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ABSTRACT

The development of communication interfaces for personal computers and related equipment presents
one of the most challenging problems in the electronic industry today. This research work will provide
a high speed procedure of recording and plaving back of audio signals at a relatively reduced cost. The
developed svstem uses a personal computer to control and synchronize all the input'output (L0
operations of the audio card, 1t will increase the versatility of the microcomputer systems and provide a

surtable means of audio signal acquisition, storage and its retrnieval

The developed system consist of two sections; a software section and a hardware section. The
hardware consist of a digital audio card circuitry interfaced to a personal computer via its parallel port
The circuit card was developed in a modular fashion compnsing of three modules, namely, the
recording module, the plavback module and the power module. The recording module utilizes an 8-bat
analog-to-digital converter IC, configured to accommodate a sampling frequency of  approximately
44 | KHz, thus allowing the use of an economic reconstruction filter, The digitized audio signal could
he stored 1 a floppy disc or the hard disc (depending on the specification in the software driver) for
subsequent playback. The playback module uses an 8-bit digital-to-analog converter IC. The power
module provides the four stabilized voltage levels, +15.0V, -15.0V, +5.0V and -5.0V.

A menu-driven software package written in C++ for the 'O control of the audio card was developed
I'he software driver can broadly be divided into the following three modules, the menu module, the
recording module and  the playback module. A wraphical display interface that displays the relative
ampliude of the mstantaneous audio signal {duning recording or playback mode) is incorporated n the
memi madule. The recording module controls the sampling time of the ADC and the storage of the
digitized signal, while the plavback module controls the signal reconstruction frequency, the retrieval of

the stored digital signal for subsequent transmission to the DAC circuit.

The software driver was used to carry out preliminary system performance tests in the computer
hardware laboratory to simulate the recording and playback of baseband audio signal, using generated
peeudo-random signal values. The developed audio card may be used for data storage, data archiving,
A commercial application of the card is its use as repeaters; whereby audio signals are recorded and

vi



plavhack at intervals Digital repeaters may be used in a train station or a supermarket for
advertisement. This will eliminate the rewinding time as in the case of analog ones, will result in

reduced tape wear because the read head is contactless, and the playback will possess the same quality

as in the
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CHAPTER ONE - -

| |
INTRODUCTION ~ \\ /'

"1.:‘:;. B .:-"

The evolution of recording and reproduction of audio signals started in 1877 with the invention of the
phonograph by T. A. Edison (Luc Baert, et, al, 1988) Smce then, research and development to
improve techniques havee been geared towards the ultimate aim of recording and reproducing an audio

signal faithfully; i.e. a high fidelity signal without introducing distortion or noise of any form

With the introduction of the gramophone, a disc phonograph in 1893 by 1. P. Berliner, a much better
sound could be produced and reproduced easily, Further developments such as electric crystal pick-up
in 1925 and broadcast AM radio stations in the 19305 evolved. Broadcast radio began its move from
AM to FM, with consequent improvement of sound quality, and in the early 196{'s stereo FM
broadcasting became a reality. The basic media available then: tape, record, AM and FM broadcast,
were all analog media.

In the 1960s and 1970, the professionsl open-reel tape recorders was the instrument used for both
record production and for broadeast. However, due to its bulkiness and cost, the compact cassetie,
invented in 1963, made more impact in the homes for great number of purposes, such as recording
speeches, dictation, taking notes for study, playing back etc. The invention has witnessed successive
changes or improvement, from the standard playing (SP) 78 rpm record to the 33'/ rpm long-playing
(LP) record, subsequently increasing the playing duration on each side from 2 minutes to 25 minutes

respectively,

In spite of the spectacular improvement in analog technology, the original dynamic range is still
seriously affected in the analog reproduction chain, Limitations are also posed to other factors affecting
the system: frequency response, signal-to-noise ratio, distoition efc, exist simply due to the analog
process involved. These reasons prompred research into dizital technigues for audio reproduction,
specifically pulse code modulation (PCM). '

One of the problem is thit the magnetic material of conventional analog tape recorders contains
distortion components even before amythung is actually recorded.  Also the medium itself is non-linear,



i.e. recording and reproducing a signal with total accuracy is impossible. Hence, distortion is therefore
built into every analog tape recorder, In PCM recording however, the onginal bit value pattem
corresponding to the audio signal can be faithfully recovered, even if the recorded signal is distorted by

the tape non-linearities and other causes, thus the audio signal itself

The first public demonstration of PCM digital audio was in 1976 by Japan Broadcasting corporation
(Eric D. Daniel and John R. Walkinson, 198%). The FM format having 12-bits, 2 channel, uses a 12-
inch digital audio disc (DAD) read by laser, with a playing time of 30 minutes at 1800 rpm. The world
first consumer digital audic processor was produced a :{ear.l:tter with a playing time of 1 hour at 900
rpm. Recent development of the 90s include 1ise portable compact disc (CD) player, car CD players,
CD-ROM, and host of athers, '

The objective of this study is to develop a low cost, high-speed digital audio recording and plavback
system, utilizing the personal computer as the controller, Te methodology involves the development
of a digital audio card intertace (software and hardware) (it monitors, controls and also makes the
input/output audio signal compatible with the V'O requiremients of personal computers (PCs), so that,
further processing on the sienal can be aclicved The inierice method of the card is via the parallel
port. One advantage of (e digital processine of analoe signals is that factors which affect the
transmission quality {sbch as noise, non-loeasity, ete) can be made arbitranly low by proper
dimensioning of the svstern In addition, o digitaly reprodoced signal will exhibit the same basic
qualities of the onginal s,

Ermor detection and comection are wvery mporiant w0l necessary  processes i any  digrtal
communication system. Hooee, digital audio svstons wse o complex method called Cross-Interleave
Reed-Solomon Code (CTHRL) to add a group of caleulated s to the data bits, These added bits enable
the playback system to deteot and in most ¢ooo5 correct Bit crrors in the data words read out from the
disc or tape.

Interfacing of peripherals 10 desktop computess can be achioved in two ways: either through the serial
interface port or through the parallel 1 torn techniques involve the transfer of data
to/from the computer and 1Lie peripherals The enal tecluigue involves the transfer of data one bit at a
time, over a single communication lime to a roceives Wiike the parallel interface technique (employed
in this research) involves ¢ transfer o datn |16 [ol sy bt Yirs (& byte) at a ttme. The serial



and parallel pons are found in virtually every nrcrocomputer systems, which then makes their use to be
| o connecting inputfoutput devices (I/0) such as

worldwide, These pons are principally

kevboards, mouse, printers, visual display o

Hence, there are available standard connes

compatibility and also to prevent wron
connector and plugged directly inte thie iy

Considerable work was done by Dl
Instrument, Inc., 1996 [n coseribing the |
interfacing respectively. Tiw prncipn
review. It is possible 1o cse e o
inputioutput system {F1C0 ) 10 comto
emploved in this work o c ot o

1.0 Research O6jec ives
The research objectives are a5 cininie

o Todevelopalowcost i

o To designa circuity £ &
from analog audio sour es

s Toproduce a proto v

# To incorporate fic e

e Todevelopasobivre porl

e Todemonstrate how oot

» Exploration of the ot

long distance coumin o

. K iers g ot of other sﬂiﬂimm ,ﬂ:luipnﬂ

e onely P:r':ﬁlllr novt, to allow for ﬁﬂ“ﬂl and I:I'lﬂ

Th inker

I et s ]
1
1 — | Sl B |
i
i
i1
1r
"
11
I
1 I

¢ circuit uses a male 25-DB

T National

terfacing and the TEEE 488
utely presented in the literature
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CHAPTER TWO
REVIEW OF LITERATURE

2.0 Introduction to Digital Signal Processing

Digital signal processing (DSP) started to gain popularity in the 1960s with the development of
integrated circuits. Shown in figure 2.0 are the stages involved in a digital signal processing
system. The most critiéal stage in the digital processing of analog signals are the conversion from
analog to digital and vice versa. Although, the A/D and TVA conversions may seem relatively
simple in principle, but they are technically speaking very difficult and may result in severe
degradation of the original signal, As a result, this stare often generatefa limiting factor that

determines the overall system performance,

armlig vigmal ihigital sign.ad

I b LHGITAL CODING, PROCEESENG

BFUT AMALDG | ! - Al | i
| INPLIT | CITNYERTER | AND FTORAGE

I_L__
calvle, CHAMNEL |
recorded ape, &L ]
!""'—~ waded digital #ignal
TR _ W et VA L' | omaLbecome |
CLITILT | d COMVERTER | 4 (RN EER NGO & ETTIRAGE
|I - p— —_—
mmlig i
I:Ig'\-.ll iligtal
-|i_-:IIJ]

Figure 2.0 Basic digital signal processing system



Figure 2.1 is the block diagram depicting the processing sequence in an analog-to-digital

conversion system,

| ANALOG-TO-DIGITAL CONVERSION 5YSTEM
ANALOG FeE-—1 4B £%(1) L ay——— | DIGITAL
INPLIT | FILTER [—=| SAMPLER ——== QUANTIZER — I-i FRCODER OUTPUT
SIGNAL | : ALTE L= 11 sioMAL
i
aith: analog signal -  conlinmons in tirmes contimmmas o il
s*1); sampled signal - discrete i fe L i

siofy, quantised signal - discrete i time, discrete 1A

Figure 2.1 Block diagram of o0 anulog-to-digial conversion system.

The steps involved are.described oo 0

» Filtering * this limits the analog Loadwid o i the requived frequency band,

s Sampling | the process of ol i time (digitiljsignal form the continuos time
{analog) signal,

s Ouantisation: the process of resl ot ee=y e sienel by g finite (or discrete) signal
of corresponding values,

¢ Coding: réepresentation of the divinecd s Akmierie e,

2.0.1 Filtering

A filter is an electronic device which 3= davioned 10 pass siunals in n selected band of frequencies.
Two broad groups of filters are 0 | HITEF Alog filters may
subsequently be grouped as pessive 1o | arating the passive clements, e resistors,
capacitors and inductors onlv} o o it lich the opertinnal amplifier is of particular

importance in their design),



o
Analog Filters

A passive, first-order, lowspnss anslon Hes oo and its fregeerer response is shown in fig,

2.2(a) and (b) respectively.

Fig. 2.2{a) Low-Pass Filter Cire

My |k
VOLTAGE |
CHALN [ H)

“ i ik ENCY, D)

Fig, 2.2(b) Amplitude-Freqrese: om0 ow=Piss ¥
Figure 2.2 Simple first ol ~ o filter

The circuil incorpoarates o resi=fr- | its tran on s often described as a
function of 8, where 8is the 10/ bie frogu 1in. The transfer function

of the low-pass filter circuit i< v

His)

Il
1
i

|

H(jo) =  H(s)| e

where:

A== 2 n f i5 rh'E ﬂn::f I i B 'y I".'['.l' L e )



a 15 the cut-off angular frequency of the filter also in Radian per second. Figure 2 2(a) shows the
amplitude frequency response of the low-pass filter. The cut-off frequency of the filter f. (in
Heriz) can be calculated as follows:

e = 2f, =
xS T e T R e —— (2.2)
s0 that:
rl: = |
v SRR R L P S (2.3)

Other types of the analog filters includes: high-pass filters, band-pass filters, band-stop {or band-
reject) filters, Butterworth filters, Chebychev filters et.c

Digital Filters

A digital filter is a processing system which generates 3n output sequence, y(n), from aa input

sequence, x{n), whose /() equation is of the general form:

M ]

wn) = L=~y = EhvlaE) 00 sidnsssasaimssiioss (2.4)
f= j=1

where xi{n) 15 the infinite series of numbers corresponding to the discrete-time signal obtained by
sampling analog input signal x(t), Each value of x(n) corresponds to a sampling point at time t

= T, for-@ < n < +ct. That is:
wn) = .. x{,zl }L[.['L ]{“}.}r e b b e A it R e A R {25-]

The coefficients &, a;, ., &y and by, by, ..., by of eqn.(2.4) are constants which described the
filter response, The filter is said to be recursive or cyclic whenever N > 0, which implies that
past output samples are used in the calculation of the present output samples - see figure 2 3(a).
However, when only the present and past input samples are used in the calculation of the present

‘put sample, such a filter is said to be non-recursive or non-cyclic; because no past output



samples are involved in the calculation, the second term of eqn.(2 4) then becomes zero, since N

I5 Zero

The block diagram of a non-recursive filter 15 illustrated in figure 2 3(b). The mon-recursive filter
15 generally employed in digital audio svstem, such as the CPP - 102 compact disc player, that
utilizes a 96" order digital filter, which contains 96 multipliers and other devices that operates on
16-bit wide data word (Luc Baert, et. al, 1988). The constant coetficients are contained in a ROM

look-up table,

, .
= T - - - |
| Y ' ¥
L 4o, ul -, lEm
' [
1 T v
LY e T e e e o e e i ]
ENFLT A i i A AT
N iradl] P i .
: i i A
IT!*" LT b -l!'l':-q-' T |
Fig. 2.3{a) Recursive Filter
B i 1 jI—— P g =
| il i =
Ny ¥ - N—
i ul uml_ . om
T Y Y Y
i) - - - -t R (]
INPLT CUTPUT

Fig. 2.3(b)  Non-Recursive Filter
T = Unit delav(sampling period)

¢ > adder
A e Muloplier (coefficient = a, or b))’

Figure 2.3  Digital Filter Block Diagrams



2.0.2 Sampling

In many applications, it is necessary to represent a continuous varying signal (1.¢. analog signal) in
terms of sampled values taken at appropriately spaced intervals. This fixed time interval between
successive samples are called sampling intervals (1) and the whole process is referred to as

sampling,

Although, the sampling operation may seem to introduce a rather drastic modification of the input
signal (as it ignores all the signal changes that occur between the sampling points), However. it
has been proved that the sampling process in principle removes no information whatsoever, as
long as the sampling frequency is at least twice the maximuim frequency of the input signal. This is
referred to as Nvguist Sampling Theorem or Shannon Sampling Theorem (Dalghish R L., 1987)

The sampling process may be uniform, or random, or multi-rate as stated below

*  Llniform sampling ; sampling at regular time interval
* Random sampling ; sampling instance are random with a particular distribution.
*  Multi-rate sampling , two simuftaneous sampling operation with different time periods are

carnied out on the signal to produce the sampling output.

