

this vertical line on the PCG Window. Therefore, the 2-kword circular buffer contains a

series of twenty-five interleaved PCGs which are composed of a pair of data points, i.e.

the positions of the minimum and maximum extremity of the merged segment.

4.4.4.4 The Acoustic Mapping Process

The Acouslic Mapping Process generates a sequence of images from the cardiac

circular buffer of the C40 module B. These images represent the temporal cvolution of

the amplitude of the PCGs. The main role of the process is interpolating the digitized

cardiac data from 25 microphones, and rcndering an image with a size large enough to be

visualized on the host PC color monitor. The spatial interpolation is rcquired to enlarge

the dimension of the CAM and to reduce the intensity discontinuit)' between two

adjacent pixels. There are many weil known method of interpolation for digitized images
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[18,21,24,28.39,41], and a comparison of somc of these methods was investigated by

Cozic et al. [9J who found that the cubic convolution interpolation of Keys [24] was one

of the best method for cardiac acoustic mapping. Their choice was based on many factors

including the computing time, the quality of the image, and the human visual perception.

The short computing time required for interpolating an image is definitely an important

asset for our real-time system. For each interpolated point, the cubic convolution requires

only 3 additions and 4 multiplication and this is relatively smail compared to other

methods. Two-dimensional interpolation with the cubic convolution is developed as a

cascade of two one-dimensional interpolations, one in the horizontal axis and the other in

vertical axis, in order to reduce the number of operations and the required memory 10

handle intermediate results [28]. The human visual perception is sensitive to the rapid

changes of intensity, Le. the high frequency components in an image [37]. The cubic

convolution interpolation reduces this by filtering the original image (5x5 matrix) with a

Jow pass-filter so as to attenuate the high frequency components of the resulting

interpolated image (1 OOx 100 matrix).

The cubic convolution interpolation proposed by Keys is briefly descrihed in this

section. Consider the signal [(1,,) defined by the sequence of points {tn: n =0.1 ...., N-I}

acquired from a continuous signal 1(1). The interpolation process is to approximate the

original signal 1(1) by a continuous function ïf(l). Cozic et al. [9] show that the cubic

convolution interpolation of a segment [tn,tn+d is expressed by :

ïf(l) =C;., (_d' +2d' -d)+ C;' (3d' -5d' +2)+

~(-3d'+4d' +d)+ C"., (d' _d')
2 2

(4.1)

(

where d =(I-I,,)!!'>
C" =[0,,)

and!'> the sampling interval.

O::;d<1
[or Il = O. 1..... N-l
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At the boundary 11=0 alld Il=N·l. C, and eN are given bye

It is more convenientto write Equation (4.1) in a matrix form by defining:

where:

[~'
P.,

~.]P= PlI P" P'A
P" P12 P'A
P41 P42 P4A

with: G" : the interpolated value in the segment [t". t"+,l

A : the number of points to interpolate inside the segment [t". t"+JJ

(4.2)

(4.3)

(4.4)

P,i = (-di +2d/ -di) 121
l ,

Pli =(+3d,- -5d,' +2)/2

Pli =(-3di+4d/+d,)/2

P.i =(+di -di') 12

d =_i_ i=1.2..... A
, A+l

(

The matrix P needs to be computed only once at the beginning of the program

execution beeause every segment has the same fixed number of points A to interpolate. In

our application, there are 24 points to interpolate inside each segment [t". tn+d to

construct an 100x 100 matrix from the original 5x5 matrix. In this case. A=24 and the

matrix Pis:
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-0'0225625

0.9939375
p=

0.0298125

-0.0011875

-0.0405

0.9765

0.0685

-0.0045
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-0.00118751
0.0298125

0.9939375

-0.0225625J

The position of each channel inside the oiiginal 5x5 matrix is iIlustrated in Fig. 4­

13 and it retlects the relative position of each microphone inside the acoustic probe,

which are disposed in a rectangular area and are equally spaced.

ChI Ch2 Ch 3 Ch4 Ch5
Ch6 Ch7 Ch 8 Ch9 Ch 10
Ch II Chl2 Chl3 Chl4 Chl5
Chl6 Chl7 Chl8 Chl9 Ch 20
Ch21 Ch 22 Ch23 Ch 24 Ch 25

Fig.4·13 Relative position of each channel in the original 5x5 matrix before

interpolation

Interpolating the original 5x5 matrix is performed in two steps by successive

applications of the one-dimensional Key's cubic convolution method, as shown in Fig. 4­

14. A 5x 100 matrix is obtaining by a cubic convolution interpolation along each row.

The final result is then obtained by interpolating along each column of the intermediate

5x 100 matrix. It should be noted that the same results would be obtained by first

interpolating along the columns and then along the rows of the matrix.

,--------1 Row [-~ Colurnn
1 5x5 .~ 5xlOO ~

Matrix ---,.-- Matrix ~
1 JInterpolation _ Interpolation

(

Fig. 4·14 Computation of the two-dimensional Key's cubic convolution interpolation as

a series of two one-dimensional interpolations.

Each value of the resulting 1OOx 100 matrix is converted from tloating point (32­

bits) to an unsigned byte (8-bits) value representing a color map index of 256 colors.
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This color map is created by the host PC, as will be described in Chapter 5. Each four

consecutive bytes of data is then packed into one 32-bit value and saved in the circular

buffer (Fig. 4-3) to speed up the data transfer to the host Pc.

4.5 The C40 Module D Software

The Main Function of the C40 module 0 has only three steps. In the first step. the

OSP 0 initializes the DMA channels 0 and 3 to transfer the packed cardiac data between

the DSP A and DSP D (channel 0) and between the DSP D and OSP C (channel 3), in

both directions. In the second step, the OSP D signais the host PC that it is waiting for

the other DSPs to be ready before continuing its program execution. The third step is a

Joop that waits for commands sent by the DSP A which is not done by interruptions Iike

the C40 module A and B. If the command has a service ID NO. equal to 1. the DSP D

programs the DMA to retrieve the first 385-kword of packed cardiac data from its

channel 0 (sent by the DSP A) and to transfer them to the OSP C through channel 3 (see

Fig. 4-15). At the end of this transfer, the DMA initializes itself and transfers the second

385-kword to the C4ü Don-module memory. If the command sent by the DSP A has an

ID NO. equal to 2, the DSP D programs the DMA channels 0 and 3 to transfer the eardiae

data in the opposite direction. The cardiae data of the DSP C are sent before thm of the

DSPD.

