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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 playing back of audio signals at a relatively reduced cost. The

developed system uses a personal computer to control and synchronize all the input/output (110)

operations of the audio card. It will increase the versatility of the microcomputer systems and provide a

suitable means of audio signal acquisition, storage and its retrieval.

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 comprising of three modules, namely; the

recording module, the playback module and the power module. The recording module utilizes an 8-bit

analog-to-digital converter IC, configured to accommodate a sampling frequency of approximately

44. IKHz, thus allowing the use of an economic reconstruction filter. The digitized audio signal could

be stored in 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 converterIC The power

module provides the four stabilized voltage levels;+ 15.0V, -15.0V, +5.0V and -5.0V.

A menu-driven software package written inC++ for the 110 control of the audio card was developed

The software driver can broadly be divided into the following three modules; the menu module, the

recording module and the playback module. A graphical display interface that displays the relative

amplitude of the instantaneous audio signal (during recording or playback mode) is incorporated in the

menu module. The recording module controls the sampling time of the ADC and the storage of the

digitized signal, while the playback 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

pseudo-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



playback 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 inthe .
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CHAPTER ON·E
"1-..l-

INTRODUCTION

The evolution of recording and reproduction of audio signals started in1877with the invention of the

phonograph byT A Edison (Luc Baert, et. al., 1988). Since then, research and development to

improve techniques have 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.

, t :

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 1930's evolved. Broadcast radio began its move from

AM to FM, with consequent improvement of sound quality, and in the early 1960'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 professional open-reel tape recorders was the instrument used for both

record production and for broadcast However, due to its bulkiness and cost, the compact cassette,

invented in 1963, made more impact in the homes for great number of purposes, such as recording

speeches, dictation, taking notes for study, playing hack etc. The invention has witnessed successive

changes or improyement, from the standard playing (SP) 78 rpm record to the 331
/3 rpm long-playing

(LP) record, subsequently increasing the playing duration on each side from 2 minutes to 25 minutes

respectively.

,I

In spite of the spectacular improvement in analog technology, the original dynamic range is still

seriouslyaffected in the analog reproduction chain. Limitations are also posed to other factors affecting

the system: frequency response, signal-to-noise ratio,distortion ..etc. exist simply due to the analog

process involved. These reasons prompted research into digital techniques for audio reproduction,

\') specificallypulse code modulation (pCM).

One of the problem is that the magnetic material of conventional analog tape recorders contains

distortion components even before anything is actually recorded. Also the medium itself is non-linear,

1
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i.e. recording and reproducing a signal with total accuracy is impossible. Hence, distortion is therefore

-.1.- built into every analog tape recorder. In PCM recording however, the original bit value pattern

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 ofPCM digital audio was in 1976 by Japan Broadcasting corporation

(Eric D. Daniel andJohn R. Walkinson, 1988). The FM format having 12-bits, 2 channel, uses a 12-

inch digital audio disc (DAD) read by laser, with a playing time of30 minutes at 1800 rpm. The world

first consumer digital audio processor was produced a ~ear later with a playing time of 1 hour at 900

rpm. Recent development of the 90s include the portable compact disc (CD) player, car CD players,

CD-ROM, and host of others.

The objective of this study is to develop a low cost, high-speed digital audio recording and playback

system, utilizing the personal computer as the controller. The methodology involves the development

of a digital audio card interface (software and hardware) that monitors, controls and also makes the

input/output audio signal compatible with the110 requirements of personal computers (PCs), so that,'

further processing on the signal can be achieved. The interface method of the card is via the parallel

port. One advantage of the digital processing of analog signals is that factors which affect the

transmission quality (such as noise, non-linearity, ..etc.) can be made arbitrarily low by proper

dimensioning of the system. In addition, a digitally reproduced signal will exhibit the same basic

qualities of the original signal.

~ Error detection .and correction are veryimportant a-id necessary processes in any digital

communication system. He .ce, digital audio systemsLIse a complex method called Cross-Interleave

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 from the

disc or tape.

Interfacing of peripherals to desktop computers can be achieved in two ways: either through the serial

~ interface port or through the paralleliruer.ace po 1. 13 th I chniques involve the transfer of data

to/from the computer and the peripherals. The serial teclmiq de involves the transfer of data one bit at a

time, over a single communication li.,e to a receiver. While tile parallel interface technique (employed

in this research) involvesl:"~transfer of datal its in ' ara'lcl, say eight hits (a byte) at a time. The serial

2



and parallel ports are found in virtually everymicrocomputer systems, which then makes their use to be

worldwide. These ports are principally used for connecting input/output devices (I/O) such as

keyboards, mouse, printers, visual displayW,:IS, SG"1J1crS and bost nf other sophisticated equipment.

Hence, there are available standard connector" forC'IC)) particular port, to allow for signal and pin

compatibility and also to prevent wrong c-nncct (' ts. Theinter'oce circuit uses a male2S-DB

connector and plugged directly into then,"'c\l\: nort

Considerable work was done by Dhanaijav VCi de et. al., J 9°1, :
National

, I •

Instrument, Inc., 1996 in describing the tccl , .111,~S ,~) . t.ie ;;i['~dlcl; t interfacing and the IEEE 488

interfacing respectively. Tile principles01' li ~ -..;k 'lJues are(I(;L ,dately presented in the literature

review. It is possible to <use themicro:o lIt,>I,: th : villi\,:; facilities provided in its basic

input/output system(nlo-~)to contr» , 'I, It! ,,> ual L~\'ici ;s this method that has been

employed in this work toC nt.r l the : .( , (J,' I
n"llc" and r") audio signals.

The research objectives are as enurnerat:(1 ')'. v:

• To develop a low cost ~git;llstereo a I" , I ~ '·1 '" ,_',\l us on " ''''"1;11 computers.
"

, ' To design a circuitry fur c:i"jliJ!;1" Iii• .J. l ,per S(lllll ' sampling rate up to 44.1 KHz

from analog audio sources,

• To produce aproro-yp Cercifor tl,e ( 'II "

.t '-
reir ')];"'j

! • To incorporate facilitic . ' I'y c' "l'n' o signal.

• To develop asoftvvire .ri vcr for l

• To demonstrate howc' nuter !W'· i " '\ ' 'l'1 be contr '
,
via the parallel port.

• Exploration of the' nt T'e m "'(l ~ 'r:'" ' ~ '1 is a better alternative for

long distance corm run tl;,"1.

v

, 1



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 critical stage in the digital processing of analog signals are the conversion from

analog to digital and vice versa. Although, the AID and D/A 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 stage often generatej a limiting factor that

determines the overall system performance.

INPlTf

analog signal digital signa)

L'L
1

[ND 1\
I .CONVERTER .L-- _

[

J1G1TALCODING, PROCESSING
~

AND STORAGE

~ coded digital signal

cable,

recorded tape, e.t.c.

I CHAJ'\'NEL I
I
~ coded digital signal

OlITPlTf ~ ANAWG

OlTfPur

,
D/A DIGITAL DECODING

~ CONVERTER .~ PROCESSING & STORAGE

)
analog

signal

decoded

digital

signal
, I

Figure 2.0 Basic digital signal irocessing system
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Figure 2.1 is the block diagram depicting the processing sequence111 an analog-to-digital

"- conversion system.

,.--_.- ._ _.--_._....... . _.--- -_ ---- -- ------ ..

ANALOG-TO-DIGITAL CONVERSION SYSTEM
,

ANALOG _I F1'PLR
TER

€:-I SCt~! I s*C~ I 1 scnt)! L DIGITAL
::AL -----i--I_~. I _SAMPLER 11QUANTlZER J 'ENCODER IT -- ~I~:~

.....••••••.•....•••. l

s(t): analog signal- continuousin ti m . cOlltiJI'IOIiS ill value.

s*(t): sampled signal- discreteill time. C( iuiuuous ill \,Illc.

s(nt): quantised signal- discrete in time, oiscreteill value.

Figure 2.1 Block diagram of :.11 am log-to-dig.tal conversion system.

The steps involved are.described asJ.O:,v\ -s:

• Filtering: this limits the analog .indwidth w:thi'1 the requited frequency band.

• Sampling: the process of obtai::11" a disc r rc-tirne (digital)signal form the continuos time

(analog) signal.

• Quantisation: the process of replicing a continuos-value signal by a finite (or discrete) signal

of corresponding values.

• Coding: representation of the digi .izcd signal;11 numeric form.

2.0.1 Filtering

A filter is an electronic device whichj;:: designed 1') pass ~~ignalsin a selected band of frequencies.

Two broad groups of filters are ana o and (Ii~' .:i filters. 'Analog' filters may

subsequently be grouped aspass-ve jil ers (in' )orating the passive elements, i.e. resistors,

capacitors and inductors only) or(l('li 'c filters ( \' hich the operational amplifier is of particular

..• importance in their design).



o
Analog Filters

A passive, first-order, low-passanalog '~J'e-c:rr·:t and its frc(;"e"cy response is shown in fig.

2.2(a) and (b) respectively.

J

A 0----'

I

\i

1,,-_-
Fig. 2.2(a) Low-Pass Filter Circv'f

IH(jw)1

VOLTAGE

GAIN (dB)

\

o f----____.

-3

---,.----0 I

I ~

lc

~-J

k !'~!'()lJENCY,f(HZ)

Fig. 2.2(b) Amplitude-Frequei r~' 17"~','0' ,.,.."r r ,OW-PilSS ""II

Figure 2.2 Simple first01" ., 1\ .'-! ~; .-= filter

The circuit incorporates a re;"t(,r '1".1 . r::'''~'''C'

function of $, wher S is 1he i'1(l . l'

of the low-pass filter circuitis give' .J."

R(s) VoCs}
Vies) J -

RGO)) = R(s) I
I s=jco

where:

tl e frcquc.

ro 2 1t f is the angularf'Cl it 'C)' 1'1 rr: i"I,S' per seC()JI '

o

'(lion is often described as a

.nain. The transfer function

............................ (2.0)

.......................... (2.1)



o, is 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 fc (in

Hertz) can be calculated as follows:

_1

RC ..................................... (2.2)

so that:

1

2nRC ...................................... (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 e.t.c.

Digital Filters

A digital filter is a processing system which generatesan output sequence, yen), fromaJ1 input

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

yen)
M

I a, x(n - i)
i= 0

N

I bj yen -j)
j = ,

..................................... (2.4)

where x(n) is the infinite series of numbers corresponding to the discrete-time signal obtained by

sampling analog input signal x(t). Each value ofx(n) corresponds to a sampling point at time t

= T, for -a < n < +a. That is:

x(n) .... , x(-2), xC-I), x(O), xCI), x(2), .... . (2.5)

The coefficients as,ai, ..., aMand b., b., ..... , bN 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
·;.-.f;·jr~t.:/~:J!;·~·:~:.j{.'I·. 'If' " "" I I,;.f: ,

tput sample, such a filter is said to be non-recursive or non-cyclic: because no past output

7



samples are involved inthe calculation, the second term of eqn.(2.4) then becomes zero, since N

IS zero.

The block diagram of a non-recursive filter is illustrated in figure 2.3(b). The non-recursive filter

is generally employed in digital audio system, such as the CPP - 102 compact disc player, that

utilizes a 96th 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 coefficients are contained in a ROM

look-up table.

Fig.2.3(a) Recursive Filter

Fig.2.3(b) N00-Recursive Filter

T <=> Unit delay(sampling period)

+ <=> adder
L1 <=> Multiplier (coefficient = aj or bj),

Figure 2.3 Digital Filter Block Diagrams

8



2.0.2 Sampling

In manyapplications, it is necessary to represent a continuous varying signal(i.e. analog signal) in

terms of sampled values taken at appropriately spaced intervals. This fixed time interval between

successive samples are called sampling intervals (t.) 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 maximum frequency of the input signal. This is

referred to asNyquist Sampling Theoremor Shannon Sampling Theorem(Dalghish R. L., 1987).

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

• Uniform sampling; sampling at regular time interval.

• Random sampling; sampling instance are random with a particular distribution.

• Multi-rate sampling ; two simultaneous sampling operation with different time periods are

carried 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 verified by considering the frequency spectra of the input and output

signals shown in figure 2.5. An analog signal Xi(t), with maximum frequency fmax will have a

spectrum having any form between 0 Hz and fmax Hz. Figure 2.5a(ii) shows the sampling signal

8T(t), a unit impulse train having a fixed frequency fs. The frequency spectrum,ch(f), can be

represented by single lines occurring at fs, 2fs, .. etc. as shown in figure 2.5b(ii). The sampling

process is somewhat equivalent to a multiplication ofx.tf) and ch(f) (i.e. convolution of xft) and

8T(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.

9



::::::::::::::}'ii(::::::::::::::::::::

xi(t) o----I----t18!1!1!1!~I!!!!!:!!!118!1!I!i!:+i!I------~------<o xo(t)
....................................... :.:....

INPUT :.:.:.:.:.:.:.:.:.:.:.:.:.:.:.:.:.:.:.:........ OUTPUT

SIGNAL I~.Wir::: SIGNAL

Fig.2.4(a) Block diagram of a sampler

xi(t)

Fig.2.4(b) Analog input signal Xj(t)

xo(t)

Fig. 2.4 (c) Output (sampled) signal xo(t)

Figure 2.4 Illustatrion of uniform periodic sampling.
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xi(t) xi(f)

fmax f

a(i) Analog signal b(i) Analog signal

T(t) T(t)

f
1111111

b(i) Impulse train signal&ref)

xo(t) = xi(t) X T(t)

b(iii) Sampled signal

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

Pragmatically, the sampling frequency fs must be greater than 2fmax, otherwise, the original

spectrum will overlap with the modulated part of spectrum. This effect is calledfrequency

foldover, orfrequency 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 thanfs/2 (i.e. half the sampling frequency).