Figure 2.4{a) is the block diagram of a sampler while figures 2 4(b) and 2 4(c) illustrate an

example of uniform sampling,

The Nyquist theorem can be venfied by considering the frequency spectra of the input and output
signals shown in figure 2.5, An analog signal x{t), with maximum frequency fipa will have a
spectrum having any form between O Hz and fy4 Hz. Figure 2.5a(ii) shows the sampling signal
op(t), & unit impulse train having a fixed frequency fi. The frequency spectrum, &i(f), can be
represented by single lines occurring at f3, 2F;, . etc as shown in figure 2 Sb{ii). The sampling
process is somewhat equivalent to a multiplication of x{) and 6¢(1) (i e convolution of x{t) and
dr(t)). The spectrum of the resultant signal, figure 2.5b(iii), can be seen to contain the same
spectrum as the analog signal, together with the repetitions of the spectrum modulated around the
multiples of the sampling frequency. As a consequence, a low-pass filter {of the type in figure 2.2)

can be completely isolated and thus can completely recover the analog signal



KLy e — v i)
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Fig. 2.4(a)  Block diagram of a sampler
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-
Fig. 2.4(h)  Analog input signal x;(1)
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Fig. 2.4 (¢} Output (sampled) signal xg{t)

Figure 2.4 [llustatrion of uniform periodic sampling.
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afi}  Analog signal

(L]

£ 44 A04 04

alii) Impulse train signal 5{t)

X0l =Xl * elf)
'

afiii) Sampled signal

.'w!I“.Il
fmax i
b{i}  Analog signal
i
Ty |
1 1
i s PR g

b{i) Impulse train signal H(0)

1:m|ﬂ- ~mif) XTI

b{iii) Sampled signal

Figure 2.5 Sampling processes in (a) time domain and (b) frequency domain.

Pragmatically, the sampling frequency f; must be greater than 2. otherwise, the ongmal
spectrum will overlap with the modulated part of spectrum, This effect is called frequency
Joldover, or frequency aliasing . The frequency aliasing can be prevented either by increasing the
sampling frequency or by placing an anti-aliasing filter in front of the sampler (Charles L. Philips
and H. Troy Nagle, 1990} The anti aliasing filter is a very sharp cut-off. low-pass filter that

removes frequencies that are greater than fs/'; (i.e. half the sampling frequency).



:':Lu:ﬁl ahusing componenls
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Figure 2.6 Aliasing phenomenon due to too low sampling frequency.

It is obvious that the selection of the sampling frequency in compliance with the Nyquist theorem
is very important. But, since ideal low-pass filter do not exist, a certain safety margin must be
incorporated in order to avoid any frequency higher than fs/; passing through the filter with
insufficient attenuation. However, selecting too high a sampling rate would drastically increase the

hardware cost,

For an audio signal with a typical bandwadth of 20Hz to 20KHz, the lowest sampling frequency
which corresponds to the Nyquist rate is 40KHz At this frequency, a very steep and
consequently very expensive reconstruction filter is required. Therefore a sampling frequency of
approximately 44. 1KHz is typically used, allowing the use of an economic reconstruction filter
An example of the frequency response of a reconstruction filter is illustrated in figure 2.7, which is

flat until 20KHz but with sufficient attenuation at 22KHz to make possible aliasing components

inaudible
Laam {8 'i'
{F |

=24 | ..I

4R |

+71

-5

-121 -— TR i =

{LF 1] & &0 I lrequency )

Figure 2.7 A reconstruction filter frequency characteristic

The standard sampling rate for compact disc is 44, IKHz. The same sampling rate is also used in
the reproduction of commercial albums released on R-DAT and 5-DAT cassettes {Luc Baert. et.

al., 1988). 48 KHz is used for the highest-quality recording and playback systems.



Sample-and-Hold Circuits

In applications such as digital audio recording whereby one needs to digitize rapidly changing
signals, a severe problem which may occur is for the input analog signal to change before the
completion of the analog to digital (A/D) conversion. This may present some error values in the
output digital words. Such errors can be greatly reduced or totally eliminated by connecting a
sample-and-hold circuit to the input of the A/D converter. It samples the analog signal and stores
it for a time; dunng which the signal value can be converied by the A/D converter into a digital
code The principle of a sample-and-hold cireuit is relatively simple as depicted fig. 2:8(c) for a
sampler with zero order hold (ZOH)

-'1 LI
%l L) - - - e -— CIRCLIT - o sty
{ACHH)
SAMPLER

(a) Block diagram of a Zero-Order-Hold (ZOH) sampler

FET
& ® & }
i o
i} 1] L] i
xifiy | [ - ]
s 1]
& . =3

(b}  FET input sample-and-hold circuit
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2.8(c) Input-Output characteristics

Figure 2.8 Sample-and-hold circuit
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Prior to each A/D conversion, the electronic switch is briefly closed to allow the capacitor to
charge up to the voltage at the input signal and then rapidly opened. After the signal is acquired
on the capacitor, the ADC is signaled to perform a conversion on the stored sample. Therefore,
each sample accurately represents the voltage on the input when the sample was taken, regardless
of the rate at which the signal was changing, Sample-and-hold circuits are not only used in A/D
conversion, but also in VA conversion, to remove transient {glitches) from the output of the

converter. In this case, the sample-and-hold circuit is vsually refer to as deglitcher.

2.0.3 Quantisation

Even after sampling, the output signal will still be continuous in value, however it 1s discrete in
time There is a need to make the sampled signal amphtude to be discrete in value by a process

known as quanfisation.

In practical systems, the analog signal range is divided into a number of regions, and samples of
the signal are assigned a certain value according to the region in which they fall. {See figure 2.9
for an example of a quantised signal, x(1)) These values will subsequently be coded accordingly
when fed into an encoder, The example shows a bipolar system in which the input voltage can be
either positive or negative, which is the normal case for audio signals. The coding system
employed in figure 22 is sign and magnitude as shown in Table 2. The code is similar to the
natural binary code but with an additional sign bit. The MSB is used as a sign bit, a sign bit of ‘0’
represents positive values, while a 1" denotes that the value is negative (Ronald J. Toca, 1980)
The regions into which the signal range is diverted is called guantisation intervals. A series of
bits representing signal value corresponding to each quantisation interval is called a code word .

Since any signal value in a certain quantisation interval are represented by the centre value of this
interval, the process of quantisation is therefore a non-linear process and creates an error,

referred (o as quantisation error or round-off-error.
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Figure 2.9 Quantised signal s{t)

TABLE 2.0 Quantised level coding in sign and magnitude form

SAMPLING 1D tl t2 t3 t4 t5 it t7 t8 19 tio
POINTS

QUANTISED | 2 5 f 7 7 5 3 1 & .3
LEVEL

4-BIT

ENCODED  pop1 o010 0101 0110 0111 0111 0101 0011 0001 1001 1010
QUTPUT

2.1 Coding Techniques

In principle any digital coding system can be adopted to represent the different discrete levels in
AD or D/A conversion, as long as they are properly defined. However, some are better in certain

applications than the others, Two main group in existence are, the bipolar and unipolar codes.

L —



Bipolar codes give information on both the magnitude and the sign of the signal. which makes
them preferable for audio applications.,
2.1.1 Unipolar Codes

Unipolar codes are restricted to the representation of positive values only. Examples of such

codes areas follows:

» Natural hinary codes:

» BCD code ie the well known 4-bit code in which the maximum value is 1001 (decimal 9)
after which the code is reset 1o 0000

o Gray code which is advantageous in a situation whereby changing of only one bit per

transition is important. This code is not often used for audio applications.
P
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These codes are similar to the unipolar natural binary code, but with the inclusion-of @ s}gﬁ bit.

Examples of such codes are as follows:

» Sign and magnitude: similar to the normal unipolar code but a sign bit to express its polanty
15 added The M5B is normally used as the sign bit. Conventionally, a "0" at the MSB is used
to depict positive values and a ‘1" for negative values as illustrated in Table 2.0 for the

sampled signal of figure 2.9,
»  Offset Binary: this is a natural binary code, but with zero at minus full scale (Oni, 1.0, 1983)

* One's complement, here, negative values are represented by the one's complement of its
absolute value. The one’s compliment of a number can be obtained by interchanging 175 for

'z and vice versa.

e Two's Complement: anthmetically, two's complement of a binary value 15 obtained by
adding a | to s 1's complement and disregarding any overflow. The code 15 very similar to

the offset binary, but with the sign bit inverted.



2.2  Code Errors and Error Compensations

When digital signals are sent through a transmission channel or recorded and subsequently played
back. different types of code errors can occur. Even the smallest error, say in the M5B, can cause
unsatisfactory audible effect. Such results are entirely unacceptable in the high quality expected
from digital audio, hence, the need for an effective error-detecting and error-correcting scheme. If
correction fails, then error concealment (to cover-up the faulty information) will be carmed out so

that at least no audible disturbance will result.

The four major types of code errors, namely dropouts, jitters, intersymbol interference and noise

are described as follows:

=  Dropouts: they are caused by dust or scratches on the magnetic tape or CD surface or
microscopic bubbles in the disc coating. Tape dropout may result in a relatively long-time
errors called bursts, in which long sequences of related data are lost together It may also
results into single random errors

o Jitters: tape jitters cause’ random errors in the timing of defected bits and to some extent is
unavoudable due to the tape transportation mechanism properties.

* Intersymbol interference: at very high bit rate, a detected pulse if wider than the onginal
pulse will result i interference between adjacent bits. This is known as intersymbol
interference or time crosstalk, and causes random errors.

*  Noise: this may have similar effect as dropouts or result in random errors in the case of pulse

Nose.

Fhus, the three basic areas involved in the effective treatment of errors are defection, correction

and concealment.

2.2.1 Error Detection

Simple parity may be used to detect whether a data word contains an error. The simplest way is to
add one extra bit, called parity bit, before transmission, The panty bit takes a value of © or |,

depending on the number 1's in the word itself. The transmitted word must also have the required



number of 1's, otherwise a transmission error s said to have been detected. Two systems are

possible: odd parity and even parity checking

»  (ddd parity: the added bit 15 50 as to make the total number of 1's in the word to be odd

Two examples of odd parity bit and even parity bit inclusion are as follows |

[L101100] [1] < [L0LI00]]

data word T odd panty transmitied word
ocd parity bit
[1011011] [@] = [10116110]
data word T
odd parity bit odd panity transmitted word

* Even Parity: the added bit must make the total number of 175 in the word to be even.

[L100100] [0] < [11011000]

dataword T even party ransmitied word
cven parity hit

[1011011] (1] L= 10110111

daaword T
cven panty bl cven panty transmitbed word

Although, this is simple to achieve but it has two major short comings stated as follows:

= Ewven if an error is detected, there is no provision of knowing the faulty bit.

= If two bits of the same word 15 faulty, the errors compensate each other and no error will be

detected

These disadvantages are overcome by utilizing a more complex form of parity checking, such as
the combinational parity checking. The parity code wsed for error detection in most digital
systems today are cyclic redundancy check (CRC) codes (Dimtri Bertsekas and Robent Galleger.
1987)



2.2.2 Error Correction

The correction of binary data is ensured by using some form of block encoding scheme,
incorporating another error-correcting bits, in a process called redundeancy. These added bit are

called redundant bits, and it 15 a variable in the definition of the code rate, such that the ratio:

data + redundant data
data

is known as the code rate, The two forms of error correcting codes illustrated in figure 2,10 areas

follos

+ Block codes; data bits and error bits are arranged in separate blocks

« Convolution codes: data and error bits are mixed within each block

{a) Block code

(b) Convolution code

Figure 2,10} Format illustration block and convolution error correcting codes

Combinational (Horizontal/Vertical) Parity Checking

An example of a |6-bit binary word or message arranged in a 4 X 4 matrix using combinational
{(horizontalivertical) parity checking scheme is given in Figure 2 11, This schemes is such that the
bits of each binary word are arranged in matrix form. Then, to each row and column one or more

bits 15 added to make the parity for that row or column odd (or even if even parity is required).



Then a final bit is added in the lower right-hand corner to make the last column odd which

automatically makes the last row to be odd (Milos D. Ercegovac and Tonas Lang, 1991).

1011 |0
1100 |1
1001 (&
010 |1

g

Figure 2.11 Combinational parity checking

The entire array may be transmitted in sequence row by row (or column by column). If any error
oceur to one bit during transmission, parity check on the bits row and column will fail, the error
will be found at the intersection, and consequently be corrected by inverting the bit. The entire
array of 25 bits, of which 16 are data bits, form a code word. There are @ (25 - 16) redundant
bits, Most other error correcting codes are based on these ideas. The only limitation in this type of
bit-by-bit error correction is that it may break down whenever the error occur in more than one
bit. However, this problem is overcome in word-by-word error correcting coding scheme, such as

crossword coding.

Crossword Code

The combinational panty checking just explained deals with error correction bits by bits. It is not
uncommon in digital application for errors to come in bursts, with complete clusters of faulty bits,
hence, such bursts or errors demands powerful error correcting codes. An of such code is the
crossword code. A simple illustration of crossword coding is illustrated in figure 212 The
crossword code utilizes a matrix scheme similar to the previous example, but it cames out its
operation with the whole words instead of individual bits. Tt should be noted that decimal values

are used 1o represent binary values or word for simplicity sake.



RECORDING

DATA  [4] [6] [2) [9]
U

(4] [6] — [10] } Insertion of error correcting codewords which when added, make
20 bath in the horizontal and vertical rows.
2] O1—» [9]
+ 4

[14] [5]
N
[4] [6] [2] [9] [10] [9] [14] [5] ¢« Recording pattern on tape

PLAYBACK

(4] [8] [2]1 191 [10] [9] [14] [5] Error occurred i the shaded code word
J

22 It can be seen that the code word at the miersection of

[4] [8] — [10]}
the row and column which added to 22 {and not 20) 15

[21 9] = [9] } =20  incorrect It must be in excess of 2 (ic. 22 - 20), so the
W correct code word wall be 6 (1.e, & -2).
[14] [5]
20 22
PLAYBACK [4] [6] [2] [9] o Plavback pattern after correction and removal of
redundant bits

Figure 2.12 Illustration of Crossword Code
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CIRC Code and Other Codes

Many other error-correcting codes exist, but most digital audio systems use a complex method of
coding called Cross-interleaved Reed-Solomon Code (CIRC) to add a group of calculated bits to
the data bits. These added bits enable the playback system to detect and, in most cases, correct bit
errors in the data words read out of tape or disc. CIRC is designed for correction of long burst
errors. It also provides interpolation of the audio signal for the detected, but uncorrectable, long
burst of errors, This interpolation of the signal, called error concealment, is one effective
compromise solution for very long burst errors in audio and video applications (Arvind M Patel,

1988). However, error concealment 1s not useful for computer applications

2.2.3 Error Concealment

The technique which prevenis any uncorrected code errors from affecting the quality of the
reproduced sound is known as concealment. The four typical methods of error concealment
{which includes muting, previous word holding, linear mterpolation or averaging, and higher-

order interpolation) are described as follows:

¢ Muting: a rough method of concealment whereby the ermoneous word 18 muted, 1e sel to

zero as depicted in figure 2.13(a).

* Previous Word Holding: the value of the word before the erroneous word is used instead
This normally produces no audible difterence, however, the result may be unsatisfactory at

high frequency which employs high sampling frequency, Fig 2.13(h)

* Linear Interpolation {Averaging): the erroncous word is replaced by the average value of

the proceeding and succeeding words. Fig, 2.13(c).

