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ABSTRACT

The ambulatory electrocardiogram (BeG) recorder has been in existence for more
than two decades. It is used to document the transient electrocardiographic events in a

patient over a: protracted period. The conventional ambulatory electrocardiogram
recorder, including the advanced ones, can only operate for 24 hours or so due to the

memory storage constraints. In certain cases, a longer recording period is required in
order to capture the symptoms that don't occurduring the 24-hour recording cycle. This
thesis deals with the development of a prolonged ambulatory electrocardiogram recorder
that is capable of operating for three days and recording two channels of

electrocardiographic data in a continuous fashion.

Practicability is given first priority in design. To minimize the cost of this

instrument, a tape storage technique has been employed in this project. Generally, the
operating time of an ambulatory electrocardiogram recorder is restricted by the length of
tape. The technology developed in this project superimposes the timing mark onto the

electrocardiographic data and lets the tape move in two directions so that the track on the
tape surface previously occupied by the timing mark is utilized for storage of the

electrocardiographic data. In this manner, the memory size is doubled and the desired :

operating time can be achieved. To ensure portability and adequate power life, a switch
mode dc-dc voltage converter is employed. As a result, the number of batteries needed
for operation is made desirably few. To implement the design, a portable auto-reverse

music player (Sony ·Walkman) was purchased and modified into an ambulatory
electrocardiogram recorder.

The ambulatory EeG recorder developed in this project was tested on a subject as
well as on two patients at the Royal University Hospital. The results show that it is

capable of operating for as long as three days and the recorded data are very close to the

original BeG signal in shape.
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1. INTRODUCTION

1.1. The Ambulatory Electrocardiogram Recorder

The ambulatory.electrocardiogram recorder is a portable medical instrument. It is

to be carried by .
a patient who might have heart disease. During operation the

electrocardiographic signal measured from the surface of the human body is recorded

continuously by the instrument over a protracted period. When the recording operation

is fmished, the acquired data associated with the heart condition of the patient will be

reproduced and analyzed using the signal processing technique to determine diagnosis

and treatment. .

the advantage of the ambulatory electrocardiogram recorder over a bedside heart

monitor is the documentation of transient electrocardiographic events that may not be

detected during the short recording periods available in the laboratories of hospitals.

Moreover, it provides a recording method that allows the patient to conduct regular

activities while carrying the instrument. In this noninvasive manner, the recorded

electrocardiographic abnormalities represent the spontaneous symptoms, therefore most

telltale.

1.2. The Objective of the Project and the Outline of the Design

. Conventional ambulatory electrocardiogram recorders, known as Holter recorders,

usually are capable of operating for twenty-four to forty-eight hours. Experience with

ambulatory electrocradiography in the past 20 years has shown that some patient

symptoms occur so infrequently that the symptoms do not occur during this length of

1
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time [10]. Thus, there emerged the necessity.of prolonging the recording operation.

This project is committed to developing an ambulatory electrocardiogram recorder that

is capable of recording the electrocardiographic events in a patient for three days. The

recording cycle is three times as long as that for a conventional ambulatory

electrocardiogram recorder. A significant improvement has been achieved.

The following techniques are evaluated in terms of their applicability for this

project.

1). Noncontinuous Recording

This technique is used to examine patients in a noncontinuous fashion using a

variety of intermittent function or patient activated devices. It employs either solid-state

memory techniques or tape recording to record relatively limited excerpts (1 to 3

minutes) of the electrocardiographic events occurring in a patient. The operation can

last longer in this manner, but the shortcomings of noncontinuous sampling of

ambulatory electrocardiophic data are widely appreciated. The inherent variability of

cardiac arrhythmias, and the intermittent nature of the occurrence of specific forms of

various arrythmias (particularly complex ventricular arrhythmias), absolutely preclude

use of noncontinuous techniques in documenting the occurrence of arrhythmias in a

specific person.

2). Data Compression

Recently introduced data compression techniques that remove isoelectric baseline

electrocadiographic· data and intermittently sample the QRS waveform complex have

resulted in the capability to store all "abbreviated" electrocardiographic complexes

occurring during a long-lasting period of examination in a continuous fashion. However,

whether important electrocardiographic data are lost with this technique has not been

determined.
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3). Real-time Analysis

This type of instrument, in contrast, purports to examine by microcomputer

continuous ambulatory electrocardiographic data as it occurs beat by beat to determine a

variety of decision analysis diagnoses within the capability of the algorithm of the

specific instrument. It then stores decision analysis in a computational or summary data

format in solid-state memory or on tape storage. Although this technique processes

electrocardographic data in a continuous manner, because of the constraints of data

storage techniques, it can only record and document electrocradiographic data in an

excerpted, noncontinuous manner and cannot retrieve most of the electrocardiographic

data examined, which is the strength of the continuous Holter-recorded tape. .

Moreover,

because of the sophistication of the algorithm, it will cease to record certain events that

overwhelm its memory capacity. Thus the accuracy of the real-time analysis

examination depends on the ability of the particular instrument with its memory storage

constraints to selectively document .the decision analysis included in its final data

summary. Unfortunately the user of such instrumentation often cannot access those

arrhythmic events that may be mislabeled or nondetected.

The technology developed in this project enables the ambulatory

electrocardiogram recorder .to simultaneously document all of the data in continuous

fashion during the desired recording period, thus the shortcomings that are inherent with

the above techniques are averted.

As a basic requirement the recorded data must be of high fidelity to the original

BeG signals. In addition, for the ambulatory electrocardiogram recorder to be of

practical value, other factors in addition to recording quality must be taken into account.

Firstly, the instrument must be small and light to be portable. Secondly, the life of the

power supply must be long enough to ensure prolonged operation. Thirdly, the cost for
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constructing the instrument must be contained within a reasonable limit for it to be

affordable. As a matter of fact, the above factors are interrelated. For example, to

enhance the life of the power supply, more batteries will be needed, consequently the

size and weight of the electrocardiogram recorder will increase. If high-energy batteries

are used to remedy the drawback, the clinical expense will go up correspondingly. The

cost for building the instrument is largely dependent on the data storage technique.

Two types of data storage are usually used for ambulatory electrocardiography

solid-state memory and magnetic tape. Originally solid-state memory was considered

but found unfeasible for this project, simply because it is highly expensive and

consumes too much power. For example, three days of data acquisition requires a

memory size of more than 64M bytes. The price for the memory can easily exceed

$10,000. While the existing Holter recorder is only $2,000 apiece-. Besides, the power

dissipation within the memory chips could be as high as 1,000 mW. In this case, dozens

of AA size batteries will be required to deliver this amount of power, needless to say,'

portability is jeopardized.

Eventually magnetic tape was chosen for storing the electrocardiographic data. It

is very cheap and offers a very large size of memory. In addition, it requires small

amount of power for operation. The design of this project is thus based upon a tape

recording technique.

In real-life circumstances batteries are the only feasible power source for the

ambulatory electrocardiogram recorder. To keep the number of batteries used as few as

possible, the switch-mode de-de voltage converter was employed to ensure the most

efficient use of the battery energy. On top of that, micropower chips have been selected

for constructing components of the recorder system. In this manner the power

efficiency was further improved.
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Generally the ambulatory electrocardiogram recorder is required to record more

than one channel of electrocardiographic data. In the case of this project, two channels

are necessary. For this purpose, the multi-track technique is employed, in which the

surface of the tape is divided into a number of tracks to record the corresponding number

of signals. For example, the tape for the Zymed QuikPage Holter currently used by the

Royal University Hospital has four tracks on its surface as shown in Figure 1-1.

Track 1

Track 2

Track 3

Track 4

Figure 1-1: Layout of tracks on magnetic tape

The BCG signals from channel 1 and channel 2 are recorded on Track 1 and

Track 2 respectively. Track 3 is set aside for recording the timing mark that serves as a

time reference for the occurrence of symptoms. Track 4 is for a patient-activated event

marker which provides accurate correlation of brief symptoms with transient ECG

phenomena.

Common ambulatory ECG recorders use standard tapes that are widely marketed

so that the users have easy access to them. Unlike in the audio recorder, the tape used

for ambulatory electrocardiography moves exceptionally slowly-lmm per second in

order to achieve longer operation. Even at this speed it is still unable to operate for three

days. The longest standard audio tape is the 120-minute tape. Using this type of tape,

the recording operation can last for 45 hours, which is still 27 hours short of the desired

duration. As an alternative the tape speed could be slowed down. In fact it must be

reduced to 0.5 mm/s to achieve 72 hours' operation. At so Iowa speed the recording
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Quality will be impaired. For one thing, the airgap « the recording head has a finite

length. Excessively low tape speed will result in partial or entire erasure of the data that

has just been recorded on the tape due to the finite falling time of the field; for another,

the data will be highly condensed as a result of the extremely slow tape movement and
.

are especially susceptible to the noise generated by the irregularities in the tape coating.

Thus, slowing the tape speed is not a viable option. Another possibility is to lengthen the

tape. Unless customized, the available magnetic tapes exist in standard sizes, and are

enclosed in standard cassettes. Customizing tapes will add a great deal to the cost. An

.

equivalent way of elongating the tape is to let the tape move in two directions and switch

the tracks when it reverses. In this manner, the length of the tape is in effect doubled.

However, the tracks previously used for the timing mark and the patient-event marker

will be occupied by the electrocardiographic data. In fact we can take advantage of the

bias signal, which is necessary for recording, as the timing mark. During recording, the

signal current must be superimposed on a large alternating bias current at high frequency

to achieve a linear recording characteristic. Nonnally the bias signal becomes smaller in

playback due to attenuation through the playback head and circuits. But in this project

the bias current is intentionally enhanced and the bias frequency is appropriately reduced

so that the bias signal can be extracted out of the reproduced ECG signals to serve as the

timing mark. Thebias signal will be eliminated by the ECG reproducing circuit so that .

the increased bias current does not affect the reproduced ECG signals. As for the

patient-activated eventmarker, the diary of the patient is a substitute.

According to the above design, all the four tracks available on the tape surface are

filled with the electrocardiographic data and the timing mark is superimposed on them.

To implement this project, a pocket-size SonyWalkman music player was purchased, and

modified into an ambulatory electrocardiogram recorder. The stereo Sony Wa1kman

music player has four heads within its head assembly which divides the surface of the tape
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surface of the tape into four tracks. The original circuit board was replaced with the

designed circuit board and the original motor was replaced with the selected motor. In

the end, the body of the BCG recorder system was enclosed within a metal box that

shields the circuits and the tape from electric interference.

For signal reproducing, a desktop music recorder/player waspurchased. But the

music playback circuit proved tobe not ideal for reproducing electrocardiographic data.

Consequently a suitable reproducing circuit was designed and built. Together with it,

the timing mark circuit was also built.

1.3. Biological Background

The BCG signals are generated by the biological activities of the heart. A

knowledge of the anatomy of the heart is necessary to understand the origin of the BCG.

The cross sections of the interior of the heart are shown in Figure 1-2.

"The heart is divided into four cambers. The two upper chambers, the left
and right atria, are synchronized to act together. Similarly, the two lower

chambers, the ventricles, operate together. The right atrium receives blood
from the veins of the body and pumps it into the right ventricle. The right
ventricle pumps the blood through the lungs, where it is oxygenated. The
oxygen-enriched blood then enters the left atrium, from which it is pumped
into the left ventricle. The left ventricle pumps the blood into the arteries to
circulate throughout the body. For the cardiovascular system to function

properly, both the atria and the ventricles must operate in a proper time

relationship.

Each action potential in the heart originates near the top of the right
atrium at a point called the pacemaker or sinoatrial (SA) node. The

pacemaker is a group of specialized cells that spontaneously generate action
potentials at a regular rate, although the rate is controlled by innervation. To
initiate the heartbeat, the action potentials generated by the pacemaker
propagate in all directions along the surface of both atria. The wavefront of
activation travels parallel to the surface of the atria toward the junction of
the atria and the ventricles. The wave terminates at a point near the center of

.

the heart, called the atrioventricular (AV) node. At this point, some special
fibers act as a "delay line" to provide proper timing between the action of
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the atria and the ventricles. Once the electrical excitation has passed through
the delay line, it is rapidly spread to all parts of both ventricles by the bundle
of His. The fiber in this bundle, called Purkinje fibers, divide into two

branches to initiate action potentials simultaneously in the powerful
musculature of the Itwo ventricles. The wavefront terminates at the tip or

apex of the heart," [1]
"

FIgUre 1·2 (a): Cross section of heart

Figure 1·2 (b): Cross section of heart

•
Some medical professionals do not agree with some of the comments herein.
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The biopotentials generated from (the heart are transmitted to the body surface.

They can be detected using bipolar electrodes applied to some locations on the surface of

the body. Figure 1-3 shows a typical ECG as it appears when recorded from the surface

of the body.

P

R

T

S

Figure·t-3: A typical electrocardiogram

Some normal values for amplitudes and durations of important ECG parameters are

as follows[1]:

Amplitude:

Duration: P-R

Q-T
S-T

.. :p.

QRS

P wave

R wave

Q wave

T wave.

interval
interval

segment
wave interval
interval

0.25mV
l.60mV
25%ofRwave
0.1 to 0.5 mV

0.12 to 0.2 sec

0.35 to 0.44 sec

0.05 to 0.15 sec

0.11 sec

0.09 sec

It is observed that the electrocardiogram is a complex waveform. To facilitate

analysis, the horizontal segment preceding the P wave is designated as the baseline. In

most cases the baseline moves up and down slowly during measurement. This

phenomenon is known as baseline wandering. It is not desirable because it contains no

significant information. To make things worse, it may saturate the amplifier that
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interfaces to the electrodes. It is the responsibility of the instrumentation to remove it, as

well as other extraneous components in the raw EeG signal.



2. THE RECORDING TECHNIQUE

2.1. Introduction

The aim of this chapter is to introduce the necessary background regarding the

magnetic recording technique. Furthennore, the appropriate bias frequency that serves

as the timing mark in this project will be determined based on the understanding of the

tape recording principle.

The magnetic field in the
.
head coil is very much like that in the toroid shown in

Figure 2-1. Some concepts related to recording and reproducing will be discussed based

upon this.model.

Current

Figure 2-1: Magnetic field in a current-carrying toroid

If current flows through the toroid, a magnetic. field builds up in the toroid. The

flux density (B) is proportional to the current in the coil and the number of turns per unit

length of the coil. To describe this effect, the magnetomotive force orm.mJ. (F) and the

magnetizing force (9) are introduced. The m.m.f. is given by

F=41t·i·N (2.1)

11
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where i is the current (in .amperes) through the coil and N is the number of turns of the

coil. The magnetizing force is measured by the m.m.f. per unit length of the magnetic

circuit; that is

H=FIL

4
N.

= n ._.,
L

(2.2)

where L is the length of the magnetic circuit in meters. In free space the value ofH in

oersteds is equal to the value ofB x 1O-t in Testa.