4.6 The C40 Module C Software

The C40 module C software is the same as that of the C40 module D. except that

it does not initialize the DMA channel 3 and does not transfer any data to that channel. as

shown in Fig. 4-15. Ali incoming paeked cardiac data are stored in its on-modulc

memory if the command ID NO. sent by the DSP C is 1; otherwise it transfers its packed

cardiae data back to the DSP C through the DMA channel O.
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(

Fig.4.15 Flow of the cardiac data in the C40 modules C and D

4.7 Conclusion

Three major time-consuming tasks are identified in this projects to be the DAB

ISR which has a short execution time but is called frequently, the PCG Graphie Process

whieh computes the graphical display of the PCGs, and the Acoustic Mapping Process

which interpolates an array of 5x5 PCGs envelopes to a CAM of IOOx J00. The three

tasks are distributed in two DSPs with the DAB ISR implemented in DSP A and the two

other proccsses in DSP B. Ali three algorithms are written in assembler to improve the

spccd of the system. A real-time micro-kernel is implemented in the second DSP to

optimize the use of the DSP resourccs among the following three parallel processes: the

Acoustic Mapping Process, the PCG Graphie Process, a~d the transfer of both graphical

data to the host Pc. The DSP C and D are used to save the digitized cardiac data into

their memories for off-line saving into a disk-fiIe and for off-Iine proeessing.
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Chapter 5

The Host PC Software

5.1 Introduction

The Windows 3.1 1 was chosen as the operating system for the RTCA.I\1S because

of two main reasons. First. il was one of the most widely used operating system in the

world when this project began. Second. it provides a graphical user interface (GUI) and a

color map image device which can be easily adapted to our specifie application. Indeed.

the Windows GUI provides ergonomie use of the program. allowing the user to directly

manipulate graphie objects on the video screen. Iike dragging windows. pushing buttons.

and using scroll bars. Aiso. it allows the program to display the graphies of the PCGs and

the CAM on two sepamte windows. In addition. Windows 3.1 offers benefits for a

RTCAMS requiring large memory.

In the development of the RTCAMS on Windows 3.1. we have met two Iimiting

factors: the slow graphie display under Windows 3.1 and the slow data transfer over the

internai ISA bus of the host PC by which graphie data and the cardiac data are transferred

l'rom the DSP board to the host PC disk. In order to display the CAMs in real time (i.e.

1 Windows 3.1 is a rcgistcrcd tradcmark for an opcmting system dc\'~lopcd by the f\ticrosoft Corporation.
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33 CAMs per second), the software that deals with the data transfer and the graphic

display must be optimized. The display of the PCGs is not a time consuming process

because it involves only drawing lines (see Section 4.4.4.3) and the PCG graphic dala are

relatively small compared to the CAM data.

To partially overcome the poor performance of Windows 3.1 in displaying

sequcntial images in real time, a technique callcd double buffering used in multimedia

applications and graphic intensive applications is applied. A Microsoft library called Ihe

WinG application program interface (API) was also used to speed up the graphic display

to 33 CAMs per second.

A software called the Virtual DSP Driver (VDSPD) is developed 10 manage Ihe

cardiac data transfer from the DSP board to the host Pc. The software resides in the

kernel-Ievel of Windows 3.1 and is hand-optimized in assembler to provide the highest

possible performance for the data transfer between the host PC and the DSP board. The

VDSPD has the direct access privilege to the ua ports of the DSP board and therefore

provides fast services.

A brief description of the Windows 3.1 archilecture is presenled in the next

section. It is followed by the implementation of the VDSPD, the techniques used to

display images in rcal time, and the overall application struclure that runs under Windows

3.1.

5.2 The Windows 3.1 Architecture

Whcn Windows 3.1 is invoked on an appropriately configured system. it mns in

an "enhanced" mode to use the Intel 80386 and later microprocessors which support

multiple, independent memory regions. Enhanced Windows uses this 10 build multiple,

independent virtual machines (VMs), each capable of mnning an application program. as
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shown in Fig. 5-1. Each vir,cal machine has its own address space, ua port space, and

interrupt vector table. Multiple virtual machines can be running simultaneously. with

each under the illusion that it has complete control of the processor. The tirst VM created

is called the System VM. This is the virtual machine in which the Windows graphical

user interface runs. Non-Windows applications (DOS applications) run in VMs of their

own and they multitask preemptively. However, ail Windows applications run inside the

unique system VM and do not support the preemptive multitasking.

System YM YM YM

~rrup~te:r~;~~T
1 Yinaa) Machine Management (YMM) 1

+
YDSPD •.----Y-X-D-i-.------:cY:-x"'D',... - Services

1 1 1 1

(

Fig. 5·1 Enhanccd Windows environment block diagram.

Enhanced Windows supports this multitasking virtual machine environment \Vith

a sophisticated set of services provided by the virtllal drivers (VxDs), which give access

to ail the system resources, including memory management, scheduling, and the hardware

deviccs incJuding the DSP board. By writing a VxD for a particular hardware device, the

Windows Enhanced mode enables multiple VMs (and the System VM) to share that

single hardware or to allow only one VM (or the System VM) to use that single hardware.

The Virtual Machine Manager (VMM) supporting a mllitilasking operating environment

provides services that control the main memory. the CPU execlltion time, and the

peripheral. Like the VxDs, the VMM is part of the Windows 3.1 kemel but is transparent
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ta the programmer. The Microsoft Windows Device Development Kit [55] provides

more information about the Windows 3.1 architecture in the 386 enhanccd mode.

5.3 The Virtual DSP Driver

The VDSPD can be considered as an application that contains its own variables.

The VDSPD is part of the Windows 3.1 kernel and it will remain active Juring the whole

session of Windows 3.1, even if the RTCAMS Windows Application is not executed.

The initialization hooks the DSP ISR to the specified PC IRQ line used by the DSP

board. After being retrieved from the system.illi file by the VDSPD, the three base

addresses and the IRQ line number are checked for their consistency. The base addresses

of the Block 0 must be between 300/z and 370/z. The base address of the Block 1 must be

greater or equal to the base address of Block 0 plus 20/z, because each Block consists of

32 bytes, and the base address of the LIA Block must be greater or equal to the base

address of Block 1 plus 20/z. The IRQ line must be either 4, 5, 6, 7, or 9. The

initialization procedure is aborted if one of the information retrieved from the ~)'stelll.illi

file does not agree with the restriction mentioned above; however, Windows 3.1 will

continue loading other VxDs.

Hooking thc DSP ISR ta the specified PC IRQ line is accomplished by the

VPlCD_VirtlllllizejRQ service provided by the VPICD [55]: a hardware interrupt

managed in the host PC by a programmable interrupt controller, or PIC. In Windows 3.1,

the virtual PIC driver (VPICD) intercepts ail interrupts and dispatches them to the VxD

that handles the corresponding interrupt service routine. Hooking the DSP ISR to the

spccified PC IRQ means that the VPICD will schedule the execution of the DSP ISR

whenever the DSP interrupt occurs. The VPICD handles ail IRQ lines, each of which can

be individually enabled (unmasked) or disabled (masked) by writing to the PIC ua ports.