* High-order polynomial Interpolation: the erroneous word is estimated taking into account

a number of preceding and succeeding words
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Figure 2.13  Three types of error concealment with the ervor occurring at the sample ys

Interleaving

In view of the high recording density of digital systems, dropouts leading to burst error could
destroy many words simultaneously. Error correction in this situation may failed and concealment
may be unsatisfactory. For this reason adjacent words are not written next to each other on the
tape or disc, but at location sufficient distance apart to make sure that they can not suffer from the
same dropout. In effect, this method converts possible long burst error into distributed error,

which can easily be corrected.

L B |



The words are arranged in interleaved blocks by the process known as inferfeaving. Figure 2.14
shows how interleaving can be used to effectively reduce bursts, affecting 4 code words, to 4
random errors. The bursts affected the consecutive code words, W2, W8, W11 and W3, placed in
the second interleaved block is seen to reduce to random errors. The resulting random errors may
then be treated using any of the earlier described methods

| ¢~  BURSTERROR £y

| 1" INTERLEAVED BLOCK  —3 | «—2' INTERLEAVED BLOCK  —» | =37 INTERLEAVED BLOCK =3

FANEMIN AN FANDOM RANIHIM
LRROH EREOH ERR{E EEROR
|
4 4 4 v

Fig. 2.14 IMustrating how imerleaving of data effectively reduces burst error into random errors.

2.3 Conventional Use of the Personal Computer Ports

Personal computer ports are conventionally usefor the connections of s 10 peripherals, such as
keyboards, mouse, printers, visual display unit and hmtfi:lf others. Today, most Scientist and Engineers
are using PCs' parallel and senal pons for laboratory research, industnal control, test and
measurements. Obtaining special result from such PC based data acquisition system {(DAQ) depends on
each of the system’s elements, such as the PC type, the transducers emploved, the signal conditionng |
the DALY hardware and software capabilities



14 Input/Output Organistaion

The bits comprising a data word within most microprocessors are transferred from point to point in
parallel form, 1e using one line for each bit. This mode is referred to as parallel commumecation
Whereas this allows very fast data transfer, it is not often economical to transmit data in this form,
particularty over long distances. This is because special line drivers and receivers have to be used
together with multicore cable. An alternative which 15 wadely used is commonly called senal
commumcation. Tt uses a transmitter 1o send data, one bit at a time, over a single communication line (o
i recerver. This simphfies interconnection with 1O devices, but at the expense of lowenng the data
transfer rates. Yet, the resulting rates are adequate for many O devices (such as the kevboard, the
mouse, the bar code scanner, e.t.c.) that are often equipped with senal interface port for connecting the

respective devices

Before a commumcation can be established between any intelligent device and a CPU. there should be
a way of addressing the device. In murcomputers, the scheme is to provide separate address spaces (of
about 64K bytes) associated with 'O and status registers for the penpheral devices (Hamacher V. Carl,
et al, 1989). The assignment of these addresses to specific devices varies between PC models. In a
situation whereby a CPU lacks a separate 1/0 address space, the 'O ports may be treated just as il they
are memory locations. This scheme is referred to as memory mapped 1O, The following technigues are

used for synchronizing data transfers are described as follows:

. Programmed 1/(: Programmed-controlled 10 imvolves the scanming of device status by the CPU
under the control of internal programs. This requires continuous involvement of the CPU, though
only a mmimal amount of external hardware is needed to connect the peripheral devices to the
computer. Examples of programmed 10 include are direct and polfed 10x,

2 Interrupt-Driven 1/0: data transfer is iniiated by the device by sending an interrupt service
request signal to the CPL, hence, eliminating the time wasted by the CPU dunng repetitive status
check that is necessary in the case of programmed 1/0.

3 Direct Memory Access {DMA): The direct memory access allows data flow directly to/from the
memory, The DMA controller relieves the CPU of all 'O functions except for the mitiahzation of

the transfer parameters.



4. Channel VO (or 1/0 processors): Due to the fact that it will be uneconomcal to provide a
separate DMA controller for each peripheral device, hence, the concept of the channel 'O came
about as a means of providing a shared DMA controller for a mumber of devices, 110 channels are
penipheral processors, which are computers in their own right, but their instruction sets are hmited
to 'O functions (Protopapas . A, 1988)

Most dedicated 10 devices are TTL compatible and thesr output are capable of driving one TTL load
only. The current sourcing capability is very low (tens of microamperes only) but the sinking capabality
is of the order of 1.6 mA (Vears R. E., 1992). These figures indicates that few peripheral devices can
be directly interfaced without the aid of some form of electrical buffering. For most crcuits, this

generally consist of some form of current amplification and perhaps changes in voltage level.

2.5  Seral Interface Standards

Serial commumication 15 a scheme whereby data are being transferred one bit at a time  over a single
communication line. It is usually emploved for data transfer over long distances or when low rates are

desired and 1t occurs either in synchronous or asynchronous format.

In asynchronous senal commumcation, data words, called characters, are transmitted independent of
each other. Also, there may be vanation m the time interval hetween successive data words. Whereas
in synchronous communication format, data are transmitted in blocks instead of the character-by-
character basis. A character may consist of up to 8 data bits, with an optional parity bit, all (braced)
within & start bit and stop bit{s) as shown in figure 2.15. Synchronous communication can support
higher data rates by keeping the recetver in synchromism with the transmitter. Hence, maintaining
transmission during the wle time between successive frames, Synchronous protocols in which the
building blocks of a frame are characters. are referred to as character-oriented protocol (COP)

Although, it has a shortcoming when bit-oriented information (e g. graphic information) are to be sent

The problem 1s overcame by using a bit-oriented protocol (BOP) (Protopapas D. A, 1988)

Some examples of seral communication standards include; RS-232, RS-422, RS§-423, RS-485, RS-
449 and others, The most widely used is the RS-232 which defines the interface between data terminal
equipment (DTE) and data circuit-terminating equipment (DCE). Computers operate as DTE devices



and commumicate with DCE dewvices, such as modems, pnnters and programmable mstruments n

general
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Figure 2.15 Example of serial communication (RS 232 configuration)

2.5.1 The EIA RS-232C

The EIARS-232C stands for the Electronic Industries Association recommended standard 232 current
version. It is virtually the most common standard in short distance communication. The majority of
computer hardware and penipherals, such as the mouse and the keyboards have RS-232 interfaces for
their connections. It defines a total of 20 lines. although a smaller subset can also be emploved. The
R5-232 has connectors that vary from 4, 9 and 25-pin configurations. Also indicated in the figure are
the fines that are usually employed in the implementation of serial 'O communication when using the
RS-232 protocol. The minimum line requirements for the serial interfacing are the four lines;

transmitted data, received data, signal ground and protective ground.

Shown in figure 2,16 are the pneumonics used in practice for the signals carried by the lines. The
communication pathway may be simplex (one transmitter), half” duplex (asynchronous) or full duplex

{simultaneous). The four lines (DTR. DSR, RTS and CTS) are used for hand shaking. So, these four



lines must all be active during synchronous data transmission. The functional characteristics of the lines

are as follows

*  Transmitied Data (TxD¥): The DTE uses this hine to transmit data to the DCE.

* Received Data (RxD): The DTE receives data from the DCE via this line

* Data Terminal Ready (DTR): The DTE activates this line for indication of its in-service status
s0 that the DCE can subsequently connects itsell” to the commurication channel

*« Data Set Ready (DSR): The DCE activates this line to signify that it is connected to a
commumcaton ling and 15 ready

= Request to Send (RTS): Activated by the DTE 1o condition the DCE for data transmission

¢  Clear to Send (CTS): Activated by the DCE 1o indicate its readiness for data transmission

= Ring Indicator (RI): The DCE activates this line to indicates its reception of a ring signal through

the common line
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Fig 2.16 Typical EIA RS-232C Connector(25 - Pin ‘D’ type) with pin assignments.



e Carrier Detect (CD): Also called the received signal detector line, and is activated by the DCE to
ndicates its reception of a carnier signal suitable for modulation

*  Transmitted Signal Element Timing (TxC): Used by either DTE or DCE to convey a clock
signal for synchronous purposes

+ Received Signal Element Timing (Rx(C): Used in synchronous communication by the DCE 1o
provide a recerved clock to the DTE,

» Signal Ground: Common ground reference for all signal lines is established via this line.

The maxamum data rate m bit per second (bps) supponted by the RS 232C standard i1s 20Kbps over
cable up to 50ft (John Litteler and John Maher, 1989) and the voltage range of -3V to -25V is used to
represent a "LOW while a “HIGH" is represented within the voltage range of +3V to +25V, But this
voltage ranges are not usually been provided by the microcomputers which operate at the standard of
=5% TTLACMOS levels. Hence, an additional power supply and line drivers are often required

252 The EIA R5-422, RS-423, and RS-449 Standards

The RS 422 specifies balanced line drivers (1.e. the use of two wires for each signal) with differential
1403 line 1o provide a greater distance and higher data transfer rate than the RS-232. 1t also allows the
mterface to be implemented using the 5.0V supply from most microprocessor based equipment,
because of its narrower transition region (-3 .6V to -6.0V for a 'LOW' and +3.6V to + 6.0V for a
‘HIGH')

The only difference between RS5-422 and RS-423 is that R5-423 specifies an unbalanced electncal
mterface - Le. single ended ones. RS 422 may allow a data rate of up to 2Mbps over about 2008t cable
while R5-423 would only permit about 140Kbps. The RS-499 defines only the functional and the
mechanical aspects of the serial interface, but with the RS-232, RS-422, and R5-423 compatibility in
mind. So, while complying to 422 and 423 it can support higher data rates and cable lengths R5-449
define a total of 30 interface lines (Protopapas D. A, 1988).

2.6 Parallel Interface Standards

The parallel interface port on the IBM (and compatibles) desktop computers is the easiest to
understand, The port is used primarily to interface with printers. Most devices that connect 1o it are



wired at the factory to be compatible. The standard is to provide a DB 25-pin female connector on the

computer end and a centronic style 36-pin {with only 25 pins wired) connector on the printer end.

Figure 2 17 shows a typical parallel port and the connector pin arrangements. Each parallel port may
he viewed to actually consist of three independent ports - two output ports and one input port. The
output ports consist of an 8-bit wade port, commonly called Data Port and a mbble (4-bit) - wade pont
referred to as the Contrel port. The input port which 15 designated as the Status port is a byte wide,
although its three lowest bits are unused. All these ports operate at the standard +5Vols TTL/CMOS

[evels,

Most 10 software drivers usually provide for the control of two parallel interface pors,
conventionally labeled LPT1 and LPTZ The difference between these two ports is only in their 1O
address specifications, The signal assipnments of the DB 25-pin and the 36-pin centronic type parallel
port connectors and the mapping of their pins is depicted in Table 2.0. {Cynllc, 1995}
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Figure 2.17 A typical parallel interface port
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Table 2 : Signal Assignments of the (25-pin and 36-pin) Parallel Port Connectors

DB Ji-pin Register In'Out Bt Name Function
25-pm Centronic  {port)
type
| control  Out Cn* STROBE  Bijgnal by the computer to prnter
commanding that data be read.
2-9 2.5 data Ot Do DPATA O Bit of character sent to printer,
to 4]
D, PATAT
10 10 status  In S8  ACK Signal by printer to computer to indicate
data received.
11 11 status In S5;* BUSY Signal by printer to computer to indicate
that printer 15 busy
12 12 status In S:  PAPER Signal by printer to computer to indicate
END PapE ot
i3 13 shatus In o BELECT
4 14 control  Out C,* AUTO Signal by computer to printer that auto
FEED line feed is required.
15 32 status In S: ERROR  Symal by printer to computer that an
error condition exist
| £ 3l control  Out C; INITIATE  Signal by computer to instruct prnter to
reset itself
|7 36 control  Out C:* SLCT_IN
18-25 o, 17,19 GROUND  GROUND
to 30, 33
15, 18, - - NC Mot used
34, 35

® Indlicates that the signal bt i inveried



The list of the common [/ address scheme of the parallel port interfaces are specified in Table 3. The
ports 110 addresses for a specific computer can be determined from its manual, or on the other hand

from the operating system setup.

Table 3:  Parallel port 1/O addresses in hexadecimal

Parallel port type  PC(LPTI) PC (LPTL) PC/AT(LPTL) PC/AT(LPTZ)
Data port 378 3BC 378 278

Status port 379 3BD im 279

Control port ITA 3BE 3TA 27A

It should be noted that the signal bits of the DB 25-pin parallel port al pans 1, 11, 14, and 17, which are

starred use inverted logic. The choice of computer language to be used is ofien a matter of personal
preference. But, some languages provides the capahility of inking in assembly modules, such as C and
C++ computer languages.

2.6.1 The ANSI IEEE 488 Parallel Interface

The America national Standard Interface (ANSI) IEEE 4888 was generally accepted in 1975, although
designed by Hewleti-Packard in 1965 (National Instrument, Inc., 1994), Hence, the IEEE 488 bus is
also called Hewlett-Packard Interface Bus (HP-IB) or General Purpose Interface Bus (GPIB). The
mterface system consist of sideen (16) signal ines and eight (3) ground return of shield drain lines. The
I 6 signal lines are grouped into eight data lines, three handshake lines and five mterface management
lines, as shown in figure 2,18, (Kehinde L. O and Ojetayo T, K., 1992)

Data Lines

The eight data lines (D101 - DIOS8) carry both data and command messages. The state of pin 11, the
Attention {ATN) determines whether is data or command. All commands and most data use the ASCII
or IS0 code set, so that the eighth bit (DIO8) is either unused or used for parity,
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Fig. 2.18 IEEE 488 parallel Interface Connector and the Signal Assignments

Handshake Lines

The three handshake lines (NRFD, NDAC, and DAV) asynchronously control the message bytes
transfer between devices. They also gusrantee that message bytes on the data lines are sent and are
received without transmission error

« NRFD (not ready for data ) line - Drven by all devices in the receiving mode to indicate whether it
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is ready or not ready to receive a message byte

*  NDAC (not data accepted) line - Driven by a receiving device to indicate whether it has accepted a

message byte or not,

» DAV (data valid) line - This line is driven by a transmitting device to indicate whether data line

signals are stable (i ¢. valid) and can be accepted safely by devices

Interface Management Lines

The five interface management lines (ATN, [FC, REN, SRQ, and EOI) manage the flow of information

across the interface;

*  ATN (Attention} hine - Driven TRUE or FALSE to indicate whether the message bytes on the data

lines are command or data messages respectively
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¢ [IFC (interface clear) line - Used by the system controller to initialize the bus and become the
contraller in charge (CIC).

#« REN (remote enable) - Used by the system controller to place devices in the remote or the local
programming mode.

# SRO {service request) - May be drven by any devics to asynchronously request the service from
the controller

* EOI (end or identify) - Used for two purposes; by the talker to mark the end of a message string,
and by the controller to tell devices to identify their purposes in a parallel poll,

The IEEE 488 bus uses negative logic with standard TTL levels. In order to achieve the mgh
transfer rate for which the IEEE 488 was designed, the physical differences between the devices and
the number of devices on the bus are hmited, But for a fully loaded system with 15 devices and 15
meter of cable, transter rates can reach | 5 Megabits/second, using the high-speed GPIB handshake
protocol (Protopapas D. A, 1988) In terms of compatibility, there are converter boxes that can
transparently convert various protocols (such as RS-232, R5-422, SCPI, and centronic parallel) to the
IEEE 488 interface in order to achieve interoperability of the devices.