11



xo(f) aliasingcomponents

f (frequency)

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 fsh 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 bandwidth 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 ofa 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.

f (frequency)

Figure 2.7 A reconstruction filter frequency characteristic

The standard sampling rate for compact disc is 44.1 KHz. The same sampling rate is also used in

the reproduction of commercial albums released on R-DAT and S-DAT cassettes (Luc Baert, et.

aI., 1988). 48 KHz is used for the highest-quality recording and playback systems.
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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(AID) 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 AID converter. It samples the analog signal and stores

it for a time; during which the signal value can be converted by the AID converter into a digital

code. The principle of a sample-and-hold circuit is relatively simple as depicted fig. 2.8(c) for a

sampler with zero order hold (ZOR).

xi(t) 0 ••

HOLD
CIRCUIT

(ZOH)
xo(t)

SAMPLER'

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

FET

'>---+----,0

t xo(t)

(b) FET input sample-and-hold circuit

t

TIME(S)

-- analog input signal xi(t)
--- digital output signal xo(t)

2.8(c) Input-Output characteristics

Figure 2.8 Sample-and-hold circuit
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Prior to each AID conversion, the electronic switch is briefly closed to allow the capacitor to

-:s 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 AID

conversion, but also in D/A conversion, to remove transient(glitches) from the output of the

converter. In this case, the sample-and-hold circuit is usually refer to asdeglitcher.

2.0.3 Quantisation

Even after sampling, the output signal will still be continuous in value, however it is discrete in

time. There is a need to make the sampled signal amplitude to be discrete in value by a process

known asquantisation.

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 quanti sed signal, x(t)) 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-~c;>_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 (Ronald1. Tocci, 1980).

The regions into which the signal range is diverted is calledquantisation intervals.A series of

bits representing signal value corresponding to each quantisation interval is called acode 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 to asquantisation erroror round-off-error.

14
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-5
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-7

t

TIME(sec)

Figure 2.9 Quantised signal s(t)

TABLE 2.0 Quantised level coding in sign and magnitude form

SAMPLING to
POINTS

QUANTI SED 1

LEVEL

4-BIT

ENCODED

" OUTPUT•..

t1 t10t2 t3 t4 t5 t6 t7 t8 t9

2 5 6 -1 -27 7 5 3 1

0001 0010 0101 0110 0111 0111 0101 0011 0001 1001 1010

2.1 Coding Techniques

In principle any digital codingsystem can be adopted to represent the different discrete levels in

•... AID 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.

15
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Bipolar codes giveinformation 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 binary codes:

• BCD code i.e. the well known 4-bit code in which the maximum value is 1001 (decimal 9)

after which the code is reset to 0000

• 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.

2.1.2 Bipolar Codes

/

These codes are similar to the unipolar natural binary code, but with the i~~ttl§fofl::-ofY~~i' bit.
"', .

Examples of such codes are as follows: ~-=;- .

• Sign and magnitude: similar to the normal unipolar code but a sign bit to express its polarity

is added. The MSB 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, J.O., 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 l' s for

0' s and vice versa.

• Two's Complement: arithmetically, two's complement of a binary value is obtained by

adding a 1 to its 1's complement and disregarding any overflow. The code is very similar to

the offset binary, but with the sign bit inverted.

16
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2.2 Code Errors and Error Compensations

When digital signals are sentthrough a transmission channel or recorded and subsequently played

back, different types ofcode errorscan occur. Even the smallest error, say in the MSB, 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 carried 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 calledbursts; in which long sequences of related data are lost together. It may also

results into single random errors.

• Jitters: tape jitters causer>random errors in the timing of defected bits and to some extent is

unavoidable due to the tape transportation mechanism properties.

• IntersymboI interference: at very high bit rate, a detected pulse if wider than the original

pulse will result in 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

noise.

Thus, the three basic areas involved in the effective treatment of errors aredetection, correction

andconcealment.

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 parity bit takes a value of 0 or 1,

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

17



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

possible: odd parity and even parity checking.

• Odd parity: the added bit is so as to make the total number of l' s in the word to be odd.

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

[1101100] [1] <=> [11011001]

data word t odd parity transmitted word

-: odd parity bit

[1011011] [Q] <=> [10110110]

data word t
odd parity bit odd parity transmitted word

• Even Parity: the added bit must make the total number of 1's in the word to be even.

[1101100] [0]

data word t
even parity bit

<=> [11011000]

even parity transmitted word

[1011011] [1]

data word t
even parity bit

[10110111]

even parity transmitted word

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

• Even if an error is detected, there is no provision of knowing the faulty bit.

• If two bits of the same word is 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 used for error detection in most digital

systems today are cyclic redundancy check (CRC) codes (Dinitri Bertsekas and Robert Galleger,

1987).

18



2.2.2 Error Correction

The correction of binary data is ensured byusmg some form of block encoding scheme,

incorporating another error -correcting bits, in a process calledredundancy. These added bit are

called redundant bits, and it is 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

follows:

• 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 (HorizontalN ertical) Parity Checking

An example of a 16-bit binary word or message arranged in a 4 X 4 matrix using combinational

(horizontal/vertical) 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 is added to make the parity for that row or column odd (or even if even parity is required).

19



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

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

.Il

1011 0

1100 1

1011 0

-:; 1010 1

"
1001 1

Figure 2.11 Combinational parity checking

The entire array may be transmitted in sequence row by row (or column by column). If any error

occur 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 9 (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 parity 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 2.12. The

crossword code utilizes a matrix scheme similar to the previous example, but it carries out its

operation with the whole words instead of individual bits. It should be noted that decimal values

are used to represent binary values or word for simplicity sake.
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RECORDING

DATA [4] [6] [2] [9]

U

[4] [6] ~ [10] } Insertion of error correcting codewords which when added, make

20 both in the horizontal and vertical rows.

[2] [9] ~

-l- -l-

[14] [5]

[9]

U

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

PLAYBACK

[4] [8] [2] [9] [10] [9] [14] [5] Error occurred in the shaded code word

U

[4] [8] ~ [10]} = 22 It can be seen that the code word at the intersection of

the row and column which added to 22 (and not 20) is

[2] [9] ~ [9] } = 20

-l- -l-

[14] [5]

incorrect. It must be in excess of 2 (i.e. 22 - 20), so the

correct code word will be 6 (i.e. 8 -2).

20 22

PLAYBACK [4] [6] [2] [9] +- Playback 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 is not useful for computer applications.

2.2.3 Error Concealment

The technique which prevents 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 interpolation or averaging, and higher-

order interpolation) are described as follows:

• Muting: a rough method of concealment whereby the erroneous word is muted, i.e. set 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 difference, however, the result may be unsatisfactory at

high frequency which employs high sampling frequency. Fig 2. 13(b).

• Linear Interpolation (Averaging): the erroneous 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

22



\

yn(t)

nt

(a) Muting

/1
-' •••. j"

.-:-' :

1234567 .. - ntn

yn(t)

(b) Previous word holding

li~ 4567 .. · n nt

(c) Linear interpolation

Figure 2.13 Three types of error concealment with the error 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.
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The words are arranged ininterleaved blocks bythe process known asinterleaving. 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, Wll 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.

I~ ~I
I

1
BURST ERROR

I ~ 1ST INTERLEAVED BLOCK ~ I ~ 2ND lNTERLEA VED BLOCK ~ I ~ 3RD lNTERLEA VED BLOCK ~ I

lJ

RANDOM

ERROR

RANDOM

ERROR

RANDOM

ERROR

RANDOM

ERROR

Fig. 2.14 Illustrating how interleaving of data effectively reduces burst error into random errors.

2.3 Conventional Useof the Personal Computer Ports

Personal computer ports are conventionally uselfor the connections of its 110 peripherals, such as

keyboards, mouse, printers, visual display unit and host~f others. Today, most Scientist and Engineers

are using PCs' parallel and serial ports for laboratory research, industrial 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 employed, the signal conditioning,

the DAQ hardware and software capabilities.
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2.4 Input/Output Organistaion

The bits comprising adata wordwithin most microprocessors are transferred from point to point in

parallel form, i.e. using one line for each bit. This mode is referred to as parallel communication.

Whereas this allows very fast data transfer, it is not often economical to transmit data in this form,

particularly over long distances. This is because special line drivers and receivers have to be used

together with multicore cable. An alternative which is widely used is commonly called serial

'\ communication. It uses a transmitter to send data, one bit at a time, over a single communication line toof..•..
a receiver. This simplifies interconnection with110 devices, but at the expense of lowering the data

transfer rates. Yet, the resulting rates are adequate for many110 devices (such as the keyboard, the

mouse, the bar code scanner, e.t.c.) that are often equipped with serial interface port for connecting the

respective devices.

Before a communication can be established between any intelligent device and a CPU, there should be

a way of addressing the device. In MlCrtCOmputers,the scheme is to provide separate address spaces (of

about 64K bytes) associated with110 and status registers for the peripheral devices (Hamacher V. Carl,

et. aI., 1989). The assignment of these addresses to specific devices varies between PC models. In a

situation whereby a CPU lacks a separate110 address space, the110 ports may be treated just as if they

are memory locations. This scheme is referred to as memory mapped110. The following techniques are

used for synchronizing data transfers are described as follows:

1. Programmed 110: Programmed-controlled110 involves the scanning of device status by the CPU

under the control of internal programs. This requires continuous involvement of the CPU, though

only a minimal amount of external hardware is needed to connect the peripheral devices to the

computer. Examples of programmed110 include aredirect andpolled 1I0s.

2. Interrupt-Driven 110: data transfer is initiated by the device by sending an interrupt service

request signal to the CPU, hence, eliminating the time wasted by the CPU during repetitive status

check that is necessary in the case of programmed110.

3. Direct Memory Access (DMA): The direct memory access allows data flow directly to/from the

memory. The DMA controller relieves the CPU of all110 functions except for the initialization of

the transfer parameters.
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4. Channel 110 (or 110 processors):Due to the fact that it will be uneconomical to provide a

separate DMA controller for each peripheral device, hence, the concept of the channelVO came

about as a means of providing a shared DMA controller for a number of devices.VO channels are

peripheral processors, which are computers in their own right, but their instruction sets are limited

to VO functions (protopapas D. A., 1988).

Most dedicatedVO devices are TTL compatible and their output are capable of driving one TTL load

only. The current sourcing capability is very low (tens of microamperes only) but the sinking capability

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 circuits, this

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

2.5 Serial Interface Standards

Serial communication is a scheme whereby data are being transferred one bit at a time over a single

communication line. It is usually employed for data transfer over long distances or when low rates are

desired and it occurs either in synchronous or asynchronous format.

In asynchronous serial communication, data words, called characters, are transmitted independent of

each other. Also, there may be variation in the time interval between 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 a start bit and stop bites) as shown in figure 2.15. Synchronous communication can support

higher data rates by keeping the receiver in synchronism with the transmitter. Hence, maintaining

transmission during the idle 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 is overcame by using a bit-oriented protocol (BOP) (protopapas D. A., 1988).

Some examples of serial 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
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and communicate with DCE devices, such as modems, printers and programmable instruments in

general.

RS-232 CABLE

111110100000101111I~JI...~I~I
TRAILING CHARACTER L LEADING

IDLE BITS IDLE BITS

STOP BITS START BIT

PARITY BIT

DATA FLOW

II
••11I1111I111I11 _

/ \

Figure 2.15 Example of serial communication (RS 232 configuration)

2.5.1 The EIA RS-232C

The EIAA-S-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 peripherals, 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 employed. The

RS-232 has connectors that vary from 4, 9 and 2S-pin configurations. Also indicated in the figure are

the lines that are usually employed in the implementation of serial110 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.l6 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
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lines must all be active during synchronous data transmission. The functional characteristics of the lines

are as follows:

• Transmitted Data (TxD):The DTE uses this line to transmit data to the DCE.

• Received Data (RxD):The DIE receives data from the DCE via this line.

• Data Terminal Ready (DTR):The DIE activates this line for indication of its in-service status

so that the DCE can subsequently connects itself to the communication channel. ~

• Data Set Ready (DSR):The DCE activates this line to signify that it is connected to a

communication line and is ready.

• Request to Send (RTS):Activated by the DTE to condition the DCE for data transmission.

• Clear to Send (CTS):Activated by the DCE to 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.

DTE DCE

~ II ... PROTECTIVE GROUND

} GROUND LINES7 7 SIGNAL GROUND

2 TxD 2 TRANSMITTED DATA

} DATA LINES3
<11IIII

RxD 3 RECEIVED DATA

4 RTS 4 REQUEST TO SE 0

5
<11IIII

crs 5 CLEAR TO SEND

6
011III

DSR 6 DATA SET READY

8
oOIIIII CD 8 CARRIER DETECT CONTROL LINES

20 DTR 20 DATA TERMINAL READY

22 RI 22 RING INDICATOR

17 RxC 17 RECEIVED SIGNAL ELEMENT TIMING }15
<11IIII

TxC 15 TRANSMITTED SIGNAL ELEMENT TIMING CWCK UNES

24 TxC 24 TRANSMITTED SIGNAL ELEMENT TIMING

-111I111I1111I1--
I \

Data terminal equipment(DTE) Data circuit-terminating equipment(DeE)

Fig 2.16 Typical EIA RS-232C Connector(25 - Pin 'D' type) with pin assignments.
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• Carrier Detect (CD): Also called the received signal detector line, and is activated by the DCE to

~'" indicates its reception of a carrier 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 (RxC): Used in synchronous communication by the DCE to

provide a received clock to the DTE.

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

The maximum data rate in bit per second (bps) supported by the RS232C standard is 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

+5V TTL/CMOS levels. Hence, an additional power supply and line drivers are often required.

2.5.2 The EIA RS-422, RS-423, and RS-449 Standards

The RS 422 specifies balanced line drivers (i.e. the use of two wires for each signal) with differential

I/O line to provide a greater distance and higher data transfer rate than the RS-232. It also allows the

interface 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

'IDGH').

The only difference between RS-422 and RS-423 is that RS-423 specifies an unbalanced electrical

interface - i.e. single ended ones. RS 422 may allow a data rate of up to 2Mbps over about 200ft cable

while RS-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 RS-423 compatibility in

mind. So, while complying to 422 and 423 it can support higher data rates and cable lengths. RS-449

define a total of30 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 to it are
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wired atthe 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

be viewed to actually consist of three independent ports - two output ports and one input port. The

output ports consist of an 8-bit wide port, commonly calledData Portand a nibble (4-bit) - wide port

referred to as theControl port. The input port which is designated as theStatus portis a byte wide,

although its three lowest bits are unused. All these ports operate at the standard +5Volts TTLICMOS

levels.

