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ABSTRACT

DESIGN OF A PDA-BASED STETHOSCOPE FOR PULMONARY
SOUND PARAMETRIZATION AND CLASSIFICATION

Technological developments made in the near past, gave us a chance to analyze
respiratory sounds quantitatively. Digitization of respiratory sounds, obviously, was the
key in the analysis of respiratory sounds. Although the stethoscope is still the most
practical tool, some of its drawbacks may be eliminated with a digital hand-held tool

designed for the same purposes.

In this thesis, a one-channel respiratory sound acquisition and analysis system has
been designed and implemented. Respiratory sounds are captured via a microphone placed
on the chest wall. They are then amplified and filtered by a hardware system, designed for
the purposes of this thesis. Finally, they are digitized and processed in a hand-held device.
A user interface program is written to process digitized respiratory sounds in LabVIEW,

which classifies the subject as healthy or pathological.

This hand-held device designed as a digital stethoscope eliminates the need of a
physician during recording and is very useful as a first stage screening device. Moreover, it
records data over a wider bandwidth than that of a stethoscope, where most of the useful

information is contained.



OZET

AKCIiGER SESLERININ PARAMETRELENMESI VE
SINIFLANDIRILMASI iCiN PDA TABANLI BiR STETOSKOP
GELISTIRILMESI

Yakin ge¢miste yapilan teknolojik gelismeler, bize akciger seslerinin sayisal olarak
analizinin yapilabilmesi olanagini taniyor. Solunum seslerinin sayisallastirilmasi, siiphesiz
ki bu seslerin analizinin yapilabilmesinde anahtar bir konumdadir. Stetoskop, hala bu
alandaki en pratik alet olsa da, ayn1 amag i¢in tasarlanmis bir cep bilgisayar1 stetoskobun

bazi olumsuz yonlerini ortadan kaldirabilir.

Bu tezde, tek kanalli solunum sesi edinim ve analiz sistemi tasarlanmis ve
gerceklenmistir. Solunum  sesleri, sirta yerlestirilmis bir mikrofon vasitasiyla
kaydedilmistir. Daha sonra bu veriler, bir donanim devresi vasitasiyla yiikseltilmis ve bant
geciren siizgec ile siiziilmiistiir. Son olarak da cep bilgisayan ile sayisallastirilmis ve
islenmistir. LabVIEW’da sayisallastirilmis solunum seslerini islemek icin, kisiyi saglikli

ya da hasta olarak sinmiflandiran bir kullanici arayiiz programi yazilmistir.

Dijital stetoskop olarak gelistirilmis bu cihaz, dinleme sirasinda hekime olan ihtiyact
ortadan kaldirir ve ilk adim goriintiileme cihazi olarak ¢ok kullanighdir. Ayrica, bu cihaz,

cogu kullanigh bilgilerin oldugu, stetoskoptan daha genis bir aralig1 dinleyebilir



TABLE OF CONTENTS

ACKNOWLEDGEMENTS ... e iii

ABSTRACT e iv

OZET oo, v

LIST OF FIGURES ... e viii

LIST OF TABLES ... e, Xxi
LIST OF SYMBOLS/ABBREVIATIONS ...t xii

1. INTRODUCTION ...ttt 1

1.1. Respiratory SOUNdS ..........oouoiuiiiiitii i e 2

1.2. Motivation and AIM  .......o.iitiiii e 3

2. HARDW ARE .o 5

2.1. Microphones and Air CapsSules ...........oooiiiiiiiiiii i 6

2.2. Amplifier and Filter Unit ..o e 8

2.2.1. Instrumentation AmMplfier ..........c.ocooiiiiiiiiiiiiii 9

2.2.2. High-Pass Filter ...... ... 10

2.2.3. Low-Pass Filter .........ccooiiiiii e, 12

2.2.4. Level AdJUSIEr ..o.uineiiii i 12

2.2.5. Frequency ReSPONSES ........couiiuiiiiiiiitiiiiii i 14

230 POWET oo, 14

24 P A 15

2.5. Digitization Unit ........cooiiiiiii e 16

3. SOFTWARE AND METHODOLOGY ....uiuiiiiiiitiiiiieieeee e 18

3.1 User Interface ......o.ooiiiiiiii i 19

3.2, Data ACQUISILION ...ouuenniintit e 21

3.3. Graphical TIIUStration ............coiiiiiiiiii e 23

TR 151 ) o P 23

3.4.1. Power Spectral Density ...........coooiiiiiiiiiiiii e 24

3.4.2. Spectral Leakage ..........oooiiiiiiiii i 25

3.4.3. WINAOWING ..neenitie e e, 26

344, AVETAZING .ottt 28



3.4.5. Library Program ............ccooiiiiiiiiii 30

3.5, K-NN ClassifiCation .........oeiuitiuiitiit i 32
36, ANALYSIS . entintit i 36
4. RESUL TS o 37
4.1. Offline Results ........cooiiiiiiiii e 38
4.2, 0nline ReSUlts .......o.oiiiiiii i 39
5. CONCLUSION L.ttt e 41
6. FUTURE WORK RECOMMENDATIONS ..ot 43
APPENDIX A: TECHINAL DRAWING OF THE
MICROPHONE CAPSULE ... .ttt 44
APPENDIX B: MICROPHONE SPECIFICATIONS ......ccoiiiiiiiiiiiiiieieeenen, 45
APPENDIX C: DAQ CARD SPECIFICATIONS ....ciiiiiiiiiii i 46

REFERENCES ... 48



Figure 1.1.

Figure 1.2.

Figure 2.1.

Figure 2.2.

Figure 2.3.

Figure 2.4.

Figure 2.5.

Figure 2.6.

Figure 2.7.

Figure 2.8.

Figure 2.9.

Figure 2.10.

Figure 2.11.

Figure 3.1.

LIST OF FIGURES

An example of early stethOSCOPES ......oovueiniiiiiiiii e 1
Block diagram of the overall System ..............c.ociiiiiiiiiiiiiiiiiiian.. 3
A picture of complete hardware ... 6
Drawing of the microphone ..............coooiiiiiiiiiiiiiiiiiiiiiii e, 6
The microphone I0CaAtIoNS .........oueiieiiiiiiie i eeeee e 7
Block Diagram of Amplifier and Filter Unit ................c..coii. 8
A picture of Amplifier and Filter part ... 9
Unity-gain HP KRC filter ..., 10
The equal-component LP KRC filter .................ooiiiiiit, 13
Frequency Response of the Amplifier and Filter Unit ......................... 14
HP iPAQ 2790 EU PDA ... 15
NICF-6004 ... e 16
NI CF-6004 Installation ...........cooouiiiiniiiiniiiii i, 16