Flux ." (in weber) is equal to'" = B· a, where a is the cross-sectional area of

the magnetic circuit ( in squared meters). The ratio FI.", known as the reluctance ( R ),

provides a measure of the m.m.f. required to produced a certain value of flux density.

SinceF=H· L,

H·L
R---

,

s-«
(2.3)

but in free space
L·

R =-x 1O-t.
a

(2.4)

H a ferromagnetic material is introduced into an air-cored coil, so as to provide a

magnetic rather than an air path for the flux, the value of the flux density will be

increased. The relationship between B andH is now expressed by the equation

B x 1()-4 = Il . H (2.S)

where u, known as the penneability, is a measure of the increase in flux density brought

about by the magnetic properties of the ferromagnetic material. In the case of the air-'

cored magnetic circuit, Il is 1, but values well over 100,000 are known in the case of

some ferromagnetic materials [3]. Substituting Equation 2.S into Equation 2.3, we get a

more general expression for reluctance

L
R=-xlO-t.

Il·a
(2.6)
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If the magnetic field in the toroid changes, e.m.f will be. generated, and its value is

equal to the rate of change of linkages between the flux and the coils. This is expressed

in a general and well-known equation:

�Ne=- .

dt
(2.7)

where e is the instantaneous e.m.f. in volts, dcJ> Idt is the rate of change of flux andN is

the number of turns cut by the flux. Equation 2.7 is important for the operation of the

playback head.

2.2. . Magnetization 01 the Tape

The tape is coated with ferromagnetic material which consists of magnetic

particles. When subjected to magnetizing force induced by the signal currents, these

small particles are magnetized and form a continuous strip of elemental permanent

magnets corresponding in length and strength to the signals.

Suppose we have a closed ring of a ferromagnetic material which is being subjected

to a variable magnetizing force after having been completely demagnetized. If the flux

density B is plotted against an increasing magnetizing force H, the well-known hysteresis

loop similar to that in Figure 2-2 will be obtained.

Figure 2-2: Magnetization curve of ferromagnetic material
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"At first B rises following the line OSU. At the 'knee', point T, the rate
of rise falls off until the curve runs nearly parallel to the H axis. At this point
the material is saturated. If now the magnetizing force is gradually
decreased, B will not return along the same path but will follow the line UV
so that, when H is reduced to zero, the flux density luis fallen only as far as
the point V. This value is known as the remanence, denoted by Br, and the

corresponding flux is known as then remanent flux tk. If the magnetizing
force is now increasing in the opposite sense, B will fall from the value Br to
zero when H has reached the point W. If the magnetizing force is increased
iii the same direction still further, B will start to rise in the opposite sense

until it reaches saturation in this direction at X. If now, H is decreased to

zero again, B will fall to a remanent point Y and ifH is raised in the original
direction it will follow the curve yzu up to saturation again. If H changes
as before, the cycling process will repeat [3]"

The value He of the magnetizing force OW required to reduce the flux density to

zero after the material has been taken up to saturation is known as the coercivity of the

material. High coercivity results in a bigh remanence value. In light of this fact the tape

is coated with a ferromagnetic material that can offer high coercivity.

Figure 2-3 shows the curve describing the relationship of remanence versus

magnetizing force [3]. It is obtained by applying a small magnetizing force and

measuring the remanent induction after the force has been removed. The material is then

thoroughly demagnetized and the measurement repeated for a higher value of the

magnetizing force. The process is repeated until saturation is reached.

Br

o H

Figure 2-3: BrH curve for ferromagnetic material



15

Figure 2-3 clearly shows that the relationship is non-linear everywhere, conspicuously so

at high and low values of H, but in the segments AB and CD, the relationship is

approximately linear.

2.3. Excitation of the Head

Tlte heads normally take the form of rings split at one point at least with a narrow

airgap and wound with one or more coils of fme wire ( see Figure 24 ).

Flux·

Figure 2-4: Magnetic recording head with two coils

When currents corresponding to the recording signals are fed into the head coils, a
.

flux is produced in the magnetic circuit of this headand varies in accordance with the

signals. A greater part of this flux passes straight across the airgap but a small portion

appears as leakage flux in front of and behind the airgap as indicated in Figure 2-4.

As the tape passes across the airgap, that portion of it is magnetized by the

magnetic field there, as indicated in Figure 2-5, and some of the magnetization is retained

after the tape has left the airgap in accordance with the remanence effect explained in

Section 2.2.
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7.- ..

-

....

Tape
coating

Figure 2-5: Magnetization of tape by leakage flux across airgap

The length of the airgap is extremely small. Let L' represent the length of the

airgap, R' its reluctance. Similarly let L represent the length of the rest of the magnetic

circuit, R its reluctance. From Equations 2.4 and 2.6, we get

R' 1.1. L'
-=--

R L
(2.8)

L'IL is Very small, but 1.1 is very large. In the case of the magnetic head, IlL' »L. This

implies that virtually the whole of the circuit reluctance is located in the airgap, asa

result, themagnetizing force across the airgap is close to the total generated in the coils.

It should be noted that the head is used tomagnetize the tape, there should be no

significant remanence within the head after magnetizing force disappears. Besides, the

head should not draw very much current to produce high flux. In view of the above

requirements, the laminations are made of the felTomagnetic material that has extremely

low coercivity and very high penneability.

2.4. Achievement of Linear Recording Characteristic

If a signal is recorded based on the Be-H relationship shown in Figure 2-3.

distortionwill happen as demonstrated in Figure 2-6.
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Br
Data

Recording
signal

Figure 2-6: Non-linearBrH relationship and its distorting effect on
recording signal

To achieve a linear recording characteristic, the recording signals are superimposed
on an alternating magnetizing field whose amplitude and frequency are both considerably

greater than those of the signals ( see Figure 2·7 for explanation). In this manner the

non-linear segments on the BrH curve are compensated by the high frequency field so

that the relatively low frequency signal fields always vary in the linear portion. The

equivalent recording characteristic is thus obtained as shown in Figure 2-8. This

technique to achieve linear recording operation is known as high frequency ( H.F.) bias.

Signal field •

superposed •

m bias field •

Figure 2-7: Linear recording characteristic by means ofH.F.bias technique



18

H

Figure 2-8: EquivalentBrH relationship achieved with RF. bias .

To separate the recording signal from the bias signal during playback, the bias

frequency must be sufficiently high, preferably chosen 3 - 5 times the highest signal

frequency [3]� Otherwise it tends to mix with the recording signal and gives .rise to

modulation noise hi the reproduction which is impossible to eliminate. This phenomenon

is known as the modulation effect

2.5. The Airgap EtTect

The airgap effect occurs in the playback head. Consider a long wavelength

sinusoidal signal recorded on a tape that is passing along the air gap of the playback

head in Figure 2-9.

Airgap ofplayback head

Figure 2-9: Flux distribution of long wavelength sinusoidal signal
at playback airgap

Suppose the sine wave was recorded from the signal current represented by the

equation i = 1 sin( Q) t).
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From Equation 2.2, the instantaneous magnetizing force H is proportional to i.

According to Figure 2-8 the corresponding values of the remanent flux �, is

proportional to H, so we can write

�, =kl sin (co t). (2.9)

Let x represent the distance along the tape measured from a point corresponding to t = 0,

A the wavelength and s the speed of the tape during recording, then t = xis,f= sf).. andIt

= xfA.. From Equation 2.9, the remanent flux�rwithin the tape at any point x is given by

� ="1
. (2K.X)r "1 sm

A
• (2.10)

Only a proportion of the �, that is nonnal to the surface will generate e.m.f. in the

playback head. Let E, stand for the surface induction. From Equation 2.10,

1i' ".tJ.), 2K (2K.X)-,="2-=k,I-cos· - •

dt A A
(2.11)

Evidently the instantaneous voltage E developed in the playback head is proportional to
.

E,. Not losing generality, suppose the playback speed is the same as the recording

speed therefore

E= k.E, s

2K (2K.X)·= k. k,I.s·T·cOS �
=K 1fcos.(co t). (2.12)

In Figure 2-9 because the wavelength is much greater than the airgap length, the value of

By is almost constant from one edge x' to the other x". Thus Equation 2.12 applies as it

stands.

Now look at the case shown in Figure 2-10 where the wavelength is so small that it

is comparable to the length of the airgap of the playback head.
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I

-.

Figure 2-10: Flux distribution of short wavelength sinusoidal signal which is
comparable with playback airgap length

A glance at Figure 2-10 shows that it cannot be treated in the same manner as the·

case in Figure 2-9.. Here, between edge x' and x" of the gap, some lines of flux are

entering the tape and others are leaving it As one line in one direction cancels out one

line in the other, it is necessary to detennine the average value of E., at any instant by

integrating over the whole length 1 of the gap from x' to x" and dividing by I.

x"

E.,=! JE,(x)dxl;i

JI'

= k,121t ! I cos (21t.x)dxA 1 x A

= k,121t !2!.[sin (21t.x") -sin (21t.x' )].A 121t A A

Let x represent the coordinate at the middle point of the airgap, then x" = x + (U2), x' =

x - (112). Substituting these two equations into the above expression yields
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SinceE is proportioriaI to Er S ,

E - Vf� ( t)
sin(7t·lIAt)

- AiJ cosCOil.7t.1I ,...

Compared with Equation 2.12 this expression has an additional factor sin(7t· L�At)
.

" 7t·LI

"

(2.13)

This factor is shown plotted against If).. in Figure 2-11.

0.8

0.6

OA

0.2

O�--------��--------��--��====��
o 1 2 3 4

LJA

Figure 2-11: Successive maxima and minima of reproduced signal strength due to
playback airgap effect

At long wavelengths 7tlIA. is close to zero, thus
sin (7t·1�At) II1II 1. Accordingly the
7t.1I

factor has no effect on the original" expression in Equation 2.13. As wavelength

decreases, the value of the factor falls reaching zero at the point I./).. = 1. It then rises

again and exhibits a series of maxima at the points If).. = 3/2, 5/2, etc., with intervening
.......

zero points at I./).. :: 2, 3, 4, etc. Each maximum value is lower than the previous one.

2.6. Determination of the Bias Frequency"

In this project, the h.f. bias signal plays an important role not only in achieving the

linear recording characteristic, but also in providing a timing made. It is going to be

extracted during playback out of the reproduced ECG. Since the frequency of the bias

signal is high, thus the wavelength is short, precautions must be taken to avoid losses
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.

within the playback head due to the airgap effect Excessively high freQuency signals

cannot be reproduced no matter how the playback circuit is modified, because the airgap

effect is at work. However it is difficult to find out the maximum allowed frequency
based on the airgap length of the playback head of the purchased music player� because it

cannot be measured using regular instruments. Nonetheless we are still able to determine

the appropriate bias frequency based upon the knowledge of the audio frequencies.

The frequency range that is audible to human ears is approximately 20 Hz up to

between 12 kHz and 20 kHz. A high qualitymusic player should be able to reproduce up

to 20 kHz signals without considerable losses within the head and circuits. Thus the bias

signal should be kept under 20 kHz during playback. Moreover, in order to obtain a

strong timing mark, the bias frequency should be kept as low as possible in order to avoid

severe attenuation. On the other hand the bias frequency must not be made too low

because of the modulation effect The maximum frequency component of the EeG signal

is 60 Hz or so. The bias frequency is chosen at 300 Hz so that it is five times the

maximum signal frequency.

The tape moves slowly in recording but fast in playback. This means a low

frequency in the recording process will tum into a high frequency in playback. The

frequencies during the two processes are related by the ratio of the tape speeds. During

recording the tape moves at slightly more than 1 mmls in the ambulatory ECG recorder,
During reproducing it moves at 45.0 mmls in the music player. Thus the bias frequency .

. will appear during playback as less than 45.0 x 300 Hz = 13.0 kHz. Even an ordinary

music player is able to reproduce 13.0 kHz signals on the tape. Experiments have shown

that a pronounced timing mark can be obtained in this manner, and at the same time the

reproduced ECG signals are free from modulation noise.



3. THE AMBULATORY ECG RECORDER SYSTEM

3.1. Introduction

The electrical phenomena associated with the heart appear in certain locations on

the surface of the human body (see Figure 5-1 for illustration). Since they are

biopotentals in nature, direct measurement is unrealistic. A special-purpose detector

must be used to convert the biopotentials into electronic potentials. The signals sensed

from the human body are extraordinarily weak (about 1.6 mV in amplitude); their power

has to be enhanced to facilitate processing and documentation of the signals. Because of

the low magnitude of the signals, they are especially susceptible to interference from

both high and low frequency sources. The bandwidth of the system must be limited to

eliminate the noises. . The instrumentation of the recorder system is designed in this

chapter. Since the portable ECG recorder is a self-contained system, a power supply

has been built to make operation possible.

3.2. The Electrodes

The transducer that senses the ECG signal is a pair of electrodes. The principle of

the electrode is to convert the bioelectric potentials into the electronic potentials that can

be used by the recorder system. They are situated in the front stage of the

instrumentation chain. The electrodes used in this project are commercial products.

However, the design of the amplifier that immediately follows the electrodes depends on

the manner in which the electrodes operate. For this reason, electrode theory is treated

first.

23
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3.2.1. The Bioelectric Potential

The electrocardiogram is the reflection of bioelectric potentials generated by the

heart muscles. Bioeletrical events are ionic phenomena. They occur because a potential

difference is generated whenever different concentrations of the same conductor are

separated by a semipermeable membrane. In the cell, Na+ and K+ solutions of different

concentrations exist across the semipermeable cell membrane. The potential difference

across the membrane generated by the heart could be as high as a few millivolts [1].

3.2.2. The Electrode Potential

A potential difference is also generated whenever a conductor comes into contact

with an electrolyte (the body fluids are in effect electrolytes containing ions). This is

called the electrode potential. Ions from the conductor attempt to enter the electrolyte

and ions from the electrolyte attempt to enter the conductor. Equilibrium is produced by
the formation of a layer of charge at the interface, with the side nearest the metal being

of one polarity and the other side next to the electrolyte being .of opposite polarity.

Electrodes convert this ionic potential difference into an electric potential difference that

is useful for transmission to another instrument. When electrodes are used, the ionic

electricity of the biologic signal source is transmitted through an electrolyte to a metal

electrode.

3.2.3. The Equivalent Circuit ofThe Electrode

It is impossible to determine the absolute electrode potential of a single electrode.

A usable transducer consists of a pair of electrodes, which measure the potential

difference between their respective points of application. The double side of the layer at

the interface bearing opposite charges acts like a capacitor. Thus, the equivalent circuit
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of biopotential electrode in contact with the body consists of a voltage in series with.a

resistance- capacitance network of the type shown in Figure 3-1.
.