Most I/O software drivers usually provide for the control of two parallel interface ports,

conventionally labeled LPT1 and LPT2. The difference between these two ports is only in their I/O

address specifications. The signal assignments 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. (Cyrillic, 1995)

INTERRUPT REQUEST ENABlE

I 7 6 5 4 2 1 0 I'

STATUS PORT

I /
I

7 6 5 4 3 2 1 0
I .'

I ~ •NOT USED

--

If 25 24 23 22 21 20 19 18 1 16 15 14

(8
® ® 0 0 ® 0 0 0 0 0 ':" W

(~ .:. )
9'') '"

@ lD ".:. P 0 0 ·b
1 10 8 7 5 3 2' 1

J

I
7 6 5 4 3 2 1 0

NOT USED I
..••~~---1 ••.•.

~
CONTROL

PORT

/
DATA PORT

Figure 2.17 A typical parallel interface port
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Table 2: SignalAssignments of the (25-pin and 36-pin) Parallel Port Connectors

DB

25-pin

36-pin

Centronic

Register InIOut

(port)

Bit Name Function

type
._------- ---.- -.--_ - .

1 1

2-9 2-9

10 10

11 11

12 12

13

14

15

16

17

18-25

13

14

32

31

control

data

status

status

status

status

control

status

control

Out

Out

In

In

In

In

Out

In

Out

36 control Out

16, 17, 19

to 30,33

15, 18,

34,35

Co* STROBE Signal by the computer to printer

commanding that data be read.

Bit of character sent to printer.

Signal by printer to computer to indicate

data received.

Signal by printer to computer to indicate

that printer is busy.

Signal by printer to computer to indicate

paper out.

Signal by computer to printer that auto

line feed is required.

Signal by printer to computer that an

error condition exist

Signal by computer to instruct printer to

reset itself

C3* SLCT IN

GROUND GROUND

DATA 0

to

DATA 7

NC Not used
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ACK

BUSY

S5 PAPER

END

SELECT

AUTO

FEED

ERROR

INITIATE



The list of the common I/O address scheme of the parallel port interfaces are specified in Table 3. The

.~~ ports I/O 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 I/O addresses in hexadecimal

Parallel port type PC (LPTl)

! -R~ Data port 378

Status port 379

Control port 37A

PC (LPTl) PC/AT(LPTl) PCIAT(LPT2)

3BC

3BD

3BE

378

379

37A

278

279

27A

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

starred use inverted logic. The choice of computer language to be used is often a matter of personal

'\.0 preference. But, some languages provides the capability of linking 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 Hewlett-Packard in 1965 (National Instrument, Inc., 1996). Hence, the IEEE 488 bus is

also called Hewlett-Packard Interface Bus (HP-IB) or General Purpose Interface Bus (GPIB). The

interface system consist of sixteen (16) signal lines and eight (8) ground return of shield drain lines. The

16 signal lines are grouped into eight data lines, three handshake lines and five interface management

lines, as shown in figure 2.18. (Kehinde L. O. and Ojetayo T.K, 1992)

Data Lines

The eight data lines (DIOI - DI08) 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 ISO code set, so that the eighth bit (DI08) is either unused or used for parity.
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1

/

@

~
2 14

3 15

4 16

5 17

6 18

7 19

8 20

9 21

10 22

11 23

I~~ s-:
,,~~

©

DI05
DI06
DI07
DI08
REN

GND (TWISTED PAIR WITH DAY)

GND ( " NRFD)
GND ( " NDAC)

GND ( " IFC)
GND ( " SRQ)

GND ( " ATN)
SIGNAL GROUND

DIOI
DI02
DI03
DI04
EO!
DAY
NRFD

NDAC

IFC
SRQ

ATN
SHIELD

Fig. 2.18 IEEE 488 parallel Interface Connector and the Signal Assignments

Handshake Lines

The three handshake lines (NRFD, NDAC, and DA V) asynchronously control the message bytes

transfer between devices. They also guarantee that message bytes on the data lines are sent and are

received without transmission error.

• NRFD (not ready for data) line - Driven by all devices in the receiving mode to indicate whether it

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.

• DA V (data valid) line - This line is driven by a transmitting device to indicate whether data line

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

Interface Management Lines

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

across the interface;

• ATN (Attention) line - 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

controller in charge(CIC).

• REN (remote enable) - Used by the system controller to place devices in the remote or the local

programming mode.

• SRQ (service request) - May be driven by any device to asynchronously request the service from

the controller.

• EOI (end or identify) - Used for two purposes; by the talker to mark the end ofa message string,

and by the controller to tell devices to identify their purposes in a parallel poll.

The IEEE488 bus uses negative logic with standard TTL levels. In order to achieve the high

transfer rate for which the IEEE 488 was designed, the physical differences between the devices and

the number of devices on the bus are limited. But for a fully loaded system with 15 devices and 15

meter of cable, transfer rates can reach 1.5 Megabits/second, using thehigh-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, RS-422, SCPI, and centronic parallel) to the

IEEE 488 interface in order to achieve interoperability of the devices.

2.7 Analog and Digital Interfaces

Most real world processes produce analog signal which vary continuously, such as change in

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 with high precision and speed. Thus, the need to interface analog and digital 'worlds'.

Also, the storage requirement (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 110

specifications of digital systems. An ADC can then take the conditioned analog signal as input to

produce a digital output, thus allowing analog devices to communicate with digital computer.

Similarly,the digital computer communicate with analog devices via the DAC.

2.7.1 Need for Signal Conditioning

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

microcomputers, and in addition to analog-to-digital conversion, some form of preprocessing or signal
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conditioning usually required. Signal conditioningmay consist of simple amplification or scaling, but

often takes the form of shaping and 'cleaning' 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

involve the processes outlined below:

• Amplification; This is the most common type of conditioning. Low-level signals which might

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 maximum input range of an ADC.

Linearisation; The output signal from a sensor should be directly proportional to the applied•
stimuli, resulting in an ideal straight line characteristic. However, most sensors do not posses ideal

characteristic and the departure from the straight line is called'non-linearity '.If the degree of the

non-linearity 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'linearisation '.This may be achieved

by hardware such as op-amp with feedback arranged to provide equal but opposite non-linearity.

Alternatively, software routine may be used to provide similar compensation.

• Isolation; Isolation 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. It

may be used to achieve a sort of current buffering and impedance matching.

• Filtering; Filtering is a process which rejects all unwanted frequencies from the entire spectrum,

thus selecting only wanted range of frequencies for further processing

2.7.2 Digital-to-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 characteristics

respectively. Most DACs use a BCD input code, where 4-bit code are used for each decimal digit.

Some of the important characteristics of the DACs are its resolution, accuracy and operating speed

.The resolution of the DAC may be defined in the following two ways:

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

Resolution ............................... ( 2.6)
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(ii) Resolution is also defined as the ratio of a change in output voltage resulting from a change

in 1 least significant bit (LSB) at the digital input. This is also refer to as the step

an n-bit DAC;

size. Hence, for

Resolution Full scale output voltage(V Fsol

2n
- 1 ................................ (2.7)

So, from Fig. 2. 19(a), wheren = 4 digital inputs, equation. (2.6) implies that the output voltageVo will
I-

;, have 16 (i.e. 24) different output values, that is0 through 15. The input-output characteristic offigure.

2.19 (b) shows a 4-bit DAC with a full-scale output voltage VFSO is 15 V, i.e. when all digital inputs are

one. Thus, the resolution of this DAC according to the equation (2.7) is obtained as:

Resolution

1 VILSB

MSB

~£AL~
Fig.2.19(a) Block diagram

•••• D/A

•• CONVERTER

••
LSB

ANALOG
OUTPUT
VOLGAG

D30

D2"
DlG
DO.

ANALOG

OUTPUT

15

14

i3

c

12

11

10

9

8

7

6

5

4

3

2

1

o \L-------~.___='"'o;;-~=g-;;~_8
o,o •... o-~-~~
~voo~t>,

::;: DIGITALlNPUTCODE
o

0-
'0 '() ~

Fig. 2.19(b) Input-output characteristic
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Vref= +5V
o

D3 :.~

(MSB)
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Rf

+Vs
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OP-AMP ")...+ -{-) ANALOG

OUfPUf

VOLTAGE (Vo)

02

DIGITAL

INPUfS 4R

01

8R

DO

(LSB)

+

u
-Vs

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

Input-Output (I/O) Equation of the DAC

The transfer function or the I/O equation of the DAC is obtained by multiplying the resolution by the

decimal value of the digital code input. i.e.

Vo Resolution X D . (2.8)

where V0 is 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 theDIA

operation. Although, it is not important to be familiar with all the various schemes because they are

available in an encapsulated package that do not require any circuit knowledge. Two of the schemes

are;

• The use of op-amp as a summing amplifier, whose output voltage represents a weighted sum of

the digital inputs. An example of this type is shown in figure. 2.20 with input set to 1101.

• 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 Vo of the figure DAC is given as :

Vo - RtfR (VD3 +1/2VD2 + 1I4VDl + 1I8Voo) .................................... (2.9)
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Each ofthe digital input may be either a 0 or 5Y. Assuming the value of the resistors are chosen such

that the resistance ratioRtIR is equal to8/5 say, therefore eqn. (2.9) becomes:

Vo - 1/5 (8VD3 + 4VD2 + 2VDl + Voo) ................................... (2.10)

As an example when the input code D3D2DJDois 0101, i.e. decimal 5, then the analog output voltage

will be:

- 1/5(0 + 4/5 + 0 + 1/5)Vo - 5 V

Hence, the I/O characteristic of the DAC is similar to that shown in Fig. 2.19(b) and its resolution may

be evaluated as:

Resolution Equivalent output voltage ofD:~PillJDo= 11111
24 1

15
24 - 1

1 VILSB

DAC Specifications

Resolution is one of the important specifications of a DAC and two forms of equations for resolution

are as stated in equations (2.6) and (2.7). Other DAC specifications include; accuracy, and the

operating speed of the DAC.

Accuracy : The two most common accuracy specifications are therelative accuracyand the

differential linearity. Relative accuracyis the maximum deviation of the DAC output from its

expected (i.e. ideal) value (John B. Peatman, 1981). It is usually expressed as a percentage of the full

scale (FS) output. A typical value is 0.01% FS.Differential linearity 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 is the

maximum time taken by the output to change from zero to full scale when the digital input code

changes from all O's to all 1's. Typical value range from 1 to 20llsec.
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2.7.3 Analog-to-Digital Converter (ADC)s.

f

An ADC takes analog input voltage and after a certain period oftime produces a digital output code

which represents the analog input. Shown in Fig. 2.20(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 is

illustrated in Fig. 2.21(b). It comprises offour 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 thestart command pulse, which initiates the conversion process. The comparator is 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 types of ADCs in this class whose variations is only in

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'a :2 Va. .The resolution of the ADC depends upon that of the DAC utilized, and have a

similar expression as that of the DAC. Hence, for an n-bit ADC:

Resolution ................................. (2.11)

ADC resolution may be defined as the ratio of a change in the value of the input voltage VA needed to

change the digital output by1 LSB. i.e. for an n-bit ADC ;

Resolution

.......................................... (2.12)(Volts / LSB)

where, VFS1 represents the full-scale input voltage. Therefore, the input-output equation of the ADC

may be expressed as:

Digital output code(Vo) Binary equivalent of D (2.13)

where;

D ---.Y!!_

Resolution ............................................ (2.14)
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The accuracy ofthe ADC is not dependent on its resolution, but on the accuracy of the circuit

components utilized, such as, its comparator, DAC, resistors, and so on. The conversion time of the

ADC depends upon the input voltageVa, and the clock period, with a maximum of2n clock periods

for an n-bit ADC.

The most widely used ADC is thesuccessive approximation type, because of its much shorter

conversion time, which is fixed and independent of the analog input. The symbol of 4-bit ADC is

shown in figure 2.21(a), while the block diagram in figure 2.21(b) depicts that of a successive

approximation type. It uses a register control unit, where as a digital ramp ADC will use a counter unit.

Its logic is successive setting of the output bits to 1 or leaving it at 0, and comparing it with the analog

input Va, beginning with the MSB to the LSB.

ANAWG

INPUT

VOLTAGE (Va

~
D/A -~ ~CONVERTER -

) ~

~~ MSB} DIGITAL

DJ OUTPUT

Do LSB CODE (Vo)

Fig.2.21(a) Symbol for a 4-bit ADC

ANALOG

INPUT

VOLTAGE

Va

I
~VOLTAGE "<, 0 LOGIC START COMMAND JL

COMPARATOR .>----~ CONTROL

./' UNIT ~CWCK ~

V'a

1..•••1-----1 REGISTER

DAC CONTROL

UNIT

//"

DIGITAL

OUTPUT VOLTAGE (Vo)

Fig.2.21(b) Building blocks of an ADC

Figure 2.21 Analog-to-Digital Converter

The conversion operation logic of a successive approximation ADC requires n steps regardless of the
value ofVa. Each step requires a clock period.
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Quantisation Error of an ADC

The I/O characteristic of a 4-bitADC in fig. 2.22 showsthat the analog input 1.0V ±O.SV is converted

to the digital code 0001. Hence, there is an unavoidable uncertainty about the exact value of the analog

input. This uncertainty is specified as the quantisation error and has a value of± 112LSB. 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 uniformly distributed

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 S. Stone, 1982).

1111

1110

1101

1100

1011

1001

1000

0111

0110

0101

0100

0011

0010

0001
0000 LL- .~

1 2 3 4 5 6 7 8 9 10 12 13 14 15 v ANALOG INPUT

VOLTAGE (Va),
Figure 2.22 Input output characteristic of a 4-bit ADC

If an analog signal has a value V at an instance of sampling and the nearest quantised level isV,

quantised error is due to (V - Vj). In this process, anytime a sample occurs within the range Vj -(L\Vj)h

to Vj + (L\Vj)h, the code word corresponding to thet level is assigned to it. Associating a mean

r square error voltage (V -vi with ther 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
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range, then the relationship between the quantisation noise and the LlVj (becomes LlV a constant, for

linear quantisation) is as follows:

LlV2

12 ...................................... (2.15)

where;

. (

is the RMS value of the quantisation noise and LlV is the separation of the quanti sed levels as written in

equation (2.16) and n is the number bits of the ADC.