An example that shows how front panel and block diagram look like,

TESPECHIVELY .ttt 19



Figure 3.2. User Interface-Data Acquisition Tab ..., 20

Figure 3.3. User Interface-Analysis Tab ... 21
Figure 3.4. NI-DAQmx Base Task Configuration Utility .............c.c.coovieiiiiiiie 22
Figure 3.5. Features of Power Spectral Density vi in LabVIEW ........................... 24
Figure 3.6. Waveform with Discontinuitie€s ..............c.ccooeviiiiiiiiiiiiiininiennein 25
Figure 3.7. Spectral Leakage ...........ccooiiiiiiiiiiii 26
Figure 3.8. Windowing effect on Spectral Leakage ................coooiiiiiiiiiii. 27
Figure 3.9. Hamming window and its frequency response ...............cccceeevieennnn.. 27
Figure 3.10. Hamming window with N=32 ... ... ., 28
Figure 3.11. Library Program ............coooiiiiiii e 31
Figure 3.12. Window CTEAtION .......coueuiiuiintitit e 31
Figure 3.13. Quartile Frequencies .............coooiiiiiiiiiiiiiiiiiiiiii e 32

Figure 3.14. Validation of k-NN classifier with “Leave One Out” method on the library 33

Figure 3.15. Graphical illustration of k-NN classification with k=5 ......................... 34

Figure 3.16. User interface of LabVIEW program that calculates the percentage

success rate of the library ... 34

Figure A.1. Technical drawing of the microphone capsules ...................c.oooinie. 44



Figure B.1. Microphone specifications

Figure C.1. Specifications of DAQ card



LIST OF TABLES

Table 2.1. Q and normalized fO values for 6th order Bessel LPF ........................... 11
Table 2.2. Resistor values for HPF ... 11
Table 2.3. Current consumption of ICs used in the system ..................cocooiiiininn. 15

Table 3.1. k-NN success rate of different averaging numbers for 25 percent overlap

Table 3.2. k-NN classification success rates of the library for various window sizes for

k=5, 25 percent OVerlap ...........coooiiiiiiii e, 35

Table 3.3. k-NN classification success rates of the library for various k and overlap

A2 1 L 1T 36

Table 4.1. Offline and online results for different “k” and “overlap” values for

“window size=2048" and “averaging=15" ...t 37
Table 4.2. Offline reSults ........o.oieiiiiii e 39
Table 4.3. Online reSUltS ......o.ouiitiiti e 40
Table C.1. Terminal ASSINMENES .....c.uiinttinntittitt et eaeenneenaes 47

Table C.2. Signal DesCTiPtiOnS ........c.ceuuitiitiitii i 48



LIST OF SYMBOLS/ABBREVIATIONS

CMRR Common mode rejection ratio
DAQ Data acquisition

HP High-pass

HPF High-pass filter

1A Instrumentation amplifier
k-NN k-Nearest Neighbor
LabVIEW Laboratory Virtual Instrumentation Engineering Workbench
LP Low-pass

LPF Low-pass filter

PSD Power Spectral Density

PC Personal computer

PCB Printed circuit board

PDA Personal digital assistant
RAM Random-access memory
SMD Surface mount device

VI Virtual instrument



1. INTRODUCTION

Auscultation of respiratory sounds has a crucial role since ancient times in medicine.
Findings show that Hippocrates advised “immediate auscultation” which is the application
of the ear to the patient’s chest. [1] In 1816, René Théophile Hyacinthe Laénnec invented
stethoscope, which is combination of Greek words “stéthos-chest” and “skopé-
examination”. The first stethoscope was a simple narrow tube, with a rolled stack of paper.
When pressed one end to the patient’s chest, he was able to listen more than “immediate
auscultation” from the other end. Thereafter, it had lots of improvements and took its
present form. Since its invention, it became the most widely used tool of a physician and

never lost popularity.

Figure 1.1. An example of early stethoscopes

Inherit design of stethoscopes is such that they amplify frequencies below 112 Hz
and attenuate higher frequencies. Amplification at low frequencies is to be able to hear

heart sounds. However, human ear is not very sensitive to sounds at these frequencies. [2]

The respiration-related sound heard on the chest of a healthy person is called normal
lung sound. It is like a noise that peaks at frequencies below 100 Hz. At these low
frequencies, respiratory sounds are mixed with heart and muscle sounds. Energy of
respiratory sounds decrease rapidly at frequencies between 100-200 Hz. [1] The upper
level goes to 2000 Hz and 6000 Hz for normal and adventitious respiratory sounds

respectively. [3]



Considering the characteristics of respiratory sounds and stethoscopes, the
drawbacks of stethoscopes may be summarized as follows. Firstly, auscultation via
stethoscope is subjective and depends highly on physician’s experience and hearing
capability. Moreover, human ear is not very sensitive to lower frequencies despite the fact
that, most of energy lies at these frequencies. Furthermore, graphical illustration and
saving records is not possible with a stethoscope. Moreover, pathological pulmonary
sounds extend well beyond the frequency range of the stethoscopes, thus are attenuated to

a great extend.

So, most of these disadvantages may be eliminated by using a “digital” stethoscope.
This “digital” stethoscope captures respiratory sounds via a microphone which has a much
wider frequency range, and filters them via a hardware system. Filtered data is digitized
and analyzed via a PDA. Therefore, this “digital” stethoscope makes it possible to save, to
graph and to analyze respiratory data of patients. Subjectivity of stethoscope is also

eliminated with this device.

1.1. Respiratory Sounds

Respiratory sounds are considered to be produced by turbulent air flow in trachea.
Sounds heard on the chest wall, depend primarily on characteristics of chest wall and
filtering effect of lung tissue. The chest wall tends to show low-pass filtering effects and
therefore sounds transmitted from the proximal airways are mostly of low frequencies. So,
high frequency components of pulmonary sounds have low energy, but contain valuable

information for the detection of underlying pathology. [1]

Abnormal respiratory sounds consist of either absent or reduced intensity normal
respiratory sounds, exaggerated or excessively loud but otherwise normal respirtory
sounds, pathological (bronchial) respiratory sounds, and adventitious sounds - additional
sounds not normally present. The current terminology of adventitious respiratory sounds is

defined as either continuous or discontinuous. [4]



1.2. Motivation and Aim

The aim of this thesis is to design a digital stethoscope that overcomes the

disadvantages of an acoustic stethoscope.

A hand-held device, capable of capturing respiratory sounds and making analysis,
may make auscultation a much more valuable diagnosis tool. Moreover, it may offer the
physicians the opportunity to look and store a graphical illustration of patient’s respiratory
sounds. Physicians will have a chance to take a look at graphical illustration of patient’s
respiratory sounds. Therefore, the subjectivity of auscultation via stethoscope may be
eliminated. Moreover, the physicians may have a chance to observe respiratory sounds at

frequencies where human ear is not very sensitive.

Figure 1.2 shows block diagram of the overall system. Respiratory sounds are
captured by an electret microphone, and then amplified and band-pass filtered (constructed
with a cascade of a high-pass filter and a low-pass filter). Thereafter, they are digitized by
a DAQ card placed on the hand-held device (PDA). Finally, respiratory sounds are
displayed, stored and processed by PDA.

Signal

Ilicrophone Lew el Lo
> 1A s HPF —| LPF — —r| Diziization |—s) Processing

Output Adjuster

Hardware Unit PDA

|24 Instrurmentation Amplifier
HPF: High-pass filter
LPF: Low-pass filter

Figure 1.2. Block diagram of the overall system

A user interface program has been written, to process digitized data. It displays
graphical illustration of respiratory sounds of subjects and analyzes them. It can record
respiratory data of subjects and make a decision whether the subject is healthy or not with

some accuracy.