At this point of initia!ization, the VDSPD disables the PC IRQ line used by the DSP

board.
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The VDSPD servcs as the interface between the System VM and the DSP board

with its four C40 modules. It provides services to the RTCAMS Windows Application as

weil as to the DSP board (sec Fig. 5-2). The VOSPD is programmed such that only thc

System VM can request its services. Ali Windows applications running inside the

System VM can request any service from the VDSPD. but only the RTCAMS Windows

Application has been programmed to request services from the VOSPD.

!Dynamic Linking Library (DLL) 1

SystemVM

Windows kemel

Deviee

1

1

1

RTCAMS Windows
Application

l

VDSPD

DSP board

1

1 1

(

Fig. 5·2 The hierarchy of thc different modules supported by thc RTCAMS Windows

Application

Thc scrvices for the RTCAMS Windows Application arc low-Ievel functions that

only rcad or write in thc DSP board 110 map interface. Each low-Ievel function is wrilten

in assembly language and is called directly by a dynamic link library (DLL) which

"wraps" thcm into high-level C-languagc functions that can be used by the RTCAMS

Windows Application. as cxplaincd latcr in Section 5.4. The services for the DSP board

perform the cardiac data transfer from the DSP board to the host PC and they can be

rcqucstcd by ail four C40 modulcs. To rcquest a service. a C40 modulc must writc thc

scrvicc ID (dcscribed in Scction 5.3.3) to thc communication port conncctcd to the host

Pc. The presence of a data in that communication port will gencrate an interrupt to the

host PC to gct itto enter the DSP ISR to pcrform thc requested cardiac data transfcr.
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5.3.1 The VDSPD Services for the RTCAMS Windows

Application

Because the RTCAMS Windows Application can not access the PC ua map of

the DSP board. it must cali the services provided by the VDSPD to do so. However. not

ail the VDSPD services provide ua operation. sorne serviees retum the values of the

variables of the VDSPD to the RTCAMS Windows Application. and sorne services allow

both the VDSPD and the RTCAMS Windows Application to share buffers. Fourteen

registers of the PC ua map of the DSP board are used in this project. The description of

these PC ua map registers are in Appendix E.

Table 5-1 The VDSPD services for the RTCAMS Windows application

Service Name Service Description
VDSPD API Read LIA Reg Read LIA Register (I6-bit)
VDSPD API Write LIA Reg Write LIA Register (16-bit)
VDSPD API Read LIA32 Read two LINK DATA Register (LSW & MSW)
VDSPD API Write LIA32 Write two LINK DATA Register (LSW & MSW)
VDSPD API Get Int Number Get IRQ Line number used by the DSP board
VDSPD API Write Control Reg Write value to the Control Register
VDSPD API Write BAR Write value to the BAR
VDSPD_APCReg..Share_Data Register shared data between the VDSPD and the

application
VDSPD API Empty_ Buffers Empty PCG and MAP Buffers
VDSPD API Unlock ISA Bus Unlock the ISA bus

Table 5-1 shows a list of services provided by the VDSPD. The first two services

readlwrite any 16-bit register within the LIA Block. The next two services readlwrite a

32-bit data from/to the LlNK DATA registers. The VDSPD_APCGetJIlI_NIII1I/Jer service

returns the IRQ line number stored in one of the variables of the VDSPD. The

VDSPD_APClVritc_ColltroCRcg service writes in the Colltro/ register. and the

VDSPD_APClVrÎtcBAR service writes the two base addresses of Block 1 and the LIA

Block (from the variables of the VDSPD) to the BAR register.
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The VDSPD_API_Reg_Share_Data function assigns a buffer that can be accessed

by both the VDSPD and the RTCAMS Windows Application. The bul'fer must be

allocated by the RTCAMS Windows Application before assigning it to the VOSPD. Two

buffers can be assigned to store the received PCG graphies and the CAM. The

VDSPD_API_ElIlp0'_BlIffers function c1ears ail assigned buffers. The

VDSPD_APl_UnlockjSA_BlIs function enables the next CAM transfer l'rom the DSP

board to the host PC and its use is explained in the next section.

5.3.2 The VDSPD Services for the DSP Board

There are two services that the C40 modules can request to the VOS PD: transfer

of the PCGs or of the CAM to the host Pc. The data must be placed into the

communication port in following order lO request a service l'rom the VOS PD. The

service ID is first (1 for a PCG transfer, and 2 for a CAM), followed by the number of

cardiac data to be transferred, and finally the cardiac data. If the communication port

interrupt is enabled, a data present in that communication port will generate an interrupt

to the VPICD which transfers the program execution to the DSP ISR.

The DSP ISR performs the following tasks:

1. Disables the interrupt l'rom the DSP board.

2. Finds the source of interrupt (which C40 module communication port '1).

3. Retrieves the requested service ID l'rom that communication port.

4. Retrieves the number of data to transfer.

5. Starts the data transfer (reads l'rom that communication port and writes to the
correspondillg registered buffer),

6. If it is a CAM trallsfer, blocks any subsequent request for a CAM trallsfcr.

7. Schedules to send a signalto the RTCAMS Windows Application, illdicating
that a cardiac data has been received after the DSP ISR has exited.

8. Enables the interrupt l'rom the DSP board.

9. Exils the DSP ISR.
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(
Fig. S-3 shows the cardiac data transfer path requested by the interrupt. and the

1/0 operation path requested by the RTCAMS Windows Application. The DSP ISR

treats the PCG Graphie Buffer a~ a circular buffer. and the CAM Buffer as a linear buffer

that can only handie one entire CAM. Thercfore after receiving a CAM. the DSP ISR

blocks any subsequent request for a CAM transfer until it is enabled a.Çain. This is

necessary to prevent a newly received CAM being altered by a subsequent CAM transfer.

After the CAM has been displayed from its buffer. the RTCAMS Windows Application

will enable the next CAM transfer by calling the VDSPD_APCUIl!ockjSA_BlIs function.

~ _ _ _ _ :

CAM
Buffer

RTCAMS
Windows

L--I'~~~~---~ Application

By
interrupt

VDSPD

ByIfO
operations

r~;~;~~""""""""""""""""""""""'" ;DSP

Board LIA~

Fig. 5-3 Cardiac data transfer path requeslcJ by interrllpt of the DSP board. and thc 1/0

opcration path rcqucsted by the RTCAMS Windows Application.

5.4 The Dynamic Link Library

(

The dynamic link library (DLL) serves as an interface between the RTCAMS

Windows Application and the VDSPD and it resides in the Systcm VM. as shown in Fig.