2.7 Analog and Digital Interfaces

Maost real world processes produce analog signal which vary continuously, such as change n
temperature or pressure, It is not easy to manipulate, compare, calculate or retrieve data accurately
using analog technology. However, digital computers can perform this task quickly on an unlimited
mass of data and wath tagh precision and speed. Thus, the need to interface analog and digital *worlds’
Also, the storage requarement (cost per bit) in digital technology is drastically reduced

Signal conditioning is required to condition the ‘real-world’ signals so as to meet the required 10
specifications of digital systems. An ADC can then take the conditioned analog signal as input to
produce a digial output, thus allowmg analog devices to commumcate with digital computer.
Similarly, the digital computer communicate with analog devices via the DAC

L7.1  Need for Signal Conditioning

The signals obtained from transducers and sensors are rarely suitable for direct processng by

microcomputers, and in addition to analog-to-digital conversion, some form of preprocessing or signal



conditioning usually required. Signal conditioning may consist of simple amplification or scaling, but

often takes the form of shaping and 'cleaming’ of signals prior to processing. Hardware alone may be

used for this purpose, but often a pure software solution is applicable. Simple signal conditioning may
imvolve the processes outlined below

= Amplification; This is the most common type of conditioning, Low-level signals which night
sometimes due to attenuation need to be amplified in order to increase its resolution and reduce the
noise. For the highest possible accuracy, the signal should be amplified so that the maximum
voltage range of the conditioned signal equals the maxinum input range of an ADC.

» Linearisation; The output sigmal from a sensor should be directly proportional to the applhed
stimuh, resulting in an 1deal straight line characteristic. However, most sensors do not posses ideal
charactenstic and the departure from the straight line is called ‘mor-finearity . If the degree of the
non-lineanty is small it may be ignored, but where unacceptable error would result, there is a need
for compensating for the non-linearity by a process known as nearisation”. This may be achieved
by hardware such as op-amp with feedback arranged to provide equal but opposite non-lineanty
Alternatively, software routine may be used to provide similar compensation,

e lsolation: Isolabon of transducer’s signal from the computer is necessary for safety purposes. The
system being monitored may contain high-voltage transients that could damage the computer. Tt
may be used to achieve a sort of current buffering and impedance matching,

= Filtering; Filtering 15 a process which rejects all unwanted frequencies from the entire spectrum |
thus selecting only wanted range of frequencies for further processing

2.7.2  Digitalto-Analogue Converters (DAC)

Basically, digital-to-analogue conversion is the process of taking a digitally coded value (such as binary
or BCD) and converting it to a current or a voltage signal that is proportional to the digital value
Figures 2.19%a) and 2.19(b) shows the block diagram of a typical 4-bit DAC and its charactenstics
respectively. Most DACs use a BCD input code, where 4-bit code are used for each decimal digit
Some of the important charactenstics of the DACs are its resolution, accuracy and operating speed
The resolution of the DAC may be defined in the following two ways:

(i) Asthe number of different analogue output that can be provided by the DAC. For n-bit DAC:

Resolution = 2  gmseswsdcsmnes { 2.6)



in) Resolution is also defined as the ratio of a change in output voltage resulting froma  change
m | least significant bit (LSB) at the digital input. This is also refer to as the step size. Hence, for
an n-bit DAC;

Resodution Full scale ontprt voltage (Vi)
Peel T iR (2.7)

So, from Fig. 2. 19%a). where n =4 digital inputs, equation. {2.6) implies that the output voltage V, will
have 16 (ie 2° ) different output values, that is 0 through 15 The input-output charactenshic of figure.

2.1% {b) shows a 4-bit DAC with a full-scale output voltage Vs is 15 V, i.e. when all digital mputs are
one Thus, the resolution of this DAC according to the equation {2.7) is obtained as:

Hesedution = 15
24 = | V/LSB
MSH
(BER -—
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Fig. 2.19(a)  Block diagram
AR AL
EMTTFLIT
| B2
Fall
b
iz
|
(£ 1 381
1 -
L3
& +
] +
4 1
| .
e |
i
1l S =
e B g~ DICITAL PYPUT CODE

L ]

Fig. 2.1%b)  Input-output characteristic

T



4

i 3 B
3  — ""
(] g
L ] H ll.t
m * i 3 h‘b L] -
DIAT Al L1 LT | L N i ARALDG
INPLTS — 4R A ITHT]
a1 L L el L] 1+ i WL TAGE (i)
"‘ AR =] e Vs
(4] = L |
[ B LY

Figure 2.20  4-bit DAC circuit utilizing a binary weighted network

Input-Output (1/0) Equation of the DAC

The transfer function or the VO equation of the DAC is obtained by multiplying the resolution by the
decimal value of the digial code mput 1.e

Vi = Resofmfion X- B 0000 e et (2.8)

where Vi, 18 the analog output. the resolution is as defined in equation (2.7), and D is the decimal
equivalent of the digitally coded input. There are several methods and circuits for producing the DVA
operation. Although, it is not important to be familiar wath all the various schemes because they are
avatlable in an encapsulated package that do not require any circant knowledge Two of the schemes

g |

s  The use of op-amp as a summing amplifier, whose output voltage represents a weaghted sum of
the digital inputs. An example of this type is shown in figure. 2.20 with mput set to 1101
e  The use of resistance ladder network commonly called R-2R. ladder network, in which case the

output may be a current or a voltage output.

The mathematical expression for the amplifier output voltage Vi, of the figure DAC is given as .

YV = ~RifR (Vi #1122V + 114V, + 1/8Vm) AL o e Otk Lot (2.9)



Each of the digital input may be either a 0 or 5V, Assuming the value of the resistors are chosen such
that the resistance ratio R¢R is equal to 8/5 say, therefore eqn. (2.9) becomes -

Vi =15 BV +4Wm +IVu + Voo) 0 e (2.10)

As an example when the input code D:DLDyDy is 0101, Le. decimal 5, then the analog output veliage
will be:

Vio = -S5O + &5 + 0+ 15 = -5y
Hence, the 1O characteristic of the DAC s similar to that shown in Fig. 2.19(b) and its resolution may
be evaluated as:

Resoluiion Eeuivealent onipunt voligge of D:DDyD, = 11111
4
P - i

DAC Specifications

Resolution is one of the important specifications of a DAC and two forms of equations for resolution
are as stated m equations (2.6) and (2.7) Other DAC specifications include; accuracy, and the
pperating speed of the DAC

Accoracy ~ The two most common accuracy specifications are the refafive accuracy and the
differential linearity. Relative accwracy is the maximum deviation of the DAC output from its
expected (1.e. ideal) value (John B. Peatman, 1981). It is usually expressed as a percentage of the full
seale (FS) output. A typical value is 0.01% FS_ Differential Enearity is the maximum deviation of the
step size from the ideal step size. It is also expressed in % FS.

Operating Speed: DAC operating speed is usually expressed as the settling time, which 15 the
maximum time taken by the output to change from zero to full scale when the digital mput code
changes from all 0's to all 1"s. Tvpical value range from | to 20 psec



173 Analog-to-Digital Converter (ADC)s.

An ADC takes analog input voltage and after a certain penod of time produces a digital output code
which represents the analog mput. Shown in Fig. 2. 2(0{a) is the circuit symbol for a 4-bit ADC. Most
ADC utilize a DAC as part of their circuitry. The general block diagram of a class of ADCs 5
illustrated in Fig 2 21(h). It comprises of four sections: a DAC, a voltage comparator, a register, and a
logic control unit. The logic control unit contains the circuitry that generates the proper sequence of
operation for the start command pulse, which imitiates the conversion process. The comparator 15 a
special unit with two analog inputs and a digital output that switches states depending upon which of
the analog input is greater. There are different tvpes of ADCs in this class whose vanations is only

the logic control unit. Examples are the digital-ramp and the successive approximation ADCs.

The digital-ramp ADC uses a binary counter and allow the clock to increment the counter one step at a
time until V', =V, The resolution of the ADC depends upon that of the DAC utilized, and have a
smilar expression as that of the DAC. Hence, for an s-bit ADC

B e e (2.11)

Fesoluion

ADC resolution may be defined as the ratio of a change in the value of the input voltage V, needed to
change the digital output by 1 LSB, i.e. for an a-bit ADC ;

Hesolution = Vg
¢ AT | (Valts/I8B) X isiicainbonmen (2.12)

where, Vi represents the full-scale input voltage Therefore, the input-output equation of the ADC

may be expressed as:

hgiial onipnit code (Vi) Binary equivalent of D i (2.13)
where,

Iy Y.
ReSolulion: o s e {2.14)



The accuracy of the ADC is not dependent on its resolution, but on the accuracy of the circut
components utilized, such as, its comparator, DAC, ressstors, and so0 on. The conversion time of the
ADC depends upon the input voltage V.. and the clock period, with a maximum of 2" clock periods
fior an p-bit ADC

The most widely used ADC is the successive approsamation type. because of s much shorter
conversion time, which is fixed and independent of the analog input. The symbol of 4-bit ADC 15
shown in figure 2.21(a), while the block diagram in Agure 2.21(b) depicts that of a successive
approximation type It uses a register control umt, where as a digital ramp ADC will use a counter unit.
Its logic is successive setting of the output bits to | or leaving it at 0, and comparing it with the analog
nput V,, beginning with the MSB to the LSB.

1 BINE
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Fig. 2.21{a)  Symbal for a 4-bit ADC
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Fig. 2.21{b)  Building blocks of an ADC
Figure 2.21 Analog-to-Digital Converter

The conversion operation logic of a successive approsamation ADC requires n steps regardless of the
value of V.. Each step requires a clock period.,

o
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Ouantisation Ervor of an ADC

The 1O characteristic of a 4-bit ADC in fig. 2.22 shows that the analog input 1.0V 0.5V is converted
to the digital code 0001, Hence, there is an unavoidable uncertainty about the exact value of the analog
mput. This uncertainty is specified as the quantisation error and has a value of + I/ZLSB The
quantisation error can be observed by continuously sampling a time-varying analog signal with an
ADC, converting it back to analog with a DAC, and tracking the difference between the two (Sergio
Franco, 1988). The distortions due to the quantisation errors is often referred to as quantisation noise
due to the random nature of these errors. The quantisation noise power is umiformly distnbuted
throughout the range of frequencies spanned by the analog signal, It cannot therefore be removed by
filtering the reconstructed analog signal It has the properties of an added white noise component
{Harold 5. Stone, 1982)
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Figure 2.22  Input output characteristic of a 4-bit ADC

If an analog signal has a value V at an nstance of sampling and the nearest quantised level s V),
gquantised error 15 due to (V - V,). In this process, anytime a sample occurs within the range V, - (AV )2
o V; + (AV )2, the code word corresponding to the | level is assigned to it Associating a mean
square error voltage (V - Vi)' with the | level, the mean square value of the quantisation noise
associated with the continuous process may be computed as the sum of the mean square error voltages
associated with each level. If the level separator are small compared with the total signal amplitude



range, then the refationship between the quantisation noise and the AV, (becomes AV a constant, for
lvear quantisation) is as follows:

Ny = AV

whire

Ny = AY
12

is the RMS value of the quantisation noise and AV is the separation of the quantised levels as wntten in
equation (2.16) and n 1s the number bits of the ADC.

AV = full scale analog ranse(Vesg)
Fl||'|

The expression for N, may be used to indicate the signal -to-noise ratio (SNR) to be expected when a
sinuscndal analog signal is sampled and digitized, Considening a full scale sine wave whose peak-to-
peak range spans the whole of the ADC used in the system, the peak value of such a full scale sine
wave is (2" AV);. The RMS value of full-scale sine wave is stated in equation (2.17),

(Vens btiscale = {AVY, = (2" AV}
V2 V2 @2.17)

Thus, the ratio of the signal noise power to the quanlisalion noise power is

SNR = (VintsIdbscale = (2 AV
N AV s
= Y1.5) 2"
Expressing SNR in decibel gives:

SNRp = 20 logl0[¥(1.5) 2" ]

602n+1.76dB. .. {2.19)



The above analysis clearly shows that the SNR can be increased (i.e reduction of the quantisation
error) by increasing the number of bits # of the ADC, which will consequently reduce the step size, AY
Alternatively, the guantisation noise may be reduced by mcreasing the sampling frequency of the
ADC. A 16-bit linear ADC 15 recommended as the ideal for the digitization of very high fidelity audio
signal (Clayton G, B, 1982)



CHAPTER THREE

SYSTEM IMPLEMENTATION OF THE INTERFACE
CARD i

3.0 Introduction

This section covers the theory and circuit implementation of the integrated circuits (ICs) utilized in the
intertace card design The circuits include: a tnistate buffer LS231; the pre-amplifier and the power
amplifier circuits utilizing the LM741 and LM3286 ICs respectively. The microprocessor compatible
ADC and DAC 1Cs, ADOBMLCN and DACOS0TLCN, are employed in the recording and the

playback module respectively

Two expenmental interface circuits are presented in this chapter to demonstrate the data input-output
nandling capability of the computer via the parallel port. Also presented is the step-by-step analysis and
design procedure of the three modules that make up the audio card, namely the recording module, the
playback module and the regulated power supply module.

3.1  Experimental Interface Circuits Design & Testing

Two interface circurt expenments were carried out. The first is a light-emitting diodes (LEDs) interface
circuil that was set up to study how the three ports that makes the micro-computer parallel port
normally handle the transfer of data bits. The second is a seven-segment LED display interface circuit

te further examine how to send data bits through the data port for the controlling of a simple electronic

device.