Such a small hand-held device, designed as a digital stethoscope, offers new
opportunities in medicine. It can be used at homes as a pre-diagnosis tool so that people
will have a chance to regularly control their breath sounds without any need a physician.
Or it can be used in small towns or rural areas where it is hard to get an advanced

treatment, as a pre-diagnosis tool.

The algorithm running on the device lets the subjects know whether their lungs are
pathological or not. However, it can be improved to accomplish more tasks as recording
patients’ respiratory sounds and replaying them. The scope of the thesis is to demonstrate
that a digital hand-held device that is capable of capturing, processing, and analyzing

respiratory sounds is achievable.



2. HARDWARE

A hardware card is necessary to capture respiratory sounds, and then amplify and
filter captured data, and finally digitize amplified and filtered data to be able to process by
a hand-held device.

Respiratory sounds are captured via an electret microphone placed on the chest wall.
Captured data are band-pass filtered (a cascade of a high-pass and a low-pass filter) in
order to eliminate environment and friction noise, muscle and heart sounds. Thereafter,
filtered data are amplified since they are small in magnitude. Finally, they are digitized by
a DAQ card which is placed on a hand-held device (PDA). Digitization is necessary to be

able to process respiratory sounds on a PDA.

Hardware card (Amplifier and filter unit) design belongs to the Master Thesis of Ipek
Sen. [6] Nevertheless, for a complete understanding of this work, all hardware units will be

explained in detail.
Hardware unit can be divided into 4 parts as follows:
i.  Microphones and air capsules
ii.  Amplifier and filter unit
iii. Digitization unit

iv. PDA

A picture of complete hardware can be seen in Figure 2.1.



Figure 2.1. A picture of complete hardware

2.1. Microphones and Air Capsules

Respiratory sounds are captured using the Sony ECM-44BPT electret microphone
with three leads (5 Volt supply, ground and signal). Figure 2.2 shows a drawing that

depicts the cross section of the microphone and air capsule.

Microphone
Capsule
Conical air gap

Figure 2.2. Drawing of the microphone [6]

As can be seen from the figure, the design of the microphone is very similar to the
design of the stethoscope. There is a conical air gap between microphone and skin which
makes respiratory sounds more audible. When coupled to the skin with a capsule [8],

similar to a stethoscope bell, this type of microphone is a sensitive lung sound transducer.



This explains why this type of microphone is commonly used in capturing respiratory
sounds. Also, these small electret microphones are widely available for speech and music

recording. [2]

For microphone locations, a detailed study has been conducted by Ipek Sen with the
guidance of a physician specialized in pulmonary medicine in her master thesis, and this
valuable information is used. In order for a complete understanding, the work has been

mentioned here. The microphone distributions are shown in Figure 2.3.
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Figure 2.3. The microphone locations [6]

The distribution of microphones scans all of the chest wall. However, since the
designed system consists of one channel, one location among 14 should be selected.
Location shown as “7” in the figure, is the best place to obtain the flow as has been shown
in a study conducted in our laboratory. Therefore, if one location has to be selected among

14, the location numbered as “7” is the best.

The technical drawing of the microphone is given in Appendix A and its

specifications are given in Appendix B.



2.2. Amplifier and Filter Unit

This unit takes lung sounds from a microphone, filters and amplifies, and then sends
them to the DAQ card to be digitized. One microphone forms a respiratory channel which
consists of an instrumentation amplifier, a high-pass filter, a low-pass filter and a level

adjuster [6]. Apart from respiratory channels, there is a voltage regulator part.

Normal lung sounds tend to occur at frequencies between 37.5 and 1000 Hz. Some of
the energy lies at frequencies below 100 Hz. The heart and muscle sounds also occur at
frequencies below 100 Hz, so they are mixed up at these frequencies. [1] Therefore, there
is a need to filter frequencies below 100 Hz. Most researches show that a filtering with cut-
off frequency in the range of 30-150 Hz should be applied to eliminate heart and muscle
sounds. [5] Also, another filtering with cut-off frequency in the range of 1600-3000 Hz
should be applied for anti-aliasing. Block diagram of the Amplifier and Filter unit can be

seen in Figure 2.4.

Micronts High- Low- Level
terophone Lnplifier Fass — Faszs — . —_
—» —» DAQ Card
Catput Filter Filter fudjuster Q Car

Figure 2.4. Block Diagram of Amplifier and Filter Unit

Figure 2.5 shows a picture of PCB. As mentioned above, this PCB is designed for a
14 channel pulmonary sound data acquisition along with flow data. However, one channel
data acquisition without flow control is implemented in this work. Therefore, flow part
shown in the picture is not used and only one unit among four is used in IA and LPF part.

Also, cut-off frequency of LPF is adjusted to 2000 Hz.
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Figure 2.5. A picture of Amplifier and Filter part

2.2.1. Instrumentation Amplifier

An instrumentation amplifier is a difference amplifier which has following

characteristics:

e ow noise,
eHigh CMRR,

¢ Accurate and stable gain,

INA128 (Burr-Brown) has been chosen which is a low-power and precision
instrumentation amplifier. It has wide supply range which changes from +2.25 to £18 V
with a low quiescent current of 700 pA. It has a maximum offset voltage of 50 uV, a
maximum drift of 0,5 pV/°C, a minimum CMRR of 120 dB and input protection up to +40

V. It has also an adjustable gain of which can be calculated as follows:



50 kO @2.1)

2.2.2. High-Pass Filter

The low frequency environment and friction noise and muscle and heart sounds exist
and need to be filtered from the recorded lung sounds. Researches show that cut-off
frequency of the high-pass filter should be somewhere between 30 and 150 Hz and pass-
band ripples should not be allowed [5]. Researches also suggest to use linear phase
response and to have a skirt slope should be greater than 18 dB/oct [9]. These requirements
are best achieved with a 6™ order Bessel filter which results a slope of 36 dB/oct in the

reject-band. The cut-off frequency is chosen to be 80 Hz.

The 6™ order HP Bessel filter is implemented with 3 cascaded unity-gain HP KRC
filters. The unity-gain HP KRC filter can be shown in Figure 2.6 and equations for HP

KRC filters are given below.

Vi mR

Figure 2.6. Unity-gain HP KRC filter [7]
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Normalized f and Q values for the 6™ order LP Bessel filter are given in Table 2.1.

Table 2.1. Q and normalized fO values for 6th order Bessel LPF [7]

f()l Ql f02 QZ f03 Q3

1.606 0.510 1.691 0.611 1.907 1.023

To obtain cut-off frequencies of a HPF, the equation given below is used:

f (2.4)
foible

fo=

where fc is the cut-off frequency of the overall filter and fj is the cut-off frequency of
one stage. Using this equation, Q and f values of 3 stages of 6™ order Bessel HPF can be
obtained easily. Setting n=1 and C=100 nF and using equations 2.2 and 2.3, following

resistance values given in Table 2.2 are calculated [6].

Table 2.2. Resistor values for HPF [6]

m R (kQ) mR (kQ)
Stage 1 4.2 18.5 (18.7) 77.7 (76.8)
Stage 2 L5 27.5(27.4) | 41.25(41.2)
Stage 3 ~1 32 (32.4) 32 (32.4)

MC33204, low-voltage rail-to-rail operational amplifiers are used to implement 6th
order Bessel HPF. They offer low noise, high output current capability and a wide common
mode input voltage range even with low supply voltages. They have 70 dB CMRR value at
1 kHz and supply voltage of them ranges from 0.9 V to 6 V.