S-2. The DLL provides high-Ievel functions that can be directly lIsed by the RTCAMS

Windows Application to request one or more services from the VDSPD.
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Table 5-2 shows a list of nine functions provided by the OLL. The Reboor

fur.ction resets the OSP board and the four OSPs by writing '0' following by 'l' to the

five least significant bits of the COlltrol register [50]. The Selld DSP execlitabIe code

function reads a C40 exeeutable file and downloads it to a specified C40 module via its

communication port. After being reset, a C40 module seans ail its communication ports

and boots from the communication port that receives the first data [22]. Therefore, the

Selld DSP execlitable code function must be called after the Rehoot function. The other

functions of Table 5-2 are self explanatory and are not described in this section.

Table 5·2 List of functions provided by the OLL

Functions Description

Reboot Reboot the OSP board,

Send OSP executable code Oownload a program to a C40 module,

Register shared buffer Register an allocated buffer to the VOSPO,

Empty buffers Empty buffers uscd by the VOS?O,

Read LIA status Read the Statlls register,

Interrupt select Select an IRQ line used by the OS? board,

Interrupt cnable Enable interruptions from the DS? board.

Interrupt disable Oisable interruptions from the DS? board.

Send command Send a command (start, stop, save, and replay) to a specified C40
module.

5.5 The RTCAMS Windows Application

The real-time CAM application is a program interface that let the user

interactively vieil' the acoustie map and the signais on two separate windows. as shown in

Fig. 5-4. The implementation of the application is based on the object oriented design

and is wrillen with the Microsoft Foundation Classes (MFC) in Visual C++ 1.51.
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Real-l1me cardlac Acoustlc Mapplng System

(

Fig. 5·4 RTCAMS Windows Application display.

Table 5-3 Classes of the RTCAMS Windows Application

Classes Descriptions Funetions
CmappingApp Class Mapping Application Main function of the RTCAMS Windows

Application
CMainFrame Class Main Frame Control the Main Frame Window of the

RTCAMS Windows Application
CsignalWnd Class Signal Window Control the PCG Windows and the display of the

PCGs
CmappingWnd Class Mapping Window Control the Mapping Windows and the display

of the CAM
Control DLL Class Control DLL Provide the access to the function of the DLL
CDlBitmap Class Deviee Independent Provide functions to manipulate the Deviee

Bitmap Independent Bitmap (DIB)
CWinG Class Win Game Provide the access to the WinG library
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Fig. 5·5 The dass diagram of the RTCAMS Windows Application

There are seven major objects in the anplication which are defined from their

respective classes, as shown in Table S-3 and Fig. S-S. The C~,1appingApp is the main

class of the RTCAMS Windows Application and it performs different level of

initialization because it is the first object created when starting the application. The

initialization consists of the following procedures:

1. Create the object Control_DLL for access to the functions provided by the
DLL.

2. Reboot the DSP board and the four C40 modules.

3. Load the base addresses of Block 1 and LIA Block to the BAR register in
order to access the registers of these two blocks.

4. Disable the hardware interrupt from the DSP board.

S. Select the communication port 1 of the C4D module A and B for interrupting
the host PC.

6. Retrieve from the IIwllpÎllg.ÎIlÎ file the upper and lower limits for the display of
the PCGs on its window area and the number of data points to mergc for the
construction of the PCGs, as explained in Section 4.4.4.3. The l11t1ppÎllg.ÎIlÎ

file is an initialization file for the RTCAMS Windows Application.
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7. Create a CMainFrame object and display the Main Frame Window of the
RTCAMS Windows Application. The Main Frame Window is the application
interface withoutthe PCG Window and the CAM Window.

S. The Main Frame Window Ihen creates the CSignalWnd and the
CMappingWnd which display the PCG Window and the CAM Windo\\'.
respectively.

9. The CSignalWnd allocates a buffer and identifies it to the VDSPD as the PCG
buffer.

10. The CMappingWnd crcales two objects; the CDlBitmap and the CWinG. The
CDlBitmap allocates a buffer and identifies it to the VDSPD as Ihe CAM
buffer. The CWinG allows the use of the WinG library 10 speed up the image
display.

11. The CMainFrame now waits for any action from the user.

The CMainFrame has the control of the menu bar, and the status bar at the boltom

of the Main Frame Window (see Fig. 5-4). Therefore, il performs an action when the user

clicks on the menus. There are four menus in the RTCAMS Windows Application as

shown in Fig. 5-4 and two of them are common in ail Windows based applications. The

two common menus are the File menu which allows the user to save (or to relrieve) an

acoustic data to (from) a file, and the Windmv menu to select a window to be placcd in

front of the others. The other menus are the Commwu! menu to send commands (star!,

stop, save, and replay) to a C40 module, and the Selll!, menu to enter parameters used by

the application (the lower and upper limits for the PCG graphics and the number of point

to be merged for the construction of the PCGs).

After the RTCAMS Windows Application has been started and the initialization

of the CMappingApp has been performed, the user can set up the upper and lower Iimits

for the PCGs on its display window area and the number of data poinls to merge for the

construction of Ihe PCGs from the Setll!, menu. Before invoking the Selll!, menu. the

system must stop running. The new setup information is thel1 saved into the system.Îlli

file. This file is used to store the setup parameters that cal1 be recalled by the RTCAMS

Windows Application the next time it starts.
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At this point. the application is started with the STan command through the

following procedures:

1. Download the executable code to the C40 modules.

2. Verify that ail four C40 modules are booted correctly and are ready to execute.

3. Signal to the four C40 modules to begin their program execution.

4. Send the currently opened window(s) to the C40 module B by sending the
service ID NO. 4 first, as explained in Section 4.4.2.1.

5. Send the upper and lower limits for the display of the pCGs on its window
area and the number of data points to merge for the construction of the pCGs.
This is done by first sending the service ID NO. 5 to the C40 module B
following by the upper Iimit, the lower li mit. and the number of data points to
merge.

6. Send the Start command ID NO. 1 to the C40 module B to start the system
and the data acquisition board.

7. Enable the hardware interrupt from the DSp board to the host Pc.

At this point. the user should see the pCGs and the CAM on their respective

windows. 1'0 save the digitized cardiac data, the user needs to click on the Save option

from the Command menu which sends the command ID NO. 1 to the C40 module A. as

explained in Section 4.3.2.1. As the l'CG graphic keeps scrolling on its window. its color

will change from its original yellow color to the gray color when recording. The gray

colored pCGs are the pCGs that are saved into the memory of the C40 module C and D.

After approximately 10 sec of recording. the color of the pCGs returns to yellow. The

user can repeat this saving procedure as many times as necessary to record the adequate

l'CG; the previous recording being overwritten and lost.