Electrode

c

+ -

Bodf---o Y

E Electrolyte

Q4------ V=El-E2 -----.....'0

Figure 3·1: Equivalent circuit of biopotential electrode interface

Since measurement:of bioelectric potentials requires two electrodes, the voltage

measured is really the difference between the potentials of the two electrodes, as shown

in Figure 3-2. If the two electrodes are of the same type, the difference is usually small

and depends essentially on the actual difference of ionic potential between the two

points of the body from which measurements are being taken.

Cl

lI
__E_l � lI

E2

Body Fluid

Figure 3·2: Measurement of biopotentials with two electrodes
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The resistance-capacitance networks shown in Figures 3-1 and 3-2· represent the

impedance of the electrodes. For surface electrodes used for EeG measurements, the

impedance is usually between 2 and 10 kO [1,2].

Both the electrode potential and the impedance are varied by an effect. called

polarization. Polarization is the result of direct current passing through the metal

electrolyte interface and accumulation of charges. If the amplifier to which the

electrodes are connected has an extremely high input impedance, the effect of

polarization or any other change in electrode impedance is minimized.

Experiments have shown that the chemical activity that takes place within an

electrode can cause voltage fluctuations to appear without any biological input. Such

variation may appear as noise on a bioelectric signal, but it can be reduced by proper

choice of materials to improve stability. The silver-silver chloride is very stable and

therefore often is used for construction of electrodes.

3.2.4. The Floating Electrode

The floating electrode belongs in the family of the surface electrodes. It is

routinely used to record ambulatory electrocardiographic data. The principle of this type

of electrode is to practically eliminate movement artifact by avoiding any direct contact

of the metal with the skin. The only conductive path between metal and skin is the

electrolyte paste or jelly, which forms an electrolyte bridge. Whatever the orientation of

the electrode, performance is not impaired as long as the electrolyte bridge maintains

contact with both the skin and the metal. Figure 3-3 shows a cross-section of the

floating electrode that was used in this project.
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Silver-silver chloride

Pad holder

Connector

Electrolyte jelly

Figure 3·3: Floating skin surface electrode

3.3. The Amplifier

The energy level of the BeG signals sensed from the electrodes is too small to be

directly recorded without being amplified. An amplifier has to be used toenhance the

signal power. Among the classes of amplifiers, the instrumentation amplifier has been

selected. The principle purpose of the
.

instrumentation amplifier is to increase the .

voltage of the signal so that resolution of the signal Can be increased. Moreover, the

instrumentation amplifier has extremely high input impedance and common mode

rejection ratio (CMRR). These characteristics are required by
.

the nature of the BeG

signal described below.

The BeG signals are generated by biological sources, which can be considered as
.

limited current sources. If the input impedance of the amplifier is low, it draws

comparatively large current from the sources. An immediate outcome is the reduced

signal level. If the current is excessively large, it will cause undesirable changes within

the signal sources, for example, polarization. Furthermore, input impedance of the

amplifier is related to the CMRR. A high input impedance will cancel the effect of the

internal impedance of the signal sources and maintain.the CMRR of an amplifier near to

its specification. Refer to the equivalent electrode circuit in Figure 3-1 for explanation.
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The ECG signals are differential signals transmitted to the input terminals of the

amplifier through a pair of leads attached to the bipolar electrodes applied to the surface

of a human body. The environment in which the human body exists is exceedingly

noisy, with undesired body noise voltages as high as several hundred millivolts or even

several volts in serious cases. Traveling through the leads are not only the true signals

but considerable amount of noise which is, in effect, common mode interference.

Application of the instrumentation amplifier with high CMRR is an effective way to

eliminate this kind of noise. Any noise (in common) occuning on both of the input

terminals will be rejected in favor of the true signals.

Commercial instrumentation amplifiers, though satisfactory in performance,

usually consume more than 1 rnA of supply current. Thus, an instrumentation amplifier .

was built using micropower TLC 27L2 precision op-amps. It is shown in Figure 3-4.

The supply current for TLC 27L2 is only 20 pA (for two op-amps), and the specification

of CMRR is as high as 94 dB (typically).

In series with the input terminals are two 50 ill resistors. They are not used to

enhance the input impedance, instead they serve as the protection means in case the op

amps are impaired and the leads are directly exposed to the power supply voltage. In the

event of such incident the current flowing through the body is less than 100 pA, which is

safe for life.
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Stage 1 Stage 2

Figure 3-4: . Instrumentation amplifier for ECG signals

Sometimes the human body carries static charge on the skin. The voltage may

exceed the level that the amplifier can sustain. Thus, the diodes D1• D1• D3 andD4 are put

in to remove the static charge through the power supply. D3 and D4 also protect the op

amps againstexcessively large inputs.

It is seen that the instrumentation amplifier is divided into two stages. The first

stage consists of two op-amps which act as buffers. They provide very high mpnt
impedance (1012 n typically for TLC 27L2). The second stage is a basic differential

amplifier. It rejects the common mode components but allows the difference of the

inputs to pass through.

The first stage of the instrumentation amplifier can be anal}'700 through its

equivalent circuit shown in Figure 3-5.
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r+
AV IMO

I
CHI - -------I

Figure 3·5: Equivalent circuit of the first stage of the instrumentation amplifier

AV- the difference of the differential inputs;

Vo'- the output of the first stage.

� '=
IMn +IMn +&1 +2k.O

AV.o
R,.,I + 2k.O

Evidently, (3.1)

If AV = 0, then V0' = O. It implies only the difference of the input signals can be

amplified. However, the common mode components of the inputs are still able to pass

through the buffers and reach the inputs of the second stage. At this stage they are

equally amplified, but the polarities are opposite, as a result, they cancel each other out.

Eventually what appears at the output is the amplified difference of the input signals.

The gain of the second stage is set at 1 so that the overall gain of the amplifier is

determined by the first stage. From Equation 3.1 we know when RWI changes from 0 to

10 len, the gain changes from 1001 to 167.6. Ii�ill be indicated in Section 3.10 that the

optimized gain of this instrumentation amplifier is 300. It is known that the product of

.

the gain and bandwidth is fixed, When the gain is higher, the bandwidth will be smaller.

When the gain is equal to 300, the upper cut-off frequency of the instrumentation

amplifier was found to be 500 Hz. Since the EeG signal is band-limited to 0.05 Hz - 60

Hz, obviously the bandwidth of the instrumentation amplifier is large enough to ensure

normal operation.
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In order to achieve the highest CMRR, the resistors in the differential amplifier at

the second stage should match' precisely. Unfortunately differences always exist

between the resistors that have the same nominal value. A compensation technique is

usually employed in practice. In Figure 3-4 the grounding resistor is split into a smaller

resistor� (98 len) and a trimpot RW3 (10 len). In this manner its effective resistance can

be varied in the vicinity of the nominal value-IOO len, as a result the' CMRR is

improved.

As far as common mode noise is concerned, the 60 Hz electric interference is the

most usual. It exists wherever there is power line wiring and electrical equipment.

Therefore we are particularly concerned about the ac. CMRR at 60 Hz. In Figure 3-4

the network containing potentiometer RW2 and capacitor C1 serves to improve the a,c.

CMRR. The principle is explained as follows: for an ideal op-amp the inverting and

noninverting inputs have equal Potentials. In reality they are slightly different. Thus the

common mode inputs to the instrumentation amplifier will give rise to a potential

difference across resistors RWI and R3 in Figure 3-4 and will produce an output voltage.

The potentiometer RW2 is used to adjust the potentials at the two input terminals of the

instrumentation amplifier within a small range. This helps to eliminate the voltage

across RWI and R3 that results from the common mode components. Obviously the

network of RW2 and C1 has no effect on the dc common mode inputs, neither does it

does have appreciable influence on the differential amplification because its shunting

effect is negligible.

In fact RW2 should be adjusted in coordination with RW3• The procedure is

described as follows.

1). Tie the differential input terminals together and apply a 60 Hz sinusoidal signal .

between the node and ground.

2). Adjust RW3 to make the output as small as possible.
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3). Adjust RW2 to make the output the smallest.

Sometimes step 2 and step 3 have to be repeated several times to achieve the maximum

CMRR.

The maximum common mode input voltage that the amplifier can accept was

found to be ± 4.0 V at ± 5 V supply voltage. During measurement the amplitude of the

input sinusoidal signal was set at ± 4.0 V and the adjustment was made following the

above procedures. Theminimum output voltage attainable was found to be ± 15.84mY.

Thus, the maximum CMRR is 2010g(
4000

>(300) = 97 dB. The related literature[1,2]
15.84

indicates that for a common ECG recorder the CMRR is between 80 dB and 100 dB.

Clearly the value achieved in this project is at the top of the scale.

Furthermore, both of the input terminals were connected to ground to measure the

input offset voltage. It was found to be 60 mY.. Evidently it is too small to have any

appreciable impact on the output swing range of the instrumentation amplifier. . The

input offset voltage will be blocked by a capacitor at the output so that it is not able to

reach the input of the next stage. It should be noted that the designed amplifier shown in

Figure 3-4 is applicable for both channels of the ECG recorder system.

3.4. The Filter Package

It is known that electrodes have most of their information in the frequency range

of 0.05 Hz - 80 Hz [16]. Sometimes the ECG signals are contaminated with extraneous

frequency components that interfere with the true signal. Baseline wandering is the low

frequency interference and electromagnetic induction is the high-frequency interference.

Filtering helps to eliminate them and maintain the meaningful part by means of limiting

the bandwidth of the acquired signal. The American Heart Association (AHA)
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recommended some standards concerning the frequency response.of the Ambulatory

Electrocardiogram (AECG) systems [4]. They have been adopted in this project as the

guide for designing the filter package. Figure 3-6 illustrates the standards.

Gain (Noon.)
110 uPper limit
100
90

/'
lower IiDilf

80
70
60
SO
40
30
20
10

0.05 0.14

Hz

Figure 3-6: Recommended bounds to frequency response ofAECG systems

On the ordinate, the gain from input to output is normalized and represented in

percentage. The standards are summarized as follows:

1). The response to constant amplitude sinusoidal input .signals in the range from 0.14

Hz to 30.0 Hz should be flat within ±6% (± 0.5 dB).

2). The response to 0.05 Hz shall not be reduced by more than 30% from the response at

0.14 Hz.

3). The response to constant amplitude sinusoidal input up to 60 Hz shall not be reduced

by more than 30 % (.. 3.0 dB).

Evidently the standards require using a band-pass filter to .implement the

specifications as indicated above. The lower cut-off frequency should be set at 0.05 Hz,

and the upper cut-off frequency should be set at 60.0 Hz. Since the ripple in the pass

band is strictly limited to within ± 6%, the Butterworth filter has been employed to

achieve a flat response characteristic.
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The filter package that has been built is shown in Figure 3-7.

C,=220pF

S.lM Q c.,. 4.7DF

Vout

The first stage The second stage

Figure 3-7: The filter package in the AECG recorder system

It consists of two stages. The first stage is a first-order band-pass futer. Its lower cut-off

frequency fLC is readily found to be

1
Ire = =O.046Hz.

27t xS.lMO x68nF

The upper cut-off frequency is.

1
Ie = =142Hz ..

27txS.lMQx220pF

Fc is much higher than 60.0 Hz. This stage, however, is not used todefine the upper cut

off frequency of the filter package. Its purpose will be explained later in this section. In

fact the upper cut-off frequency of the filter package is detennined by the second stage

which is a second-order low-pass filter. In accordance with the desired frequency

response, it was designed to be a Butterworth filter. The principle of the Butterworth

filter is reviewed as follows to explain the design. It also serves as the guide for

designing other filters used in this project

Figure 3-8 shows the second-order low-pass filter whose frequency response may

behave differently depending on the resistors and the capacitors.
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C1=2C

Flgure 3-8: The second-order low-pass Butterworth ftlter

Its transfer function is found to be

1

(3.2)

1
For normalization the numerator and denominator are multiplied with

(i)2C
simultaneously, where (i)e is the cut-off frequency of the filter. This gives

1

Let

1

(3.3)

H(s') is still a second-order low-pass filter but the cut-off frequency is scaled to lradls.

To achieve the Butterworth approximation[6], let

(3.4)
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Equating Equation 3.4 to Equation 3.3 yields

1
1

RI�CI Cz
.' (3.5)

and
1 1
----+- =..fi .

R.C1 �CI
(3.6)

To solve the above simultaneous equations, let

RI=�=R. (3.7)

Insertion of Euation 3.7 into Equations 3.5 and 3.6 yields
1
-r=C1 c;R
2

and -=..fi.
RC1

(3.8)

(3.9)

C1=2C2•

C1=2c;
= 2C ( let C2 = C).

Putting Equations 3.7 and 3.10 back into Equation 3.2 yields

therefore,

Consequently,

(3.10)

1

H(s) = 'fR2C2 1
Sz + RCs+ 2R2C2

(3.11)

1

Thus, IHUw)12 = 44R4C;
W +.4R4C

From Equation 3.12, the upper cut-off frequency of the filter is

(3.12)

(3.13)

where fbe is the upper cut-off frequency of the filter.

Let fbe = 60 Hz, C2 = C = 2.2 nF (standard value), from Equation 3.13,
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R=
1

. 27tX Ic.JiiC
1

27tx60Hzx2.2nF

= 8S kO (Use 82 kn standard resistor forR).

C1=2C
= 4.4 nF (Use 4.7 nF standard capacitor for C1).

The designed low-pass filter ends up like stage 2 in Figure 3-7. From Equation 3.13, the

Accordingly

exact upper cut-off frequency is
1

lite = 27tx82Wx.Jiix2.2nF

= 62Hz .

.

It is slightly greater than the desired 60 Hz. During operation, if only this stage is

present, the frequency components beyond fhe will falloff at a rate of -40 dB/decade.

Remember the bias frequency has been set at 300 Hz. It is not very far from the

maximum signal frequency component of the ECG. To avoid the modulation effect, the

roll-off rate should be greater. To this end, the attenuation introduced by the first stage

generates a faster roll-off beyond 60 Hz. This explains the function of the upper cut-off

frequency of the first stage.

Table 3-1 displays the data collected from the experiment on the frequency

response. The testing circuit is shown in Figure 3-9.

Sinusoidal +

Input
Instrumentation

Amplifier
Filter

Package
Output

Figure 3·9: Testing of frequency response of the AECG recorder system

The amplitude of the input signal was maintained at a constant level, but its

frequency was varied from 0.01 Hz to 300 Hz. In the meantime the corresponding
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output voltages of the filter package were measured and logged. Using the data in Table

3-1, the frequency response is graphically demonstrated in Figure 3-10.

Table 3·1: Frequency Response of the recorder system

FREQUENCY (Hz) OUTPUT(V)

0.01 0.2

0.05 0.7 .