2.2.3. Low-Pass Filter

To prevent aliasing, LP filtering is needed. Researches indicate that cut-off frequency
of LPF should be somewhere between 1600 and 3000 Hz [10]. Higher frequency values
may also be chosen to include more details. Moreover, pass-band ripples are not allowed
and minimum skirt slope should be 24 dB/oct [9]. So, an 8" order Butterworth filter seems

to be suitable to meet these requirements with a 46 dB/oct slope in the reject band [5].

MAX295, an 8" order Butterworth LPF with adjustable cut-off frequency is used.
The cut-off frequency can be determined both externally and internally. Internal oscillator
is chosen to be clock source of cut-off frequency to prevent noise problems caused by

external clock generation. The cut-off frequency of filter can be calculated as follows:

_E 2.5)
50
where fosc 18
105 (2.6)
£ -
DSCG&IZ}:?@DS c(pF)

where Cogc is an external capacitor that should be connected to CLK pin of
MAX?295 to set cut-off frequency. To make it a flexible design, two different cut-off
frequency values are chosen, 2000 and 4000 Hz resulting in the choice of 330 and 165 pF,

respectively. With a jumper, desired cut-off frequency selection can be made.

According to Nyquist Theorem, cut-off frequency of LPF should be below half of the
sampling frequency. So, sampling rate should be at least 4000 Hz.

2.2.4. Level Adjuster

MAX295 used as an 8" order Butterworth LPF is a switched-capacitor filter,

therefore its output should be smoothened. In addition, a final gain stage is also needed



since the gain of the preamplifier is not made very high to prevent the saturation of IA by
heart and muscle noise. To meet these requirements, an equal-component LP KRC filter

(m=n=1) is used with a gain of 2 and is depicted in Figure 2.7 [5].

mR R

—4 Vo
Vi C —_ + fo

I

Figure 2.7. The equal-component LP KRC filter (m=n=1) [7]

For equal-component case, design equations are

1 (2.7)
b= Re

_ ] (2.8)
=%

R (2.9)
=1+—
E=1 R

10 kHz is a good choice for cut-off frequency since it is greater that the cut-off
frequency of LPF. Choosing gain to be equal to two results in Ry=Rp (=10 kQ selected).
Then, choosing C= 10 nF results in R= 1.5 kQ [6]. Again, MC33204, low-voltage rail-to-

rail operational amplifiers are used to build the level adjuster.



2.2.5. Frequency Responses

Cut-off frequencies of a band-pass filter are defined to be the points where output of
the filter is -3 dB of the pass-band value. For the hardware that is used to record respiratory
sounds, they are 90Hz and 2100 Hz. Frequency response of the hardware can be seen in

Figure 2.8.
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Figure 2.8. Frequency Response of the Amplifier and Filter Unit

2.2.6. Power

The system is powered with £12 V supplies. Since MAX295 works only with +5 V
supplies, £12 V is converted to +5 V via puA7805 and pA7905 voltage regulators.

Typical and maximum current consumption of ICs used in the system are given in
Table 2.3. According to these values, power consumption is between 193 mW (typical) and

272.5 mW (maximal).



Table 2.3. Current consumption of ICs used in the system

mA Isupp typ. Isupp max.
INA128 0.7 0.75
MAX?295 15 22
MC33204 0.9 (per amp.) | 1.125(per amp.)

2.9. PDA

As a hand-held device, a PDA, HP iPAQ hx2790 EU is used. The hx2790 uses
Windows Mobile 5, and it is likely to be the fastest Windows Mobile 5 Pocket PC (2006).
It offers a 624 MHz processor, 192 MB of flash ROM for program and file storage, 64 MB
RAM, WiFi, Bluetooth, biometric fingerprint security, an SD slot and a CF type II slot. It
has a 3.5" TFT touch-screen of resolution 240 x 320.

Figure 2.9. HP iPAQ 2790 EU PDA

Its CF slot enables the user to place a DAQ card for professional applications. In
addition, its WiFi feature enables the user to share information on the internet which is a
desired feature for professional applications. It gives a chance to share the results of a

subject with another doctor or send it to the subject via e-mail.



2.10. Digitization Unit

National Instruments CF-6004 data acquisition (DAQ) device is used for digitization.
It has 4 analog, single-ended input channels which have 14 bit ADC resolution and uses
successive approximation. It has 200kS/s sampling rate for single channel finite data
acquisition, 132 kS/s aggregate sampling rate for multichannel finite data acquisition, 18
kS/s sampling rate for monitoring continuous data acquisition and 1 kS/s sampling rate for
graphing continuous data. More information about specifications of DAQ card can be

found in the Appendix C.

Figure 2.10. NI CF-6004

This DAQ card is placed on PDA’s DAQ card slot as shown in the figure:

1 PDAWIN Type | CompactFlash Siot 4 Accessory
2 Ml CR-E00d 5 InpubiCutput Cablke
3 14 Cable

Figure 2.11. NI CF-6004 Installation



Pin diagram of DAQ card can be found in Appendix C, Table C.1 and Table C.2:
Only AI GND, AIO and All pins are used for purposes of the thesis.

DAQ card can be used only with NI LabVIEW PDA software and NI-DAQmx Base
software must be installed on NI LabVIEW PDA software for PDA device to be able to
recognize DAQ card. For these purposes, NI LabVIEW 8.5 PDA version and NI-DAQmx

Base 3.0 version are used.



3. SOFTWARE AND METHODOLOGY

A software program that will run on the PDA is developed to analyze incoming
analog respiratory sounds. This program, basically, controls the digitization of analog

sounds and provides user interfacing to analyze and process respiratory sounds.

LabVIEW (Laboratory Virtual Instrumentation Engineering Workbench) is a
platform and development environment for a visual programming language from National
Instruments. LabVIEW which is a commonly used program in signal processing offers a
PDA version to accomplish this kind of a task. It has also a DAQ card driver (NI-DAQmx
Base is the name used by NI) which gives the user the opportunity to control and analyze
analog respiratory sounds. So, combining these 3 software, namely LabVIEW (PC edition),
LabVIEW PDA and NI-DAQmx Base, lets the designer to control and digitize respiratory
sounds coming from hardware unit, and then process and analyze the data to make a

decision on whether the subject is pathological or not by a PDA.

LabVIEW PDA 8.5 is used in this thesis to develop a software program. This PDA
version does not have the all functionality that LabVIEW 8.5 provides for PCs. Therefore,

it is a limited edition which makes the design more difficult.

The software is installed in the following order: First, LabVIEW 8.5 is installed into
a PC, and then PDA extension for LabVIEW 8.5 is installed, and then finally NI-DAQ
Base 3.2 is installed for DAQ Card utilities.

All software is created in a PC by using LabVIEW PDA program, and then
transferred into a PDA in an executable (.exe) format. Therefore, all codes are created in a

PC, no algorithm is developed in PDA.