1'0 save the recorded pCGs 0010 a disk file. the user must first stop the system

with the Stop option in the Comm(/n" menu. This option sends the stop command ID

NO. 3 to the C40 module B. The user then selects the Sl1I'e option from the File menu

and enters the file name to which the cardiac data are saved. This option sends the

command ID NO. 2 to the C40 module A and empties the registered l'CG Graphic Buffer.
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This buffer is used to store temporarily the digitized eardiae data sends by the C40

module A before storing illto a specified disk file.

To retrieve. compute. and display the PCGs and the CAMs of the eardiae data

saved into a disk liIe. the user opens a source file with the Opell option in the File menu.

Then. he starts the system with the Replay option in the Commalld menu. This option

sends the eommand ID NO. 3 and 2 respectively to the C40 module A and B. as

explained in Section 4.4.2.1. To stop the system. the user must use the Stop option in the

Commalld menu as explained earlier.

The implementation of the classes of the RTCAMS Windows Application is not

described in this thesis because they are part of Windows programming and they are

discussed in many Visual C++ programming books. instead, the methods of displaying

the PCG and the CAM graphics. which are specific for this application. are emphasized

and explained in the next section.

5.6 Displaying graphies in Window 3.1

While enhanced graphic display is the basis of the Windows user interface. it

remains one of the Windows worst performance functions. There are several reasons for

the slow graphic performance of Windows. The most basic one is that Windows must

satisfy the needs of every running applications. Sorne applications must interact with the

user; sorne may be time-critical, and others caJculation intensive. or resource (memory.

devices) demanding. Windows must aIJocate its limited resources so as to keep allthese

applications running. One result of this multitasking is that Windows cannot afford to

give an application direct access to the video hardware, thus slowing down the graphic

display. To partially overcome this problem. a fast animation technique of multimedia

and game applications was applied in this projecl.
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5.6.1 Fast Animation Technique

To implement a fast animation with acceptable results (smooth and tlicker-free

anil;;ation), the double-buffering technique was used [17]. This technique requires the

RTCAMS Windows Application to manage a buffer to construct an entire CAM Window

image. The CAMs are drawn directly to that buffer instead of being displayed to the

monitor. When finished, the image is copied l'rom the buffer to the video adapter

memory which directly defïnes the CAM Window image, updating the display

accordingly. This fast block-copy operation is donc by a Microsoftlibrary (WinG) which

provides fast access to the video adapter memory.

This technique allows a smooth animation because the entire CAM is transferred

at once to the graphie adapter memory. This smooth animation can not be achieved if the

CAM received from the DSP board is drawn directly into the video adapter memory due

to the slow ISA bus and Windows which does not allow direct accesses to the memory of

the video cardo

The buffer allocated for the entire CAM Window image is called the memory

device context which has a "display surface" existing only in memory. The display

surface is in fact a device-independent bitmap (DIB) that contains the CAM. The DIB

was introduced in Windows 3.0 and it was designed to address bitmap portability. A DIB

defïnes a bitmap's dimension, its color map, and ils pixels in a single structure (see Fig.

5-6). The CDIBitmap (see Section 5.5) allocates a contiguous memory spacc for a DIB

that can handle an SOxSO image size, coded to S-bit per pixel, and a palette of 256 colors.

The memory space used to store the image pixels is registered to the VDSPD as the

buffer to store CAM transferred by the C40 module B. Any changes made to that bitmap

are directly renected in the display surface of the memory device context.
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Fig. 5·6 Thc Device Independent Bitmap structure.

To get the bitmap on the display once the CAM is received from the DSP board,

the function BitBlt (stand for bit-block transfer) of CWinG is called. This Microsoft

library function stretches the DIB image to fit the size of the displayed window and maps

the result into the video memory cardo The size of the display area of the CAM Window

is set by default to 300x300 pixels. The display area ean be changed from SOxSO pixels

to a maximum of 300x300 pixels.

5.6.2 The Color Palette of the Cardiac Acoustic Map

The displayed CAM is pseudo-eolor cncodcd by the color map of the DIB. The

colors arc a variant from the Huc-saturation-value color map that has its color varying

from dark blue to dark red, passing through light blue, green, yellow and red. The color

map is an array of 256 RGB colors that can be indexed by the image pixels reccived from

the C40 module B which arc encoded into S bits per pixel. The dark blue color indicates

a low intensity acoustie signal and the dark red is for a maximum intensity. A

corresponding palette is then created for the application. This eolor map is also referred

as the logical palette of the RTCAMS Windows Application.
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Windows GUI offers a palette manager to map the logical palette to the hardware

system palette. This operation requires each pixel to index the logical palette which is

then translated by the palette manager to the hardware system palette before display. In a

real-time application, the palette manager must be bypassed because it gives a poor

performance. To allow this. the hardware system palette must have exactly the same

colors as the logical palette. This procedure. however affects other applications which

can have their color changed, but this technique greatly enhances the video performance.

which is the first priority in this application.

5.6.3 Displaying the PCG Graphies

The twenty-five acoustic signais received by the host PC can be displayed on the

PCG Window with little computation. These signais are processed and conditioned by

the C40 module B such that the host PC can draw the received acoustic signaIs onto a

Vi nuaI window

Il n 0
v

il. r---
."

J
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Fig. 5·7 Scrolling the contents of the virtual window with the scroll bar of the

( visihle window.
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virtual signal window. Unfortunately, the virtual window cannot be directly mapped onto

the visible signal window whieh has a vertical length smaller than the virtual window, as

shown in Fig. 5-7. Even on a 1024 x 768 pixel screen, the visible window cannot be

stretched enough to display ail the twenty-five signais. This problem is solved by adding

a scroll bar on the visible window such that the contents of the virtual winduw can be

scrolled up and down to display different groups of PCG signaIs.

The display software of the PCGs can display up to 14 channels at one time, each

in its own graph area (see Fig. 5-4). The speed of plotting is of paramount importance in

this project because the display should appear as a smoothly f10wing strip chart. The

PCGs are plotted using the CRT mode, simulating the sweep of an oscilloscope. The

PCG Graphie Buffer contains a series of 25 interleaved PCGs. The size of this buffer is

equalto the length of the PCG Window multiplied by 25x2 (pair of data per vertical line

for each PCG). The CRT mode plots these vertical lines versus the indices of the

corresponding PCG in the PCG Graphic Burfer. As the PCG Graphic Buffer is a circular

t2
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b)
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Fig. 5·8 The display process of the graphical PCG on the PCG window with tll

marking the beginning of the acquisition and tr the end. Two cases arc

presented: a) the graphical PCG that is displayed when the buffer is not full:

and b) when the buffer is full (overwriting the oldest data by thc ncw data

acquircd and a gap).
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buffer, the new data is stored continuously at the end of the buffer overwriting the oldest

data of the buffer. This process is retlected on the PCG Window: the PCGs arc plotled

from the left to the right 0; the displayed window, as illustrated in Fig. 5-S. In order to

distinguish the new from the last PCG displayed when the buffer is full. a gap overwriting

the oldest acquired data is placed between the last sampie acquired (tr) and the first

sample (tl) of the buffer, as shown in Fig. 5-4 and Fig. 5-S.