LlV full scale analog range(VFsL
2n ...................................... (2.16)

The expression for NQ may be used to indicate the signal -to-noise ratio (SNR) to be expected when a

sinusoidal analog signal is sampled and digitized. Considering 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 (2n Llv)h The RMS value of full-scale sine wave is stated in equation (2.17).

(VRMS )full-scale (2n
-
1 LlV)

--J2 (2.17)

SNR (2n
-
1 LlV)/-J2

LlV/~12

Thus, the ratio of the signal noise power to the quantisation noise power is:

..................................... (2.18)

Expressing SNR in decibel gives:

SNRIB = 20 loglO[--J(l.5) 2n ] 6.02n + l.76 dB .................................... (2.19)
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The above analysis clearly showsthat the SNR can be increased (i.e. reduction of the quantisation

error) by increasing the number of bitsn of the ADC, which will consequently reduce the step size, ~V.

Alternatively, the quantisation noise may be reduced by increasing the sampling frequency of the

ADC. A 16-bit linear ADC is recommended as the ideal for the digitization of very high fidelity audio

signal (Clayton G. B., 1982).

,

~.
I
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CHAPTER THREE

SYSTEM IMPLEMENTATION OF THE INTERFACE
CARD -~-~-

?- "'::•

3.0 Introduction

This section coversthe theory and circuit implementation of the integrated circuits (ICs) utilized in the

interface card design. The circuits include: a tristate buffer LS231; the pre-amplifier and the power

amplifier circuits utilizing the LM741 and LM386 rcs respectively. The microprocessor compatible

ADC and DAC ICs; AD0804LCN and OAC0807LCN, are employed in the recording and the

playback module respectively.

Two experimental interface circuits are presented in tills chapter to demonstrate the data input-output

handling 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 circuit experiments were carried out. The first is a light-emitting diodes (LEDs) interface

circuit 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

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

device.

3.1.1 LED Interlace Circuit

Figure 3. O(a).shows the LED interface circuit where' l' or '0' bit is indicated by the 'ON' and 'OFF'

state of the LEOs respectively. An LED is connected via a current limiting 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 port,

in order to supply the signal to be received by the status lines via these data lines.
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LEDs like the common diodes or P-Njunction semiconductor devices has the special property of

emitting light. This occurs under forward biased condition when electron and hole recombine. LED

forward biased voltage (Vr) are typically about 2.0 Volts, with forward current (Ir) that is often less

than 15mA . The required current limiting resistor may be calculated by considering the forward

biased circuit shown in figure 3.O(b)with current requirement,If, of about 10mA, say. Application of

Kirchoff's Voltage Law (KVL) yields:

Vcc - Vr - IrRc = 0

~.

I
I
I
i

C3 ~,,- R

C2 ~,,- AR
v

CI '''- R

/--" 'I.---..

'''-,...'
I co R

@
'I v

14
'" ~,,-2 00 R LSB

Q

1
v

15

I "" ~,,-3 01 R
I ®

'I v
16

.;;, ~,,-4 02 RAe
17

.;:"
5 ~,,-D3 ARA

(;O~
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:;J '''-6 04 ARA®
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20 I 'I v
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Figure 3.0(a) LED Interface Circuit
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Rc Vcc - Vf
t,

5.0 - 2.0

10 x 1O-3Rc = 300n (A standard resistor of330 n was chosen)

LED

+Vcc

L
t.,
~.~

///

Figure 3.0(b) Forward biased LED Circuit

Sending Out Data Bits

The binary equivalent of the decimal numbers between 0 to 255 may be sent via the 8 - bit(1 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

control port bits( Co*, C." ,C3*) 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 000 I, is 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 inverted before been sent. To display decimal

2(ie 00I0 binary) means that 1001 or '9' in hexadecimal will actually be sent, and so on.
Ii

Receiving Data Bits

The only input lines of the parallel port is the status port lines. Its address (is 379 in hexadecimal) must

be specified in order to receive data via these lines. In fig. 3.0(a), pins 11, 10, 12, 13, and 15 which

corresponds to the status lines 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 received number will be

displayed on the visual display unit(VDU) ofthe computer. The program for the flowchart in figure 3.1

is coded in C++ and the source code is in Appendix A2.
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Figure 3.1 Flowchart for the LED Interface Driver
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3.1.2 Seven-Segment Display Interface Circuit.

Display modules serves to output numerical, alphanumeric and even graphical information. The

simplest type of them is the seven-segment character fonts that can be employed for the display of

numerical symbols. By activating appropriate set of segments, it allows formation of any numerical

symbol and a small number of alphabetic ones.

Other display modules include 16-segment character font, 5 X 7 dot matrix for numeric 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 interface characteristics, 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.

14

-- 1 S

7 segment LED display

16

17

1 R,
1Q

3 330k b('!.-+-----"VV'--+_'

3 330k d

20

l 21

I 22

I 23 I

i

2S

b

g

7 330k f
0

i
0-r8~v33~0_k~~g~ __ ~ I..'~-~~)

., d

I -- - - - --"----------------------------------'

_L

7-Segment Display Interface Circuit.Figure 3.2

The LED segments are labeleda 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

48



character 0, the segmentsa, b, c, d, e andfmust be ON. Hence, taking the LSB as g and the seventh

bit as a , this is equivalent to the binary number 1111110 or the hexadecimal number 7E. Therefore by

sending out the hexadecimal number 7E 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

interface experiments has the option to operate in either automatic or in manual mode. The automatic

mode will automatically display the binary equivalent of 0 to 255 (via data port) or 0 to 15 (via control)

;i 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 3.3

can be found in appendix A2.

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

Decimal Number Hex. Number Binary Code Hex Code Equivalent

abadefg

- 0 0 1111110 7E-
1 1 0110000 30

2 2 1101101 6D

3 3 1111001 79

4 4 0110011 3 3

5 5 1011011 5B

6 6 1011111 5F

7 7 1110000 70

iF 8 8 1 1 1 1 1 1 1 7F

9 9 1110011 73

10 A 1110111 77

11 B 001 1 1 1 1 1 F

12 C 1001110 4E

13 0 0111101 3D

14 E 100 1 111 4F

15 F 1000111 47

~
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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 3A 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 viathe computer control port to synchronizethe conversion process. The tristate

switches are used to multiplexed the 8-bit output of the AID converter to the four of the status port

lines. The card also converts the digitally stored signal back to analog form through the D/A 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 unit.

The four stabilized voltage outputs are: -5V, +5V, -15V and + 15Y. The port adapter used is the 36-pin

Centronic male 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, i.e. the

reconstruction of the digitally stored voltage signal in order to produce the equivalent analog signal, is

also performed by this card.

••• I TRISTATE!

SWITCH •••
NO

+ CONVERTER

I
TRISTATE

SWITCH

'---

I
I
I

L-<Ei
I

I ~ ~
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'-" ..•
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r-. ':l

..J
,:j<.

<.!1
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o

"1-
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£
• ..1

'-...-

Figure 3.4

)------1IJD/A

CONVERTER AMP

SPEAKER

Block Diagram of the Digital Audio Card
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3.2.1 Recording Module Circuit

The recordingmodule circuit is illustrated in figure 3.S. It is an 8-bit, microprocessor controlled ADC

circuit incorporating the ADC0804LCN IC. The AD0804LCN 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 AID

converter that uses a modified potentiometric ladder and it is designed to operate with the

microcomputer compatibility, via its tristate outputs.

The AID converter output will appear to the microprocessor as memory locations or110 ports. The IC

is wired for output range of -S.OV to +S.OV, although the actual output voltage range of the ADC

circuit will be from -S.OVto +4.961V (i.e. the full-scale output minus 1LSB).

Functional Description of the Circuit.

The ADC08 series operates on successive approximation principles where, analogue switches are

closed sequentially by successive approximation logic until the analogue differential input voltage

[Vin(+)- Vin(-)]matches that derived from a tapped resistor string across the reference voltage. The

MSB is tested first and after eight comparisons, an 8-bit binary code is transferred to the output latch.

+Vref

S3 •• 5 INTR

~

C 3 WR V+

2 RD
C"3 1 EN2 +Vref 1 CS

,J:C5

10 ///
ADC0804

'~f: S7 18 IYI lAl 2 11 DB7 CLK R 19

S6 16 lY2 lA2 4 12 DB6 CLKIN 4

S5 14 lY3 lA3 13 DB5 C3

S4 lA4 14 DB4 ,J:

LS241 VI+

2Al II 15 DB3

2A2 13 16 DB2

2Y3 2A3 15 17 DBI

2Y4 2A4 17 18 DBO

Gnd 10

l
///

c-i 19 ENI

Vcc NC VreV2

Figure 3.5 Recording module circuit
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Thedigital logic terminals are as follows:

• the digital control inputs CS, RD and WR;

• the clock inputs CLK IN and CLK R;

• the intenupt output terminal INTR;

• the digital ground terminal DGND

• and the eight digital output terminalsDBD - DB7.

The digital control inputs, CS, RD and WR, correspond to the ADC0804 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 AID 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

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

microprocessor control port line C2.

The output enable function is achieved by an active-low pulse at the RD input (pin 2). The pin-out of

the ADC0804 IC is shown in figure 3.6.

CS 1 20 V+ or Vref

RD 2 19 CLKR

WR 3 18 DBo (LSB)

CLKIN 4 17 DBI

INTR 5 16 DB2

Vin(+) 6 15 DB3
f.o;.. Vin(-) 7 14 DB4

AGND 8 13 DB5

Vrefl2 9 12 DB6

DGND 10 11 DB7 (MSB)

ADC0804LCN

Figure 3.6 Pin-out of ADC0804 IC (Top view).

The normal operation of the circuit proceed as follows; on the high to low transition of the WR, the

internal 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 inthe reset state. Conversion will start after at least one of the inputs(WR in this

case) makes a low-to-high transition. TheINTR will 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 S3for storage purpose by the microprocessor. A RD operation (with

CS low) will clear theINTR line again, and the three-state output latches will be enabled to make the

8-bit digital word transparent to the LS241 tristate IC. The output data latch is not updated if the

conversion in progress is not complete. So, the data from the previous latch will remain in the three-

state output latch during this period .

.A

Digital Outputs

Pins 11 through 18 (DBO- DB7) of the ADC0804 are designated the digital data output terminals.

These terminals are connected via two quad-tristate buffer (i.e. the tristate octal buffer LS241SN IC) to

the upper four bits of the microprocessor status lines. The tristate enable signals (EN! and EN2) are

controlled by the software driver via the microprocessor control lines C*3 and C*l respectively. This
:;

connection is done so that the 8-bit output data presented by the AID converter to the microprocessor

can be determined via four lines of the status port.

The process of getting the data from the AID converter is as follows; firstly C*l is taken high and

C*3 is taken low (i.e EN! EN2= 01), so that the 4-bit status port data inputs will correspond to the

lower four bits of the AID converter. Next, C*l is taken low with a high on C*3 (i.e ENl EN2= 10)

in order to store the upper four bits of the converter output. The situation whereby the two enable

~ inputs, (EN! and EN2), 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 oflogic I to each of the inputs (i.e EN! EN2= 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, S3. The processor will normally poll this line to confirm that the conversion is complete
~

before accepting the data. A green LED, DI, is connected through the current limiting resistor R8 from

the INTR terminal to the ground to indicate the current state of this terminal. The clock input,CLK IN
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and eLK R (pins 4 and 9 respectively) of the ADC utilize an internal Schmitt trigger circuit. The clock

is derived from an external RC network, Ra C3, added to provide the self-clocking of the AID

converter as depicted in figure 3.7.

CLK R

o

19
R-s-

CLKIN

4 CLK

ADC0804LCN

Figure 3.7 Self-clocking configuration of ADC0804

Where the clock frequency, iCLK, is given as;

iCLK - 1
1.1 R C

(3.0)

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

iCLK - 1
1.1 ~ C3

(3.1)

"

Since R, = IOn and C3= 150IlF, therefore

iCLK - 1

(1.1) (10 X 103 )(150 x 10-9)

iCLK - 606060 Hz 606. 060 KHz

In the alternative, the clock signal of theAID converter may be derived from external source, such as

the CPU clock.
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Conversion time of the ADC

The conversion time is a function of the clock frequencyiCLK and the number of bitsn of the ADe. In

an n-bit conversion, the value of the nth bit is found at the occurrence of the nth clock pulse after the

start conversion bit. This value is not fixed into the nthregister until the occurrence of the (n+ l)th clock

pulse. An n-bit conversion is thus completed in (n + 1) clock periods (Clayton G. B., 1982). The

expression for the conversion time Tc is given as follows:

Tc (n + 1) TCLK n+l

iCLK (3.2)

where: iCLK _I_

TCLK...is the clock period

The conversion time of the 8-bit ADC used i.e. thus obtained as follows:

..,..- Tc 8+1 14.85 IlSec
606060 Hz

Analog Inputs

The analog inputs are the differential voltage inputs, the analog ground and the reference voltage

inputs. The ADC uses the differential voltage inputs, VIN(+)and VIN(-),which correspond to pins 6 and

7 of the Ie. This is advantageous because of its common mode noise reduction. The leads of these

analog inputs are kept as short as possible, in order to minimize stray signal pickup and
~

electromagnetic interference (EW), since EW and undesired signal coupling to these inputs can cause

system error. The differential voltage input are wired for an analog voltage input range of -5.0V to

+5.0V. An alternative configuration for handling an analog input voltage range of±lOV is illustrated in

figure 3.8.
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5.0V (Vref)

--'
0

V+ 20

6 +

± 1O.OV Vin(+)

I
lOuF

R~ ADC0804LCN

7 -

Vin(-)
,

~, -

Figure 3.8 ADC0804 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 8-0 speaker. The playback frequency has been fixed in the

software to approximately 8 kHz by using a delay time of 125 usee between the sending of data words,

Figure 3.9 shows the circuit diagram of the playback module.