0.14 0.95

1.0 1.0

10.0 1.0

20.0 1.0

30.0 1.0

40.0 0.9

60.0 0.7

100.0 0.24

200.0 0.05

300.0 0.012

I

0.9

0.8

0.7

0.6

0.5

0.4

0.3

0.2

0.1

0

0.01 o.os 0.14 1.0 10 30 60 100 300

Frequency Hz

Figure 3-10: Frequency response characteristics of the filter package

The important results are displayed below:

1. The response in the range from 0.14 Hz to 30.0 Hz is within 5%.

2. The response to 0.05 Hz is reduced by 26% from that at 0.14 Hz.

3. The response at 60 Hz is reduced by 30% from that at 30 Hz.
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After comparing the above values with the standard specificatopns recommended

by AHA, we learn that the performance of the filter package that has been built is

satisfactory. 1LC 271A operational amplifiers· are used for constructing the filter

package. The op-amp in the TLC 271A is the same as that in the 1LC 27L2. The supply
current is only 39 J.lA (for four op-amps), One TLC 27IA is sufficient for two channels

of the recorder system.

3.5. The Bias Signal Generator

A 1LC 552C timer is used to generate an oscillating signal at the desired frequency

which serves as the h.f. bias 'signal, The 1LC 552C is characterized by low power

consumption (600 J.lA typically) and accurate oscillations. Two identical timers are

fabricated within one chip. One of them is wired to operate in the astable mode to output

.square waveforms, whose frequency can be set according to the requirement. Figure 3-

11 demonstrates the schematic of one of the timers in the TLC 552C.

Vur =213 Vee

Control Reset

Output

Trigga-

t-------------... 1 Discharge
GND

Figure 3-11: Schematic of the TLC 552C



40

Three equal resistors are internally connected in series between Vcc and ground.

This resistor voltage divider sets the minus input of comparator 1 at an upper threshold

voltage

2
Vur = - Vee .

3

The same voltage divider sets the plus input of comparator 2 at the lower threshold

voltage

The discharge terminal allows the flip-flop to close a switch (transistor) when output is

in the low state. It is used to charge or discharge a timing capacitor in oscillation

applications.

When the trigger input falls below the trigger level, the flip-flop is set and the output

goes high. If the trigger is above the trigger level and the threshold voltage is above the

threshold level, the flip-flop is reset and the output is low. Especially when Trigger and .

Threshold terminals are tied together, the 11£ 552C acts like an inverting comparator as

described in Figure 3-12.

Vj

Vrn

t

o t

Figure 3-12: The inverting characteristic of the 1LC 552C
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Vi is the input voltage to Trigger and Threshold terminals; V0 is the output
voltage.

Figure 3-13 demonstrates the bias signal generator that has been built using the

TLC SS2C. The Vcc is connected to + 5 V and the ground terminal is connected to - 5

V. In this manner the output is capable of swinging from + 5 V to - 5 V. The control

voltage terminal is not used in this project, it is connected to ground via a 0.01 f.l.F

capacitor to bypass the ripples in the power supply. The reset terminal is wired to Vcc to

disablethe reset feature.

. Suppose at time = tl, the capacitor voltage Vc is very briefly below VLT• From

Figure 3-12 we see that the output is in high state. Also, the discharge terminal acts as

an open. Capacitor C then charges via Vcc- RA, and Rs. Vc increases exponentially

from VLT toward Vtrr- V0 remains high during this charge time. When Vc reaches and

just barely exceeds V11f' output becomes low and discharge. terminal grounds the

junction of RA and RB• C discharges through Rs from V11f to VLT. When Vc drops just

below VLT' another cycle begins.

+5V

VCC(14)

TLC552C
1---.... DSCH(l)

OUT(S)

GND(7)

RESET(4)
Cf

T
O.OI1'F

-sv

1--_--ITHRBS(2)

__ 1RIG(6) .

COTO.33nF-sv
-sv

Figure 3·13: Bias signal generator
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Figure 3-14 shows the output of the bias generator with respect to the voltage

across capacitor C.

Vc
Ccharges C discharges

VUT

- - - - - _._ - _1- _

V 0

t _ .... t H __ .. HI.. _ .. tL __ ....�
- - !!II t
to tt.. 12

Figure 3-14: Oscillation of the TLC 552C

The period T is equal to ta + t.... TH represents the time during which Vc rises

from VLT to Vtrr- Since the input impedance of TLC 552C is very high (1012 n

typically), the loss of charge current due to the TLC 552C is negligible. This also

explains why the TLC 552C features high oscillating accuracy. Let i represent the

charging current,
.

therefore, (3.14)

Since i = CdVe, putting i back into Equation 3.14 yields
dt .

dVe .

( RA + R B )C- + .Ve = Vee'dt
(3.15)

.

The solution of the above difference equation is
-t

(3.16)

1
In Figure 3-14 when t = to, Ve = VLT = - Vee;

3
2

when t= tl• Ve = Vur = -Vee'
3

(3.17)

(3.18)
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Substituting Equations 3.17 and 3.18 into Equation 3.16 yields

Therefore,

e(RA+RB)C =2.

tH = 1n2 (R'A +.R B )C. (3.19)

TL can be found out in a similar way, that is

tL= ln2RBC. (3.20)

Finally, T= tH+ tL

= 1n2 (RA + RB)C. (3.21)

The bias signal should not contain a dc component because it cause noise in the

ECG data [3]. Stated another way, the output waveform of the bias generator must be

symmetrical. This requires the rise time to be equal to the fall time in Vc' ie. ts = 1i_.

From Equations 3.19 and 3.20,

therefore,

(RA + Rs)C ln2 = RB ln2

RA=O.

(3.22)

IfRA = 0, the + 5 V supply voltagewill be short-circuited to the - 5 V supply voltage the

moment the junction of RA and RB is grounded through the discharge terminal.

Therefore RA cannot be zero. It implies the output of the bias generator is asymmetrical

at any rate. Nonetheless it is possible to achieve a close-to-symmetrical waveform if RA

and RB are selected appropriately.

Let RA=lOO Jdl, the discharging current through RA is 10V/100ldl = 100 J.1A. This

is acceptable in terms of power consumption and interference to the power supply. Since

the period of the bias signal T = 0.333 ms, let tL = .!.T=1.667 ms. From Equation 3.20
. 2

t 1.667msxl06
RB = --='-- =

Chl 2 0.33nFxhl 2

=7.28Mn.
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From Equation 3.19, tH= (RA +RB) Cln2 = 7.38x106 n x O.33xI0-9 Fx 1n2

= 1.688 ms.

Obviously tH=� thus the waveform is close to symmetrical.

3.6. The One-Shot Circuit

The other timer within the TLC 552C is wired to operate in the monostable mode

or one-shot as shown in Figure 3,.15. It generates a single pulse on triggering to stop the

motor when the recording operation has been fmished.

10 14

Os RESET Vee
1N4001 RI 10K

THRES

CJ DI$CH

\'i-l TRIG

O.1J.1.F TLC552C rCh=O.1 J.l.F

-5V
OUT ...

9
..... VO

GND. CONT

-5V

Figure 3-15: One-shot circuit for controllingmotor movement

In its idle state, the input trigger is high, and Threshold and Discharge are low

(refer to Figure 3-12). Voltages across both capacitors Ch and G are zero. Let Vi go

low. This pulls trigger pin 8 to low, where V0 is sent to high and opens Discharge pin

13. Vo goes high to initiate the output pulse. Capacitor Ch then charges toward VUT'

When V12,13 reaches VUT after a duration of T, Vo goes low and grounds pin 12, 13.

This terminates the output pulse. The one-shot also returns to its idle state.
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The duration of the pulse is readily found from Equation 3.16 in which RA = Re,

RB =0. When t=T,

Using Equation 3.16 yields

(3.23)

To save power, choose R, = 1 MO. The current through R, in the idle state is only 10

VII MO = 10 J.LA. It should be noted that the time constant 'C for Ri and Ci must be

large enough to ensure successful triggering. Let Ri =10 ill, q = 0.1 J1F. Then 'C = RjX

C; =1 IDS. Experiments have shown the time constant 't is adequate for the one-shot

circuit to be fully triggered.

Figure 3·16 demonstrates the application of the one-shot circuit in this project.

+5V

:-L
Slide .

Switch
.

r - .. ..

+SV -+-.1 .....:__.:;.;Se;.;.t-r+ r+_.-__ SV

Vi
,---.... Input

Reset +

One-shot
1()()Q

+SVo---+---.

NC

Out I--------'J

.
. - ....

-SV

Figure 3-16: Application of one-shot circuit

The input Vi is either + 5 V or - 5 V. Its state is controlled by a slide switch

within the recorder. Movement of the slide switch depends on the changing of the tape
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direction. Whenever the tape direction reverses, the slide switch is forced to toggle via a

lever.

At the beginning Vi is connected to - 5 V through the slide switch. When the

push button in Figure 3-16 is depressed, the latching relay is activated, connecting the

motor to + 5 V, consequently the tape is put into motion. When the tape moves to an

end, it is reversed by the internal gear system, at the same time Vi is switched to + 5 V.

It is easy to see in Figure 3-16 that the transition in Vi doesn't cause changes in the

voltage level of the Trig terminal, thus no pulse is provoked. By now the tape is on the

return route. When the tape encounters the other end it is reversed once again. The slide

switch is toggled back to its original position, i.e. Vi = - 5 V. This time the one..shot is

triggered and issues a pulse. The pulse is transmitted to the reset coil of the latching

relay which in tum trips the motor circuit. Experiments have shown the latching relay

can be securely activated when the pulse duration is more than 100 ms. Thus let T =

110 ms. From Equation 3.23,

c =
T

=
110ms

= 0.1 J.1.F."
1n3x·Rc 1n3xIMO

The latching relay used in this project is an electromechanical device. Once it is

activated, the contact is latched in place; no supply current is required; therefore no

power is consumed during the operation.

The maximum ratings of the latching relay are 12 V, 960 0, 150 mW.

Experiments have shown it operates fme when the voltage is between 9 V and 12 V,

accordingly the coil current is from 9 ..37 rnA to 10.4 rnA. In this project the coil current

is 10 V/(96O 0+100 0) = 9.4 rnA (see Figure 3-16). The one-shot circuit is able to

supply 10 rnA.
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3.7. The Power Supply

The power supply unit should provide stable output voltages for the electronic

circuits and the motor as well. The circuits operate at ± 5 V dual supply voltages, and

the motor runs at 5 V. In real-life circumstances only batteries are feasible for

ambulatory electrocardiography. Unfortunately the battery voltage keeps declining in

operation as time goes by. It is not a good practice to power the recorder system directly
.. .w •

•

with batteries.. To achieve a constant power supply, use of a voltage regulator is

necessary. The conventional linear regulator requires a higher input voltage to produce a

constant lower one. As a result, a considerable· amount of power is dissipated in the

series-pass transistor. It is known that a linear regulator is employed by some of the

ambulatory electrocardiogram recorders, for instance, those that are being used at the

Royal University Hospital. But the recording period is limited to 24 hours. In this

project a switch-mode de-de voltage converter is employed It is capable of converting

the lower battery voltage into the desired voltage levels and maintain them throughout

the operation by means of the switching regulator. Most importantly, the switch-mode

dc-dc voltage converter ensures efficient use of the battery energy so that the number of

batteries needed for operation is minimized.

3.7.1. The DC·DC Voltage Converter

The dc-dc voltage converter was built using a micropower MAX 630 switching

regulator. Its supply current is only 70 J.IA. The diagram of the designed dc-dc voltage

converter is shown in Figure 3-17.

The operating voltage of the MAX 630 ranges from 2.0 V to 16.5 V. We chose to.

power the Max 630 directly with the batteries to minimize. interference. 1.5 V AA

alkaline batteries have been selected, Two of them are cascaded to provide 3.0 V output

voltage that is required by the MAX 630. It is noticed that Pin 1 and Pin 8 are not
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connected. Actually they are responsible for low battery detection. Although the battery

voltage decreases during operation, the design ensures it does not drop below the

minimum level - 2.0 V. Thus. the battery voltage detection is not important in this

project and therefore not committed.

NC 1
LBR

LBO ....8_� NC

R'2

REFERENCE

Ie
V. 5

081N5817

Battery
Unit

1:2.5:2.5

6

Figure 3-17: Switch-mode dc-dc voltage converter

The output voltages of the power supply are regulated through feedback. Vout1 is

fully regulated and V002 is semi-regulated. Rn and Ra act as a voltage divider. A

proportion of Vout1 is compared with the 1.31 V internal reference by comparator

COMPo When the output voltage Vout1 is lower than desired, the comparator goes high
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and the oscillator output pulses are passed through the NOR gate latch, turning on the

output N-channel MOSFET at pin 3, Lx. As long as the output voltage is lower than the

desired voltage, pin 3 drives the coil Lwith a series of pulses at the oscillator frequency.

Each time the output N-channel MOSFET is turned on, the current through the

external coil L increases and transfers power to the coupled coils LI and L; The

induced currents from coils LI and � flow through the catch diodes D6 and D7 into the

loads. In the meantime filter capacitors CpI and Cp2 get charged. The induction

polarities in coils Ll and � must be properly arranged so that the currents flow in the

correct directions.

Each time the output MOSFET turns off , the current returns to zero and is ready

to turn on in the next cycle. When the output voltage reaches the desired level, i.e.

1.31Vx(1+ R'l ), the comparator output goes low and the coil L is no longer pulsed .
.

� ..

Currents then are supplied by the filer capacitors Cp1 and Cp2 until the outputs drop

below the threshold and once again Lx is switched on, repeating the cycle. The average

duty at Lx is directly proportional to the output voltages. Although V0ut2 is semi

regulated, it receives power transferred from coil L in the same manner as that for Vout1.

Coils Lt and � share the same core and the same flux. If their number of turns �

equal, then the e.m.f.s induced in them will be equal, too. Furthermore, if Voutl and

V0ut2 are driving equal loads, then Vout1 = Vout2.

In this project the number of turns of coils LI and� are made equal. Since Voutl is

fully regulated, it always stays at the desired level. Now we look at the case where Vout1

and V0ut2 are driving different loads. If the load for V0ut2 is greater than that for Voutl,

Vout2 will be lower than the desired level because it is not fully regulated by the MAX

630.. Conversely if the load for Voutl is greater than that for V0ut2' regulating will be
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more frequent than needed. As a result VwtJ, will be raised to a higher level than Vout!

due to the excessive power transferred from coil L.

Since Vout1 is fully regulated and stable, it is chosen to power the motor in order to

achieve a constant speed. With this arrangement, the load for Vout1 is greater than that

for VwtJ,. According to the above discussions, VwtJ, will be higher than the desired level.

The extent to which VwtJ, departs from the desired level depends on the difference

between the two loads. Since the electronic circuits operate at dual power supply, this

part of load is the same for both Vout1 and VwtJ,. The only difference is the motor.

Fortunately the motor is a small load. It draws a mere 3 mA or so from the power

supply. Its impact on Vout1 and VwtJ, can be found from Table 3-2 in which the values of

Vout1 and V0ut2 obtained from experiments are displayed.