5.7 Conclusion

The VDSPD is developed to allow direct access to the DSP board within

Windows 3.1. This virtual de'lice driver is highly optimized and is in charge of the data

transfer between the DSP board and the host Pc. The display software of the CAMs is

the main factor that Iimits the overall performance of the RTCAMS and il relies heavily

on the WinG library from Microsoft 10 provide a fast copy of a memory DIB onto the

screen. In the present implementation, the RTCAMS is capable of rendering 33 frames

per second for a CAM size of 300x300 pixels. In practice, no other Wi,ldows application

and DOS application should be running at the same time with the RTCAMS application

to avoid sharing the limiting resourccs (memory, devices, etc.) of Windows 3.1 and

slowing down the performance of the RTCAMS.
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Chapter 6

Test Results

6.1 Introduction

The performance of the DSP system software is presented firs!. It is followed by a

description of the tests on the overall RTCAMS by reeording the heart sounds from three

normal subjects. The chapter concludes with a discussion on the operating system.

6.2 DSP system software

A pe:formance benchmark of the DSP B was first obtained to estimate the

performance of the DSP system software. since the PCGs and CAMs arc computed by lhe

module B. The benchmark consists of measuring the percentage of time spcnt by lhe

peG Graphie Proccss and the Acoustic Mapping Proccss. These two tasks arc the only

time-consuming processes. Because the program running on the host PC is limited to rcad

the graphies sent by the C40 modules. the host PC software does not influence the DSP
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software perfonnance. However, the data transfer from the OSP B to the host PC is taken

into account in the benchmark. As specified in Section 4.4.4.2, the host PC may decrease

the benchmark of the Acoustic Mapping Process if the CAMs are not transferred fast

enough due to the slow display of the CAMs on the monitor. Table 6-1 gives an average

result of the benchmark taken from ten program executions having a duration of four

minutes each.

Table 6-1 Benchmark results for the PCG Graphic Process and the Acoustic Mapping

Process.

Task Timespent Process Task Timespent DSPB
to pcrform activation priorit)' after JO sec resaurces
the task frequcnc;y ofexecution used(%)
(msec) (sec)

PCG Graphie Proeess Background
merging 20 data point' te 2.34 DSPB (l0\\'C5t 3.38 34
praduee 25 pair of dala for 25 idling priorily)
PCGs
Cardiac Acoustic Mapping Front end
Proccss 10 gcncratc one CAM 17.6 33 (higheSl 5.28 53

nrÏ<..\city)

ln this study, The PCG Graphic Process merges 20 data points to form one

displayed line. ln general, merging 20 to 40 data points is considered to be necessary to

display the PCGs at a convenient speed. Merging 20 data points takes more time than

ll1erging 40 data points because it produces more displayed lines for the same time period.

To produce twenty-five PCG displayed lines, the PCG Graphic Process takes about 2.34

msec. To compute one CAM, the Acoustic Mapping Process needs 17.6 msec. Because

the PCG Graphic Process is assigned the lowest priority. it is executed in the background

when no other task requires the OSP B. However, assigning different priorities to these

two tasks does not seem to change the benchmark results. After 10 second of program

exeeution, the PCG Graphic Proccss spent 3.38 sec which is equivalent to 34 'le of the

OS? B resourccs, and the Acoustic Mapping Process spent 5.28 sec or 53 '70 of the OSP B

resources. The remaining 13 % is spent by the OMA Controller Proccss and the kernel.



•
Chapter 6: Test Results 82

6.3 The OveraII System

Tests were carried out to detennine the perfonnance of the overall RTCAMS.

which includes the system hardware described in Chapter 3. the DSP board system

software described in Chapter 4, and the host PC system software described in Chapter 5.

This benchmark consists of measuring the number of CAMs that can be displayed in one

second on its maximum window size of 300x300 pixels while displaying the PCGs at the

same time. The results. obtained by averaging the values of ten measurements perfonned

during approximately twenty seconds of recording, show that the RTCAMS always

displays 33 frames per second. The RTCAMS was tested by recording heart sounds from

3 nonnal subjects. The details are presented in the following.

6.3.1 Methods

The recording sessions were carried out in a quiet room. The subjects lay in the

supine position and were told to relax. The acoustic probe was placed on the surface of

the subject's thorax. The number and the positions of recording sites for producing the

CAMs are important points to be considered. as emphasized in previous slUdies

[2,9.16,36]. They are detennined according to the hypothesis to be verified. the

information desired, and the method of interpolation. In the tests. the acoustic probe was

placed on three specific areas: namely the mitral, pulmonary, and aortic areas, as shown

in Fig. 6-1. The acoustic probe captures the 25 PCGs over a square area of 100 cm' with

the configuration of the microphone placement shown in Fig. 6-2. When the RTCAMS

was displaying the CAMs and the graphie of the 25 PCG envelopes in real time, the PCG

envelopes \Vere carefully monitored to ensure that they have no artifact noise. Such noise

is usually caused by the manipulation of the sensitive acoustic probe. When the graphs of

the PCG envclopes are consistent, they were saved in the computer memory and the

corresponding CAMs were analyzed in detai!. Ali the results to be presented take into

consideration the different sensitivity of the microphones by applying the procedure

proposed by Cozie [8], on the recorded data off-line.
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Fig. 6-1 The three auscultation areas used for recording the CAMs,
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Fig. 6·2 Arrangement of the microphones on the acoustic probe.

6.3.2 ResuUs

Fig, 6-3 shows the first 16 PCG envelopes recorded at the apex area of subject #1.

The chronological po~itions of S J and S2 on the PCG envelopes are c1early

distinguishable. They are separated by a 220-ms interval. with SI occurring first. The

shape of their amplitude envelopes, their duration, and their number of components vary

from one microphone to another. In gencral, S J lasts longer than S2 (90 ms vs. 60 ms)

and has a lower relative amplitude (0.7 vs. 1.0). In most cases, two components are

detected in SI with the first beginning between 0 and 44 ms followed by the second at 44

ms. S2 also reveals two close components in sorne envelopes (channels 1, 10. Il, and 13

for example) and a single componcnt for the other envelopes (channels 3. 7. S. and 9. for

example).

Fig. 6-4 and Fig. 6-5 show the CAMs of SI and S2 computcd from the PCG

envelopes of Fig. 6-3. Both figures c1early show the el'olution of the acoustic pallern.