LabVIEW programs/subroutines are called as VIs (Virtual Instruments) since they
imitate real instruments. VIs have 3 parts: the front panel, the block diagram, and the
icon/connector. The last is used to represent the VI in the block diagrams of other calling

VIs. Figure 3.1 shows how front panel and block diagram look like.
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Figure 3.1. An example that shows how front panel and block diagram look like,

respectively

3.1. User Interface

A user interface program has been developed for digitization of analog respiratory

sounds, and then processing and analyzing digitized data.

The user interface has two tabs one of which is for data acquisition and graphical

illustration. The other tab is for data analysis which decides whether the subject is

pathological or not.

In the first tab, there are “Start”, “Open”, and “Exit” options. Also, there is “DAQmx

Base Task” drop-box to select desired DAQ tasks, “Samples” box which shows how many

samples are loaded when pressed to “Open” button, and “Time” box which shows how

much time elapsed in seconds since “Start” button is pressed. Figure 3.2 shows how first

tab looks like.
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Figure 3.2. User Interface-Data Acquisition Tab

In the second tab, there is “Analyze” option, which analyzes any saved data and
compares it with the library to make a decision whether the subject is pathological or not.
When the subject is healthy, a small led turns green. Also, there is “Analyzed File” section
which shows selected data to be analyzed, “Samples” box which shows how many samples
selected data have, “Percentage” box which shows percentage of accuracy of decision.
Finally, there are “f25”, “f50”, “f75”, and “f90” arrays which contain quartile frequency

data of selected data.



Figure 3.3. User Interface-Analysis Tab

3.2. Data Acquisition

Data acquisition starts when “Start” button is pressed. Data acquisition is
accomplished according to the task selected via “DAQmx Base Task™ drop-box. The tasks
shown in the drop-box are configured under “NI-DAQmx Base Task Configuration

Utility” in LabVIEW. Figure 3.3 shows how this section looks like.
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Figure 3.4. NI-DAQmx Base Task Configuration Utility

There are many options that can be configured under this section. Most important
ones are “Device” which includes DAQ card models, “Channel Enable” which allows us to
enable desired channels, “Scan Rate” which allows us to select desired sample rate, and
“Number of Scans” which allows us to select maximum number of samples to acquire.
Since hardware unit filters respiratory sound with 2000 Hz, 4000 Hz is selected as “Scan
Rate” (Nyquist’s Sampling Theorem) and 32000 as “Number of Scans” since the PDA
device can capture 32000 successive samples. Also, NI 6004 is selected from the drop-box

since this DAQ card is placed on the PDA device.

Let us look at how data acquisition occurs. When ““Start” button is pressed, DAQ
Card starts acquiring data from selected channels with selected Scan Rate (Channel 0 and
4000 Hz selected). LabVIEW code builds an array of size 32000 and then asks the user
whether to save the data or not. If pressed “OK”, it asks for a name and location for
acquired data. It saves the data in “.dat” format which is not a human-readable format but
takes up about half the space as compared to text files. If pressed “Cancel”, it discards the

array built and is ready for a new data acquisition session.

Although this PDA is one of the best in the market, its low memory limits real time
data acquisition. Initial plan was to capture 144000 samples with 9600 Hz, but it is seen

that this PDA can only capture 32000 samples with 4000 Hz, successfully. So, cut-off



frequency of LPF is adjusted to 2000 Hz. Also, its low memory prevents real time data
illustration impossible. Therefore, the user has to save the real time respiratory sounds first,

and then open the saved data and finally have a chance to see how data looks like.

3.3. Graphical Illustration

Graphical illustration unit consists of graphing saved data and zooming into graphed
data. Pressing “Open” button, asks for a file name which has a “.dat” extension or full file
name like “1.dat” from the user. When the user selects an existing saved data, the data is
graphed in the screen. Since, saved data consists of 32000 samples; the graph is adjusted to

show 32000 samples only.

Pressing “Zoom” button gives a chance to the user to zoom into desired parts of
graphed data. When the user creates a rectangle on the screen of the PDA, that rectangle
will be graphed automatically. To return back to the original data, the user should press

“Reset Zoom” from “Menu’’ shortcut.

3.4. Library

In order to make a decision on whether the subject is pathological or not, there
should be a library with which to compare the subject’s sound data. Therefore, a new
library should be constructed, and new subject’s data should be compared with the data in

this library.

Power spectral density analysis of respiratory sounds gives us valuable information.
Thus, library will be built upon power spectral density parameters. Fortunately, LabVIEW

has a Power Spectral Density VI which has the following properties:



Spectral Measurement

_ Magnitude (peak) Result
_) Magnitude (RMS) @ Linear
Power spectrum ' dB

@ Power spectral density

Window

Hamming

[#] Averaging
Mode

_ Vector
@ RMS
Peak hold

Weighting Number of Averages

_ Linear 15 =
@ Exponential =

Produce Spectrum
Every iteration

@) Only when averaging complete

Phase
Unwrap phase

Convert to degree

Windowed Input Signal
2,80269 -

||I|
|‘||||| I|||||||||~.
|
J"||||| ||||‘|H|”||II|“|I"
||| |||

Amplitude

Time

Magnitude Result Preview
e

1_

Magnitude

1 1 I I I 1 1 I I I
50 100 150 200 250 300 350 400 450 500

Frequency

Phase Result Preview

F'haze (rad.)

0 50 Ll'l I‘N 200 250 300 350 400 450 500

Frequenc

| oK | | Cancel I | Help

Figure 3.5. Features of Power Spectral Density vi in LabVIEW

3.4.1. Power Spectral Density

Since power spectral density plays an important role, it is critical to understand

mathematics behind it.

PSD of a signal defines how the power of that signal is distributed with frequency. It

can be formulated as follows:

where F(x) is the fourier transform of “x”, and R(¥)is the autocorrelation function

(TR 1]

y.

S(F)=F(R(™))

3.1)



Given a signal f (), the continuous autocorrelation Ry(t) is defined as the continuous

cross-correlation integral of f () with itself, at lag .

e (3.2)
RIOG) — [+ )+ | [+ (Ddt

—oa

where f*(x) is the complex conjugate of f(x), and “*” represents convolution.[11]

3.4.2. Spectral Leakage

Theoretically, if an infinite time signal is sampled with an infinite set of points, since
it is assumed to be periodic, the repetition is smooth at the boundaries. However, in
practical applications, there exist finite time signals, and since they are not perfectly
periodic, the repetition results in discontinuities at the boundaries. These discontinuities
result in leakage of energy from the actual frequency to all other frequencies. This is called

“Spectral Leakage”. Figure 3.6 shows an example of waveform with discontinuities.
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Figure 3.6. Waveform with Discontinuities

A perfect periodic signal in the time record has a spectrum with energy contained in
exact frequency bins. A signal that is not periodic in the time record has a spectrum with
energy spread across multiple frequency bins. Figure 3.7 shows frequency spectrum of a
signal that is not periodic in time domain. As can be seen from the figure, energy of the

signal spreads across multiple frequency bins.
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Figure 3.7. Spectral Leakage

3.4.3. Windowing

To overcome spectral leakage, an infinite time record should be taken, from —infinity
to +infinity. With an infinite time record, the FFT calculates one single line at the correct
frequency. However, waiting for infinite time is not possible in practice. To overcome the

limitations of a finite time record, windowing is used to reduce the spectral leakage.