Table 3-2: The voltages of the power supply

Load Vout! V0ut2

Motor not included + 4.98 V - 4.98V

Motor included +4.98V - S.08V

We are able to. find two facts from Table 3-2. First, the power supply voltages are

± 4.98 V, but the desired voltage levels are ± 5 V, there is a small error of 0.02 V. It is

attributed to the precision of the voltage divider, but it can be: improved by selecting

more precise resistors for Rt. and�. Extremely high accuracy of the power supply

voltage is not necessary as far as this project is concerned; thus ± 4.98 V is accepted.

However wewill continue to refer to ± 5 V as the power supply in the design.

The second fact we can see is when the motor is included into the load, VwtJ, becomes

lar d de fi V b
5.08-4.98

2111-ger an parts rom outl Y = 70.

4.98
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Among the components .in the recorder system, the bias signal generator is the

most susceptible to the inequality of Vout1 and VcM2. Since the bias signal swings from
.

Vout1 to VcM2' if Vout1 ;f: VcM2' a de component appears in the bias signal, which is

undesirable for recording operation. One way to eliminate the de component is to use a

blocking capacitor. In fact VcM2 is slightly different than Vout1' its impact on the

reco�g quality is negligible, therefore no extrameasure is necessary.

3.7.2. The Elements

1). Inductance ofeon L

Coil L should have the correct inductance, be able to handle the required maximum

current and have acceptable series resistance.

The relationship between current i through the coil L and the battery voltage Vin is

described by the follo�g equation (for simplicity, the mutual induction is not

considered)

The maximum current

i = '!Jv. dt = V;, t.
L '" L

. V...TON
lpk = J TON =

L
'

where TON is the on-period of the Lx output

(3.24)

(3.25)

The output power from the batteries is

T.

=/ T v... t V... dt
o L

2
_ (V;,TQN> /
-

2L
' (3.26)

where f is the oscillator frequency.
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Equation 3.26 implies that if the inductance of coil L is too high, the de-de voltage

converter will not be able to deliver sufficient power even with the Lx output on for

every oscillator cycle. The maximum inductance of coil L is

(3.27)

where Pout 'is the total power consumed by the system.

On the other hand, if the inductance of coil L is too small, the current at Lx may

exceed the maximum rating-. The MAX 630 output device is an N-channel MOSFET.

The maximum current it can handle is 375 mAo From Equation 3.25 the minimum

. allowed inductance is

(3.28)

where Ipk= 375 mAo

The duty cycle of the oscillator is 55% according to the data book[16], therefore

1
TON=0.55x f·

Substituting TON into Equation 3.26 yields

(3.29)

Equation 3.29 indicates that the output power can also be changed by adjusting the

oscillator frequency f.

The oscillator frequency is set by capacitor ex connected to pin 2. A 39 pF

capacitor sets the oscillator frequency to 30 kHz, a reasonable compromise between

lower switching losses at low frequency and reduced inductor size at higher frequency.

Now that the oscillator frequency has been determined, the output power depends on the

inductance of L. To find L, the total power consumption Pout must be determined to'
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begin with. The power consumption of the system falls into four categories: dissipation

in the electronic circuits; the motor power; consumption within the recording heads;

loss within the power supply unit. The power consumption in each category is

calculated as follows:

1). The quiescent current of the entire. circuitry is 1.5 mAo It flows from + 5 V to

-5 V. The power dissipation is 15 mW, denoted by PI'

2). When the motor rotates and drives the tape, it draws 3.33 rnA from the + 5 V

power supply. Thus the motor power is 5 V x 3.33 rnA = 16 mW, denoted by P2•

3). The bias current in the head is set at 0.72 rnA (It will be explained in Section

3.10). There are two heads which operate simultaneously. The power consumption due

to bias current within the heads is 2 x 2.5 V x 0.72 rnA = 3.6 mW.

The signal current superimposed on the bias current is extremely small. Its power

is estimated to be one tenth of that of the bias signal. Taking this into account, the

power consumed within the heads is 4mW, denoted by P3•

Summing up PI' P2 and P3 gives 35 mW, denoted by P.

4). The selected ferrite magnetic core and the 39 kHz operating frequency ensure a

high efficiency of the dc-dc voltage converter. According to the data book[16], 85% is

normal.

Therefore the total power is

P 35mW
Pou,=-=--

0.85 0.85

=41 mW. (3.30)
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For the 30 kHz, 55% duty cycle oscillator,

TON = IS J.IS. (3.31)

To find the maximum inductance of coil L, the minimum battery voltage must be

considered. The lower limit of the battery voltage has been set at 2.6 V. That means the

battery voltage should not fall below this level by the end of the operation. From

Equations 3.2S, 3.30 and 3.31,

L _
(2.6VxlSms)2 x 30kHz

max
r:

2x41mW

= SOl J.IH.

To find out the minimum inductance of L, the maximum battery voltage.must be

considered. From Equation 3.2S,

L",;" =
3Vx1Sms

375mA

= 147 J.IH.

Therefore the inductance ofL is somewhere between 147 J.1H and SOl J.1H. We choose L

= 700 J.1H, in the upper part of the limit. . The advantage to do so is that if the output

power is found to be inadequate, we can raise the output power by reducing the

oscillator frequency through adjustment of capacitor ex at pin2. In such cases, a large

inductor ensures the switching current does not exceed the maximum rating at the

reduced frequency. Since Ipt = 375 mA, the saturation point of the inductor L must be

higher than 375 mAo

2). eon Ll and eon t,

In effect, coils L, Lt and � form a de transformer. Coil L acts as the primary

winding, coils L. and � act as the secondary windings. The turns ratio defines the

e.m.f.s induced in coils L. and L, A larger e.m.f. than the required output voltage is
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necessary because the catch diodes and the effective series resistance in the coils

introduce voltage drops. On the other hand, if the e.m.f. in a secondary windings is too

high, it tends to worsen the ripple in the output voltage. The turns ratio was set at 1 :2.5

as a compromise. If the mutual induction is ignored, the e.m.f. induced in the secondary

winding is 7.5 V when Yin = 3.0 V and 6.5 V when Yin = 2.60 V. When the mutual

induction is considered, the e.m.f. in coil L introduced by the currents through coil Ll
and � are counter to Yin and weaken the switching current in coil L. As a result the

output power will be more or less reduced. But the output power can be improved by

reducing the oscillator frequency. Experiments have shown there is no need to do so.

The three coils were wound on a plastic bobbin which was then placed between

two pot core sections. A clip was used to hold together the core sections. Pot cores are

very popular as switch-mode inductors since they offer high performance and ease of

design. Smaller pot cores mount directly onto printed circuit boards via the bobbin

terminals, The gap between the sections prevents saturation and accurately defines the

inductance per tum squared.

When the DC transformer had been assembled, the inductance of coil L was

found to be 697. JIH when coil Ll and coil� were left open, and the saturation point was

found to be 446 rnA. These parameters are satisfactory.

3). Resistors Rfl And Rf2

The VFB input bias current of theMAX 630 is specified as 10 nA maximum. The

current in the voltage divider RnlRfl may be as low as 1 IJ.A without significantly

affecting accuracy. Normally Ra is between 10 W and 1 MO ohms, which sets the

current in the voltage divider in the 1.31J.A to 130 IJ.A range. Rn can be calculated as

follows:
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where Vout is the desired output voltage.

Now choose Rn= 200 ka, then Rfl = 200 knx (4.98V 1) = S60W.·
1.31V

4). Diodes

To avoid excessive power loss, the 'catch diodes D6 and D7 should have fast turn

off time and low voltage drop. For maximum efficiency, the IN5817 series of Schottky

diodes has been employed.

5). FOter Capacitors

The change in the charge on the filter capacitors causes ripple in the output

voltage. In addition, higher e.m.f in the secondary winding and lower oscillator

frequency will intensify the ripple. Ideally the filter capacitor should be infinitely large

to eliminate ripples. In reality we can only choose as large capacitors as possible. As a

rule, larger capacitors have larger dimensions. Based on the size of the chassis, we

select Cpt = Cp2 = 470 J.lF as the filter capacitors. Measurements show the maximum

ripples in VOUtl and Vout2 are 87 mV and 78 mV respectively (see Appendix A), less than

1.7% of the desired power supply voltages. Ripple in the power supply is undesirable

indeed, but its effect is negligible provided it is within the tolerable limit as it is for this

case.

3.7.3. The Batteries

The rechargeable nickel/cadmium batteries seem to be fine for this project

because they can be used repeatedly. Unfortunately they have a shorter operating life

than the alkaline batteries of the same size. The 1.5 V AA alkaline batteries are

preferred in this project. The reason for selecting the 1.5 V battery is that it does not
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lose much voltage before its capacity is spent. In this project two such batteries are

connected in series in operation. At the starting point the voltage of the battery unit is 3

V. As the batteries discharge during operation, the voltage decreases gradually.

Precautions must be taken to prevent the battery voltage from falling off too much,

because when the battery is about to be spent, its discharge characteristic becomes

unstable. In such cases, a small increase in the discharging current will bring about

considerable drop in the battery voltage. It may shut down the dc-dc voltage converter.

Experiments have shown the 1.5V AA battery voltage should be kept above 1.3 V to

achieve a stable discharge characteristic at lOrnA. Accordingly, we set the ending

battery voltage at 1.3 V. Since two batteries are connected in series, the mean voltage of
th b

.

th di harsi iod i
1.5Vx2+1.3Vx2

28 V Fe attery unit over e sc argmg pen IS • • rom
·2.

Equation 3.30, the batteries should output 41 mW to the recorder system, therefore the

.

mean discharging current is �.�;= 14.6 rnA. Accor4ing to Figure 3-19, the battery

voltage will drop below 1.30V after 72 hours at this discharging rate. To ensure

adequate power, two groups of batteries are connected in parallel so that each of them

supplies only half of the current which is 14.6 rnAI2 = 7.3 rnA. Figure 3-18

demonstrates the configuration of the batteries. In this manner, the expected battery life

is

7.3 mAx72 h = 0.525 Ah. (3.32)

....----ol...._____,�
H

±�v l_
15V

T__l.S_V__T
i.sv

I----�)-

3V

Figure 3·18: The battery unit
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Each time the EC(J recorder is conimitted, four brand-new batteries should be

used. In this manner the two groups of batteries have the same voltage level and the

possibility of circular current within the battery unit is eliminated. The discharge

characteristic of a 1.5 V AA alkaline battery through a 150 n resistor was tested. The

battery voltages over the discharging period are presented in Table 3-3.

Table 3-3: The battery voltages over the discharging period

Discharging Time Battery Voltage
(hours) . (volts)

0 1.55
1 1.532

4.4 1.493

5.4 1.485

7.75 1.469

20 1.412

22.17 1.418

23.67 1.415

26.33 1.409

28.16 1.�

33 1.396

·43.67 1.359
49 1.347

52.4 1.342

55.23 1.34

67.2 1.324

72.23 1.32

n.23 . 1.31

80 1.31

Figure 3-19 demonstrates the discharge curve based on the data in Table 3-3.
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Figure 3·19: Discharge characteristic of 1.5 V AA alkaline battery

At the starting point the current is 10.0 mAo After 72 hours the battery voltage
.

.

drops to 1.32 V, accordingly the discharging current diminishes to 8.8 mAo If two

batteries in series discharge at the same rate, the voltage will end up at 2.64 V>2.6 V.

Clearly the batteries are still operational. The battery life is found to be greater than

10mA+8.8� ><72 h = 0.677 Ah. Comparing this result with Equation 3.32, we know
2 .

the life of the battery unit is sufficient for this application.

3.8. TheMotor

The motor drives the tape through the pulley assembly as the BCG signals are

being recorded on the tape. The tape should move at a slow but steady speed.. Abrupt,

substantial changes in the tape speed will give rise to serious distortion in the data.

Figure 3-20 shows the drive system.



60
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flF
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Figure 3·20: Drive system for the AECG recorder

It is observed that the motor pulley shares a common rubber band with other pulleys in

the system. When the motor rotates, it drives two capstans through the rubber band,

which rotate in opposite directions. During recording only one of the two pinch rollers

is pressed down on the tape against the capstan shaft that moves the tape. The other

pinch roller is idle. When the tape moves to an end, the committed pinch roller is

released automatically by the built-in gears, and the previously idle pinch roller is

pressed down on the tape instead. The tape begins to move in the opposite direction.

A satisfactory motor should meet the following requirements:

1). runs at a slow but constant speed,

2). provides adequate torque,

3). draws low current, and

4). has a small size.
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Based on the above requirements, the FAULHABER 0501004 DC motor was

selected. This type of motor has a 485:1 ratio gearhead for speed reduction. The

nominal speed is 40 RPM at 12 VDC and the torque is 80g. ( 2.78 oz.) at 5 mA. Its

body dimension is 1.6 em diax 3 em L. Apparently this type ofmotor is suitable for this

applicatioil.

It was foUnd that the load introduced by the tape and the pulley system is very

small when the motor runs slowly. If the motor runs at the rated 12 V, a considerable

amount of power will be consumed by the gearhead within the motor due to friction

instead of being utilized by the extema1load. To improve the power efficiency, the

motor should � at a lower voltage level, Because miniature de motors employ

permanent magnets to generate flux, the reduced voltage will not influence the

excitation. The selected motor was found to rotate at 34 RPM at 12 V. The armature

current was 3.5 mA. When the voltage was reduced to 5 V, the motor speed decreased

to 13 RPM, and the current decreased to 2.6 mA. Experiments have shown that the

motor is still able to provide adequate torque to ensure the steady movement of the tape.

The ratio of the motor speed to the capstan speed is determined by. the pulley

assembly. The original pulleys in the Sony WaJkman were not changed except for the

motor pulley. Design is centered on themotor pulley and the motor speed.

The dimension of the motor pulley determines the tape speed. Since the recording

operation is required to last for up to three days or 72 hours, a 120 minute tape is

employed. In the audio system, the tape moves at 45 nuDls. Thus the length of the tape

Lis

L = 120 min x 60 s x45 mm/s = 324,000·mm.

At this length if the tape moves continuously for 72 hours, the maximum allowable speed

is
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v, =
L

=
·324,.OOOmm

= 1.25 mmls .

.

max
72 x 3600s 72 x 3600s

The measured diameter of the capstan shaft of the Sony Walkman is 1.8 mID. When the

tape moves at the maximum speed, the corresponding capstan rotational speed is

v:
Nmax= - x60 = 13.26 RPM.

2tx1.8mm

We decided to let the motor operate at 5 V; the speed is about 13 RPM. Thus, the

ratio of the motor speed to the maximum capstan speed is close to 1: 1. At this ratio the

diameter of the motor pulley is almost equal to that of the capstan pulley because they

are linked by the same rubber band. The diameter of the capstan pulley was found to be

24.7 mm, A motor pulley with the same diameter was made so that when the motor

rotates at 13 RPM, the tape moves at �X1.25mm1s = 1.225 mmls. Actually the
13.26

tape speed will be a little lower than 1.225 mmls dueto the finite load from the pulley

assembly and the tape as well.