Two components can be observed in Fig. 6-4: the first one bctween Sand 44 ms. and the
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second one between 48 and 72 ms. In the real-time CAMs. the patterns are changing

rapidly. The patterns obviously depend on the configuration of the positions of the

microphones of the probe. This is a subject matter which needs further investigation. but

it is outside the scope of the present projecl. Two acoustic patterns are also observed in

Fig. 6-5. The first one occurs between 324 ms and 340 ms and the second one between

344 ms and 370 ms.

Fig. 6-6 and Fig. 6-7 show the CAMs of S2 recorded at the pulmonary area of

subject #2 and at the aortic area of subject #3, respectively. The two figures show two

components as in Fig. 6-5 but the propagation patterns are differenl. In Fig. 6-6. the first

component is stronger than the second one. The first component appears at the lower

right of the CAM and splits into 3 components (325 ms). which rapidly attenuate at 329

ms. The second one is composed of two peaks that fade gradually (333 - 361 ms). In Fig.

6-7, the first component appears at 364 ms at the bottom of the CAM which is followed

by a stronger peak at the lower right of the image (368 ms) and a wider component at the

upper left of tht,. ;mage (373 to 381 ms). The second component is composed of two

peaks at the bottom of the CAM (386 - 407 ms).

The two main components of the first heart sound of Fig. 6-4 were found to begin

at 8 and 44 ms. respectively. These two components correspond to the mitral (M 1) and

tricuspid (TI) components of SI, as confirmed by the sequence of valvular events

demonstrated by Braunwald et al. [5,6] and by Moscovitz et al. [34]. According to many

workers in this field [5.6,30,31,34], the second component following the first by 30 10 40

ms can be attributed to the c10sure of the tricuspid valve. Similarly, the two components

observed in S2 are associated to the c10sure of the aortic (A2) and pulmonary (P2) ,'alves

whose time intervals are found to be 20 ms in Fig. 6-5 (324 to 344 ms). 12 ms in Fig. 6-6

(321 to 333 ms), and 17 I11S in Fig. 6-7 (364 to 381 ms). Thc onset of these IWO

components is known to be greatly inOuenced by the respiration of the subject as "'cil as

by other physiological factors.
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Fig. 6·3 The tirst sixteen peG envelopes reeorded at the apex area of subjeet #1. The

envelopes shows 51 and 52 with the time reference 0 set at the onset of 51.

The maximum amplitude of the envelopes is normalized to 1.0.
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6.4 Discussion

The user interface of the RTCAMS does not allow the change of the system

parameters while it is processing the PCGs or their envelopcs. The system parameters

include the amplitude range of the PCGs, the compression factor for the graphical display

of the PCGs, and the playback speed of the saved PCGs, as explained in Chapter 4 and 5.

In order to change one parameter, the system must be stopped, and thus makes it

inconvenient for c1inical applications. Removing this limitation is not feasible in

Windows 3.1' which we considered the most suitable available operating system when

we started on the project. When the user is changing one of the system parameters,

Windows 3.1 allocates ail the CPU time to the user's action, which freezes the

background tasks of the RTCAMS such as displaying the received graphical PCG

envelopes from the DSP board and refreshing the CAMs. This problem can be solved by

programming the RTCAMS under a multitasking operating system like Windows 95'.

Windows 95 would be a better operating system for the RTCAMS for many

reasons. First, as it is a 32-bit operating system. data transfers are done in 32-bit instead

of 16-bit. A fast data transfer is an important feature to speed up the RTCAMS in which

massive graphical data transfers from memory to memory are involved, such as scaling

the CAMs to fit the window. However, data transfer from the DSP board to the host PC

will be done still in 16-bit due to the ISA bus architecture of the host PC in which the

DSP board is connected. Second, there is an improvement in Windows 95 over

Windows 3.1 in displaying images in term of speed, a fcature that is primordial for the

RTCAMS. Third, because Windows 95 is a multitasking operating system, features such

as changing the system parameters while the RTCAMS is proccssing the PCGs would be

possible.

1 \Vindows 3.1, and Windows 95 arc a rcgistcrcd tradcmark for the or~rJtil1g systems dc\'clopcd by the
Microsoft Corporation.
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Porting the CUITent 16-bit Windows 3.1 application to Windows 95 can be done

\\'ithout much diflïculty. The virtual device driver (VDSPD) of the DSP board can be

recompiled with the new assembler, MASM 6.11~, with a few modifications in thc source

code in order to allow Windows 95 to recognize il. The recompiled VDSPD \\'ith MASM

6.11 could be used either in Windows 3.1 or Windows 95. Note that the CUITent VDSPD

is already a 32-bit device driver. In the dynamic link Iibrary (DLL), only the part of the

software that communicate with the VDSPD requires sorne modifications. since it is

codeù in assembler and manipulating only the first 16-bit of the CPU registers. After

these modifications, the DLL must be recompiled with Visual C++ 2.0. The RTCAMS

application can be recompiled as is. or with just a few modifications perforrned with

Visual C++ 2.0. The software for the DSPs requires no change.

1 MASM is a rcgistcrcd tradcm<lrk or Microsoft Corporation.
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Chapter 7

Conclusion

7.1 Summary

Previous studies in cardiac acoustic mapping involve the sequential acquisition of

the PCGs, envelope detection and synchronization, interpolation. and display. The

mapping process required long time consuming tedious work on the data acquired on the

surface of the thorax. In this thesis. the design, implementation, and testing of a system

for real-time cardiac acoustic mapping are presented. This system displays in real-time a

visual distribution of the PCG amplitude on the surface of a human ches!.

The real-time cardiac aeoustic mapping system (RTCAMS) \Vas implemented by

using dedicated hardware and software. An acoustic probe with 25 integrated highly

sensitive microphones is used to record the peG from the surface of a subject's thorax.

The 25 recorded peGs are then transferred to an analog demultiplexer/filter via a small

cable by using time-division multiplexing. The analog demultiplexerlfilter reconstructs

and ftlters the 25 PCGs. A specially designed PCG pre-processing board extracts the
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envelopes from the 25 PCGs and multiplexes them prior to their analog-to-digital

conversion.

ln this system. data acquisition and upload to a high-speed OSP board are

processed in parallel with the computation of the CAMs. the computation of the 25

graphical PCGs or their envelopes. and the transfer of both graphical data to the host Pc.

The two parallel processes are distributed in two TMS320C40s on a Spectrum OSP

board. The three essential components of the RTCAMS are the data acquisition

performed by the first OSP. the computation algorithms of the CAMs and the graphical

display of the CAMs and the PCG envelopes performed by the second OSP. Ali three

algorithms are written in assembler to improve the overall speed of the system. A real­

time micro-kernel is implemented in the second OSP to improve the use of the OSP

resources among the following three parallel tasks: the computation of the CAMs. the

computation of the graphical PCGs. and the transfer of both graphical data to the host Pc.