1.1  LED Interface Circuit

Figure 3. O(a).shows the LED interface circuit where *1' or *0° bit is indicated by the *ON’ and ‘OFF'
state of the LEDs respectively, An LED is connected via a current imiting resistor to each of the data
port and control port signal lines, The five lower bit of the data port are looped back to the status por,
in order o supply the signal to be received by the status lines via these data lines



LEDs like the common diodes or P-N junction semiconductor devices has the special property of
ermtting light. This occurs under forward biased condition when electron and hole recombine. LED
forward biased voltage (Vi) are typically about 2.0 Volts, with forward current (Ig) that is often less
than 15mA  The required current limiting resistor may be calculated by considering the forward
hiased circuit shown in figure 3.0(b) with current requirement, I¢ of about 10mA, say, Application of
Kirchoff's Voltage Law (KVL) yields:
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Figure 3.0(a) LED Interface Circuit
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Figure 3.0(b) Forward binsed LED Circuit

Sending Out Data Bits

The binary equevalent of the decimal numbers between D to 255 may be sent via the 8 - bit(] Byte)
wide data port, which will subsequently activate the respective LEDs. The range is 0 to 15 decimal
when the bits are sent through the 4 - bit{1 nibble) - wide control port. It should be noted that three
contrel port bits{ Co*, C* Ci*) which are starred uses inverted logic. This infers that a "HIGH'
represents a 0" | while a "LOW' represents a ‘1°. Hence, these are taken into consideration when
sending data bits via the control port. For example when the decimal number 1, with binary equivalent
of 0001, s to be sent, the actual binary code generated and sent by the program is 1010, or “A’ In
hexadecimal Hence the first, third and fourth bits are invened before been sent. To display decimal
e (O binary) means that 1001 or '9" in hexadecimal will actually be sent, and 50 on

Receiving Data Bits

I'he onby input lines of the parallel port is the status port lines. Its address (is 379 in hexadecimal) must
be specitied in arder to receive data via these lines. In fig. 3.0{a), pins 11, 10, 12, 13, and 15 which
corresponds to the status hines are looped back to the five LSBs of the data port pins 6, 5, 4, 3, and 2
respectively. This enables the bits to be received via the status port while it is being sent through the
data port lines. Both the decimal value and the binary equivalent of the recetved number will be
displayed on the visual display unit{VDU) of the computer. The program for the flowchart in figure 3.1
18 coded in C++ and the source code is in Appendix A2.
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3.1.27  Seven-Segment Display Interface Circuit.

Display modules serves to output numercal, alphanumernic and even graphical information. The
simplest type of them is the seven-segment character fonts that can be emploved for the display of
nurmerical symbols, By activating appropnate set of segments, 1t allows formation of any numerical

symbol and a small number of alphabetic ones

Other display modules include 16-segment character font, 3 X 7 dot matrix for numenc and alphabetic
characters, The factor to be considered before selecting a display module type includes; the information
content, the character size, the power consumption, the colour, the brightness, the overall physical size,
the mterface charactenstics, cost and so on. Figure 3.2 shows the 7- segment character font interface
circuit while Table 4.0 is the look-up table for the display of hexadecimal characters 0 to F.

7 segmest LED display

e —_—n— - = — — e —

: 33k

]
L Ak
[ Ak
Ak
T Ak

£ Aok

Figure 3.2 T-segment Display Interface Circuit.

The LED segments are labeled @ through g, so that appropriate binary code that will activate the
respective hexadecimal characters could easily be formed. As an example, in order to display the
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character 0, the segments @, b, ¢, d, e and f must be ON. Hence, taking the LSB as g and the seventh
bit-as a . this 1s equrvalent to the binary number 1111110 or the hexadecimal number TE. Therefore by
sending out the hexadecimal number TE via the 8 - bit data port, the decimal character 0 will be
displayed on the 7 - segment module

The flowchart for the 7-segment drivers is shown in figure 3.3. Each of the software drivers for the
iterface experiments has the option to operate in either automatic or in manual mode. The automatic
mode will automatically display the binary equivalent of O to 255 {via data port) or 0 to 135 (via control)
on the LED interface, or hexadecimal 0 to F on the 7-segment display, But in the manual mode, the
user has the option of entering the code to be displayed. The source code for the flowchart figure 33
can be found in appendix A2

Table 4.0: Look-up Table for the 7-Segment Decoder

Decimal Number Hex. Mumber Binary Code Hex Code Equivalent
abadefg
0 | 0 REREEL 7E
1 | 0110000 30
2z 2 1101101 6D
3 3 1111001 79
4 3 0110011 33
5 5 1011011 5B
6 b 1011111 3F
T 7 1110000 70
& 4 1111111 TR
9 g 1110011 73
1) A 1110111 &7
3 B 0011111 1F
12 C 1001110 4E
13 D g:r111e] iD
14 E 1001111 4F
15 F 1000111 47

&9
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Figure 3.3 Flowchart to Activate any Hexadecimal Character on a 7-Segment Display

3.2 Digital Audio Card Hardware Developments,

Figure 3.4 is the block diagram of the digital audio circuit card. It performs the conversion of the
analog audio signal into digital words, that can be stored in the computer memory and receives digital
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control commands via the computer control port to synchronize the conversion process. The tnstate
switches are used to multiplexed the 8-bit output of the A/D converter to the four of the status port
lines, The card also converts the digitally stored signal back to analog form through the IVYA converter,
amplify it via the op-amp before sending it via the speaker.

The: stabilized voltage outputs utilized on the circuit card are fed from the regulated power supply umit.
The four stabilized voltage outputs are: -5V, +5V, <15V and +15V. The port adapter used 1s the 36-pin
Centronic make connector on the board, so that a detachable standard parallel printer cable, type MXI-
I, could be used to connect the board to the computer port. The reverse conversion, ie. the
reconstruction of the digitally stored voltage signal in order to produce the equivalent analog signal, is
also performed by this card.
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Figure 3.4 Block Diagram of the Digital Audio Card
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3.2.1 Recording Module Circuit

The recording module circuit is illustrated in figure 3.5 It is an 8-bit, microprocessor controlled ADC
circuit incorporating the ADCOBMMLON IC. The ADOBD4LCN is a 20-pin IC with an on-chip clock
generator and an external voltage reference. The IC is a CMOS 8-bit successive approximation A/D
converter that uses a modified potentiometric ladder and it 15 designed to operate with the
microcomputer compatibility, via its tnistate outputs.

The A/D converter output will appear to the microprocessor as memory locations or 1O ports. The IC
is wired for output range of -5.0V to +5.0V, although the actual output voltage range of the ADC
circuit will be from -5.0V to+4 961V (i.e. the full-scale output minus 1 LSB)

Functional Description of the Circuit

The ADCOS series operates on successive approximation principles where, analogue switches are
closed sequentially by successive approximation logic until the analogue differential input voltage
[Vini+y = Vin.y] matches that denved from a tapped resistor string across the reference voltage. The
MSB is tested first and affer eight compansons, an 8-bit binary code is transferred to the output latch.
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Figure 3.5 Recording module circuit
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The digstal logic terminals are as follows:

# the digital control inputs CS, RD and WR,

* the clock inputs CLK IN and CLK R,

o the interrupt output terminal INTR,

» the digital ground terminal DGND

o and the eight digital output terminals D - D7

The digital control inputs, CS, RD and WR, comrespond to the ADCO804 pins 1, 2 and 3 respectively.
They are all active low terminals and operate with the standard TTL voltage logic levels. The WR and

RD input terminals are equivalent to the A/D converter start and output enable control terminals. The

CS input is wired to the digital ground (i.e. low), so that the IC is permanently selected. The standard

A/D start function is obtained by applying an active-low pulse to the WR input (pin 3) from the

microprocessor control port line C;.

The output enable function is achieved by an active-low pulse at the RD input (pin 2). The pin-out of
the ADCO804 IC is shown in figure 3.6,
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Figure 3.6 Pin-out of ADCO0804 IC (Top view).

The normal operation of the circuit proceed as follows; on the high to low transition of the WR, the
ntemnal successive approximation register (SAR) latches. Consequently, the shift register stages are
reset, and the INTR output terminal will be set to high. As long as both the CS and WR remain low,
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the ADC will remain in the reset state. Conversion will start after at least one of the imputs (WR in this
case) makes a low-to-high transition. The INTR wall make a low-to-high transition, after the requisite
number of clock pulses to complete the conversion. Hence, the INTR _pin is used to signal the end of
conversion via the status port line §; for storage purpose by the microprocessor. A R operation (wath
CS low) will clear the INTR line again, and the three-state output latches will be enabled to make the
B-bit digital word transparent to the L5241 trstate IC. The output data latch is not updated if the
COMVErSION in progress s not complete. So, the data from the previous latch will remain in the three-

state output fatch dunng this peniod

Digital Outputs

Pins 11 through 18 (Dpg - Dps) of the ADCOS04 are designated the digital data output terminals
These terminals are connected via two quad-tristate buffer (i.c. the tristate octal buffer LS2418N IC) to
the upper four bits of the microprocessor status lines. The tnstate enable signals (Exy) and Eyy) are
controlled by the software driver via the microprocessor control lines C*y and C*; respectively. This

connection is done so that the B-bit output data presented by the A/D converter to the microprocessor

can be determined via four lines of the status pon.

The process of getting the data from the A/D converter is as follows; firstly C*, 15 taken high and
C*1 s taken low (ie Eyy Enz = 01), so that the 4-bit status port data inputs will correspond to the
lower four bits of the A/D converter. Next, C*; is taken low with a high on C*; (i.e Eyy Exz = 10}
i order 1o store the upper four bits of the converter output. The situation whereby the two enable
inputs, (Eyy and Epz), are simultaneously taken low is prohibited. Consequently, this situation is
disallowed according to the program logic, The normal resting position of the enable inputs is the
presentation of logic | to each of the inputs (i.e Eyy Exz = 11).

The digital interrupt output terminal will make a low to high transition after the requisite number of

clock pulses to complete the conversion, This signal is used to interrupt the microprocessor via one of
the status line, 53, The processor will normally poll this line to confirm that the conversion is complete
before accepting the data. A green LED, D1, is connected through the current limiting resistor RS from
the INTR terminal to the ground to indicate the current state of this terminal, The clock mput, CLK IN
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and CLK R (pins 4 and 9 respectively) of the ADC utilize an internal Schmitt trigger circuit. The clock
is derived from an external RC network, Rg Ci, added to provide the self-clocking of the AD
converter as depicted in figure 3.7,
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CLE R
| 19
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] | AV ek
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ATHOEDSLEN

Figure 3.7  Self-clocking configuration of ADCO0804

Where the clock frequency , foik, 1s given as;

ferp = o, T S A UL P SO (3.0

1L1RC

But in the circuit in figure 3.5, the resulting clock frequency , forx is obtained from eqn. 3.0 as;

fox = L D DT e R e (3.1)
1.1 Ry Cy

Since Ry = 1002 and C3 = 150uF, therefore

|
(L1310 X 10°) (150 x 107)

feix

fox = 606060 Hz = 606, 060 KHz

In the afternative, the clock signal of the A/D converter may be derived from extemal source, such as

the CPU clock.
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Conversion time of the ADC

The conversion time is a function of the clock frequency fopx and the number of bits i of the ADC. In
an n-bit conversion, the value of the n' bit is found at the occurrence of the n" clock pulse after the
start conversion bit. This value is not fixed into the n® register until the occurrence of the (n+1)" clock
pulse An n-bit conversion is thus completed in (n + 1) clock periods (Clayton G B, 1982). The

expression for the conversion time T is gven as follows:

T = N+ T = n+1
fax (3.2)
where: Faax: = 1

Tk .5 the clock period

The comversion time of the B-bit ADC used e thus obtained as follows:

T, £41 = 14.85 pSec

606060 Hz
Analog Inputs

The analog inputs are the differential voltage inputs, the analog ground and the reference voltage
nputs. The ADC uses the differential voltage inputs, Vinps and Vg, which correspond to pins 6 and
7ol the IC. This 1s advantageous because of its common mode noise reduction. The leads of these
analog mpuats are kept as short as possible, in order to minimize stray signal pickup and
electromagnetic interference (EMI), since EMI and undesired signal coupling to these inputs can cause
svstem error. The differential voltage input are wired for an analog voltage input range of -5.0V o
*3.0V. An alternative configuration for handling an analog input voltage range of £10V is illustrated in
figure 3 8
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Figure 3.8 ADCO804 input terminal configuration for handling +10V analogue voltage range

3.2.4 Playback Module Circuit

The playback module circuitry does the conversion of the stored binary data words back to analogue
signal, filters and output the signal via the 8-£) speaker, The playback frequency has been fixed in the
software to approximately 8 kHz by using a delay time of 125 psec between the sending of data words.
Figure 3.9 shows the circuit diagram of the playback module,
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Figure 3.9  Playback module circuit
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The playback module circuit uses 3 DACOB series IC (DACOB0TICN), which is a series of 8-bit
monolithic DA converters that provides high speed performance with low cost, Conversion prnciple
of the 1T 15 such that the output current is a linear product of an 8-bit digital data word and an analog

reference voltage.

Other application areas of the IC include the following:

»  Tracking A'D converters

»  Auwdio digitizing and decoding

» programmable power supplies

»  AD division

* Digital addition and subtraction

= Speech compression and expansion
= stepping motor drive

=  Modems

= Servo motor, pen drvers and host of others.

The pin-out and the internal architecture of the DACO807T IC are as shown in figure 3, 10(a) and
3 10{b) respectvely, The IC consist of reference current amplifier , an R-2R ladder, and 8 high-speed

binary weighted electronic current switches,

For many applications, only a reference resistor and reference voltages need be added The switches
are non-inverting in operation, therefore a high state on the output tums on the specified output current
component, The switches use current steering for high speed, and a termination amplifier consisting of
an active load voltage wath unity gain feedback. The termination amplifier holds parasitic capacitance of
the ladder at & constant voltage dunng the switching, and provide low impedance termination of equal
voltage for all legs of the ladder. The R-2R ladder divides the reference amplifier current into binarily-
redated components, which are fed to the switches. It should be noted that there is always a remainder
current, which is equal to the least significant bit (LSB) that is shunt to the ground. Hence, the full-

scale or maximum output current (1) is given as 255/256 of the reference amplifier current. i.g;
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Figure 3.10(a)  Pin-out of DAC0807 IC
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lis = Vg, X 255
Rs 256
Normally, the full-scale output current Ips is set to equal o 1.992mA with referece o= &

2000mA The currents Ly and fieey are complimentary: [n other words, when Las 15 1992mA, Ly
will be 0 000mA But, when Ty 15 0.000mAL Lot will be 1 992mA The relationship betaeer this

current and the Ipg 15 such that:

I = lewrr + lowrr
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The (741} op-amp stage at the output of the ADC converts the output current into proportional
voltage The op-amp wives a low impedance output and the output swing is fixed to be + 5.0V, with
the use of resistor V4. For all the input codes where the MSB is 0, the output voltage will be negative

But, whenever the digital input has the MSB of | (from 10000000 to0 11111111}, the analog output
hecomes positive, This type of coding is referred to as offset binary. Using a DVA converter in this way

enables true alternating signals to be generated at the analog output.

Functional Description

The reference amplifier input current must always flow into pin 4 regardiess of the setup method or
reference supply polarity. VR; is tied to a negative voltage corresponding to the miramum input level |
due to the bipolar reference signals, The compensation capacitor C1 is tied to -Vep, in order to
mcrease the negative supply rejection. The negative reference voltage used is apply to the VRy while
mn 14 grounded through VR A high input impedance is the main advantage of this method. The
negative voltage (-5.0V  in this case) must be at least 3.0V above the - Voo supply, Bipolar input
signals may otherwise be handled by connecting VR, to a positive reference voltage equals to the peak

positive input level at pinl 5.