The method ofmaintaining the motor speed will be discussed in the following.

The relationship between the load and the de motor speed is described below.

V-J·r·
(1)=---

k."m

where (1) is the motor speed, V is the input voltage to the motor, J is the current through

the armature, k. is the electromechanical conversion coeffecient, constant, •m
is the

airgap flux, and r is the effective resistance of the armature.

If the load increases, the motor speed co decreases and causes the current J to rise.

If the voltage V remains the same, the motor will be stable at a lower speed. To recover

the motor speed, V has to beraised, In the opposite case where the load decreases, V
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has to be lowered to bring the speed back to the original leveL Suppose the load is

constant or its change is negligible, it is only necessary to maintain motor voltage V to

achieve a constant speed. In this project the load for the motor has two features, it is

small and its change is small. These . arguments are supported by the data obtained from

the experiments that will be shown later. Consequendy, the motor voltage is maintained

constantto achieve a constant speed.

The characteristics of the motor speed versus the load at a constant voltage was

carefully tested. To measure the motor current, a 5.1 0 sensing resistor was connected

in series with the motor terminal. The armature resistance was found to be 117 0, so

that the presence of the sensing resistor does not influence the accuracy of measurements

appreciably. At first the tape was not loaded. Figure 3-21 shows the waveform of the

motor current represented by the voltage across the sensing resistor. It was recorded

using a digital oscilloscope. The reading in Figure 3-21 is a typical value. By typical we

mean it is observed for most of the time. In fact the motor current varied between 2.2 .

mAand2.8mA

Since the motormoves at exceptionally slow speed, changes in the motor speed are

. small Thus, it is unrealistic to use a tachometer or to count the r.p.m. in order to fin:d

out the changes in the motor speed. However, the periodic pulsation in the current

waveform in Figure 3-21 reveals the commutation process[12]. The frequency reflects

the motor speed. When the motor rotates faster, the frequency is higher. When the

motor rotates more slowly the frequency is lower. In fact the frequency varies in direct

proportion to the motor speed. For example, the motor speed is 34 RPM at 12 VDC,

and 13 RPM at 5 VDC. Correspondingly the pulsation frequency is 2.8 kHz at 12 VDC,

and 1.1 kHz at 5 VDC. The ratio of speeds is 2.6 and the ratio of frequencies is 2.55.

The two results agree well. It should be noted here that the commutation process



64

produces high-frequency noise to the circuits. The purpose of the 0.01 J.lF bypassing

capacitor across the motor in Figure 3-20 is to minimize the commutator noise.
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Figure 3·21: Motor current waveform without the tape

Figure 3-22 shows the waveform of the motor current when the tape was loaded.

Under such condition the motor current varied between 2.8 mA and 3.2 mAo The center

point moves up by 10% with respect to the preceding range. It signifies the load

introduced by the tape is quite small. At the same time the pulsation frequency of the

current waveform becomes 1.089 kHz (typical). From the proportional relationship

between the pulsation frequency and the motor speed, the motor speed in the present

situation is (1.089 kHzI1.1 kHz)xl3 RPM = 12.87 RPM. The percentage change in the

motor speed with respect to the previous value is (13 RPM-12.87 �M)113 RPM = 1%.

Obviously it is very small. On the other hand, the motor speed is not absolutely

constant, it varies within a small range. This is indicated by the changing of the .

pulsation frequency in Figure 3-22, which was found to be from 1.075 kHz to 1.1 kHz.

The maximum percentage change in this range is (1.1 kHz-1.075 kHz)/1.075 kHz =
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2.3%. This ratio also represents the change in the tape speed because the motor speed is

directely proportional to the tape speed. Evidently it is too small to bring about

significant impairment to the recording quality.
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Figure 3-22: Motor current waveform with tape loaded

To find out the exact value of the tape speed, a 30 Hz sinusoidal signal was

recorded and then reproduced. The result is shown in Figure 3-23. From Figure '3-23,

the reproduced signal frequency is 1.2 kHz. From it,

th ta peed duri rdin 30Hz x45mm I s
1 '13 __ 1e pe s unng reco g = -. llUlUS

1200Hz

where 45 mmls is the standard tape speed in the audio system.
.

324 OOOmm 1
At 1.13 mm/s, the tape can last as long as

'
.--= 79 hours.

1.13mml s 3600
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Figure 3-23: The reproduced 30 Hz sine wave signal

3.9. The Head Assembly

There are four heads inside a head assembly as demonstrated in figure 3-24.

head assembly tracks on tape

channell

Figure 3-24: The recording head assembly
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They are arranged in parallel with one another. Each head corresponds to one

track, thus the surface of the tape is divided into four tracks side by side. At the same

time only two of the four heads are in operation. As the tape moves forward, the ECG

data from the two channels are recorded on the tape through the two operating heads.

When the tape reverses moving direction, they are turned off, the other two heads are put

into operation. Correspondingly, the tracks on the tape are switched. Recording is

carried on until all four tracks on the tape have been filled with the ECG data.

The head assembly in a music player was initially intended for the purpose of

reproducing signals. In this project they will be used for·recording signals instead. The

possibility of inverting the usage of the magnetic heads was investigated. It is found that

the major difference between the two types of heads lies with the airgap. For the

• reproducing head the airgap should be made as small as reasonably possible in order to

minimize the wavelength at which the airgap effect reduces the output to zero. For the

recording head a reasonably wide airgap is desirable to enhance the leakage flux

required for recording. A recording . head may not be fit for the purpose of reproducing

because the short-wave length signals might be lost due to the airgap effect, but a

reproducing head is definitely fit for recording, although more current might be required

for the same intensity of remanent flux on the tape.

3.9.1. Determination of The Saturation Point

In the recording mode, a .large bias current plus
.

a small signal current flows

through the head coil. Precautions must be taken to avoid saturation. Once saturation

occurs, the flux does not change linearly with the magnetizing force. As a result the

recorded data are distorted. To determine the saturation point, two different approaches

were taken that led to two results. By cross-referencing the results we are able to know

whether the true saturation point has been located.
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First we examined the changes in the head impedance with respect to the variable

head current. A 5.1 n sensing resistor was connected in series with the head coil, and a

sinusoidal signal at 300 Hz (bias frequency) was used as the input. We are most

interested in the condition at bias frequency because the bias current is predoDiinant in

the head currents. In the de condition the impedance of the head was found to be 297 n.

It will grow larger in the ac condition. Thus, the effect of the sensing resistor is

negligible. Table 3-4 shows the measured impedances versus currents in RMS values.

Table 3-4: The head impedance ( Z ) versus current ( I)

I(mA) Z( n)

0.20 420

0.40 418

0.60 421

0.80 417

1.0 402

1.17 390

1.37 385

1.57 374

1.76 369

It is seen in Table 3-4 that the head impedance is almost invariable when the

current is less than 0.8 rnA. When the head current exceeds 1.0 rnA, the head

impedance begins to falloff. This implies the inductance of the head coil becomes

smaller due to saturation. The saturation point is thus located somewhere between 0.80

rnA RMS and 1.0 rnA RMS or between 1.1 rnA and 1.4 rnA in terms of peak value.
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As an alternative approach, a square-wave signal was fed into the head coil. The

relationship between the head current i and the head voltage Vis

di .

ir+l- = V,
dt

(3.33)

where r stands for the head resistance and I stands for the head inductance.

Considering the period in which the voltage is temporarily constant and solving

Equation 3.33 by assuming when t = 0, i = 0, we get

r

V --t

i=-(1-e I ).
r

(3.34)

If I is constant, the varying current will follow an exponential curve. As t increases, the

value of i increases. When t ;;:: to. saturation occurs, then. I becomes very small,
. r

accordingly _!:"t is very large. As a result, e -Tt = 0, and i= V; That is,'the current is
I r

approximately constant during the rest of the period. Figure 3-25 and Figure 3-26 show

the. waveforms of the head current in the two separate conditions where saturation

happens and does not.

The saturation point was found by gradually increasing the current until it just

departs off the exponential curve. The saturation current found in this way is 1.35 mA.

This agrees with the result from the first method.
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Figure 3·26: Head current wavefonn when saturation occurs

3.9.2. Testing of the Linear Characteristics ofRecording

The linear characteristic of recording was tested and the results are illustrated in

Figure 3-27.
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Figure 3-27: The measured recording characteristic in terms of linearity

The experiment w� do�e using the circuit shown in Figure 3-31. The 60 Hz sine

wave was recorded with the bias current at 1 mAo To know if there was any distortion in

the reproduction, a spectrum analyzer was used to investigate the frequency components.

Distortion is reflected in the third harmonic. If the amplitude of the third harmonic rises

up to·3% of that of the fundamental component, distortion is declared. Based upon this

criterion, it is discovered that the'amplitude of the recording signal can go up to as high

as 1 V without distortion in the reproduction. Below this value the recording

characteristic is linear.

The bias current also determines the maximum linear input (MLI) and overall

gain. The maximum linear input is defined as the maximum allowable input voltage

when no distortion is present in the reproduction. The overall gain is defined as the ratio

of the reproduced signal amplitude to the input signal amplitude during recording.

Figure 3-28 demonstrates the relationship between the maximum linear input and the

bias current based on the data obtained from the experiment. It shows that a larger bias

current permits a larger MLl
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Figure 3-28: Relationship betweenMaximum Linear Input and bias current

Figure 3-29 demonstrates the relationship between overall gain and bias current

using the datacollected from the experiment Evidently within the range of interest, the

smaller the bias current is, the higher the overall gain is. This rule is opposite to the one

forMLI.

500

450
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c::: 350
.; 3000
- 250

1 200
0 150

100

50

0

0.67 0.83

Bias current [rnA]

Figure 3-29: Relationship between overall gain and bias current

1.0

Both a large MLI and a high overall gain are desirable because they enhance the

power of the signal in the reproducing system, as a result, increasing the signal-to-noise

ratio. Unfortunately they are complementary with respect to the bias current. Another
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important factor that influences the determination of the bias current is the timing mark.

The bias current must be strong enough so that the bias signal can be extracted during

playback as the timing mark. Experiments have shown that the bias current must be at

least 0.67 rnA for the timing mark to be obtained.

The product of MIl and overall gain stands for the maximum output in the

reproducing system. From Figures 3-28 and 3-29, the product ofMLI and overall gain is

maximum when the bias current is 0.67 rnA and becomes smaller as bias current

increases. A strong EeG signal is also desirable, therefore the bias current must be

limited. In this project the bias current is chosen to be somewhere between 0.67 rnA

and 0.83 rnA.

3.10. TheMultiplexer

The wiring of the multiplexer in this application is shown in Figure 3-30.

Bo
1

2 15
Channell

3 14

NC 4 CD 4502 13

5 MULTIPLEXER 12

Channel 2 6 11

7 10

8 9

Slide Switch

-5V

Figure 3-30: Themultiplexer used for track switching
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A National Semiconductor CD 4052 multiplexer is used to switch the heads, i.e..

switching the tracks on the tape surface. It consumes very low quiescent power, only 1
.

J.lW at V00
- Vss

= VDO
- VBE

= 10 V. The channel leakage current is only 10 pA at V00

-Vss
= 10 V due to the extremely high "OFF" resistance.

The CD 4052 is a dual-input 4-channel multiplexer having two binary control

inputs, So and St, and an enable input E. The two binary input signals select 4 pairs of

channels to be turned on and connect the two analog inputs - An and Bn to the two

outputs. Since there are four tracks on the tape, only two pairs of channels are needed,

the other two pairs are left free. As can be seen in Figure 3-30, A", B, and At' B, are

connected while Az, B2 and �, B3 are not connected. Accordingly only one of the two

binary control inputs is needed for switching the two pairs of channels. St is connected

to low (- 5 V) and So is allowed to change between - 5 V and + 5 V. Table 3-5

interprets the control logic. E must be connected to - 5 V to enable the operation.

Table 3·5: The function table ofmultiplexer

INPUT STATES "ON"
-

CHANNELSE S S

L L L Ao.Bo

L L H At. Bi

The level of So is controlled by a slide switch. It is the same slide switch that

triggers the one-shot circuit. At the beginning, So is connected to -- 5 V through the slide

switch. From Table 3-5, we know channels A" and B, are turned on, and the input BeG

signals pass through the multiplexer to head 1 and head 2 in Figure 3-30. When the tape

reverses, the slide switch is toggled, connecting So to - 5 V. From Table 3-5, channels
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Al and B, are turned on, at the same time channels Ao and B, are turned off. In this

manner the ECG signals are switched over to head 3 and head 4.

3.11. TheOutput Stage

The output stage is a summing amplifier, where the ECG signal is superimposed

on the bias signal and fed into the head coil. The diagram of the output stage is shown

in Figure 3-31.

R1S=500 Jdl
RlS=lMn__

Calibration

ECG

Bias

Slide switch

+5V

+sv

··-sv

Head

Figure 3·31: The output stage in the AECG recorder system

The TL 062 op-amp has been selected because it is capable of outputting up to 1.S

rnA which is sufficient for the operation. Consequently no push-pull transistors are

used. The power consumption of the TL 062 is still low. It draws only 200 J.1A. of

quiescent current.

The magnetic recording technique is based upon the relationship between the

remanent flux within the tape and the current of the recording signal. However the ECG

signals for the recorder system are voltages. To achieve the current characteristic, a 3 k:O

resistor is connected in series with the head. Compared to the series resistor, the

differential resistance of themultiplexer (50) is so small that it is negligible. The output
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impedance of the amplifier is close to zero if it operates within the' linear range. Thus,

the effective circuit is obtained as shown in Figure 3-32.

3kO

Head

figure 3-32: The effective circuit of the output stage in the AECG recorder

V0 in Figure 3-32 is a voltage signal source. Figure 3-33 shows the equivalent circuit

with a current signal source, which was transfonned from Figure 3-32.

Head

figure 3-33: The effective circuit of the output stage based on current signal

The head impedance is frequency-variant' The highest ECG signal frequency has

been limited to 60 Hz, and the head impedance was found to be 312 n at 60 Hz,
_ ..

approximately 1� of the parallel 3 kn in Figure 3-33. Thus the shunting effect of the 3k

n resistor is negligible. As a result, the current through the head coil is proportional to

the voltage of the signal.
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From·the analysis in Section 3.9, the bias current should be somewhere between

0.67 mA and 0.83 mAo A higher value in this range is better since the bias. signal

becomes weak during playback. From Section 3.5, the bias signal from the bias

generator is ± 5 Y. It is then reduced by half by the summing amplifier. From the

effective circuit in Figure 3·33, the bias current is estimated to be
2.5V

= 0.83 mAo The
3m

real value was found to be 0.72 mA due to the limited shunting effect of the 3 ill

parallel resistor.