The process of windowing a signal involves multiplying the time record by a
smoothing window of finite length whose amplitude varies smoothly and gradually
towards zero at the edges. The length, or time interval, of a smoothing window is defined
in terms of number of samples. Multiplication in the time domain is equivalent to
convolution in the frequency domain. Therefore, the spectrum of the windowed signal is a
convolution of the spectrum of the original signal with the spectrum of the smoothing
window. Windowing changes the shape of the signal in the time domain, as well as

affecting the spectrum that results.



Multiplying a signal which is not periodic in time domain, with a window type

reduces spectral leakage. Figure 3.8 shows how windowing decreases spectral leakage.
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Figure 3.8. Windowing effect on Spectral Leakage

Hamming window is selected as a window type since it is the commonly used
window type in spectral measurements of respiratory sounds. Figure 3.9 shows how

hamming window looks like in time and frequency domain.
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Figure 3.9. Hamming window and its frequency response

The Hamming window is a modified version of the Hanning window. The shape of

the Hamming window is similar to that of a cosine wave. The following equation defines

the Hamming window.



2
w(n) = 0.54 — 0.415@:.5? (3.3)

forn=20, 1, 2, ..., N -1 and where N is the length of the window and w is the window

value.

Figure 3.10 shows how hamming window looks like in time domain when N=32.
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Figure 3.10. Hamming window with N=32

3.4.4. Averaging

Averaging successive measurements usually improves measurement accuracy.
Averaging usually is performed on measurement results or on individual spectra but not

directly on the time record.

You can choose from among the following common averaging modes:

* RMS averaging
* Vector averaging

¢ Peak hold

RMS averaging reduces signal fluctuations but not the noise floor. The noise floor is
not reduced because RMS averaging averages the energy, or power, of the signal. RMS-

averaged measurements are computed according to the following equations.



Power Spectrum < X*X >

where X is the complex FFT of signal x (stimulus), X* is the complex conjugate of

X, and <X> is the average of X, real and imaginary parts being averaged separately.

Vector averaging eliminates noise from synchronous signals. Vector averaging
computes the average of complex quantities directly. The real part is averaged separately

from the imaginary part.

Power Spectrum < X*=- X =

where X is the complex FFT of signal x (stimulus), X* is the complex conjugate of

X, and <X> is the average of X, real and imaginary parts being averaged separately.

Peak hold averaging retains the peak levels of the averaged quantities. Peak hold
averaging is performed at each frequency line separately, retaining peak levels from one

FFT record to the next.



Power Spectrum MAX(X* X)

where X is the complex FFT of signal x (stimulus) and X* is the complex conjugate
of X.

When performing RMS or vector averaging, you can weight each new spectral
record using either linear or exponential weighting. Linear weighting combines N spectral
records with equal weighting. When the number of averages is completed, the analyzer
stops averaging and presents the averaged results. Exponential weighting emphasizes new

spectral data more than old and is a continuous process.
Weighting is applied according to the following equation:

N—1 1
YVi=—(Yatgk

(3.4)

where X; is the result of the analysis performed on the i block, Y; is the result of the
averaging process from X; to Xj, N = i for linear weighting, and N is a constant for

exponential weighting (N =1 fori=1).

RMS averaging is used in this work, since we are not interested in complex signals

and peak levels. Exponential weighting is also used for this work’s purposes.

Table 3.1 shows how averaging effects k-NN classifier results. K-NN classifier

algorithm will be explained in section 3.6 but this table explains how averaging increases



success rate. Window size is selected to be 2048 samples, and also hamming window type

and RMS vector averaging with exponential weighting are used for the test environment.

Table 3.1. k-NN success rate of different averaging numbers for 25 percent overlap and

k=5
Success
Window Size | Averaging Rate

2048 No 72.54%
2048 5 76.25%
2048 10 76.87%
2048 15 77.50%
2048 20 76.25%

3.4.5. Library Program

A new LabVIEW program named as “Library.vi” has been created to form a library
and the results are also validated with MATLAB program. Library is created using 16
people’s respiratory records, 8 of which are medically diagnosed to be diseased. These
records were taken from the data previously obtained in our Lung Acoustics Laboratory.
Records were originally taken at a sample rate of 9600 kHz and consisted of 144000
samples. These records are, first, re-sampled at 4000 kHz and then the initial 32000
samples have been taken.

The LabVIEW program that is used to create the library is a very user-friendly one.

Figure 3.10 shows how it looks like.
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Figure 3.11. Library Program

When “Start” button is pressed, the library program takes a record of a subject who is
known to be pathological or healthy by a medical assessment in a text format. Afterwards,

the data taken are divided into 20 windows of size 2048, with a 25 percent overlap.

Figure 3.11 shows how 20 windows are created using 32000 samples. Note that 768

samples remain with 20 windows of 25 percent overlap and ignored.
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Figure 3.12. Window creation



Then for each window, PSD is calculated and 25, £50, 75, and 90 values are found
where “f25” is the frequency where area under PSD graph is 25percent of total area. These

frequencies are called “Quartile Frequencies”. Figure 3.12 shows quartile frequencies.
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Figure 3.13. Quartile Frequencies

Finally, the results are saved in the text file whose location is given in “Path” part.
Quartile frequency results are also given in the screen by {25, £50, f75, and f90 arrays. For
each 16 subjects, this program is run once and results are carried into an excel file in a PC

manually, to combine all results.

Since there are 20 windows, and 4 frequency values for each window, a vector of
size 20 in 4-dimension is created for each record. Therefore, the library consists of a vector
of size 320 in 4-dimension whose first 160 values are of healthy subjects and remaining
ones are of pathological subjects. So, a new record taken will be compared with this library

and a decision will be made accordingly.

3.5. k-NN Classification

In order to train the library, another LabVIEW program is written. This program uses

k-NN classification with “leave one out” method to train the library.

In this program, one point (One point in the database has 4 values that correspond to

quartile frequencies of a window.) in the library is chosen as an input. Afterwards, “k-



Nearest Neighbor” classification is applied with k=7, which means distances to the

remaining points in the library is calculated, and then, 7 closest points to the chosen point

are decided, and finally, the chosen point is classified as a healthy or pathological one. The

closest points to the chosen point are calculated using “Euclidean Distance” method and

healthy or pathological classification is done by “Majority Vote”. Then, this decision is

compared with actual class of the point since the chosen point is known to be of a healthy

or pathological subject. If the result of k-NN classification is the same as the actual class of

the chosen point, then this point is known to be classified correctly. After this procedure is

applied for all points in the library, overall percentage success rate for all points in the

library is calculated. Figure 3.13 summarizes how this method is applied to the library.
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Figure 3.14. Validation of k-NN classifier with “Leave One Out” method on the library

Euclidean distance between two points is calculated as follows.

If x=(x1, X2, X3, X4) and y=(y1, Y2, ¥3, Y4) are two points in Euclidean 4-space. Then

Euclidean distance between x and y, d, is calculated as follows:

d= y’f(xl —y ) (v (v (=)

(3.5)

Figure 3.14 shows how k-NN classification works. In the figure, the new test sample,

red circle, is to be determined as to whether it belongs to yellow triangles or blue squares.

Since, k=5 is selected, the test sample belongs to blue squares group.