-Vcc

+Vref

13 I

V+ lOut q
DAC0807LCN

LSB

12 A8 COMP
~ICI

II A7

IO A6 lout 4

9 AS 14 VRI

8 A4 + Vref

7 A3

6 A2 15 VR2

5 Al - Vref

MSB

-Vcc VR4

SPEAKER

n-"----j

VR

2 -

UA74 I RI R2

rr ~
-=- -=--=-

-Vref

-Vrer

Figure 3.9 Playback module circuit
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The playback module circuit uses a DAC08 series IC (DAC0807ICN), which is a series of 8-bit

monolithic 0/A converters that provides high speed performance with low cost. Conversion principle

of the IC is 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 AID converters

• Audio digitizing and decoding

• programmable power supplies

• AID division

• Digital addition and subtraction

• Speech compression and expansion

• stepping motor drive

• Modems

'.Jj • Servo motor, pen drivers and host of others.

The pin-out and the internal architecture of the DAC0807 IC are as shown in figure 3.10(a) and

3. IO(b) respectively. 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 turns on the specified output current

component. The switches use current steering for high speed, and a termination amplifier consisting of

an active load voltage with unity gain feedback. The termination amplifier holds parasitic capacitance of

the ladder at a constant voltage during 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-

related 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(If) is given as 255/256 of the reference amplifier current. i.e;
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THRESHOLD \ -~-
CONTROL Vte

~ ~

16 COMPENSATION

lout 15 -Vref

-Vee 3 14 +Vref

lout 4 13 +Vee

MSB Bl 5 12 B8 LSB

B2 6 11 B7

B3 7 10 B6

B4 W 8 9 B5
!

Figure 3.10(a) Pin-out of DAC0807 IC

+Ve Vte Bl B2 B3 B4 B5 B6 B7 B8

14

,----+--.--t-.---t-.-----h,---t-..----I-r--~--------+-Q lout

CURRENT

SWITCHES ;2 lout

+Vref ,~-.--+---,

.~-4~--~--~--~---h---h~~~~~ _1.

-Vref ,{-1 I
15 . II

1~--~~~~~~~~~~~~f~J VV'~JV\~

jl6
COMP - Vee

R-2R

LADDER

Figure 3.10(b) The Internal architecture of DAC0807 IC

IFS 255

256

Normally, the full-scale output currentIFS is set to equal to 1.992111. -\. WITh reference czrerr K

2000mA The currents lour and Ion are complimentary. In other words, when1(n is 1.992mA I()n

will be O.OOOmA But, when lour is O.OOOmA l(1n will be I C)92mA The relationshipbetween this

current and theIFS is such that:

lOUT + lOUT
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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 gives a low impedance output and the output swing is fixed to be± 5.0V, with

the use of resistor VR4. 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 1 (from 10000000 to 11111111), the analog output

becomes positive. This type of coding is referred to as offset binary. Using a D/ A 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 regardless of the setup method or

reference supply polarity.VR2 is tied to a negative voltage corresponding to the minimum input level,

due to the bipolar reference signals. The compensation capacitor C 1 is tied to -V cc. in order to

increase the negative supply rejection. The negative reference voltage used is apply to theVR2 while

pin 14 grounded through VRI. A high input impedance is the main advantage of this method. The

negative voltage (-5. OV in this case) must be at least 3.OV above the - Vcc supply. Bipolar input

signals may otherwise be handled by connectingVR\ to a positive reference voltage equals to the peak

positive input level at pin 15.

Output Voltage Range

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

(pin 3), when the reference current is 2mA 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 serious degradation

of accuracy. The offset null circuit utilizes the variable resistor VR3, for adjusting the voltage level, so

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

The DAC 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, VLC, pin 1. As

mentioned earlier, the DAC0807 contains eight binary-weighted current switches, which are controlled

by the TTI/CMOS logic signals applied to the data inputs Al - A8. The output signal on pin 4 is a

current which depend on the data word applied to the AI-A8 inputs. Sin_ce,there are eight data inputs,
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this current can have anyone of the 256 ( i.e. 28
) values. The equivalent voltage for the current would

be obtained at the output of the current-to-voltage converter.

The OAC0807 causes a positive current10 to flow into pin 4 as indicated in figure 3.10(b) and the op-

amp output will feed back tills current to the OAC0807 IC output via ~. In order to supply tills

positive current the output of the op-amp must be at a more positive voltage relative to its inverting

input. Since the non-inverting input of the op-amp is connected to -5V, therefore, the op-amp will

function so as to hold its inverting input at -5V also. Tills is due to the negative feedback supply

through V~ to the inverting input. The current10 depends on the data words at the inputs, so that the

output voltage Vo may be computed as follows:

VREF . Rr (AI + A2 + A3 + At + As + 86 + A7 + As )
- --

RREF 2 4 8 16 32 64 128 256

VREF . RF

RREF

8

L (AiJ 12d
i=l

Where AI is the MSB and As is the LSB and each of AI to As can assume a value of 1 or 0,

depending on the logic level of each bit. For instance, if an input level of 00000000 is applied to the

inputs, then theOJA converter output current will equally be zero. Hence, there will be no current

through the feedback resistor. The output of theop-ampwill then be at the same voltage level of -5V

as its inverting input. But, as the inputs increases from 00000000 to 11111111, the voltage at the

output ofthe op-amp will step from -5V to +4.961 V. Although, the circuit is described as a± 5V OJA

converter, but the actual full-scale output voltage is +4.961V, rather than +5.0V. The reason is that

O.OV counts as one of the 256 levels. Hence, the full-scale output voltage for anyDj A converter will

always be I LSB less than the rated full-scale value, when the circuit is properly adjusted. The output

equations of theAID converter circuit may written as:

lREF

8

L [Ajli]
i=l
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3

2mA L[Ai/i]
i=l

8

L [Ai 12(i- I)] mA
i=I

But,

= Yo -(-5)

RREF

So that,

10 .RF - 5 (V), where vn, is 5.0KQ.

5 (I, - 1) (V),

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

For 00000000input data word: 10 =

8

L [Ai 12(i- I)]

i=l

= O.OmA

= 5 (0.0 - 1.0) -5.0Y

62

8

For 00000001input data word: 10 = L [Ai 12(i- I)] = _1_ = -7.8125mA

i=l 128

Yo = 5 (_1 - 1) = - 39.0625 mY
128

For 10000000input data word: 10 = 1.0mA

Yo = 5 ( 1 - 1) = 0.0 Y



Shown infigure 3.11 isthe complete circuit of the digital audio card while Table 5 is the component

list for the complete digital audio circuit.

36-PIN PARALLEL +Vref

PRJNfER CONNECTOR
VLC I

y+ lOOt q
DAC0807 .y" VR4

19

'"
I

AVec ~:=J -vee

20 2 LSB A8 COMP

21 3 A7 CI

22 10 A6 I••• 4

23
A5 14 VRI

24
A4 +Vref

25
A3

8.oHM

26
A2 15 VR2

sPEAKER

27 9 Al - Vref
VR

MSB

C2 31

S3 32

33

(1 v-

I EN2 +Vref

ADC0804

II

NC Y,d72

DB' NC

12 DB6

13 DB5

'~

R8

14 DB4

'~~'

VI+

2AI II 15 DB3 VI·
~ -----1°

MlC

NC 4 2A2 13 16 DB2 AGND

NC 5 2A3 17 OBI

36

ee R6 R7

18 DBO
C8;!;

"// .v"

C"'

+Vcc

For 10000001 input data word:10

8

L [Ai /2(i - 1 )]

i=l

5(1 + _1_
128

1)

1 + 1 - 1.0078 A
128

(3.20)

39.0625 mY (3.21)

Figure 3.11 Complete Circuit Board of the Digital audio Card.



Table 5.0: Component Lists

cmcnrrKEY DESCRIPTION VALUE
....................................................................................................................................................................................................................................................

ADC 8-bit Analogue-to-Digital Converter ADC0804LCN

C1, C2,C6 Ceramic Capacitor 0.1JlF

C2,C3 Ceramic Capacitor 0.01JlF

C4 Ceramic Capacitor 150 pF

C7, C9 Electrolytic Capacitor 10JlF, 16V

C8 Ceramic Capacitor 0.001JlF

DAC 8-bit Digital-to-Analogue Converter DAC0807LCN

LF398 Sample and Hold Amplifier LF398

VA741 Operational Amplifier VAL41CN

LS241 Tri-State Octal Buffer SN74LS241

MIC Microphone

Rl, R2 Resistor

R3 Resistor

R, Resistor

Rs Resistor

Resistor

i xo
330.0

10m

i xo
5.6m

18m

IMQ

8.0

SPST

+15V

2.5m

10m

+5V

+2.5 V

Rg

SPEAKER

S/W

Resistor

Resistor

VR3

VREF

ZD2V5

Speaker

Switch

Supply Voltage

Variable Resistor

Variable Resistor

Reference Voltage

Zener Diode



3.3 Software Requirements, Development and Documentation

.-'

The choice ofcomputer language is 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 ofC and it is an

object oriented programming (OOP) language. The object oriented programming features in C++

allow programs to be structured for clarity, 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, i.e. 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 implementation of the software driver.

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 Borland International Incorporation. This version requires at least 39

Megabytes(MB) freespace on the hard disk: 34 Megabytes available space in order to install all options

.and an additional 5 MB of workspace. However, theexecutable fileof 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 110 devices and CPU. This special facilities made it possible to control the digital

110 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 a separate module comprising 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 AJ. The driver

can broadly be classified into the following three modules:

• Menu module

• Recording module

Playback module•

/ DOYOUWANfTORECORDORPlAYBACK?

PlAYI

RECORD

RIP

PRWTERROR

MESSACEIS

FIlENAME t
ENTER THE RECORDING DURATION TlMETr VAUD

YIN

PlA YBACK THE FILE

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 include; RECORDING, PLAYBACK, STOP, or QUIT, depending on the desired mode in

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 include; line-draw, line-fill, circle-

draw, circle-fill, colour- select, square, rectangle, blinking, and lot more.

1--- DIGITAL AUDIO CARD SOFTWARE
I
I

RECORD STOP gUITPLAYBACK

1.;1
r :
I

I
Enter the required mode?CURRENT MODE:

(,

SAMPLING

FREQ:

3 KHl-

U':N(JIIT
()(lI) See

(30/)lllax)

"" Graphical display of the relative

amplitude for each signal sample

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 situation

whereby the input alphabet for the operating mode is neither of the four letters; "P': "R':"Q': or " S':

~ or if the clock speed is 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 infigure 3. 14 isthe compressed flowchart for the recording module. An input requirement in

this recording module is 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.

~ER THE Fll..ENAME FOR THE RECORD :

OPEN Fll..E WITH THE GIVEN NAME,

FOR STORING THE THE SIGNAL SAMPLES

GET SIGNAL FROM PORT ADDRESS 0x379

COMPlTfE THE SAMPLED SIGNAL VALUE,

USING THE WEIGHTS OF THE RESPECTIVE BITS

DELAY

FORTIMET

(125 see)

IS

MODE=STOP Y

N

STORE THE SAMPLE IN THE OPENED FILE

STHE

RECORDING

DURA TION > Tr

N

Y

CLOSE THE RECORD FILE

(REfURN'-)___... -1

Figure 3.14 Flowchart for Recording Module
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The ADC conversiontime is much shorter than the the intersamples delay time,"'CD. ,",=hedelay time is

set to 125 microseconds, i.e. the interval between the issuance of successiveREAD (RD) command

signal to the recording (or playback) circuit to 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. ,",=hisis done in two

successiveREAD 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 corresponding analogue value. The

ADC will signify the end-of-conversion through its IN,",=Rpin, which is normally polled at intervals by

this module.

The Playback Module

Figure 3.15 is the flowchart for the playback module. The only input requirement in this playback

module is the name of the file in which the user intend to get or retrieve the stored. This section

recombines the digital words and send them via the 8-bit wide data port. It does not requires the

monitoring of the status of the DAC circuit, since the circuit conversion speed is known to be higher

than that of the signal reconstruction speed.

3.5 Discussion and Observations

. /

''':'~--.--:'----
The conversion from analog to digital and from digital back to analog seem simple 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 utilized, in order to ensure that the coded analog

signal is correctly decoded by the DAC. ,",=hebest method (which has been employed 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 ofthe important charcteristics of the ADC that must be into consideration are its'slew rate'and

'dynamic range'.

Dynamic range of an ADC

The dynamic range of an ADC is the ratio of the largest signal the converter can digiti sed to the

smallest value it can resolve (Douglas V. Hall, 1989). Dynamic range (DR), then, is a way of expressing
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the resolution of the converter in a form that is useful for some comparison such as those in audio

measurements. Its unit in decibel and it is expressed as a fimction of the number of bitsn of the ADC as

written in equation ( 3.3 ). The dynamic range of the 8-bit ADC is thus obtained as 48.16 dB.

20 10diOr

20 n10diO 2

6.02n dB ................................................ (3.22)

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 input rate of change exceeds this maximum 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 maximum rate of change is called

the loop 'slew rate'(Commer, 1981). The equation of the slew rate is given as follows:

slew rate
.................................................. (3.23)

where the variablesfCLK, n and VFSI 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 limitation of a tracking converters sets an upper frequency limit

to the full scale sinusoidal signal that can be accurately digitized.A full scale sinusoid may be

represented by the following expression:

v YFSI sine2rt (t)
2 ................................................... (3.24)

The maximum rate of change of the sinusoid is obtained by differentiation as eqn(3.6), i,e.

I dvl
I dt Imax.

2rtf X VFSL

2 . (3.25)

The maximum rate of change for which the slew rate is not exceeded is thus determine as follows:
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...............................................(3.6)

The occurrence of overflow or underflow of the converter, which is the situation whereby the

input signal exceeds the maximum quantisation level (positive VFsrl2 or negative VFsrl2) 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 experiments (investigation of data110 via

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 in two

successions (of 4 bit each) via an octal buffer IC. The first read operation takes the 4 upper and

the bit positions b6, b, andb, were assigned the weights 64,32 and 16 respectively while the MSB

b- is used as the sign bit. The second read operation takes the 4 lower bits b3, b2, b, and bo with

the associated weights 8,4,2 and 1 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

±S.OV so that the expected value of the LSB is 39mV (i.e. 10VI28
). 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.
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CHAPTER FOUR

CONCLUSION AND RECOMMENDATIONS

4.0 Conclusion

A digital audio card and its software driverhas 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 ADe. 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 signals within the audio signal spectrum and

whose peak-to-peak amplitude 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 capabilities which otherwise would be impossible with analogue systems. Apart

from its use in domestic appliances, it also find applications in audio signalarchiving and inrepeaters.