Output Valtage Range

The output at pin 4 must always be at least 4.0V more positive that the voltage of the negative supply

{mn 3}, when the reference current is ZmA or less. It must also be at least 8 0V more positive than the
negative supply in a situation whereby the reference current is within the range 2mA to 4mA. This
becomes necessary to avoid saturation of the output transistors, which could cause sericus degradation
of accuracy, The offset null circuit utilizes the variable resistor Vs, for adjusting the voltage level, o

that zero output voltage will be obtained when all bits of the digital input are at logic 0.

The DXAC 0807 is designed to operate with TTL-type inputs. However, interfacing with the other type
of logic is possible by changing the voltage level applied to the threshold control, Vig, pin 1. As
mentioned earlier, the DACO807 contains eight binary-weighted current switches, which are controlled
by the TTVCMOS logic signals applied to the data inputs Al - AB, The output signal on pin 4 15 a
current which depend on the data word applied to the Al-A8 inputs. Since, there are eight data inputs,
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this current can have any one of the 256 ( i.e i ) values. The equivalent voltage for the current would

be obtaned at the output of the current-to-voltage converter,

The DACOBOT causes a positive curment 1, to flow ito pin 4 as indicated in figure 3. 10(b) and the op-

amp output will feed back this current to the DACOBOT IC output via YRy, In order to supply this
pasitive current the output of the pp-amp must be at a more positive voltage relative to its inverting
mput. Since the non-inverting input of the op-amp is connected to -3V, therefore, the op-amp will
function so as to hold its inverting input at -5V also. This is due to the negative feedback supply

through YR, to the inverting input. The current To depends on the data words at the inputs, so that the

output voltage V, may be computed as follows:

Na = Vepp Re{ A + Ag+ A+ A+ A v+ A+ Ay + Ay)
Rppr 2 4 B 6 32 o4 128 256
%
Yo = Vg R & (AyiZ)
Rprs =1

Where A is the MSB and Ag is the LSB and each of Aj to Ag can assume a value of 1 or 0,
depending on the fogic level of each bit. For instance, if an input level of 00000000 is applied to the
mputs. then the DA converter output current will equally be zero. Hence, there will be no current
through the feedback resistor. The output of the op-amp will then be at the same voltage level of -3V
as its imverting input. But, as the inputs increases from 00000000 to 11111111, the voltage at the
output of the op-amp will step from -5V to 44961V Although, the circuit is described asa + 5V VA
converter, but the actual full-scale output voltage is +4.961V, rather than +5.0V. The reason is that
0.0V counts as one of the 256 levels, Hence, the full-scale output voltage for amy D/A converter will
always be | LSB less than the rated full-scale value, when the circuit is properly adjusted, The output
equations of the A'D converter circuit may written as:

B
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Examples of expected analog outputs that will be produced for a few input data words are as follows:

B
For 00000000 input data word; I, = 2 [ A; 125 1 = 0.0 mA
i=I
Vo = 5(00 - 1.0) = 50V
5
For 00000001 input data word: I, = X [4; 29" = 1 = -7.8125mA
=1 128
Va=35(1 -1) =-300625mV
128

For 10000000 input data word; I, = 1.0 mA

Yo=5(1 - 1) =00V
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For 10000001 input dataword: I, = = [A; 2°°"] = 1+ L= 1.0078 A (3.20)
=] 128
Vo=5({1l+_1 - 1) = 390625 mV (321)
128

Shown in figure 3.11 is the complete cirouit of the digital audio card while Table 5 is the component
list for the complete digital audio circuit
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Figure 3.11 Complete Circuit Board of the Digital audio Card.
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Table 5.0: Component Lists
CIRCUIT KEY DESCRIFTION VALUE
ADC f-hit Analogue-to-Digital Converter ADCOBD4LCN
Ci, Ca, G Ceramic Capacitor 0.1 pF
C:. G5 Ceramic Capacitor 0,01 uF
C Ceramic Capacitor 150 pF
Cr. G Electrolytic Capacitor 10 pF, 16V
Cy Cerammc Capacitor 0,001 pF
DAC 8-bit Digital-to-Analogue Converter DACOE0TLCN
LF398 Sample and Hold Amplifier LF398
UAT41 Operational Amplifier UALAICN
L8241 Tri-State Octal Buffer SNT4L8241
MIC Microphone
R, R, Reasor 1 KO}
Rs Resistor 3300
Ry Resistor 10 K2
R Resistor 1 K2
R Resistor 5.6 KO
R- Resistor 18 K2
By Resistor I MO
SPEAKER Speaker 802
SW Switch SPST
Ve Supply Voltage +15 ¥
VR, VR:, VR Variable Resistor 2,5 KD
VR Variable Resistor 10 KQ
Vi Reference Voltage +5V
ZD 2V5 Lener Diode +2L.5V
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3.3 Software Requirements, Development and Documentation

The choce of computer language 15 often dependent on the nature of the application. Hence, for the
purpose of this research work, (Borland )C-+—+ was chosen. C++ is an expanded version of C and it 15 an
object onented programming (OOP) language. The object oriented programming features in C++
allow programs to be structured for clanmty, extensibility and ease of maintenance without loss of
efficiency. It combines elements of high-level languages with the functionalism of assembly language.
C++ allows the manipulation of bits, bytes and addresses, ie. the basic elements with which the
computer works. However, other high-level computer languages such as Basic, Pascal . or an assembly
language may be used for the mplementation of the software dnver.

3.3.1 Software Requirements

The version of C++ used, for the compilation of the source code, is Borland C++ 3.1 Version
produced in 1992 by Bordand International Incorporation. This version requires at least 39
Megabytes{MB) freespace on the hard disk: 34 Megabvies avallable space m order 1o install all options
and an additional 5 MB of workspace. However, the executable file of any syntax error-free program
will automatically be generated after compilation. So, the compiler will not be necessary for subsequent
execution of such programs. It has special in-built functions that can handle several activities, including
data transfer between L0 devices and CPUL This special facilities made it possible to control the digial
L0 without the need of incorporating any assembly language module(s). as the case may be in some
other high level programming language,

3.3.2 Software Design: Development and Documentation

Three separate software packages were designed, the first two packages handle the two experimental
interface circuits while the third is the software driver for the digital audio card. That of the interface
experiment has been presented in section 3,1 along with its hardware design.

Figure 3.12 is a compressed flowchart for the digital audio card driver, where each of the processing
blocks represent one or more subroutine programs, Each of the two processing blocks, "PLAYBACK
THE FILE" and "RECORD FOR TR MINUTES" was designed as & separate module compnising of



several sub-functions, These constitute the two main modules, out of the three modules of the software
driver, The source code for the software driver is attached to this write-up as appendix A3. The driver
can broadly be classibed into the following three modules

s Menu module
s Recording module
¢ Plavhack module

=
v
AN P
RECHED ! i
ik, r |
o " BTN THE FILE KA ME £ [
+ -
EWTER THE RECTE [FILENAME PEINT IRACH
T 3 ’E ; MES AT :
et “FILENAME - +
ENTER THERECORDBC DURATIM TINET: L
ot m=e e A - _.1 "‘\-."1"‘ i
| RECTHI FOR Ty MISTES | LA
l‘ HLAVEA CK THE FRLE |
e 7 AUDIOTARD
H |
¥
| FESTORE THE SCREEN MODE |
I

Figure 3.12 Main Flowchart of the Digital Audio Card Software Driver

The Menu module

The general feature of the menu module is illustrated in figure 3,13, The available options in the main
menu mciude; RECORDING, PLAYBACK, STOP, or QUIT, depending on the desired mode n
which one intend to operate. The graphical capability of C++ is greatly put into use in this module
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Among the in-built prototype functions employed in this module inchude; line-draw. hine-fill, circle-
draw, circle-fill, colour- select, square, rectangle, blinking, and ot more.

DIGITAL AUDIO CARD SOFTWARE

RECORD FLAYBACK ETOP T
CURRENT MODE:; Enter the requined mode 7
LG BAMPLING
EHEMI wa Il'“'u
DL TR 8 ihe

Graphical display of the relalive
amplifuds for cach signal sampls

Figure 3.13 General Format of the Main Menu Module

Any of the first alphabets of these modes will effectively put the user in that mode. An error message
will be generated if any of the users’ input is unrealistic or out of range, An example is the siuation
whereby the input alphabet for the operating mode is neither of the four letters; “P "R “ Q" or “ 8§

or if the clock speed 18 unreasonably large or small or not a numeric value,
There is a graphical display section in this main menu, that displays the relative amplitude of successive

samples for each voltage signal sample during recording or playback. This is similar to the signal
amplitude graphical display unit of most digital audio tape player available nowadays.
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The Recording Module

Shown n figure 3. 14 is the compressed flowchart for the recording module. An input reguirement in
this recording module 18 the name of the file in which the user intend to store the digital signal The file
name should not be more than twelve characters according to the program logic,
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Figure 3.14 Flowchart for Recording Module
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The ADC conversion time is much shorer than the the intersamples delay time, Tn. The delay nme is
sel to 125 microseconds, 1.¢ the interval between the ssuance of successaive READ (RD) command
signal to the recording (or plavback) circuit 1o be 8 KHz

Summarily, the recording module main function is to obtain the digitized audio signal at the end of the
ADC conversion process, compute the weighted value and store it into a file. This is done in two
successive READ operations via the 4 upper bits of the status port, The weights of each bit” position is
used to determine the decimal value of the sampled signal, hence its cormesponding analogue value. The
ADC will signify the end-of-conversion through its INTR pin, which 15 normally polled at intervals by
this module.

The Playback Module

Figure 3.15 is the flowchant for the playback module. The only input requirement in this plavback
module 5 the name of the file in which the user intend to get or retrieve the stored. This section
recombings the digital words and send them via the 8-bit wide data port. It does not requires the

monitorng of the status of the DAC circuit, since the circuit conversion speed is known o be higher

—
than that of the signal reconstruction speed, PRl La )
f,.- _-"w.. by
- &y
>/ =y
3.5  Discussion and Observations .
N A
i

Lhe conversion from analog to digital and from digital back to analog seem éiﬁrp;lt in-principle, but in
practice very difficult. The drift from analog systems toward digital systems is to achieve capabilities
which otherwise may be impossible with analog ones. Hence, care must be taken to ensure that the
ADC coding scheme is matched to that of the DAC utilieed, in order to ensure that the coded analog
stgnal 15 correctly decoded by the DAC. The best method (which has been emploved in this research
work) is through software technique. The bits are manipulated before storage in order to achieve a
uniform coding for both the ADC and the DAC circuits.
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Figure 3.15 Flowchart for Playback Module

Some of the important charctenstics of the ADC that must be into consideration are its “slew rafe’ and

‘e range”.

Dynamic range of an ADC

The dynamic range of an ADC is the ratio of the largest signal the converter can digitised to the
smallest value it can resolve (Douglas V. Hall, 1989). Dynamic range (Dy), then, is a way of expressing
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the resolution of the converter in a form that is wseful for some comparison such as those m audio
measuréments. Tts unit in decibel and it is expressed as a fimction of the number of bits n of the ADC as
written in equation { 3.3 ). The dynamic range of the 8-bit ADC is thus obtamed as 48.16 dB.

By = 20 lody, 2°

= 2{' n hﬂ]nz

= 602n dB AT T L0 o U S s B Pt B3]
Slew Rate

The ADC output changes by one bit (or one LSB in the case of a digital ramp) at the occurrence of
each clock pulse, The maximum rate at which the ADC output can change is thus controlled by the
clock frequency. If the analogue mput rate of change exceeds this maxioum rate, the digital output will
no longer be accurate representation of the analogue signal. Hence, it will be necessary to incorporate a
sample and hold circuit into such analogue to digital conversion. The maxdmum rate of change is called
the loop “slew rave ' (Commer, 1981), The equation of the slew rate is given as follows:

slew rate = N x fox
ol R R o e e LR (3.23)

where the variables fopg, n and Vg are the clock frequency, the number of bits and the full-scale
analogue input signal range (full scale negative to full-scale positive in the case of a bipolar converter)
of the ADC respectively, The slew rate fimitation of a tracking converters sets an upper frequency limit
to the full scale smuscidal signal that can be accurately digntized A full scale smusoid may be
represented by the following expression:

. Vi sinf 2 7).
7 v R FOP (3.24)
The maxinmum rate of change of the smusoid is obtamed by differentiation as eqn{3.6), e
|dw| = Inf x Vi
|t . 2 a5

The maxamum rate of change for which the slew rate 15 not exceeded is thus determine as follows:

Ti



s = _fog
M s {3.6)

The occurrence of overflow or underflow of the converter. which s the sntuation whereby the
mput signal exceeds the maximum quantisation level {positive Vg2 or negative Yyg/2) should be

prevented This situation can be avoided by careful scaling of the input signal

The initial problem encountered in the software design was to get the correct storing sequence of
the binary code words received via the status port and also to send appropriate timing signals vial
the control port. The results of the two interface circuit expenments {investigation of data /0 wia
the parallel port) were of immense help in overcoming these problems. The correct storing of the
received data bit were then carried out as follows, the digital output of the ADC was read i two
successions (of 4 bit each) via an octal buffer IC. The first read operation takes the 4 upper and
the it positions by, bs and by were assigned the weights 64, 32 and 16 respectively while the MSB
by 15 used as the sign bit. The second read operation takes the 4 lower bits bs, by, by and be with
the associated weights 8, 4, 2 and | respectively. The value of the of the received digital signal is

then stored as the sum of the two successive read operations,

The major problem encountered in the hardware design was in making the ADC IC to work
according to the manufacturer specifications. The ADC was wired for bipolar input range of
150V so that the expected value of the LSB is 39mV (iLe 10%/2%). However, when its input was
fed with predetermined analog voltage values, with each of its 8-bits digital outputs connected to
an LED, the results obtained were not satisfactory. A single digital output sequence, 01111111,
was obtained for all the values even before the application of start conversion pulse. Although.
this problem was overcome when the digital ground was separated from the analog ground and

the sampling frequency reduced, but digital output sequence still behaves erratically,



CHAPTER FOUR

CONCLUSION AND RECOMMENDATIONS

4.0  Conclusion

A digital audio card and its software driver has been developed for microcomputer systems, The card
senses audio analogue signals through a microphone, amplify and store the signal after it has been
digitised via an ADC. It also playback the signal by retrieving the digitally stored data, send it through a
DAC, amplify and filter the resulting signal before routing it out via an 8-ohm speaker

The incorporation of this developed digital audio card to a personal computer will increase its
functionality at a relatively reduced cost. This include voice coding, recording and playback of audio
signals and acquisition of such conditioned analogue sgnals within the audio signal spectrum and
whose peak-to-peak ampiitude value is within the ADC range. Digital audio recording and playback
systems has drastically replaced the analogue ones because of its improved sound quality, reduced cost
and achievements of capahilities which otherwise would be impossible with analogue systems. Apart
from its use in domestic apphances, it also find apphications in audio signal arckiving and in repeaters

One advantage of this digitally recorded audio signal s that 1ts hardware uses contactless reading

operation, hence less liable to friction and wearing,

In developed countries, message repeaters are used in many works of life | from hospitals | schools and
factonies to retail stores, public transportation services and broadcast services, The onginal repeater a
person wilking the door and repeating the message at or about the right time, was replaced by person
sitting by microphone making announcement over a public address system. But with the mtroduction
of tape recorders, message could be prerecorded and playback, manually or automatically (ie as
mtelhgent repeaters) Some advantages of a digital audio tape repeater systems over the analogue ones
mclude; no rewind time required, it provides solid state reproduction quality, it is more reliable, it 15
lexible and programmable, it reduces tape wear, it improves file packaging, and significantly improves

2ITor rate,
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The developed system may be used in banks and also for crime detection as part of a voice recognition
system that is gradually replacmg recognition by signature, however, further processing of the signal
would be required.