Figure 3.15. Graphical illustration of k-NN classification with k=5
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Figure 3.16. User interface of LabVIEW program that calculates the percentage success
rate of the library

When “Start” button is pressed, it takes four text documents that contain quartile
frequency values of 16 subjects half of which are healthy and half of which are
pathological. Then the program chooses one point from the library and calculates
Euclidean distances to remaining points in the library. Afterwards, the program determines
7 nearest points to the chosen point and makes a decision by majority vote. This decision is
compared with actual class of the point and percentage success rate of all points in the

library is calculated and shown on the screen.



Selecting different values for window size, overlap percentage of consecutive
windows, k value, and averaging number will affect percentage success rate of the system.
There is no consensus in the literature about effect of those parameters to the overall
success rate of k-NN classification. Effect of changing averaging number has been already
mentioned in Table 3.1. To find optimum values for other parameters, similar tests have
been conducted on other parameters also. Table 3.2 shows success rates of k-NN

classification of the library for various window sizes.

Table 3.2. k-NN classification success rates of the library for various window sizes for
k=5, 25 percent overlap

Window Size Averaging | Success Rate
1024 10 70.12%
2048 10 76.87%
4096 10 65.62%

Table 3.3 shows k-NN classification success rates of the library for various k and
overlap values. Combining all results gives optimum results for averaging number,
window size, and overlap percentage of consecutive windows. More clearly, best
performance is reached when Averaging=15, Overlap=25 percent, and Window
Size=2048. When these values are selected, success rates are very similar for k=3, 5, and 7.
k=7 is selected since it gives highest online results rates which will be mentioned in more

detail in “Results and Conclusion” part.



Table 3.3. k-NN classification success rates of the library for various k and overlap values

Window Success
Size k | Overlap | Averaging | Rate
2048 5 50 15 71,67
2048 7 50 15 73,96
2048 9 50 15 73,75
2048 3 25 15 77,50
2048 5 25 15 77,50
2048 7 25 15 75,62
2048 3 20 15 74,01
2048 5 20 15 74,30
2048 7 20 15 74,01
2048 9 20 15 73,68
2048 3 30 15 69,64
2048 5 30 15 68,15
2048 7 30 15 68,45

3.6. Analysis

Pressing “Analyze” button prompts a saved record file in “.dat” format. Then, the
record, which is expected to be composed of 32000 samples and be sampled at 4000 Hz, is
divided into 20 windows of size 2048. Afterwards, for each window, quartile frequencies
are calculated. At this point, since there are 20 windows, a vector of size 20 in four
dimensions is created which is now ready to be compared with the library to make a
decision. Next, k-NN classification is applied using Euclidean distance method with k=7.
More clearly, one point is selected from this vector and Euclidean distances to each points
in the library are calculated. 7 closest points to the selected point are calculated and
majority vote is applied. After this procedure is applied for all 20 points, each point in this
vector is classified as healthy or diseased. If 10 or more points are classified as healthy

among 20 points, the subject is classified as healthy and the green led flashes.



4. RESULTS

Test results consist of 2 parts, offline and online results. Offline results test the
library created to compare online records of new subjects. It uses “Leave One Out”
method, which gives one sample in the library to the system to see if the system is able to
find the correct result for the given sample. This test will give a percentage of correctness

of the system.

Online results part shows results of the system to the real subject records. 12 records
are given to the system, 6 of which are of healthy subjects and 6 of which are of

pathological subjects. This set is different from the set which is used to create the library.

Window size, averaging number, and overlap percentage of consecutive windows
have been decided before. Moreover, for different k and overlap values, online and offline
(accuracy) results are measured as shown in table 4.1. Best rates for both online and offline

results are measured for k=7 and 25 percent overlap.

Table 4.1. Offline and online results for different “k” and “overlap” values for “window
size=2048” and “averaging=15"

overlap | offline |online
50 71,67 | 66,11
50 73,96 | 68,05
50 73,75 | 68,89
25 77,50 65,41
25 77,50 | 65,83
25 75,62 | 68,75

N(Uw| o | N |un(x

To sum up, best rates for both online and offline results are obtained for following
values:
¢ Averaging number=15.
*Window size=2048.
eOverlap percentage of consecutive windows=25.

ok=7.



Results are divided into 3 parts: Sensitivity, specificity and accuracy.

Sensitivity is defined as follows:

Number of samples of pathological subjects classified correctly 4.1)

Total number of samples of pathological subjects

Specificity is defined as follows:

Number of samples of healthy subjects classified correctly 4.2)

Total number of samples of healthy subjects

Accuracy is defined as follows:

Number of samples classified correctly 4.3)

Total number of samples

4.1. Offline Results

The library is created with records of 16 subjects, 8 of which are of healthy people
and 8 of which are of pathological. Since each record is divided into 20 windows of size
2048 samples, there are 20 points for each record which consist of quartile frequencies.
Number of correctly classified samples among these 20 samples is measured. Table 4.1

shows results of 16 records which forms the library of the system.



Table 4.2. Offline results

Record Medical Samples Correctly
Number | Assessment Classified Samples

1 Healthy 20 18

2 Healthy 20 17

3 Healthy 20 18

4 Healthy 20 16

5 Healthy 20 18

6 Healthy 20 19

7 Healthy 20 13

8 Healthy 20 16

9 Diseased 20 15

10 Diseased 20 16

11 Diseased 20 9

12 Diseased 20 17

13 Diseased 20 19

14 Diseased 20 13

15 Diseased 20 6

16 Diseased 20 12

According to these values, sensitivity is 67 percent(100x107/160), specificity is 84

percent(100x135/160), and accuracy is 76 percent(100x242/320).

Online results are obtained with records of 12 subjects, 6 of which are of healthy
people and 6 of which are of pathological. Since each record is divided into 20 windows of
size 2048 samples, there are 20 points for each record which consist of quartile

frequencies. Number of correctly classified samples among these 20 samples is measured.

4.2. Online Results

Table 4.2 shows results of 12 records.




Table 4.3. Online results

Record Medical Samples Correctly
Number | Assessment Classified
Samples
1 Healthy 20 16
2 Healthy 20 17
3 Healthy 20 12
4 Healthy 20 16
5 Healthy 20 11
6 Healthy 20 13
7 Diseased 20 17
8 Diseased 20 14
9 Diseased 20 19
10 Diseased 20 8
11 Diseased 20 15
12 Diseased 20 7

According to these values, sensitivity is 67 percent(100x80/120), specificity is 71
percent(100x85/120), and accuracy is 69 percent(100x165/240).



5. CONCLUSION

In this work, a hand-held device and an adapter unit that is capable of acquisition,
filtering, amplification, digitization and processing of respiratory sounds are designed. The
adapter unit is responsible for data acquisition, filtering and amplification, whereas the

hand-held device is responsible for data digitization and signal processing.

The adapter unit captures respiratory sounds via an electret microphone with an air
capsule. And then it filters respiratory data to 80-2000 Hz band. Finally, it amplifies
respiratory data, since they are small in magnitude. The adapter unit consumes 193-273

mW which is very low.

The hand-held device first digitizes respiratory data coming from the adapter unit via
a DAQ card placed on it. Afterwards, via a user interface program written in LabVIEW, it
is capable of recording, plotting, and analyzing respiratory data. Analysis of respiratory

data includes making a decision whether the subject is healthy or pathological.