One advantage of this digitally recorded audio signal is that its 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

factories to retail stores, public transportation services and broadcast services. The original repeater a

person walking 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 introduction

of tape recorders, message could be prerecorded and playback, manually or automatically (i.e. as

intelligent repeaters) Some advantages of a digital audio tape repeater systems over the analogue ones

include; no rewind time required, it provides solid state reproduction quality, it is more reliable, it is

flexible and programmable, it reduces tape wear, it improves file packaging, and significantly improves

error rate.
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The developedsystem may be used in banks and also for crime detection as part of a voice recognition

system that is gradually replacing 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-

bit system Although, this affected the resolution but the principle remains the same and the signal

quality is still acceptable. So, the use of 16-bit DAC and ADC ICs will increase 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 carrying out compression on the digitized data before being stored and performing the

reverse operation (i,e. decompression) before playback. But care must be taken so that the signal

quality, the effective use of the bandwidth, interopretability and cost effectiveness of the hardware is

not compromised. Compression can be achieved by removing predictable, redundant or predetermined

information from a signal.

1-.
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APPENDIX A1

#inclLlde "g"f"apt-dcs-.h"
# irK ILlde u::.tdlit<.h"
#inc ILlde "cc<nic<"h"
#inc ILlde"s.tdio.h"
#define D_PORT 0:>-:378
#define S_PORT (i)~37';j
#define C_PORT O)~37A
'vc<id demc<_dispIay<-v'c<id)j
vc<id plett _LED(vc<id);
i" ed _so_Dor- tOf
int L1,L2 ,L3,L4 ,num2 ,valuE!f
chalr mc.d1",.llsh1;
mainO

{

~ demc<_d:i.s:.pIc";\yO;
plc<t _LEDO,
C<Lltt!?:>d:;:v;y(15,400,"Pl"!?ss.any key tc. e:dt. •• _...");
'""hiIe(~kbh:i.t:CO

{

s.leep']);

vo id demc._display(void)
{

- st.r·Llct. viewpcwt.type vpj
int. mc<de,di" ivei" i
me.de = DETECT;
d'r i"ver- ::::DETECT;
initg-r aph (~(mc<def~(dl"ivel", " ");
s.etc ok<)r(5),
sett.e):ts.tyleCrRIPLEX_FONT ,HORIZ_DIR,5);
outte):t);y(5,100," CONPUTERINTERFACING VIA ");
outte:v.t::y;y(100,210/' TI--IEPARF::r-'lLEL.PDRT"),
=.lee!:<~2);
clea'rdeviceO;
sf2tt.e);ts:t.yle(TRIPLEXJONT ,HDF.:IZ_DIR,5),
out t.e);t. :v.y(40,100 ;'LIGHT -EMITTING DIODE");
outt.e:>rt.:,:y(50 ,210 ,"Il'-.!TERFACEC:IRCUIT")f
s.leep(D,
s.et.colc.r- (4);
sette):ts.tyle(TRIPLEX_FONT ,HORIZ_DIR,5);
OLlt:te:v.-c)~y(120 ,300 /'Deve loped by");
c<Lltte):t :-.:y(130,400 /'E .0. Adeola");
s.leep(i);
c leai"deviceO;
}
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void plot. _LED<-.•.·c.id)
{

=:otr-Llct viewpor-ttype vp;
int );,y, i; L1, L2;
chc:n'"mod, wish;
chaoI' bu ffa[40],
chaoI' numb(16J = { '()' ,'1' ,'".2','3' ,'4' ,'5', "5' /7' ,'8' ,"3' ,'A r ,'B 't'C:?,'f>' 7~' ,'F '};
get v ie'''' set. t. ing=:o(~';vp);
set. "fillstyle(SDLID_FILL ,I-JHITE);
set.cc<lur- (BLUE);
bao("(1,i,GOO,450); /* n°r-aw i::'°r-ect.angle -1<,/

r-ect.angle(1,1,oOO,450); /* Out.line t.he i'"ect.C:omgle *l

r ec t angle(3,3 ,5'38 ,448:';
!:oet.C oIc-r (:BLAC~::);
moveto(;1,60);
lineto(600,GO)j /i>: Positieen eusc<oro",t the C<"lrigino f t.he fl"!'"aph 0\<:0/

!:oetofill!:otylE'(SOLID _FILL ,BLUE);
bair (4 ,4 ,5'37 ,5'3);
!:oetee<loi'"(BLACI<);
=:oette:,;t=:otyleO"RIPLE}(_FDNT ,HDRIZ_DIF.:,3),
c<ut.te:>0;t.>;y(30,15,"LEDINTEPFAC:E CIRCUIT EXPERII"!Ei'H");
soette:ov.;tstyleo"F(IPLEX_FDNT ,HDPIZ_DIR,2>;
=:oet.cok<°r-(RED);
oLd;te)0;t:';y(15,100,"Do YOLI ',..1antoperate ManuallylAut.omat.ici::llly (I'1/A)

mod = getchO;
mod = t.oupPE'i'"(omc<{D;
sowiteh(omod)

{

(

c<Lltte:,;t.>;y(15,l50,"Do yc<u send or O(Oeceive(S/FD '"?");

mod1 ::::get.chOf
modi:::: tC'Llpper- (jTlodD;
!::o'Hit.ch(rflOdD

c

c
OLltte:.;t >:y(l5 ,200 ,"Do yc<u ',;ish to =oendvia datoa/contr-ol pu!'"t.

'Hi!2ohi::::get.chO;
'",ishl ::::t.oLlppe°r-(wi!::ohD;
if('Hi=:ohi :::::= !'I)')

(

seto fill=otyle(SDLID _FIL.L.,IrJHITE),
bEO'o(14y'30,5'30 ,445);

L1: oLltte:o,;t.>:y005,150t"Entoero any numbeo
!," bet',,ieen (> and 255 ;");

set fillst y le(SDL ID_F IL.L ,RED),
sc anf("~'~d", ~(nl..lm:2>;
gc<tO)O;y(10~6(l);
pr-int.f("Sending the numbeo

!," ~,~dvia the dElt.a porot",num2),

out.pe.o!'"t.(D_PDRT,l"lum2);
bai'"·~(>O ,130 ,560 ,1'30);
!:01eep(2),
out.°to:e:o..;t;)0;y(15,250/'Doyou 'Hish to display fflOO(Oe(,{/N) ");

'Hish ::::getchO,
'"I:i.!::oh:=: touppE"!)r('HiS:oh);

7'3



L3:

i f(',.•lish :::::::::'Y')
{

set fillsty Ie (SOL.ID_FILL ,I-JHITE);
ba'r (14/30 ,S'3(1,44S);
90to Lij

i f('.,Iish == 'N')
{

goto L2;
.,
.,'

else
c
Ol-It.te)~t. xy (15,300 ,"EHHOF{ 11I11);

c<utte:>~t>;y(lS7350y"Ent:t"£',' y fo>" Ye~:.and N for No"),
:.E't 'fills:.t; y Ie (SOL.m_F ILL. ,lr.l!-IITE),
bal" (14f2'30 ;5'30 ,42(l),
}

i Hwi:;.h1 == 'C')
c
5.et fi1l5.t.yle(SOLID _FILL ,I-JHITE);
ba'r (14 ;30 ,5':K>,445);

c<utte)~t:,;y(15~150 /'Ente'r any number bet'.,Ieen 0 and i5 ;");
5.et fi1l5.tyle(SOLID_FILL,F£D),
ba r (5(10,13(1,5f.(I ,1'30);
s;·c an f(II~-:'d",~,;num2);
gC(tC()~)l(1~)f5(»;
p>"intf(IISendin£~ the nUlnbe's"~'~dvia t.he corrcr c.I POi"t",num2);
outpc<, ..t:(C_POPT rnurn:2);
5.1eep(2,)1
outte:>;t:(;yo.S,:2S0,"Do Yo!.1'nlis:.hto d:i.s:.play more (y/N) ");

'.,Ii!:.h ::::;getchOy
',..ll!:::.h:::::touppe," ("'~lsh);
i f('...llsh ;::;::::!'yf)

(

5.et fills.;:.ty Ie (SOL.1D_FIL.L. ,lrn-IITE);
ber (14,'30 ,5'30 f44~5)f
gotc< L:3;

iH·.,Ii!:.h== '1',.1')

c
9C<to L2;
}

else
{

c<utte)';t; )~y<15,300 /,EPPOP ~~~");
outte:d';";::,A15,3S0,"Ente'!" Y fe<'r Yes· and N 'fo>" No");
set fill!:.t y l€!(SOL.1D_F ILL ,I-JHITE);
ba'!"(141'2'30,S'::i(l ,42(l);
".-'

else
{

ou t te:·,·;t:.,~yUS ,300 ,"Ef<F~OF{III");
outtt?:d::>·;y(1~:;y::'~5(lf"Ente,"C: 'fo>"Control pO's"t <:::<rD fo'( d;;:d.:a
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e-et fill:-tyle(SOL.ID _FILL ,\.oJHITE:l;
ben"(i4 ,2'30,5'30,420),
}-

brE'ak;

case('F::'):
{

set fill!:- tyle(SOLID_FILL ,\.oIHITE)j
bar- (14,80,5'37 ,42(»;
out.te:v.t;;;y(15,100 ,"Aute'matic ope-r at ion");
c.utte:...;t.:';y(15,300,"receiving t.he -value!::- 0 -- 31 via the

for 0_=0; i<=31; i++)
{

value::;: read_sJJC.rtO;
gc.te.:>;y(20 ,00);
pr int f("n?ceiving ~,-:dvia the statt_IS:- por-t ,vf.:d.ue");
}

default.:
c

e-et Hll!:-tyle(SOLID_FILL ,I-JHITE:l;
bar (5 ,05 ,5'37;445)i
outte:v;t;;;y(15,300/'ERROR !!!")j
e'Lltt.e>;t.);y(15,350,"Enter R fc.r -receive andS fe.r- sending

while(!kbhit 0)
c
delay(5);

set fillstyle(SOLID _FILL ,WHITEl;
bad5,55,597 ;445);
br-eah;

}

]-

c'Ld.:te;;;t:v.y(15,i50,"Ente-r- any numbe-( bet',.,Ieen(I ':ilnd :255 :");
e-et. fillstyle(SOLID_FILL,RED);
ba -,"(500 ,i30 ,560,EI(»;
die-play _numbl:~-(0;
sleepG:)j
c.utte>-;t:...;y (15 ,250 ,"Do ye'\_1,,.Iish te. die-play more(Y/N) ")j
',.,Iie-h= getchOj
',.,Iis:-h == touppe-r (',.,Ii!::i-h);
i f(',.,Iish ::::::= 'V')

c
!:-et fil1!:-t.yIe (SOLID_FILL ,L·jHITE)j
ba-( (14 ,'30,5'30,445);
goto Lif

::-
i f(',.,Iish == 'N')

{

goto L2;
-'-.'

el!::i-e
{

Ol.l t t e ;;;t:-.;y(15 ,300 f "ER~~ORHIli);

e.utte>rt:;;;y(15,350 ,"Enter Y -few 'fee- and N fOl" No");
5;:-etfille-ty Ie (BOL..ID_F ILL ,i-IHlTE)¥
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}

}

{

!:;·etfills t.y le(SOL If)_F ILL ,I-JHITE);
bar (14,80 ,5'37 f4:~':O);
oLltte:.;t:>;y(15,lOO ,"ALltc<matic ope·("at. ion");
oLltte:d.:-;y(15,3(lO,"Sending the valLIe (I - :255 via the dat.a

fc<·(·(i=O? i<=255; i++)
{

oLltpor tm_POFn·,D;
di?l.::!y(100);

}-

!:;.et."fills;.t Y le(BOL IT.)_F ILL i~·J!-n:TE);
t~i:~)r(l;.t .so¥5'3:7 fL~:;~(i );

oLd.:t ext: :';yO.5,j.»O,"Automat ic oper at ion");
c<utte:·,;·h;yO.5,300/'Sending the value o --15 ·via t.he corrtr oI

PCI)'" 1.:");

fOl'(i=O; i<=15; i++)
{

OLIt port: (C_POPT,:D,
gcetce)~)tl (2(} ,5r.));

p.!'" int f("sending ~':d\n" ,1);
delay(100);

}

break;
::- l* End o f !:;.·,.,Iitch*/

defaLllt:
c

e..F.ftfill!:"tyle(SOLID_FILL ,I-JHITE);
t.:,al'(5,65f5'~7 ,445);
c<t.d.: t:e:·d.: :·.;y(15.300 ,"EF~F(OF.:!!!")w
0I.1t: te:>;t :y,y(1~5f3~:;(i/'Ente·r i'1 fC<l't1anl..laJ.ii:!nd(.~for ALlt.o");
'fJhile(!kbhit 0)

(

delay'S),
}

e..etfil1style(SOLID_FIL.L,I--JHITE);
tea"". (5 ,E,5 ,5'37 f4,;~5);
break,

}

l'eturn;
}-

l* Mc<dLlleto l'"ead the upper· 4 bits:. of the statLls pud:: C:1nda!:;.sign the
',.,Ie:i.ghts:.1,:2f4,8916 to t.he bits b3,b4, b5fb6 and b7 ·,.-espectively.