Based on the above parameters, we are able to determine the appropriate gain of

the recorder system. It is known that the amplitude of the BCG signal from the

electrodes is 1.6 mY. It is amplified by the instrumentation amplifier before being

transmitted to the input of the summing amplifier. The gain of the summing amplifier

for the BCG signal was set at 1, so that the overall gain of the recorder system is

determined by the instrumentation amplifier. On the other hand, the gain is limited by

the bias current The result shown in Figure 3-28 was obtained using the output circuit

in Figure 3-31. Consulting the graph in Figure 3-28 we discover that when the bias

current is equal to 0.72 rnA, the maximum linear input is 0.75·Y. ·Therefore the gain of

the instrumentation amplifier should be less than
0.75V

= 468. In practice the recorder
1.6mV

system should not operate at the maximum gain, because some irregular BCG signals

may have peaks higher than the normal ones. In such cases, the recording signals will

exceed the linear limit and get distorted on the tape. Experience has shown the

abnormal R waves rarely shoot up twice as high as the normal ones. Thus, we chose the
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ratio to be 1.5, then the gain was set at 468/1.5 = 312. In practice let the gain equal 300,

then the regular BeG amplitude becomes 1.6 mV x300 = 480mV after being amplified.

In this manner the BeG signal is allowed to increase by 0.75 V/O.48 V =1.56 times

without distortion during recording.

It should be noted that when the amplitude of the BeG becomes excessively large,

the signals can still be recorded, but their shapes will not be fully reproduced during

playback. The extent of distortion is commensurate with the distance to which the

signals exceed the linear range.

To ensure linear operation, the swing range of the summing amplifier must be

examined. The output of the output stage is a summation of the bias signal plus the

BeG signal, with the bias signal at ± 2.5 V and the BCG signal at ± 0.75 V(max.). Thus,

the summing amplifier should swing at least from 3.25 V to - 3.25 V. In measurement

the TL 062 was found to be able to swing linearly from + 4 V to - 4 V when the power

supply is ± 5 V.

The input terminal labeled Calibration is used for inputting the calibration signal.

When calibration signal is fed into the output stage, the BeG signals should be

disconnected. This is done by manually opening the switch in series with the input

terminal of the summing amplifier (see Figure 3-34 for demonstration). Calibration will

be treated in Section 4.3.

The block diagram of the recorder circuits is shown in Figure 3-34.



CHI + Instrumentation
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Filter

generator
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Multiplexer

Cal. IMonitorjack jack

Figure 3-34: Block diagram of the instrumentation of the AECO recorder
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4. THE ECG REPRODUCTION SYSTEM

4.1. Introduction

The AHA standards shown in Section 3.4 also apply to the filter package in the

ECG reproducing circuit This is because the frequency components that are not

important during recording are certainly not important during playback. The standards

are repeated here for easy reference:

1). At 0.05 Hz the gain should not drop by 30% when it is at 0.14Hz;

2). At 60 Hz the gain should not drop by 30% when it is at 30Hz;

3). From 0.14 Hz to 30 Hz the response should be flat within ± 6% .

. Because the ECG data on the tape are played' back at higher speed, the above

specifications must be translated. The tape moves at 1.13 mmls in recording. but moves

at 45 mmls in reproducing. The speed ratio is 45/1.13 = 39.8. Based upon this ratio, the

translated frequencies are shown in Table 4-1.

Table 4-1: The relationship between the recording
frequency and reproducing frequency

Recording Reproducing

0.05 Hz. 2Hz

0.14 Hz 5.6 Hz

30Hz 1.2 kHz

60Hz 204kHz

300Hz 11.9 kHz

80
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The possibility of taking advantage of the music playback circuit to reproduce the

BeG data has been investigated. Figure 4-1 shows the reproduced BeG forms using the

music playback circuit.

:l
.. �!

� 1
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0.00000 S 25.0000 fflS

5.00 fRs/div
50.0000 DlS

Figure 4-1: Reproduced BeG forms using audio reproducing circuit

In Figure 4-1 the P wave and Q wave are barely seen, and the QRS segment is

almost symmetrical with respect to the baseline. This means the lower frequency
components of the BeG signal have been significantly suppressed. It is easy to explain.

From Table 4-1 we know the meaningful frequency for BeG is as low as 2 Hz. But it is

not important from the perspective of the audio system and will be suppressed by the

music playback circuit. Thus, a suitable reproducing circuit for BeG signal must be

built.
I·

4.2. The ECG Reproducing Circuit

A circuit' uniquely suitable for reproducing BeG signals was designed in

accordance with the AHA standards. Before the diagram of the reproducing circuit is
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presented, the reproducing principle is explained as follows to help with understanding

the operation.

During recording the remanent flux within the tape is proportional to the head

current (see Section 2.4), and the head current is made proportional to the signal voltage

(see Section 3.11). Let �r represent the remanent flux, Vs represent the signal voltage

and I represent the current through the recording head coil, then

�r=kJ,

I =� Vs,
�r =k. k2Vs. (4.1)

During reproducing, the remanent flux cuts the playback head coils and induces Vi that is

proportional to the derivative of �r

Vi= k,
dibr

.

dt

Inserting Equation 4.1 into Equation 4.2 yields

(4.2)

dV.
V,. = k " ".::.:L, • "'2"'3 dt

Therefore,

=k dY.
.

dt

Vs = �JV;.dt.

(4.3)

(4.4)

Equation 4.4 indicates that in order to reproduce the signal that was recorded, the

induced signal out of the playback head must be integrated.

Aside from integration, the reproducing circuit must also be able to get rid of the

undesired components in the signal. For example, the bias signal appears as H.F. noise

superimposed on the ECG signal during playback. The filter package in the reproducing

circuit was built in accordance with the standards recommended by AHA. Based on the
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stated specifications and Table 4-1, we know a band-pass filter is necessary, In

particular, the lower cut-off frequency should be set at 2 Hz and the upper cut-off

frequency at 2.4 Hz. To minimize ripple, Butterworth filters are used.

The diagram of the. reproducing circuit is shown in Figure 4-2. It consists of five

stages indicated by numbers. The TL 074 op-amp is used because it features good

perfonnance at bigh frequencies, It is able to swing linearly from + 4 V to - 4 V at 100

kHz. Power consumption is no longer a problem, because the ECG reproducer is a

stationary instrument which will be powered by the bench power supply.

Ct O.56pF

" 1 d4tr
"i= k dt

+sv .sv

Head

oRz2

R28 = lOMo

Figure 4-2: The ECG reproducing circuit

The first stage is a noninverting amplifier as well as a low-pass filter. The input

impedance is what it is for the op-amp (JEFf input stage), thus extremely high. In such

condition the input signal is virtually equal to the e.m.f. induced across the playback
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head coil The signal out of the head was found to be quite sma1l-a millivolt or so, .

therefore a high gain must be provided by the reproducing circuit The gain of the first

stage is

Al = 1�= 1+
IMn

=Sl ..
Rzz 20W

(4.S)

Its upper cut-off frequency Fhl is set at 2.8 kHz, greater than the desired 2.4 kHz in

consideration of the attenuation introduced by the second stage. C, is

1 1
C, = = --------

2x'RnFM 2x·1Mnx2.8kHz

- S6.8 pF (use S6 pF standard value).

The gain of the second stage is

A2 = 1� = 1
386W

= 20.3 .

R". 20W .

In addition to amplifying the ECG signal, the second stage also helps to eliminate the

(4.6)
.

H.F. noise superimposed on the ECG signal. The upper cut-off frequency of the second

stage is

F. _

1
=

1
bl
-

2x'R".C7 2x.368WxO.lnF

=4.1 kHz.

From Table 4-1, we know the reproduced bias frequency is 11.9 kHz. Since Fbl < 11.9

kHz, the second stage will further attenuate the H.F. noise. The upper cut-off frequency

of the reproducing circuit defined by the first two stages was found to be 2.4 kHz in

.

measurement The resultant gain of the first two stages is

A =AI *A2

=Sl x20.3-1000.

The third stage is a high-pass filter. The lower cut-off frequency FL is set at 2 Hz in

accordance with the standard. Select 10W for�, thus the value ofC. is
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1 1
C8= =-----

. 211:'�FL 211: ·lOIDX 2Hz

= 0.79 p.F (use 0.82 J.LF standard value).

� is also associated with the next ·stage-the integrator. � determines the

charging current through the capacitor. A reasonably strong charging current is desirable

because it 'generates strong output voltage. � has been chosen to be small for this

purpose.

Stage 4 is an integrator which plays a key role in reproducing the BCG data. The

presence of� has two reasons. First, it provides a path for the necessary bias current to

the op-amp; Secondly� it prevents saturation 'of the integrator in de condition. � was set

at 2.7 Mil, much larger than � so that in normal operation it. behaves like open, asa

result virtually all of the current flows through the capacitor C9• Integration is

implemented in this manner.

The value of C9 is determined by the intensity and duration of the charging current.

If C9 is too small, the integrator will be charged to saturation. If C9 is too large, the

output level of the integrator will be too low to be detected by other instruments.

Finding C9 by means of accurate calculation is extremely difficult because the BCG

morphology is very complex. But we can use the approximation method.

The amplitude of the output from the second stage was found to be about 1 V,

accordingly the maximum charging current is 1 VIlO ill = 1 mAo The time interval

during which the charging current rises to lmA and falls to zero was found to be about 2

ms. In a conservative manner we assume the current lasts for 2 ms at 1 mAo The 1L

074 is able to swing from - 4 V to + 4 V, therefore,

c;;::
lmAx2ms

9
4V



= 0.05 JiF.
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It is discovered that with a small C9 the integrator is susceptible to L.F. noise in the

charging current. Experiments have shown when C9 is 0.56 - 0.68 JiF, the reproduced

ECG is strong and stable.

The last stage is an amplifier which enhances the resolution of the obtained ECG

signal so that it can be viewed on.an oscilloscope.

4.3. The TimingMark Circuit

To the timing mark, the ECG signal behaves like L.F. noise. It will be eliminated

by a second-order high-pass Butterworth filters in the timing mark circuit The design of

the high-pass Butterworth filter was accomplished through transformation on the known

low-pass Butterworth filter treated in Section 3.4. 'Ihe transfer function is obtained by

substituting s for lIs in Equation 3.2. correspondingly the resistors R. and R, in the low

pass Butterworth filter in Figure 3-9 are transformed into capacitors with values equal to

liR. and l1R2, and the capacitors C. and C2 transformed into resistors with values equal to

lIC. and 1/C2 [8]. The high-pass filter obtained in this manner is shown in Figure 4-3.

Rl

Figure 4-3: The second-order high-pass Butterworth filter
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The transfer function is

(4.8)H(s) =

[ ]
.

211 1
s +

�£;
+

��
s+

R.�£;C2

Through transformation, C1 = C2' and

R2 = 2R1•

C1 = C2 = C, R2 =R •

(4.9)

(4.10)

Let

Substituting Equations 4.9 and 4.10 into Equation 4.8 yields

(4.11)

4

IHucot = co

.

4+
1

co
4R4C"

From Equation 4.12, the lower cut-off frequency fJc is

therefore, (4.12)

(4.13)

Now look at the diagram of the timing mark circuit shown in Figure 4-4. It consists of

three identical second-order high-pass Butterworth filters. They are cascaded to produce

a faster roll-off beyond the cut-off frequecy. The resulting lower cut-off frequency from

the three filters should be lower than 11.9�the reproduced bias frequency. From

Equation 4.13, the lower cut-off frequency of each filter is found to be

1
fJc = 27t.60kQx'J2X1S0pF

= 12.5 kHz.

It is designed to be a little bit higher than 11.9 kHz because of the effect of the other two

high-pass filters.
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6OkO

+sv -SV
+sv -SV

lSOpF

lSOpF

82pF

r
-sv -SV

Figure 4-4: Timing mark circuit

The timing mark circuit in Figure 4-4 also contains a second-order low-pass filter.

It is used to reject the H.F. noise in the timing mark. The upper cut-off frequency of the

low-pass Butterworth filter is empirically set in the vicinity of 20 kHz. From Equation

3.12 the upper cut-off frequency fbc.is
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It -

1
he -

21txl00knx82pF

=19.4 kHz •

Experiments have shown the presence of fbe improves the quality of the timing mark.

It is noticed that the front stage of the timing mark circuit is a first-order high-pass

R-C filter. Its lower cut-off frequency is set at 13.5 kHz. The purpose of the R-C filter

is to improve the phase-frequency response of the system. Without its presence, the

system will oscillate and the oscillation frequency was found to be 11 kHz. This

phenomenon is explained as follows.

From Equation 4.11, the phase of the transfer function of the high-pass filter

shifts positively as frequency increases from zero. Since the high-pass filters are

dominant in the reproducing circuit, their phase-frequency response will take on a

similar pattern as demonstrated by Curvel in Figure 4-5. In such cases, the system is not

stable. When the R-C filter is introduced, the phase is shifted by an additional angle,

about 500 at 11 kHz. At the same time the amplitude-response characteristic becomes

steeper in the range of low frequencies due to the effect of the R-C filter, The improved

frequency-response is demonstrated by curve 2. Stability is achieved in this manner.

Even though the circuit in Figure 4-4 does not have a feed-back loop, the power supply

wirings act as the feed-back path at high frequencies and tend to make the
.

system

oscillate.
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logA

f

Arg
1

o 11.0 f·

Frequency kHz

Figure 4-5: Compensation of the frequency response of the timing mark circuit
to achieve stability

The output from the music playback circuit can be utilized as the input to the timing

mark circuit. In this manner the timing mark circuit need not have a high gain. The

amplifier in the circuit serves to increase the resolution of the obtained timing mark so

that it can be converted into a square wave by the zero-crossing detector. The

reproduced timing markwill be shown and interpreted in Chapter 5.



5. RESULTS AND DISCUSSION

5.1. Introduction

There are niany points on the surface of the human body from which

measurements of BCG signals can be taken. Since the BCG signal is a differential

signal, two points produce one signal. The ambulatory BCG recorder developed in this

project is capable of recording two channels of BCG signals. The measuring points on

the surface of the human body are demonstrated in Figure 5-1.

Channel 1-

Ground
Channel 1+

Figure 5·1: Locations on the surface of human body for measurement ofBCG

The dark spots show where the electrodes should be applied. The polarity of

each point is also labeled. The detected BCG signals from the two channels were

91
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amplified, filtered and recorded on the tape. Subsequently the ECG data were

reproduced using the reproducing circuit shown in Figure 4-2. Experiments were

performed on a subject, and the results were documented using a digital oscilloscope.

5.2. The Reproduced Electrocardiogram

Figure 5-2 shows the original ECG form of one of the heartbeats from Channel 1.

Figure 5-3 shows a reproduced heart beat It is not necessarily the same heartbeat that

was recorded, but since the testing time was short and the condition of the subject was

homogenous, the ECG signals were consistent over the testing period and the

reproduction in Figure 5-3 represents the original ECG form in Figure 5-2. Figure 5-4

shows a strip of reproduced BCG to give awider view.