The RTCAMS uses Windows 3.1 for its graphical user interface. To support a

real-time display of the CAMs and the graphical PCGs. three special techniques were

incorporated in Windows programming. First. because of the enormous data transfers. a

virtual device driver was developed to speed up the data transfer between the host PC and

the OSP board. Second. since Windows 3.1 has a poor performance in displaying images

in real time, a double buffering technique was used. Third. the Windows 3.1 system

palette was modified to map exactly the color palette of the RTCAMS to avoid Windows

3.1 doing the color translation prior to the display. The RTCAMS was tested by recording

heart sounds from 3 normal subjects. The results show that the system can process the

CAMs in real lime (33 CAMs per seconds).
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7.2 Suggested Future Developments

The main task of the present project was on the dcvelopment of the software for

the RTCAMS and thus certain limitations of the system have not been dealt with. First,

the acoustic probe is sensitive to ambient noise and therefore recordin", must be

performed in a quiet room. The acoustic probe has a thin layer of silicon which covers

the surface of the open cavities of the air-coupied microphones (sec Appendix B). This

material is used to electrically isolate the subject from the microphones and lO facilitate

the cJeaning of the acoustic probe. However, it has the drawback of atlenuating the

sensitivity of the microphones byapproximately 10 dB. In addition, the sensitivity of the

microphones varies from one channel to another with differenccs in amplitude of +6/-12

dB, as shown in Appendix D. This variation should be compensated on-line by the

procedure proposed by Cozic [8], for example.

The same gain factor is integrated in each PCG channel of the present system.

However, the intensity of the PCGs reaching the surface of the thorax is variable

depending on the subject and the recording location on the thorax for a given subject.

Therefore, it would be Detler to have a software controllable gain amplifier for each PCG

channel in order to scale the PCGs to the input amplitude range of the data acquisition

board and thus maximize the signal-to-noise ratio. A user interface allowing the software

to control the gain of each channel at any time should be implemented.

One important feature that needs to be included is the acquisition of the ECG as a

reference for detennining the cardiac events (systole and diastole). Integrating the ECG

in the system software can be done casily because it can be viewed as an additional PCG

signal. For the system hardware, one PCG channel with a permanent bypass of the PCG

envelope detector cOllld be used. Indeed, the pre-processing board was originally

designed to acccpt up to 32 input channels. The ECG \\'ollid allow to dcJimit the cardiac

cycles and perform averaging of the PCGs on multiple cardiac cycles. Ensemble
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averaging would improve the quality of the CAMs. and it should be a pan of the future

developmenl.
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Appendix A

The PCG Pre-Processing Board Schematics
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Appendix B

Schematics and Illustrations of the

Acoustic Probe
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Appendix C

The Analog Demultiplexer Schematics
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Appendix D

The Sensitivity of the 25 Microphones of the

Acoustic Probe
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1- 25 CHANNEL PROBE'

(

Sensitivitv of the 25 microphones:

Microphone DC offset Signal 100 Hz Signal 200 Hz Notes
(rnvolls) (rnvolls) OdB=200rnv (nwolts) OdB=200rn"

1 -20 300 +3.50 400
2 -20 200 0 300
3 -20 300 +3.50 400
4 -25 300 +3.50 400
5 -25 300 +3.50 350
6 -10 400 +6.00 600 +6.00 strong
7 -10 350 +4.86 400
8 0 300 +3.50 300
9 -30 300 +3.50 300
10 -40 250 +1.94 400
Il -20 100 -6.00 100
12 -30 350 +4.86 375
13 -20 400 +6.00 400
14 -10 400 +6.00 500
15 +10 400 +6.00 600
16 -10 300 +3.50 400
17 -20 400 +6.00 500
18 -50 50 -12.00 100 -12.00 weak
19 -30 350 +4.86 450
20 -40 350 +4.86 400
21 -20 150 -2.50 200
22 0 250 +1.94 300
23 -20 350 +4.86 500
24 -40 100 -6.00 300
25 -10 350 +4.86 400
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Appendix E

The PC 1/0 MAP of the DSP Board



• Table 1 shows the fourleen registers of the PC 1/0 map of the OSP board which

arc used in this project. The Colltrol register resets the OSP board and its four C40

modules, and selects the PC IRQ line [41]. The BAR register is used to set the base

addresses of Bloek 1 and the LIA Block by software. The next four pairs of Link Data

registers are the links to the communication pons of the four C40 modules. Each pair of

registers can rcad or write 32-bit data from/to a communication port of a C40 module in

two operations, 16-bit at a time, due to the 16-bit ISA bus. The Stallls register has four

bits composed of a tlag from the OSP of each C40 module. each tlag indicating that the

corresponding C40 module is rcady (1) or not (0) for the execution of the loaded program.

The purpose of these tlags is to synchronize the execution of ail C40 modules by starting

them at the same time. In response, when ail the modules are ready, the PC sends the

"start" signal to the communication ports of ail OSPs.

The fllterrupt StalIIs register contains four bits, each of them. if set, indicates the

presence of a data in the corresponding communication port of a C40 module. and it can

be read from the corresponding Link Data register. The fllterrupt Statl/S and the bllerrupt

Select registers share the same address in the LIA Block. Thus. reading from that address

will give the fllterrl/pt Statl/S, while writing to that address will set the fllterl1lpt Select

register to select one or multiple eommunication ports of the C40 modules that can cause

interrupts to the PC by using the fllterrupt EnabJe register. Additional information. can be

obtained from the Quad C40 Processor Board Technical Reference Manual [41 J.
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Table 1 PC 1/0 Map of the DSP board

Address (hex) Register Read/Write

Base Address of Bloek 0 +10 Control W
Base Address of Block 0 +18 BAR W
Base Address of LIA Block + 00 C LINK DATA - C40 Module C - (LSW) RIW
Base Address of LIA Block + 02 C LINK DATA - C40 Module C - (MSW) R/W
Base Address of LIA Block + 04 A LINK DATA - C40 Module A - (LSW) Rl\V
Base Address of LIA Block + 06 A LINK DATA - C40 Module A - (MSW) Rl\V
Base Address of LIA Block + 08 D LINK DATA - C40 Module D - (LSW) RIW
Base Address of LIA Block + OA D LINK DATA - C40 Module D - (MSW) Rl\V
Base Address of LIA B10ck + OC B LINK DATA - C40 Module B - (LSW) RIW
Base Address of LIA Block + OE B LINK DATA - C40 Module B - (MSW) Rl\V
Base Address of LIA Block + 10 Status R
Base Address of LIA Block + 12 Interrupt Status! Select (readlwrite) Rl\V
Base Address of LIA Block + 14 Test Rl\V
Base Address of LIA Block + 16 Interrupt Enable W

LSW =Least Significant Word (l6-bit)
MSW = Most Significant Word (I6-bit)