*/
·read_S:..J:<C<l'tO

{

int bit (5);
int ·tJeight2[5] =., {
1 ,2 f'-~,f.-3flE, };

unsignf.~'d int 'f.l,bit= .•s:.um;



int. i •.5;
bit::. == inpc«·t(S_PORT);
fur (i:::::Ofi<:=4; i++)

{

bit.[iJ :::::bitsf
}

j :::::OJ

sLIm == 0;
fc<r-(i:::::3ji<=7; i++)

{

bitL}] }>=:: i;
iHi==7)

{

>,.; == (bitL});:;.; O:d.) '? 0:1.;
>,.,I·J<-:::>,.,If?i9ht.:2 [.jJi

}

eJ.!E·e{
>,.,1 :::: (bitC}) ~.;O:d) ? hOt
>,.,I.J<-:;::>,.,Iei9ht.:2Lj);

sLlm+=w;
j++;
}-

}
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APPENDIX A2

#inclLlde "graphic!::; .•h"
#inc lude "stdlib.h"
#include "conio.h"

-- #inclLldelstdic<.h"
#de fine D_POHT O>~378
#define S_PORT 0:>:37'3
#define C_POFn O>';37A
void demo_display<- .•..cdd);
vco.d plot._!::;.e·...·en_seg(vccid);
void display _nLlmber (vcdcD,
mainO

{

demo_di!E.playO;
plot _se..,i!f::·n_!E.£?gO;
c<utte:d.::y;y(15,400,"P·l'"e!E.!E.any key to e:-.dt •••• ");
while(!kbhit. 0)

{

E.leep(l);
]-

}

void demc<_die.play(vccid)
{

st'!"Llct \iie',.,1pc<rttype vp;
int. 1Tl(.:<de,d"l'"iver;
mode :::;:DETECTf
dr ive"l'" :::::DETECT;
initg"l'" aph (~(mc<de,~(dr iver', " ":>;
setcolcw ('5);

e.ette>:t sty le<TRIPLEX_FONT ,HOHIZ_DIR,5);
<::<Lltte>:t:>:y<5fl00,"COi'1PUTERINTERFACING Vll) ");
outte>:b:yO.OO,210," THE PARRALEL PDF:T");
!E.leep(2),
clear-devicE'O;
E.et.te>·;t£:."t.:}·J.f..?(TRIPL.EX_FONT,HORIZ_DIRy5);
c<utte':f;t:':y(40,100/'7 -- SE!3MENT n:H3PLPlY")f
c<Lltte:d.:>~y(5(i,210 ,"INTERFI~CE CIRCUIT")y
sleep(l);
set.color· (4);

!::;.ette:>i"t.:st.yleCrRIPLEX_FONT,t-!ORIZ_DIR,5),
out t.e:>:t.):y(120,300 /'Deve loped by II);

oLltte);t >:y(130,400,"£.0. Adeola");
E.leep(i);
clea'l'"deviceO;
]-

void plc<t_seven_seg(void)
{

st'{'Llct vie'Npor·ttype vPi
int. :>:,y, i, Ll, L2;
cha'l'" mc<d,·",ljs;:,h;
char- bt.1 ffa[·::j.OJ;

cha'l'" nLlmb[15J ::;::{ '()' ,'if ,1'".2',';3','4' /:'.'.<r ,'6 r /7? ,l'8r ,"':1','A r ,'1:< r ,PC' ,'D r ,'E?,l'f- ¥};

get.vie',.,1!::.ett.ing !::;.(1.!.;vp);
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getviewsettings(&vp);
~::-etf i 11 !S-tyl e (SOLI D~FILL, ~'~HITE) ;
=-etC 01 OY(BLUE:>f
bar(l,i,600,450); 1* Draw a rectangle *1
Yectangle(1,l,600,450); 1* Outline the yectangle *1
Yectangle(3,3,598,448);
=-etc 01 OY(BLUE) f
mc<veto( 1960) ;
lineto(600,60); /-~, Pc<s,itic<n cu!S-c<yat the cq-:igin o-f

the 9t- aph -)1;-/

s:-etf i 11s:-ty 1e (E,OLI D~F I LL, GF.:EE:N) ;

ba-s'(4,4,5'37 f !S'3);
set c <:<10-(- (HLPsCK);
!::_ette:v;ts:-tyl e CrRIPLEX_FDNT, ~-Im~I Z_PIR, 3) ;
outtf.?:-,-;t>:yC30,is,"EEVEN SEGEI'1ENT DIf3PLPsV INTERFf~CE

CIRCUI T")i
!!:;f?,t t +-2:-,-;t !:::-ty 1 E' >.: TP I F'LE;( __F-UNT ,HOPI Z__P I F~, ::2) ;

!::-{-:-:tc C< 1C<Y (PED:>;
L 1; o\_d;tE~:-,:t:-.-;y ( l ~;'1 :I.00, "Dc< you '"Ii:H-st opey-ate
!'1anuallylPsutc<matic'::ll1y (!,1..'fYI ?")}

mod ::= getch ();
mod = touppeY(mod);
~.:;',..I:it ch >.: mod)

(

c .::\=-e>.: ' 1'1P ) :

(

outte:-,-;t :-,:y(:1.5, 1~;o,"Errt er any He:>:

,F :":>;
!i::-etf:i 11!E-tyl e >.: SOLIDJ-ILL, RED) ;

bar (500, 130,560, 190);
d i s-p 1 i::"ly_n umt.::,er >.: ) 9

~-:-1(eep <: 2) ;
outte:-,:t>:y(15,250,"Do you ,,,I:i~:-h

number bet',.;een

•

(Y/l'·_!)
',.;:i s:-h =::: 9f.:·t c h ( ) f
wish = tc~ppeY(wish:>;
i f ( ''';:i :::-h :::::::: r y' )

{

!;,-et -f ill f::.t; y 1 £? (SOL_ I I) _F I L_t.., \.-JHI TE) ;

bar(14,90,590,445);
~~c<-t0 L 1 ;

'--'
i f (',.;:i s:.t--s

{

f N P :;

got 0

'--'
el s-e
{

out t e:-,:t>:}' ( 15, 300 s "EPPDP
out. t e>-;t>-;y( 15~350 f "Ent leY

~ ~ ~ 'i :> ;

Y 1"0"1'" Y'::!Ie:;,_ ._0 and N

No":>;
s,-et -f:i11 5:-t yl e (EOL:r. D_F ILL, ~'JHITE) ;

bar(14,290,590,420);

;.
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::.et of i 11 !::.t y 1e (~-30L.I D_r I LL., ~'JHI TE) ;
bar(14,80,597,420);
C<Llt te>;t :";y ( 15, 100, II Plut oi1lat:i.C opey' <od:i on ") ;

fc<"r-(io.:::O; i<=15y i++)
{

buffa[OJ :::: nLlmb[iJ;
!2.\o,) i t ch ( i )

c

{

c.ut povt (l)_POPT ';O>~7E),
br eak;
.,
.f

case ( 1) i:

{

c<ut pC<Y"t (D _J'OPT, 0:",;30:> ;
1::'1 r E:- c:1k ¥
:;.

r,
out POl" t (D _pm~T?O:d::,D) ;;
br eak;

{

c<utpc<yt (D_POPT, O:~7'3) j

bt'eak;
;.

case (4) :
r
\... outPOl'·t (D_pm~T, 0>';33);
bl" eak f
'"t,

-'

c
out pc<\"t (D_FClfn- ,0>';5B) ;
br E'!i::lk ¥
..t·

{

out [.:JOYt (D _f'OPT ,0:"';5F) ;
br ea~~;

case (7);

{

outpc<"r-t (D_FORT f 0:"';70);

br ec:·d~;
}

c c(se (~3) :

c
C<utPOl" t (D_F'ORT f O:',;7F:> ~

bl" ea~q
-'...'

{

outpc<"(t (D_POPT, 0:',;73);;

r:<"l" f.;;o ",d:: r
}
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--,..

case ( 10) ;
,{

out por r (D_POPT f O>~77);
b,.- e.3h f
}

<.:ase(11)~
{

outpu!" t (D_POPT, 0:..; 1 F) ;

br eak f
}

r
\,

outpO'!"t CD_PDPT, O:,,';4E) i
b,.-ei:7d:::;
0;...'

C i.i ~:::,l:?( 13) ;
{

out por t. (D_POF::Tf O:"~3D) ;
br eak f
-',
-'

case ( 14) :
c
Ctutpe<'!"t(D_POPT, O:',:4F);
b'!"eak f
~,

-'
case(15):

{

e.ut port. (D_POPT , Ox47:) f

b)" eak;
;.

CtuttextxyC15, 200, buffa);
£;et.f i 11 !':E,t Y1 e (BOL. I D_F I LL , ~'JHI TE) ;
c,uttl.'?>;t:',;y(40, :200f"i~:, bei:?n

7-Bf2f!ffif?nt lTsoduJ.l':~")9
f""lt:?ep (:2) f

bar(5,190,597,445 );
~,

-'
bl"f2a~(;

} 1* End of switch *1
default:

{

=,et f ill !::,t Y1e >: sot, I D_F I LL., \.-JHI TE:> ;
ba,.-(5,65,597,445);
CtLltte>~t.:,..;y(15,300f "ERROP I I ~ ");

e,ut te>;t >;y( i 5, 35() f "Ent e,.- 1'1 fo,.- 1'1anLlal
Auto") j

{

delay(5);
-',
.'

!::,et of ill so,tyl e (BOL. I D_F I L.L., L·JHI TE:> ;

bar(5,65,597,445);
b'( l:?t:lk;

",.'
-',
"

L.2; v'et U'(' n;

87

t: hf-.?

and A i or



di!S,pl ay_numbel' ()
{

int L~3;
c he.il' bLIf fer- [4] ;

chew' chi
c h - get. c h ( ) ;
ch = touppel' (ch);

c
S'"l i t c h ( c h :>

r
\,

c f:t~::·t.?(P (>' ):

out p c-r t (D _POPT f O:,,(7E) ;
bl"f.:?akf
}

c a !S,e( r :l r :> ~

c
C<Lrtpor t (D _POPT f 0:",;::::0) ~
b'f' eak f
}

c
out por t; (D_POF.:T,0:y;6D);
bl'eakf
}

c ase(' 3' ) :
{

C<LltpOr-t (I)_POPT f 0:v.79);
br eak f
"
..,'

c a!S,e( ,4' :> :
{

c<utpc<)"t (D_PDPT, 0);33);
blr(~.:.~kf
}

c
c<utPOl' t (D _FOPT y O:,,';5f.<:>;
bl'eak;
}

case('6'):
{

c<ut:pc<l't (D_PORT,O)\5F');
br eak;
}

c a p-·e ( P "7' ) ;
{

c<utpOl't. (D_POPT, 0:y;70);
bl'eak;
}

{

out pC"f' t ;,:D_POFn', 0>; 7F') 9
bl'e':''ikf
}
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cas:,e( P ';;P):
{

1':<UtpUf't (I)_POPT f 0:'..;73);

bi'" eak;
-',
-'

case('A'):
c
c<ut po'!r t (D_,POPT,0:"; 77:; ;

bi'"eak;
}

c a !:;,e ( , Et, ) :
{

OLd,:pClf" t (D _POPT f O~..; 1F) ;
bl'e'::ik;
]-

c a ~E·e( , C: P ) :

c
C<l.ltpo'rt (I)_PCIPT f 0>;4[:)?

b'f" ei::ikf
:;.

c a!?2,e( , D' ) :
{

out por t.: (I) _POPT f O~(;3D) ;

bi'"eak;
}

{

C<LIt,:pOl't (D_POPT f 0>;4F) f
bi'" eak;
:;.

ca!:!,e('F' )~
{

out,POi'"t: (D_POPT, 0>,;47);

bi'"eak f
}

df2fault;
.r
t.

set.: f i 11 !::,t.y:l. e (BCH",J D_J" I L.L, ~\!HI TE:) 7
bai'"(14,190,590,420);
c<Ld.:t. 1'.2:',; t.: :",;y ( l5 f 200;; "EF:PDP ~~~" ) ?
outte>;t.>;y(l5,2~jOf"Only ar'! Hf2); nLlm!::H:?l"bl?t.:>,.,Ieen 0

- F can bE! di,:,pl,::,yedH
);

=.,et f i 11 s t. y 1e (SOL I D_F I LL '; ~'JHI TE:>;

bar(14,190,590,420);

gotc< L3;
"l,

-'

~:.,etcolc •.!" (I-JHITE:> f

buJfel"[QJ :::;:cht
outte~t~y(513f 150, buffei'");
s;,et.coloi'" (PED);
c<utt.:e~t~y(l5, 200, buffer);

out.t<:=>;t>;y(4(l, 200, "i5:, h"=.r:~n C!i~:,played on the
7-Bi?g m(~~nt. modu 1E!" :> ;

51 (?ep ( 1) ;

,::,£~tf i 11 !:::,tyl E~(SOL.I :O_FILL. , HHI TE:>;
barC5 r265 r597 r445);

89



L3:
}

APPENDIX A3

#include <io.h>
#include <stdio.h}
#inelude <fentl.h>
#include <graphics.h>
#include <time.h>
#include <dos.h>
#include <ctype.h}
#include <conio.h}
*~dt~d int? D_PDRT 0);378
:»cjt':?fin£? E,._PDRT 0)·;37·~f
#dl~·fint?~ C_PDf;;:T ():,;:3·7?"i

#define Xll 170.0
~ldefine Y:2 4:25.0
FILE ·Jt:-fpl,*·fp;
vo i d s.ho1..J(void);
void beep(void);
1'"ead_5Jle<)r t1(:> f
1'"ead_=.J<c'1'"t2 (:>;
take_s.ignal (:>,
void arTow_left(int ~l,int yl);
void ciY·!'"01,,1_1'. ight (int )";"!rf int Y·!'":>;
vo id ADC_SCC· ...c<id:>;
void .ADC_HD(void);
v o id elea·s'_mode(\/oid:>;
·..•.oi d ·r·ece<yd_modE"evoid:> f

play_audio_!:.ignal (int n_~:.ampl\2s·f int sclmpl ing_timF2);
·!'"ecc<yd_audio_s.ignal (int n_s.ample~.:;, int. s.ampl ing_time)9

unsigned int check_statuse);
void plot(int value, float ~l,float. ~2:>;
int sign!:<it, bitO.J:"f
int r[1J,op,num,Ll;
c h av A>:·tp"'''f
char play_fileE12J;
float dl..\1'"clt f
mai n e :>

90

{

struct viewpoyttype vp;
t ime_t r::.taJ'"tt iiTlE"f
t i me_t endt imE!;
c ha·s' funt ion;

int mode, ell'"i ve·f, duJ'"at ion, n_s.O:Hflples., !f!cl)\_r::.amples"v e l ues.f
float :..;1, );2, sampl ing_t;