The success rate of all system is tested and calculated to be 76 percent (offline
results) and 69 percent (online results). The online and offline success rates seem to be a
little bit low. There may be several factors that decrease the success rate of the system.
Firstly, the scarcity of recorded respiratory data to train and validate the system may be a
significant factor that decreases success rate of the system. Since there were no adequate
recorded data, “Leave One Out” algorithm is applied to the library. If there were enough
data, a different set of data would be used to validate the library. Moreover, expiration and
inspiration phases of respiratory data are not determined after being captured. Therefore,
some valuable information may be lost because of this and this will definitely decrease the

success rate of the system.

This work demonstrates that a hand-held device that is capable of capturing and

analyzing respiratory data is doable. With a more powerful algorithm, this device may be a



valuable and useful tool in medicine. It may replace analog stethoscopes which are most

commonly used devices of physicians.



6. FUTURE WORK RECOMMENDATIONS

Some changes on hardware part will definitely improve the overall system. First of
all, the memory (RAM) of the PDA is not enough to process large pieces of data. Lack of
memory of PDA prevents real time illustration of respiratory sounds. With a PDA which
has more memory (RAM), real time illustration of respiratory sounds would be possible
and the user interface program would be executed more quickly. Moreover, if SMD
equipment is used when building the adapter unit, the volume of the adapter unit would be
much smaller, allowing the equipment to be hand-held. Also, if appropriate ICs are
selected, the entire adapter unit may be powered from PDA through the DAQ card slot.

Therefore, the whole system would be battery-operated.

The algorithm that is used to classify the subjects may be improved also. The
algorithm used in the work, does not separate expiration and inspiration phases of
respiratory sounds. If respiratory sounds can be separated into expiration and inspiration

phases, the success rate of the system would definitely be increased.



APPENDIX A: TECHINAL DRAWING OF THE
MICROPHONE CAPSULE
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Figure A.1. Technical drawing of the microphone capsules [5]



APPENDIX B: MICROPHONE SPECIFICATIONS

SONY.

ELECTRET CONDENSER MICROPHOMNE

ECM-44SPT
ECM-44BPT

INSTRUCTIONS

The Sony ECM-44SPTI44BPT is a miniature-
sized, high performance, high reliability pro-
tessional use microphons, designed for use
with a transmitter as part ol a wireless
microphone system.

MODE D’EMPLOI

Le Sony ECM-44SPTi44BPT est un micro-
phone miniature a usage professionnel, rés
fiable el de haute performance congu pour
&tre utilisé avec I'émetteur d'un systéme de
microphone sans fil.

ANLEITUNG

Das Sony ECM-44SPT/44BPT Ist ein Minia-
tur-Mikrofon hoher Leistung und hoher Zu-
verlissigkeit fir professiolla Anwandung,

das speziell fir Sender aus dem Drahtlos-
Mikro-fon-Programm bestimmi isl.

© 1885 by Sony Corporalion

SPECIFICATIONS

Performance (measured in “Conneclion Exampla 1*
below)
Frequency range 40 to 15,000 Hz
Diractivily Omnidireclional
Sansilivity =40.0dB (10 mVW¥1 Pa (10 u bar) at
1 kHz
Lraviation £3.0 g
Fower requirements
Supply voliage range:
5.0 to 10.0 V DC (Example 1)
1.1 to 10.0 V DC (Example 2}
Current drain: Lass than 0.3 mA

Nolse level Inherent nolse: Less than 32 dB
SPL (0 dB = 20 uPa)
Wind noisa: Less than 40 dB
SPL (0 dB = 20 uPa) with wind
BCroan
General
Operating temperature
0°C to 60°C
Dimensions B.5 mm (" in.) dia., 14.5 mm ™}, in.)
lang

Microphona cable

2.3 mm (¥, In.) dia., 3m (10 f1.) long

2-conductor shielded cable (pig lail)

Approx. 2 g (0.07 oz)

(without eahle)

Flnish ECM-44BPT. Mal Dlack fnksh
ECM-445FT: Non-reflective salin

nicke! finish

Supplied accessorias
WIND SCIOAM ..vecurnsinmnsanssusmanrsnans 1
HoldaretlD, omsnmimed vaii i

Welght

Design and specifications subject to change without
notice.

CONNECTION
Example | “5’5“'"‘_"—
Examplo 2

Hed

(=T
Wi e — | S
Snlﬂu*—ﬁll

Figure B.1. Microphone specifications [5]



APPENDIX C: DAQ CARD SPECIFICATIONS

Digital logic levels

Lewvel Min Max Units

Input low voltage 0.3 0.g8 W
Input high voltage 2 30 W
Input leakage current -1 1 IEY
Output low voltage (T=2 mA) — 0.g8 W
Catput high voltage 2.5 — W
(I=2 mA)

Imput current {0 < ¥in < 3.3 V) -1 1 IEY

External Voltage Relerences

+3.3V output ¢ 10 mA maximum) ... 33V typical, 2,97 ¥ minimum

Power Requirements

+3.3V from PDA host
Tdle maximum ... 2
Typical (continuous acquisition) ... 50 maA
Maximum (all outputs loaded)........ 68 mA

Physical Characteristics
DImensions ... LYpe IHCompactFlash Card
LOh commechors o 1 3-pin
WeEight s 9 g (003 o)
Environmental

The NI CF-6004 device iz intended for indoor use only.

Olperating temperature
(TEC 60068-2-1 and TEC G0068-2-2) ... 0 to 40 °C

Operating humidity
(TEC GO06E-2-56) v 10010 9095 RH, noncondensing

Storage temperature
(IEC 60068-2-1 and TEC 60068-2-2).... —20 to 70 *C

Storage humidity
(TEC GO0A6E-2-560 . i 3 100 90% BH, noncondenzing

Figure C.1. Specifications of DAQ card




Table C.1. Terminal Assignments

Module

Terminzal

Sigmal Wire Caolor

Al GND White or Red

a

White/Black

Al Red/Black

Al 2 Tellow/Black

Green/Black

RSEVD Green or Blue

RSEVD Blue/Black

+33W Bironw n/White

DniGMD Crrange or Gray

FEL O COrange/Black

FFI | Gray/Black

FFI 2 Purple/Whibe

FFI 3 Fink/Black

DG Purple or Pink

Table C.2. Signal Descriptions

Signal Mame

Reference

Direction

Ihese ription

Al GND

Analog Ground—Thess terminals are

the reference point for single-ended AT
measurements. The AT GND and D GND
ground references are connected on the device.

Al A

Al GND

Input

Analog Input Channels O to 3%—For
single-ended meazurements, each signal is an
analog input voltage channel.

Caeput

+3.3V Power Source—FProvides +3.3 W power
up b L0 A,

DHgital Ground—D GND supplics the
reference for PFI <0, 3= and +3.3 V. The
ATGND and I GND ground references are
connected on the device.

FFI <0, 3=

Input or
Output

Programmable Function IO or Digital
L'0—Each of these terminals are configurable
as a PFI terminal or a digital 1O terminal. You
can individuall y configure each digital IO
signal as an input or cutput. You can configures
any of the terminals as a FFI input for a digital
Al trigger.
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