Figure 5-5 shows the original ECG form of one of the heartbeats from Channel 2.

The reproductions areshown in Figures 5-6 and 5-7.

The reproductions are very close to the original ECG forms. The small differences

between the reproductions and the originals are attributed to the frequency losses in the

recording and reproducing processes. Within the recording head the flux density is high,

thus the iron loss, in particular, the hysteresis loss, is appreciable. Higher frequency

components are especially prone to this kind of loss. On the other hand, lower frequency

components are subject to losses in the playback head because the inductance of the head

is limited. Distortion, more or less, results from these factors.



93

l::"::"';' ··;····;·
..

·f· ";
....

:
....

: --':
...

-;-,.,;,
..

r ···;···:-···r
..

;-··r··;····r··r···;
..

··;-··y
..

·;···T·
..

!"···:"
.••.

:r: "]"
..

r
..

r
..

r
..

!'··T···!
....i···!··

..

:····r···;· "':" ";"0": ····f ···:····:···:-
..

·:·::1
� �
t 1� 1 -

t: /"
.

::1
� \ �
h II ��... ::1
,.... """ �-.,' l ",",,'-�------ .....

.._
.. ··i·

t: .........�-'"....-v� �.....-'-'
\_./ �

� '�
r ,

G �
� �
� �
r, ... : ....�

.... i ... l ... : ... .:.... .:....:.... t .. .:.... ! ... .:.. _: ..•L.i._.� ... i ....� ... L ... :
.... : ....�... : ... J. ... i, ... :.... : •.. .:... l....:.... :....!•••• :••• }•••• :_••:•••• : •••• �

.... L ... : .... : .... :
.... : .... �

.... : .... :.. .. !.•.• \.�:i
-500.000 ms 0,00000 s

100 ms/dill
t r equencur 1) no t found vaex ( 1
Vmin( 1 ) -219,375mV

500.000 !'fIS

540.000mV

Figure 5-2: Original BCG form measured from Channel 1.

\::
..

: , ,. , , , , , , ,. ,.·
..

,.
.. ·'··

..

f
.. ·'·

..

·,.
..

·,····,.···}····,····,····,.···'···r··'····,····,··
..

,.
.. ·,···· ·:

..

··:'
..

·:··T·T··,.···'·
..

·i···�· ,. : : :' ' :' ' :"::�
.. ;t:..

:

f..

-10.0000 filS 0.00000 s

2.00 ms/div
10.0000 filS

Figure 5-3: Reproduced BCG signal from Channel I



94

-25,0000 ms O,()()OOO s

5,00 ms/div
25,0000 fOS

t r equencur 1) 56.2921 Hz
IJmin( 1 ) -236,250mV

Vma:x:( 1 ) 406,875rnV

Figure 5-4: A strip of reproduced BCG signal from Channel 1
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(I.OOO(Ji.) s 10.0000 lOS

2.00 ms/div
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Figure 5·6: Reproduced ECG signal from Channel 2
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5.00 mS/lj i './
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Figure 5·7: A strip of reproduced ECG signal from Channel 2
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5.3. The Extracted TimingMark

Figure 5-8 shows the timing mark that is directly extracted out of the BeG data. It

is observed that a small level of L.F. component exists in the timing mark. This is

indicated by variation in the amplitudes of the waveform. To achieve uniform

amplitudes, the zero-crossing detector is used to convert the timing mark into square

waveform shown in Figure 5-9. From Table 4-1, the 300 Hz bias frequency during

recording will become 11.9 kHz during playback. The readout in Figure 5-8 precisely

agrees with this value. Sometimes the readings exhibit small changes as shown in

Figure 5-9. This is attributed to the fluctuation of the recording motor speed, or that of

the playback motor speed. The above factors do not affect the accuracy of timing,

because time is calculated by counting the numberof pulses.
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5.4. The Reproduced Calibration Signal

The calibration signal is a simulation of the physical signals [2]. Its amplitude is

comparable to that of the physical signal, thereby it provides a reference about the

sensitivity of the system. The calibration signal is recorded and reproduced in the same

manner as .the BCG signal. During playback we can compare the reproduced BCG with

the reproduced calibration signal so that we can know about the intensity of the physical

BCG signal. Usually the calibration signal is recorded prior to the BCG signals. A ± 1

mV square waveform is recommended by The American Heart Association as the

standard calibration signal for the AECG system. It is also accepted in this project. The

frequency of the calibration signal is not specified by AHA, but it should be within the

frequency bounds of the BCG signal which is 0.05 Hz to 60 Hz. At first 1 Hz was

tested, and the reproduced signal is shown in Figure 5-10.
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-50,0000 ms 0,00000 s

10,0 mS/IHv
50.0000 filS

FJgUft 5·10: Reproduced 1 Hz square-wave signal

Obviously serious distortion has occurred because the reproduction is not a square

waveform. The problem was found to lie with the integrator as it cannot retain the

charge long enough after being charged. When the recording frequency is 1 Hz, the

reproduced frequency is 39.8 Hz, accordingly the period is 25 ms. In this case, the

voltage across the integrating capacitor must be constant for half of the period, i.e. 12.5

ms to ensure a square wave at the output. In reality the capacitor voltage decreases

nearly to 0 V at the end of this time. As a solution to this problem, the frequency of the

calibration signal is increased so that most of the charge on the integrating capacitor dose

not vanish during half of the period of the reproduced calibration signal.

On the other hand if the frequency of the calibration signal is too high, another

problem arises. From Equation (4.2), we know the signal out of the head is proportional

to the derivative of the flux within the tape. Theoretically, the derivatives of a square

wave are infinite at the edges but zero in between. In reality the derivative at the edge is

an impulse with finite amplitude and fmite width as shown in Figure 5-11. If the
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frequency is too high, the impulses derived from the adjacent edges will join or even

merge, consequently the signalwill get distorted.
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Figure 5-11: Induced calibration signal from playback head

Experiments have shown when calibration frequencies are. between 8 and 10 Hz,

the reproduction is fme. Therefore a ± 1 mV squre wave at 10 Hz was used as ·the

calibration signal for this project. In practice the calibration signal should not be fed into

the front stage of the recorder system because the filter package will eliminate the high

frequency components and distort the calibration waveform. Thus it should be fed into

the output stage of the recorder system as demonstrated in Figure 3-31. The gain of the

output stage for the calibration signal is set at 0.5. Since the gain of the instrumentation

amplifier is 300, therefore the calibration signal is set at ± 0.6 V to be equivalent to ± 1

mV at the input of the recorder system. The reproduced calibration signal is shown in

Figure 5-12.
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Figure S-12: Reproduced 10Hz calibration signal

5.5. The Prototype Ambulatory ECG Recorder

The prototype ECG recorder that has been developed in this project is shown in

Figure 5-13. The circuits are encased in an aluminum box to avoid electrostatic

interference. An electrostatic field at power frequencies exists in most inhabited areas.

The room can be thought of as a large capacitor. The lighting and conductors in the

ceiling are one side of the capacitor and the floor or earth is the other side. A person in a

room is literally standing in the middle of a capacitor. With the metal box as the shield,

changes in the potentials of the conductors outside of the shield have no effect on the

.

relative potential of conductors within the shield.
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. Direction
Stop Recoro

Release 5-pin connector

Metal
case

Tape deck

Battery holder

Figure 5·13: Layout of the prototype AECG recorder

Figure 5-13 shows the layout of this ambulatory ECG recorder, On the left side of

the box are one slide switch and two jacks which are labeled Monitor and Calibration

respectively. If the operator wants to input a calibration signal before initiating the ECG

recording, he/she should flip the switch to the Calibration position. An external signal

generator is required which can output a square-wave signal of ± 0.6 V, 10 Hz. The

calibration signal is transmitted to the recorder through a plug and is received

. simultaneously by the two channels in the recorder system (see Figure 3-34 for

explanation). A stereo plug is provided to tap the conditioned ECG signals from the

two channels (see Figure 3-34 for explanation). The ECG signals out of the Monitor

jack can be viewed on an oscilloscope. On the right side of the box is a 5-pin connector

which hooks up with a female connector mounted on the patient cable. There are five
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leads within the patient cable that act as the paths of the ECG signals from the electrodes

to the recorder.

The batteries are set in a battery holder. The original wiring of the battery holder

was modified so as to meet the requirement by this application. Once the four batteries

have been loaded, the battery holder should be put back in the battery compartment.

The four buttons on the top of the box are used for operating the recorder.. The

operating procedures are described as follows:

1). Load the batteries pursuant to the polarities indicated on the battery holder.

2). Load the tape. Please note that the full reel should be on the right side and the

empty reel nearest the battery compartment.

3). Press down the Record button to engage the tape and depress the Start button to

start the motor. Now the tape should be moving. Check themoving direction, if it is not

the same as indicated by the sign on the top of the box, press the Release button to

disengage the tape, then depress Direction/Stop button once. The motor is stopped as a

result. Press the Record button into place once again and restart the motor by depressing

the Start button. This time the' tape should be moving in the right direction. Note: the

wrong direction will make the tape stop atmidway.

3). Screw on the lid.

4). Move the selection switch to the Calibration position. Apply the calibration signal

to the ambulatory recorder using the designated plug for 30 seconds.
5). Pull out the calibration plug and move the selection switch back to the Monitor

position.

6). Connect the patient cable to the recorder and put the recorder in the upholster.

7). If the operator wants to look at the real-time ECG signals on an oscilloscope, he or

she may insert a plug into the Monitor jack. Two channels of ECG signals are available

for observation simultaneously.
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8). If the operation is to be aborted, press the Release button first, then press the

Direction/Stop button twice to stop the motor. Note: the circuits are still powered by the

batteries even though the tape is not moving. If the recorder is not used for long, the

batteries should be taken out.

9). After three days of operation the tape will stop automatically, but the Record button

is still in place. The operator should press the Release button to disengage the tape

before taking it out.



6. SUMMARY AND CONCLUSIONS

Since the birth of the ambulatory EeG recorder, it has been an effective aid to

doctors in determining the diagnosis and treatment of the heart disease. Originally this

scientific method was applied clinically for 6 hours, afterwards extended to 12 hours,

and then proved most useful for examination of at least 24 hours. Further extension of

the recording operation is restricted by the size of memory. For certain patients whose

symptoms do not occur frequently, prolonging the recording cycle is necessary. This

thesis has presented an innovative technique that realizes continuous recording of EeG .

data for as long as three days. The technology was outlined in Chapter 1.

In the conventional recording technique, the bias signal serves to achieve linear

recording characteristic. In this project it has been utilized as the timing mark in

addition to its usual function. Determination of the bias frequency was based upon the

understanding of tape recording technique which was introduced in Chapter 2. The

appropriate bias frequency was found so that the bias signal avoided either being lost

within the playback head because of the airgap effect ormixing with the EeG signal.

The recorder system was treated in detail in Chapter 3. The instrumentation

chain was designed according to the characteristics of the electrocardiographic events.

The widely used floating electrodes for measuring the electrocardiographic data were

adopted for this application. They are capable of providing stable signal andminimizing

movement artifacts. The instrumentation amplifier was selected for signal amplification

because it has an extremely high input impedance and offers very high CMRR. The

104



lOS

results show that 6O-Hz noise was effectively suppressed. It is known that The

meaningful information obtained from the electrodes exists within a limited frequency

range. Other signals beyond this rangeare noise. The filter package was
. designed in

accordance with the standards recommended by the American Heart Association.

Experiments have shown that the frequency response characteristics of the BCG recorder

system is as desired,

The ambulatory electrocardiogram recorder is a portable instrument and thus must

be a self-contained system. Auxiliary devices were designed and built to make the

system operational. For the purposes of bias signal generation as well as timing, a TLC

SS2C timer was applied. The oscillating circuit built using the TLC SS2C is much

cheaper than the crystal oscillating circuits used in' many other ambulatory.

electrocardiogram recorders. Since the TLC S52C timer has an enormously large input

impedance, a high precision of oscillation is ensured.
.

Besides, the TLC SS2C was also

used to control motor action. To make the most efficient use of the battery energy, a

switch-mode power supply was chosen for this BCG recorder system. Consequently,

only four 1.5 V AA alkaline batteries were needed for the prolonged recording operation.

The size and weight of the developed ambulatory BCG recorder were made to be

comparable to those of the products for a 24-hour recording period. In Chapter 3 the

characteristics of the motor were carefully tested. The results were documented and

analyzed.. It was discovered that the load introduced by the pulley assembly together

with the tape was very small and steady when the motor ran at extremely low speed.

Thus a constant motor speed was achieved by maintaining the motor voltage at a

constant level. Other devices like the one-shot circuit and multiplexer were also

designed and built Their purposes and performances were described in Chapter 3, too.
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The EeG reproducing circuit was designed and explained in Chapter 4.
.

In

addition to reproducing the recorded EeG data, it also provides a guide for improving
.

the recording quality. It is noted that the tape moves slowly during recording but runs

fast during playback. The frequencies in the two different processes were related by the

ratio of the tape speeds. This relationship was taken into account while designing the

bandwidth of the EeG reproducing circuit. To extract the timing mark out of the

reproduced EeG signal, the timing mark circuit was designed and built. The results

were presented in Chapter 5. They show that the reproduced ECG waveforms have not

been impaired by the intensified bias signal, and the timing mark could be obtained

successfully.

The results that demonstrate the. performance of the developed ambulatory EeG

recorder were illustrated in Chapter 5. Two channels of electrocardiographic data were

measured from a subject. The original forms and the reproduced forms were presented

together for comparison. A close cross-examination reveals that the recording quality is

satisfactory.. Finally, the developed ambulatory EeG recorder was taken to the Royal

University Hospital and tested on two patients. Electrocardiograms measured from

different patients were recorded and played back to an oscilloscope for observation.

The results also proved to be satisfactory.

In conclusion, the objective of this project has been successfully achieved. The

ambulatory electrocardiogram recorder that has been developed is able to record two

channels of the electrocardiographic data for 72 hours in a continuous fashion. No

expensive components were used so that the cost and the expense for clinical use are

low. Portability of this instrument is maintained because of its small size and light

weight. The developed recording technique in this project is implementable and .

provides a satisfactory recording quality.
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Appendix A. Ripples in the Power Supply

The cause for the ripple in the power supply has been discussed in Section 3.7.

The following figures show the variations in the outputs of the dc-dc voltage converter.

The graphs were documented using a digital oscilloscope. The random noise superposed

on the waveforms results from the measurement at extremely high resolution.

-2.50000 «IS 0.00000 s

500 us/dill
1:2.656 mV

2.50000 iriS

vp-pr 1 )

FigureA·I: Ripple in the + 5V output of the power supply
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Figure A·2: Ripple in the - 5V output of the power supply
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