Ll: getviewsettings(&vp);
mode :::: DETEC:T;

dyiveJ'" = DETECT;
in i tgJ'" aph (~\mode, ;::(d-ri Vf.:?T," ":>;
cll~aJ'"elf.?v:i.ce(:> ;
!:.hC<I...1 ( ) ;

funtion = getch();
c 11:?2ilr_mod t? ( :> f
funtion = toupper(funt.ion:>;
sampling~t =0.125 ;



swl t ch(fun t ion)
{

oa s eCR'):
{
clear _modeO:; /'#.Refresh the di splayefJ mode onthe scr e en "/
gotoxy(24fl1);
printf("Enter the duraUon(in minutes): ");
scanf("%d" f&dura lion);
clear _mode();
go toxy(24f11);
1f(dura lion <=- 5)

(

printf("Enter the filename for the recording:");
scanf("%s" f&play_file);
clear _modeO;
ou t textxy(220,152,"RECORDING");
fp = fopen(play_file,"w");
start time;:::time(NULL);

xt = X11;
x2 ;:::Xll + 5;

do
{

ADC_SCO;
max_samples = (dura tion '#.60)/sampUng_t ;
record_audio _signal(max_s amples1s ampling_t );

endUme= time(NULL);
dura t=dHf time(endtime,s tart time);
} while (durat <= duration'#.60);

}

else
{

clear _modeO;
go t oxy(24,11);
printf("The duration time should not be more than 5mf nut e s

\n");
}

fclose(fp);
goto Ll;
break;
}

case('P'):
{

go t oxy(24 ,11);
printf("Enter the filename for the recording: ");
scanf("%s" ,&pla y_file);
clear _mode();
op ;:::open(play_.file,O_RDONLY);
clear _modeO;
ou t textxy(220,152, "PLAYING");
arrow_right(3 30,17 5); I'#.display the symbol for recording*/

xl = XU;
x2 = XU + 5;
va Iue s > 5;

do
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c
num= read(op,tpv,2:>;
n_samples = atoi(t~v';

c 1eay' _mode ( :>;
got 0>:).· (24,11:>;
pr i ht f ;;"~'~d", n_S:.E!mp1125,.:>;
ri_=.ampl eS:'+'::::12E<r

play _.,:1 1.1d :i o_c.:.i ~ln'::ll >: n ._~':.i::\mp1es:., ~::.i::\mp1 :i. ng_t :>, .*. /
plot(ri_samples,~lf~2:>;
:v; 1 == )~:;~ ;- :2. t:);

)~:2 ::-.: >~1 +. ~:(f
if (:".;2 > 43(»)

{

c.:.et'f i 11 E.t Y1e (SOL. I D_F I L.L, E<);
bar(160,200,430,430);
:"·;1 -- Xli;
:'1~2 :::: :.,.~1 -l- 5;

·.•·alLles ++;
del ay (':;.ampJ.i ng_t) f

}'..,Ih i 1e ( ~EOF:>; 'J<-./

} while (num != - 1);
c 1os£:-(op) ;
goto Ll;
br eak ;
}

case (' (F ) : /* Quitting to the system *./
{

outte:·.;t :"';y (2~-;-~O,1 ::52, "Qu it":> ;
beep ();
e:·.·; it ( 1) ;
b'reak;
}

/* Stop the operatlcm */
{

clear _mcldF-' ( :> ;

out t€.=::·.;txy (220 f 152, "STOP" :> 7
c 1eEl)'_mode ( ) ;
outte>:t.>;y(220, 152, "P'ress any key ••• ");
bee·p (:> ;

!:E.l (-?ep(2:> ;
goto Li;
br ea k f
}

default:
{

c lea)' _mod:? (:> ;

out t e:,;t ):y (220, 162 '} "EF.:ROR
b(,:.'(-?p( ) ;

b)' e"'lk;

~ JI ) ;

}

=.1eep (2) ;
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play_audic<_=.ignal (int ri, int =.ampl ing_time)
{

:int vall.IE'S:.;
"float. :'.;1,>';2;
~d :::::>:11;
)~2:::: Xli "1- 5;
' l €:\ 1LH?S:- == 5;
r".et.f ill !";:. t: Y1 e ( SDL I D_F I LL f 8) f

bar(160,200,430,430 );

plot. (n f >~1 , :.,.;2) 9

>~1 ="' >~2 ; .. 2.0;
)~2 :::: )~1 +' 5;
i of (:"'~;: :> ,.:j.~3():>

{

s::.et fill st Y1 e (SDL I D_F I LL, ED ;
bar(160,200,430,430);
:..;1.- ::<11;
)~2 :::: :'I~1 .0(- 5 i
}

v a IUE'S ++;

del ay (sampl ing_t ime)9
return 0;
}

void plot(int value, floi:.it :',;1, 'float :"';2)

c
int i;
f1 oat y 1;
y1 = Y2 - (float)value!2.0;
£",.etc o10)' ( 14 ) ;
f 0'1" (i ::::Y2; i > y j,; i _..,)
{

mcv et 0 ;;:"~1, i );
1 inetC«:',~2, i) f
}

}

v o i d beep(void)

"\,
Pi" i nt f i.: "~.;,c" , 7) ;

del ay (100);
-',
.'

r E'ad _='J) <':<Y' t 1 () ! -1<,' Y' ead i ng the 1C<',Jf2'('4 bit s:' o f the ,.=,ti:.itu ':::,F<C<l"t
-lI~/

r
\.

int. bit[.::}];

int weight1[4J = {
1,2,4,8 J;
unsigned int w,bits,sum;
int i,.:};
bit:, :::: inpu(·t (S_POPT);
f Oi" ( i ::::(};i < 4 f i +'t- )
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{

bi tLiJ _. bit:~:=.;
}

,j ._- ();

s;·um ""= o ;
fUf;; i ::::: '~1 -;i<= 7; i++)

{

bit[j] »= i;

if <: i === 7)
{

w = (bit[j] & 0~1) ? 0:1; 1* Get the value of pin
7 in inverted form *1

}-

el s;,e{

w = (bitEj] & 0~1) ? 1:0;
.'..'

'H it"= ';JEfi ght 1[j];

sum +:0='.,1 f
j++;

}

1* Module to read the upper 4 bits of the status port and
assign the weights 16, 32, and 64 to ths bits b4, b5, ~nd
b6 respectively while b7, which is used as the sign bit,
is assigned the weight 128.

*l
'f eBd _='_PQr t 2 <: )

c
int bit[4J,
int weight2[4J ::::{
16,32,64,128 };
unsigned int w,bits,sum;
int. i,,jf
b :i. t :co' -c- :, r~'pc<r't (B_POFrT') ;
f c",' ( i :::::(;9 i <: ::::4; i ++,)

c
bit[iJ ::::bit£·::.y
.',..'

.j :=: t) ;

sum :::: 0;
fQ'f(i c-:::4; i<::::7;i++)
{

bit [,j] :> }:::: i;
if(i :::::::7)

{

w = (bit[,j] & 0~1)
signb it:::: ,.J;

s;,ign bit -l!i'/

,~*=~,leight:;:[,j J;

.? 0:1;
1* ~tc<re the value of pin 7 as the

}

el ~::,e{

w - (bit[,j] & 0~1) ? 1:0;
'~'F.'=:: ',.,Ie i ght 2 [,) J;

}
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.j++;
}

}

{

un:;:·i9nE,d i nt. c h€~c k 'I t.::. it.(; _3'1 b :i. t..:.1.J.:' 'I b it O.J.:.'f
chf.i'ck :::check_::::t:at.u!:. (),
if(check == 1) 1* check = 1 indicat.es t.hat.

conversion is reached *1
{

ADC:_PD() ;
c'Ld.:pc,·!"ti.:C_F'OF~T'iO:·,;[.::; /*. ErH:\ble

t.he trist.ate switch *1
bit.O_:3 :::::rt-=Jr3d_S:' ..J,:<o·rtJ();
I;DC __FW ( ) f
C<LI t. 1='C<"!"t (C _F'OFn' ¥ 0 >.; p!); / K E)-'! €id:)} e

the tristate switch */

b i ·tA·_C :~-::'j" t'2':'id_.!'"'J-<c<·!'·t 2 ( :: ;
ADC:_i:;;:D <: :> ;

b:i to_.f:., ~.-:: b i to_:::: + b i t4,_E,;

analog value of the signal */
~,.,

4 bit!:.;,of

4 bits:. of

/* compute the tot.al

else /* To be e~ecuted if conversion is still goin9 on
')1;-/

{

goto;.;y(24,1.1);
VI" i nt. f ( II BTtHUB HI GH
beE'!p ( ) ~
c 1t?a'('_mode ( :: 9

! II :> ?

}

v o i d f;DC:_BC (vc< i d:>
c

/K Start conversion command for the ADC */

out pc"" t: (C_POnT 'i 0>;0);

retLl'!"n;

/* Read command of the ADC */
c
out p or t (c:._POnT f (»;4::;
'rt?turn f
"..,

1* Module to check the conversion status of the ADC
Monitors the INTR line

of the ADC via t.he status port line 53. It returns a 1
for end of con~ersion

and a 0 otherwise •
.Jt:./

\..\ns.:;.i gn£~d int c hee k _~.:;.t ii~tu!::·( )
c

unsigned int. 5eheck f5bit.3;
!:.b i t 3 ::: i np or t (S_POF~T) f
s;.t:( i t 3 :> }== ::-~;

95



scheck = (sbit3 & Oxl) ? 1:0;
'1'"et U'I'" n { =.·chec k ) ;

-'..'

{

int v a l uef::., count f n_=..ampJ.12='.;
f 1.c«",t >;1, :',~:2;
~d :;::Xl l;

s:.et f i 1 J. =..ty 1e(f3CJLI D.I I LL. 9 8) ;
bar(150,200,430,430);
values:. ::"4;
foy(count = 0; count < n; count ++)
{

/-l<"7 n_so"",fnp1es;.:::0 t.i:lke._.!::.:ignal {) v
fp-I'" int. f (fp, ,,~,~>~", n_S:.<.imple!::.)f

-1>:' l
"l' •• ,

clea"l'" _mode ( );
goto:";Y C24, 11) i
=..etcol or' (RED);
c<utte)~t>;y(210f15:2, "REC:OFmING");
setcoloy(YELLOW);

:,,~1 :::: :'.~;! -t- :;: ~ ~);

>~2 ::: ).;1 ~t"5;
i f (:-,;:2 :~. ,43(}:>

{

s;.et fill s;.tY1 e {BOt.. I D_F I LL , 8) ;

ba"l'"(150,200,430,430);
:d .- X117
)~2 :::;::'.~1 +' 5;
}

if(va1ues ) 300) values - 0;
del ay (=..ampl in9_t im8) i
v aI ue!::· ++;
}

}-

v o i d =.·ho'.,1(vc<:i d)

c
set of i 11 st.Y1e(SOL I D_F I LL., ~,JHITE) ;
bar(51,1,550,450);
s.et f i 11 =..t.yl e (BOLID_FILL, 7);

bar(53,3,548,50);
ba"l'"(70,100,160,130);
bar(190,100,:280,130);
bar(310,100,400,130);
bar(430,100,520,130);
bar(70,140,5:20,190);
bar (70,:200, 150,430);
bclr' (440,200,520,430)';
setcoloy(BLACk);
C<L\tte~d:>;y C:K>, 85, "HECDFU)
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!:.lUIT") ;
out. t.e:·,·;t ).;Y(':Kl f B8, " _

I') ;

out. t e~d.:',;y (80,2:20, "LENGHT:
SAMPLING") ;
c<ut.te>·;t.);y(80, 240, "0.00 St"?C.
FRED:");
c<utt.e:·,;t:·r;y(80, 2EO, "~5 min trIa:',';
E( kl··L: II);

out.te:·,·;t);y (80, 1E2, "CURPENT !'1iJDE:");
set. C 01C<l'(REDl f

c<ut.te:>;t:·,;y(200, 1E2, "Ente1" the 1"equi'!'"ed mode
set.co1 ces'(BLACK);
rect.ang1e(53,3,548,EOl;

rectang1e(70,100,lEO,130l;
rectang1e(190, 100,280, 130l;
l'ect.ang1e(310,100,400,130);
rect.angle(430,100,520,130);
l'ectangle(70,140,520,190);
rectangle(70,200,150,430);
l'ectangle(440,200,520,430);
rectangle(160,:200,430,430);
21"s' r C",,I _r i ght. (:230, 125) ;
set J ill sty 1e (SOL:r D_F ILL, 8) ;

bal'(160,200,430,430);
barC347,107,363,123l;
r e<:Us'd_mode ( ) ;
<:ir<:1e(475,115,8);
~::.etC <::<1m' (RED) ;
rectangle(51,1,550,450);
l'ect.angle(52,2,549,449);
~.ette>;t~,tyl t? (TRIPL.EX_FONT,HDHI Z_DIH, 3);
out t e:...;t.);:/ ( 120 f 20, "D I G I Tf'.iL AUDI 0 CARD SOFTl-jARE»);
sl eep (5) t
r et.ur n;
}

void arrow_leftCint ~l,int yl)
(

int i;
fC<l'Ci:::::16; i>:::::O; i·-:cc2)

c
set. C 01 Or" (Ei) f
movet 0 ( ~..;1 'i Y 1 ) ;

1 i net o (:';1 , Y 1 - i );
:.;1-=2,
y 1-::::1 ;
}

;.

vo i d "".!'.,. (""", _'oJ' i. ght C i nt. :.,;.(., i nt y1")
(

int i;
fo's' Ci 0= 16; i >::::(); i -::-.::2)

{

setcc<l O's'(8);
mc<v€~tc<(>;'(' , y'(' ) ;
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hm?t: <::< (:,~)r ;)Fjr _...Dy

>~'("-r=: 2;:,
Y)' -"..::::l f
}

\"c(i~jc J.ea't" ._~ffC(<.j2(-'lC(j.<.i)

<:
!E.el 'fill!E.t. y le(SOL. ID _F' ILL ,7:1]

l'::cc"y (lB2 :,142.srs ;r:!.BEU!)

retu'!"n,
-~.

{

!E.et Hl1!E.lY IF.:(SCJL. ID _F' ILL. ,[D;
ba'!" (107 ,H1 ,:1.23 y123)~
br.!'!'· (107 ,:1.07 i1t~::;3,.i.O';:(lv

'!"etu)'n~
3-