4.1  Recommendations: Suggestion For Future Research

The digital audio card was originally designed as a 16-bit system, but, due to scarcity of some of the
hardware components {specifically the ADC and DAC ICs), this necessitates the redesigning for an 8-
bt system. Although, this affected the resolution but the principle remams the same and the signal
quality is still acceptable. So, the use of 16-bit DAC and ADC ICs will mcrease the word length of the
stored data, hence, a better resolution and sound quality could be achieved.

The digital audio signal is stored directly without much processing of the data. Hence, the memory
space has not been optimally utilized for high density data storage. Memory space management could
be achieved by camyng out compression on the digitized data before being stored and performing the
reverse operation (ie. decompression) before plavback. But care must be taken so that the signal
quality, the effective use of the bandwidth, mteropretability and cost effectivencss of the hardware is
not compromised. Compression can be achieved by removing predictable, redundant or predetermmed
mformation from a signal |
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APPEMDIX Al
ginclude "graphicsh"
Hinclude "stdlibs"
#include "condoh™
#inc ludestdic.hH"
#de fine I _FPORT Ox378
#deTine 5_FORT Ox379
#idefine C_PORT Ox37A
woid demo_display ivolds
vodd plot_ LEDOvoidly
red_s_portoy
ink LI L2 L 30 mumE values
char modipeishi;
mairy
L
demo_display ity
plct _LEDG
CUE bExtxy S 400, Fress any ey to exit . .. ."
while{tkbhiton
£
sieepill
¥
:|.

void demc_display teolid?
L
struct viewpor ttype vp;
it mode driver)
mode = DETECT;
driver = DETECT)
initgraph Gvmode fdr iver ; * "R
setcolor Sy
settextstyle(TRIFLEX_FONT HORIZI_DIR,5N
cubtextayy (o 00, COMPUTER INTERFACING V1A "
oot text @00 ,210," THE PARRALEL FORT"),
sleepilly
clmardeyice )
settextstyledTRIPLEX FONT HORIZ_DIR /Sh
outtextyy @000 MUIGHT-ERITTING DIODE 3
out ety 050,210, "INTERFACE CIRCUTT '
sleepidly
sebcolor il
settextstyle(TRIPLEY _FONT HORIZ_DIF D5
auttextxy Q230,300 ,"Developed byl
cuttextxy (130 400, E.0. Adecla"ly
sleepily
clwardevicely
3

e



void plot_LEDOvoid)

L

ptruct viewpor ttype vp;

il'l-'b Re¥ ¥ 1[ Lj.'- LE;

chav mod,; wishj

char buffal40d;

char numblig] = { "I:I-"','l',"i',‘3",“4',Er'.‘E-'.‘?',‘E"‘,'E",'l’-‘t',‘B',"-‘."’,'ﬁ LENLTET;
getviewsattings®&vphy

set fillety leGOLID_FILL MHITEY

setcolor BLUENR

bar il i,600 A50% /* Dreaw a rectangle =/

rectangled, 1,600,450 /* Outline the rectangle */

rectangleld, 3 ~28 448k

setcolor BLACK Y

mowebol B0

lineto®od B0y /* Fosition cusor at the origin of the graph »/
set filletyl=eGOLID_FIL BLUENY

bar 4 4,597,020

setocolor BLACKY

settextsty leTRIPLEX _FONT HORIZ_DIR 25

outtextxy(30,15,"LED INTERFACE CIRCUIT ENFERIHENTY
settextstyleTRIPLEX_FONT HORIZ_DIR 2%

setcolor REDY

ot tent oy 15,100,"De you want operate Hanually /Automatically /A0

K
mod = getchily
mod = toupper nod’
swWitchimod]
!
case(™n
{
cuttext yUdsS,450 Do you send or receive G/RIT
moil = getchly
modl = toupper modly
Ewitchdnod i
L
caseE
{
ot bextxy a5 ,200 "Do you wish to sendvia dataseontrolport
Lo =it
wishl = getchl;
winhi = toupper Wishly
ifGwrishl == "%
£
set fillstyle@0LID FILL WHITEXSR
bar (14 20 550 4450
Lis outtextwy 15,150 Enter any number betwesn O and =50 05

setfillstyleS0OLID_FILL REDY

scaniimd"y hnumd g

goitey (0 500

print f'Sending the number %d via the data port" aumzn
outpor t@ FORT rmumils

bar GO0 130,560,190

sleepiy

ok tmat oy (15 250, Do you wish to display more of AW T
wish = getchiy

winh = toupper Wishy

i



iflwish == W
{
setfillstyledSOLID FIL WHITE}
by (1 B0 S0 #4450y
goto L1y
¥
ifiwish == MM
L1
goto LE;
3
glse
4
cuttextxyds 300, "ERROR 1R
cuttextxeyd3, 350 "Enter ¥ for Yes and N Tor Na'y
set fillstyle@OLID FILL MHITERNR
bar s 230 030 4520k
¥

L3
iffwishl == "0
{
setTillstyleE0LID FILL WHITE}
bar (4,950,590 445
cuttextxydS 580 ,"Enter any number between O and IS "5
setfillstyleEOLID_FIL REDY
B SO0 130,560 4300
scanf{d", dmwumdy
gotomy 40,505
printf{"Sending the riumber Sd vi&s bhee contbrol por i numsy
cutportC_PORT pumZly
sleep@ly
outtext vy 15,250,/ To you wish to display more OF /N2 "y
wish = getchiy
wish = foupper wishly
iffwish == ™
!
et fillstyiemoLID FILL WHITEY
Bar (14 50 S50 4450
gotio L35
]
ifiwish == WO
L8
goto LZ;
J
glne
L
o b ket oy (15,300 MERRDR 1IM"g
cuttentxy(15,350,"Enter ¥ for Yes and N for No™y
set fillstyle@OLID_FILL WHITER
bar 4 250 590 420

=

elne
£
ou b ety (15,200 "ERRDR "5
cttextsyilS 950, Enter © Tor Control port or D for data

por 'l

Bd



status port"y

set fillstyleSOLID_FILL MHITER
bar (14,290,590,420)
3

brEak;

casgMD:

o

EEtfiIIEtyIEEDLm_FMJ'MTTE?]

bar 44 B0,597 30

outtext xy (15 100 fAutomatic operationy

ciibb et o dS 200 receiving the values 0 = 31 wis the

for G=0; i(=31] i++)
¢
valug = read_s_portoy

got oy E0 60k
printfi"recwiving %d via the status portvalue"y
¥
¥ e End of case W' &/
defauli:
L
T st TillstyleEOLID FILL WHITER
bar GE5,597 345k

data"y

outtext xpy U5 300 "ERROR MV
cuttextxy 15 ,350,'Enter R for recedive and § for sending

whidle (hibhit O
i
delay oy
-

pet fillstyle@®@0OLID_ FILL WMHITEY

bar G,65,597 4458
br eali;

outtextxy 5,450, Enter any nunber between O and 205 1"y
eet filletyleGOLID_FILL REDR
bar SO0 130 560,190
dimplay number Oy
slespill
outbtext=y 15,250, Do you wish to display more /N "%
wish = getchiy
wish = foupper beish))
i T dudy == F")
i
set fillstyleSOLID _FILL WHITER
bar 14,90 /590 445%
gobo Ll
e
iflish == T
£
poto L2§
¥
Flse
i
cu b ek uy S, 200 ) ERROR 2R
cubtextxydS5,350,"Enter ¥ for Yes and N for No'ly
st Ffillst yleBOLTD _FILL WHITER

21

e



bar 44 290,530 470,
¥
break;

caselis
{
set fillstylaSOLID FILL MHITER
bardd 80,597 A20K
outtextey 151040 "Mutomatic operation'y
cuttextxy 5,300, Sending the value O = 255 via the data
por k™

ford=0y id=Z55) i++]

L

cutpor t_PORT 1

delaydaod

3
setTillstyleSGDLID _FILL MHITE}R
bar Q4,280,557 A20%
cuttektxy 15100 "Automatic operation'y
ot bt ay (15,300 ,"Sending the value O — 15 via the contral

por v

for ey ic=15) i++)

£

ouwtportdC_PORT yiny

gk tixny 20 Y

print fi"sending ¥d \n",il

delay d0cy

E ]

¥
by ealk;
¥ /% End of switch %/
de fault:
£
setfillstyleGOLID FILL WHITEY
bar 65,557 445
ouktent oy ils, 200 " EREOR 1ty
outtext iyl 350 Enter M for Manual and A for Aute™y
while(hbhit 00
L
delaySn
3
gt fillstyleSOLID_FHA L WHITEY
bar (G &5,597 455
break;
3
].
23 returnj
¥

fw Module to read the vpper 4 bite of the status port and assign the
weights 1,248,116 to the bits b3,b4, bShE6 and b7 respectively.
S
resad_B_porbd
5
int Lit (3
int weight 2053 = {
1,204,815 ¥
unsigned ot Wbits =um;



int 1.3
bits = inpoy £@6_FORT Yy
for =0 insgdp d++]
{.
bBitlil = bits;
¥
J =05
sum = 0}
For =3 i<a?p 1+
<
bit L] >o= 1)
ifii==T)
€
w o= e L] & Oul) T Ol
w=wieight 2L 1]
3
elsel

wo= it iy] & Oxid 7 1507

wik= welght 20
¥
SLAFE=w]
Jeay
J
returpisumly

¥

B3



APPEMDIX A2

#inc lude "graphics.h"
#inc lude "atdlibb"
#include "camios”
#inc lude"=tdic.h"
#de fine D_FPORT Ox3768
#define 8_PORT Gx379
#define C_PORT Ox375H
void demo_display Groddly
void plot_seven_segivoidy
void display _rmumberdvoidy
ma iy

5

demo_displaydy

plot _seven_segil

oubtextaydS 400, Press any key o mxit o .. %

whidle (bt

{

:lnpmf
.

void demd_display Geoid)
L
struct viewporttyvpe vp;
int mode driver;
mode = DETECT;
driver = DETECT)
imitgraph Gmode &driver, " "y
setocolor Sl
settextatyleTRIPLEX_FDONT HORIZ_DIR Sk
cutitextcy SA00," COMFUTER INTERFACING VIA ")
cuttextyyd00 210" THE PARRALEL FORT"x
eleepily
cleardevicely
settextulyleTRIPLEX FONT MORIZ_DIN Sk
outtextxy @G 00,7 - SEGMENT DISFLAY ™y
cuttentny (0 210 " INTERFACE CIRCLUTIT" )
slespily
sEtoolor okx
settextstyle(TRIFLEY. FONT HORIZ_DIR,Sk
outtextay 120,300,  Teve loped by"s
cuttext iy W30 400,"E.0. Adeola’™y
sleepily
cleardevicely
3

viodd plot_seven_segidold)
{
struct viswporttype vpy
int e, 4, L1, L2
char mod, winbg
char buffaf40l
char pumbliB] = { 08T ET I ar M e s T B S A B D T
getvieswsettings®&wvpl



getviewsattingsiivplj

setfillstyled{SOLID_FILL, WHITEX})

getcoclor (BLUE)

bar {1, 1,600,450); /% Draw a rectangle =/
rectangle{l,1,600,45%0); 7% Oubline the rectangle =/
rectanglel3,3,598,448))

setcoclor EBLUED §

movetoll 603

linetafB00, B0 ; /% Positicon cusor at the origin of

the graph =/

wet fillstyle(BOLID_FILL ,GREEN] |

bar(4,4,537,59;

uetcolor (BLACKD §

settextstyl w{TRIPLEX _FONT,HORIZ_DIR; 3}

outtextay (30,15, "SEVEN SEGEMENT DISPLAY INTERFACE

CIRCUIT" 1)

Liz

settextetylet TRIPLEX FONT HORIZ_DIR, 23}
gotcolor (RED) ;
outtextxy (1%, 100, "Do L=t want opeTate

Manually/Automatically H/AD 773;

oy N

MNat 3 3

mod = getchilj
mod W boupper {mod) |
switch (mod?
€
cane(*M" s
C
outtextxy (15, 150, "Enter any Hex number bebween
g2 sane B §F 3V}
st fillstylelSOLID_FILL,REDY;
bar (500, 130, 560, 1303 ;
display_mnunber (3;
slowp(2;
cuttextxy (15, 250, "Do  you wish to display more
wish = getch{l;j
wish = toupper (wish) )
ifinish == T¥%)
C
st filletylm(EOLID FILL ,WHITE);
bar (14,90, 530,445
goto Lij
1
iT{wish == *p*]
<
goto L23
e
else
£
cuttexstyy (15, 300, "ERROR 11170}
cuttextxy (15,350, "Enter ¥ for Yes and N for

et Tilletyle{SOLID_FILL,WHITE)j
bar (14,290, 530, 4203 ;
3

break;

=
&

casef{"f"h:
LR
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setfillstylersS0LID _FILL, WHITE;
bar{14,80,597,4203;
cuttestsy (15,100, "Automatic operation”ij
for{i=03 if=157 di++]
£
buffabdd = pumblil;
gWwitchtil
£
case(Dd:
=
outport (D_PORT, Ox7E};
break;
)
casetl}:
{ - -
outport (B_FORT, 0x30) 4
break;
>
casetZ):
4 .
outport (D_PORT,0x8D) g
brwak
3
casei{3l;
€
outport (D_PORT,0x73);
break;
:.!
loagEtEE)
£
putport (D_PORT, 033 ;

break;
3

case{S):
¢
cutport(D_FORT OxSEI 3
break;
}.
case(fl:
¢

ag@#ﬂﬁxﬁﬁhaﬁﬁﬁihﬁaﬂFit
break;
A
case{?2:

T )
cutpor b (D_PORT, Q%7003
break;
) i
case(8iz
€
outport (D_PORT, Qx7F3;
break;
¥
case{3;:

L
outport (D_FPORT 05733

b waky

-y



casw(1Ci]
L
cubport (D _PORT,, Ga771;
break;
¥
caseflllg
£
outport (O_PORT,0x1F3;
break;
J.
caselli)y
<
cutport (D_FORT , Ox<E] §
breal;
¥
case{13¥;
£
cutport (D_FDORT , Om30i g
break;
¥
caseildi;
£
outport (D_PORT, OxdF ) ;
break)
¥
cass{i5Sl
£
cutport (D_PORT , Ox47 )
break;
J
5 J# End of case "AT =S

cuttestxyildlS;, 200, buffal;
eptfllletyle(SOLID FILL,WHITE;
cuttextxy (40, 200, "is bz displayed i
T-Begment module™ij
Bleep(s))
hﬂ'l" ";51 .19‘:]. Eg?l 443} H
¥
break;
1 S End of switch =/
default:
L
setTillstyledSOLID FILL,WHITE);
bar {5,585, 5937,445) ;
outtextxy (15,300, "ERROR '11%);

the

cuttextey (]S, 350, "Enter M  fTor Hanual and A Tor

(=17 L Rl B
whiled ! kbhit )
{
delayiSi;
a,
#
st filletyle(SOLID_FILL,WHITE);
bar (5,65, 537,445 }
b mak g
s
L2s vebuvng

a7’



display numbsyr ()
£
int L3;
char bufferidl;
char chj
ch = getchil;
ch = toupper (chi;

switchich)

[

casai’ 0y
{
cutport LD FORT,O0xFE3
b @ak;
b

caselr1"y:
{
cutpert (D PORT , Ox30 )
break;

%
H

casel" 273
€
cutport (D _PORT, OxiD) j
breaky
X
case("3"};
£
outport (D_PORT,0x79)
bBreak;
X
case{f4®
%
outport (D_FORT, 05333}
break;
3
casel "o ¥
C
cutport (D_PORT, OxSE} §
break;
¥
caseft™B" bz
i
critpor (D PORT , Ox5F ] 3
br ek
¥
cansgl"T* ;s
C
cutport {0 PORT,Ox700;
break;
casaifB*):
C
ciutpert (D _FORT, OxTF I}
break;

¥



capa{*3");
L8
eubkport{D_PORT,; Ox73:;
b aiak

-
&

casai{’ /A" )z
L8
cutport (D_PORT,Ox771}
break;

B
-+

case{"B"}:
i
outportiD_PORT,Ox1F):
break)
3

cagei"Cli;
€
cutport(D_PORT,O0x4E2
break;
3

casei"D"1;
L
cut port (D_PORT, Ox3DJ ;
break;
il

case{"EM):
L
outport (D_PORT,OxdF];
break;
3

cage{"F"'):
{
cutport (D _PORT, 0xd47);
break;
3

defaults
£

set TillstyletS0LID_FILL, WHITE);

bar {14, 190,530, 4203 ;
ocuktextxy (15, 200, "ERROR 1 !"5y

cuttentay (15,250, "Only an Hex numbser between

= F ¢an be displayed');

setfillstyle{SOLID_FILL,WHITE);

gl aep 2]y

bar {14,190, 530,420
goto L3j;

b

setcolor (HHITEY

buffer[9l = chyj
cuttextxy{513, 150, bufferij;
sgtcolor (RED) )

outtext=yi15,; Z00, bulfer;

cuttextxy (a0, 200,"is b= displayed

7T-Begment module")l;
sleepiil;
setfllletyle(BOLID_FILL ,WHITE);
bar (5, 265, 597; 4451 ;

a3
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L3: returng
#

APFPENDIX A3

#include <lo.hd
#ingJude dstdio.hd
#include <fcmtl.h
#include <graphics.h®
Hinclude <time.h}
finclude <dos.h}
Hinclude <ctype.h’
#include <conioc.hy
#define D_PORT 04378
HdwfTine S_FPORT Ow37rs
#define O_PORET Ox37A
Bdefine ¥i1 170.0
#define Y2 425.0
FILE =fpi,%fp;
w“oid showivoid);
woid beepivaidl)
read_s_portli))
read_a_poariZQl;
take _=ignal )y
void arrowW_leftdiint al,int yl);
vold arrow _rightdint ar,int yrig;
void ADE SCivoidl)
wolid ADC_RDOwoidi;
void clear _mode(void);
vold record_modelvaid) g
play_sudic_signal{int n_pamplies,int sampling_time);
record_sudioc _signal (int n_samples,int sampling_time);
unsigned int check_status(dj
vold plot{int value, float =1, float Ll R
int signbit, bitd_6&;
int rLid,op,num,lL1;
char mhpv;
thar play_filefiZl;
Tloab durat;
mairngd
£
struct viswportiype vp;
time_t starttime;
time_t endtime;
char Tuntion;
int mode,driver,duration,n_samples,mas_samples, valums;
fleat =i,x2, sampling_t;
Li: getviewsettingsihvpl;
mode = BETECT;
driver = DETECTj}
initgraph (&mode, kdr iver " "1;
cleardevice()j
shcw { ) §
funtion = getchil;
clear _mode(l;
funtion = toupper{funticnl;
sampl ing_t =0.125 3

a0



swltchifuntion)
I
casel(R':
il:rlulr_ﬂ-ndaﬂ: /2 Bepfresh {the displayed mode on the soreen ©
gotoxy(Zd4,11k
printf("Enl &r the daration(in minutesk "k
seanl("%d", Aduration)k
clear model)
goboxy(24,11%
iffdoraiion < 6
i
printf("Enter the filensme for ithe recording:"s
scanf("%s" dplay_{1le)
clear_ moded
oubttextxy(220,162,"RECORDBING™)
ip = fopeniplay_file,"w"y
startlime=time(MNULLY

=l = X113
%2 = X1 + &;
i
i
ADC SO0
max_samples - (daration * &0 sumpling . t;
record_sudio_signalimax_samples,sampling Uk
endt ime= Limes(NULLY
durat=difftimedendtime, 5tar b ime i
} while (dural <= duratlon®&dy
]
else
£
clear_ modell
gotoxy(24,11)y
printf("The duration {ime should noil be more than & minules
R L H
¥
foloseiiplk
goto Ld;
break;
]
case{'P'k
{
gotoxy(24,11)y
printf{"Enter the filename for Lhe recording: 'K
scanf{"ks" Aplay [ile)
clear modell
op = openiplay file 0 _RDONLY)
clear model);
oulttextxy(220,152 "PLAYING ) .
urrow_right(330,176)x /* display Lhe symbol for recording
x1 = Mit;
A2 = X111 + -5
values = 5j
do

g
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k
num = readlop,tpv,21}
n_samples = atof (tpud;

cleay _modetlj
goboxy (249, 1135

print f ("%Xd" ,n_samplesi;
n_sampled+=128;

play_awdio signalin_samples;=ampling_ti; =/
plotin_samples,xi,x2);
1 = 2 + 2003
me = mil + Oj
ifcxlz > 43403
£
st filletyvle(BOLID FILL 833
bar (1680, 200,430, 4301 ;
xi = ¥iij
#2 = =1+ 5g
3
walusm ++j
delayisampling %)}
JuhiledlEOFY; =/
¥ while (num != —1kj
clomsiopd;
gote Lij
break ;
] .
caspl™@%)r /% @Quitting to the system =/
.4
outtextxy (220,152, "Bult");
beep(};
exit(1);
break;

casestE i SR Stop the cperation =/
%
elaar_mode ]}y
ocuttextxy (220,152, "STOP" ) ;
clwar _mocle ()]
outteatxy (220,152, "Press. any key ..."}j
beep iy
slEepiEl;
goto Lilj
breaky

¥

deftaults
4
clesr _modellj
outtextxy (220 162, Y"ERROR ' L1%) g
beep ()
break;
3

b

slesp (3] j
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rEfurn )
*

play_asudic_signal iint n;int sampling_timed
L8
int wvalues;
Tloat xi,;mw3;
#l = 2113
»2 = XEl 45y
vl ues = 5j)
setfillstyie(B0LID FILl  B);
bar {160, 200,430,430} ;

plotdn;xd yxEi;
nl o= x32 + 2,09
22 =l o+ By
ifix2 > 430)
C
set Tillstyle(SOLID_FILL ,B3;
bar 160, 200,430, 430)§
w1l = X113
nid = ul + 53
values ++j
del ay taampl ing_timed;
return, Oy
p )

void plotdint wvalue, float x1, Tlocat =2
£
int i3
float ¥ij;
¥i = ¥2 — {floativalue/2.03
setcolor {143
Tordd = ¥2§ 4 > ylj i—]
i
mow@Eboinl; 4797
linetotxZ, i);
3
returng
¥

vold beepivoid)
{
printf{"Ec® , TFi;
del ay (10073
>

read_s_portll) 5% reading the lower 4 blite of the status port
B

L

it bBit[431;

int weightif4l = {

1,2,4,8 >
ungigned int wbits,;sumj
ink 1,0}

bite = inport{B_PORT);

forf{a=Q; 3idd3; i++)



L
bitlil = bhite;
:|_.
J =8
= = O
Torg = gy q4=T5 1443
L
bitidd = 43

ifgi == Ti
{
W= (bit[Jj] & Ox1) T 011y /# @Get the value of pin
7 in dnverted form ®/
T
elaal
W= (hitly] & Ox1) 7 150
X
W #= weightl1[iJ;
BN =W
GEEy
1
returniswund
¥

P Module to read the upper 4 bBits of the status  port and
assign the weights 16, 32, and B4 to the bits b4, L3, and
bE respectively while k7, which is used as the =ign bBit,;
is assigned the weight 128.

7/

read_s poritdil

%
int bitT43;
int weloghtZi4d = ¢
16,32, 64,128 3
unsigned int w,bits,sum;
int L,3;
Blte = ‘rmportd8 PORTX;
forfimigy idwmdy i4++])
£
bitfil = bits;
1.
4 = 0y
Eum = iy
forcli=dy idaTy i++)
£
bitLdd »3= ij
FfEi mm TF}
L
w = (bitf3d & Ox1) 2 0:1;
signbit = wj o storie the value of pin 7 as the
sign bit =/
wEEgeightIL J1)
el sel
wo= ChIELd] & Oxid 1y
wi= weightZL[31;
¥

S+ = §
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gy
s
-

returnisums ;

3

take_signal ()
LB
unsigred int check,bit0_d3;bitd _6,51%0 _Bj
check = check_statusi);
ificheck == 11 S pcheck = 1 indicates that agnd af
canversion is reached #/
L
ADBC RD(Y;
oatportiC_PDORT,0x517 /% Enable the lower & bite of
the tristate switch =/
bito_3 = read_s_peortlil;
ADCD_RED kg
cutpor t(C_PORT, QxAly /* Enable the upper 4 bits of
the tristate switch =S5
Bitd_ & » road_s_portlil;
AOC RO ;
Bito B = bBit0_3 + bit4 _6; A% compute the tobal
analog value of the slgnal =/
o,
elee /o To b exwcuted I converslon is still going on

£
gotoxytEd 1 13;
printT{"STATUE HIGH !!'!"“);
besp o))
clear _modeil;:
b2

returnibitd 63;

-

&

volid ADD _SCivodidl % Btart conversion command Tor the ADC &/

L
cwtpo-t e PORT, OwQl;
return;
7]
woid ADBC_REDivoddl f# RBead command of the ADC #/
A
outport (C_PORT, Oxddj
return;
i
PR Modulew to check the conversion status of the RDC :

Monitores the INTR 11nis
af the ADRD vis the status port lipe =30 It returns a I
for end of conversion
and a O ptherwise.
&
unsligned int check _statusld
£
vrnesigned int scheck,sbit3;
shit3 = inport{5_FORT};
sbhit3d >x= 33

a5



rectrd_audio slgnal tint n,int sampling time)

FE

=4

scheck = (sbit3 & Oxid 7 1105
returnischecklj
>

L8
int values,count,; n_samples;j
FTloat wi,x2;
%1l = Xiig
N2 =yl o+ Sy
setfillstyle(SOLID FILL,B);
bar ( 150, 200, 430, 4303 §
vilumes = =)
Toricount = O3 count < nf count +#%)
{

n_samples = take _signal{i;
fprintf{fp, "R"x"yn_samplesd;

clemr _mode(ly

gotoxy (24,4103

setcol or (RED) §
outtextxy (210, 152, "RECORDING" ) ;
setcolor { YELLOWS 3

n_samples = values;

plotin_samples, i, xZ1;
Wl ko 20
wE= ol ahg
LfQul 2 43070
C
et Tillstywle(B0OLID FILL ,80;
bar ¢ 160,200,430, 4307 3
i = Xil)
Re = w1 ¥ 35
%,
ifTivalues > 300 values = O
delay {rampl ing_timelj
values i
J_.
ratuarng
]‘.

yoid show{yold)d

setTillstyle(SOLID _FILL ,WHITE);
setfilletyle(SOLID FILL,7);

bar (53,3, 548, 607 ;

bar (7O, 100, 160, 13003

bar 190, 100, 280, 13033

bar (310,100,400, 1300

bBar (430, 100, 520, 1300 ;

bar {70, 140,520, 1900 ;

bar {70, 300, 150, 4303 3

bar (443, 200, 520, 430) 7

cetcolor (DL ATKY

cuttextxy (90,85, "RECORD PLAYBACK

6

STOP



PUIT™);
puttextxy {90, 88, "
A
euttextry (80,220, "LENGHT :
BAMPLING" 3
outtextxy (80,240, "0.00 Bec.
FREQ:");
cuttextxy (80,260, "5 min Max
8- kHe i3
cuttextry (B0, 162, "CURRENT MODE: ")
setcalor (REDY;
cuttextiy (200, 162, "Enter the required mode 3 "))
setcolor (BLACK 1
rectangle(S3, 3,548,600 ;
rectangled70, 100, 160, 1300,
rectangled 30, TO0, 280, 1300 ¢
rectanglef310, 100, 400, 1300 ;
rectanglec430, 100,520, 130 ;
rectanglel 70, 140, G20 150 g
rectanglel 70, 200, 150, 4305 3
rectanglel440, 2040, 520, 4300 ;
rectanglells0, 200, 430, 4307
arrow_right (230, 1253 ;
setfillstyle{S0LID _FILL,8);
bar {160, 200, 430, 4300 ¢
bhar (347,107, 363,123
record_mode ()
cireietdro, 145 His
meetcolor (REDT )
rectanglediSl, 1,550,450 ;
rectangle(dE, 2,599,443 ;
srttextutyl e CTRIPLEY _FONT,HORIZ_DIR,32;
cuttextuy (120,26, "DIGITAL AUDID CARD SOFTWARE");
sl epp 5}
Feburng
>

woid arrow_left dint wlgink 13

i

int I§

for (=163 i3=0; 4—=32)
£
soptcolor (B))
movEbo Ul gl l;
linetol(xl ,yl—-i)j}
wl==37

yl-==1;
3

rEtUrn;

3

viodid arrow rightiint Xrydnt yrl
{
int ij
forii=16; iz=0p i—=2Z3
£
sxbcolor (81
maveEtolsr  ¥wrij

arF



Hnebatir jyr =i
=
yr—=1}
>
reburng
¥

windd CIear _mosgetwoidl

LA
st Fills by e GEULID FILL 7

bar (182,147,519 1868%
by g

¥
wididd FeCorH_mode i oidd

L
swi filletyleSOLTD _FILL BN

bar (07 111,123 JA23%
bar (107 07 A23 4058
rEburng

3

i



