Tele means ‘far off and information is ‘arranged and ordered data
bearing some useful meanings’. Our tele-information system performs the task of
gathering data from computer and transmitting the desired information to far off
places via ordinary telephone lines. This same task is also accomplished by
modem but the difference is that in the case of modem, computers are present at
both ends of telephone lines. But if a human is present at the other end of the
telephone line instead of a computer then the data sent by the modem is of no use
to him.

Thus, if information is to be retrieved from a computer, then some means
must be adopted to convert the data gathered from computer into intelligible voice
and then transmit this voice signal to the other end of telephone line where the
human subscriber could understand it. This is the basic principle of our Tele-
information system.

Today, the companies, which provide facilities to the customers to
enquire about specific things on telephone lines, employ a human operator to do
so. Whenever a subscriber of that company wants to make an enquiry about
something e.g. about the time of arrival or departure of a flight from the airport, he
simply makes a call to that company and asks about his desire information. The

human operator sitting at the company’'s customer services office listens to the



guestions asked by the subscriber, retrieve the desired information from the
computer connected to the company’s local network, and then tells the subscriber
about the acquired information.

Now there are some drawbacks to such procedure. The operator may or
may not be present at the time of call, wasting the precious time of the subscriber.
If he is present then his efficiency is varied according to his mood and
attentiveness. He may also read the erroneous data and the accuracy of the
information delivered to the subscriber is subject to unpredictable errors. The
operator can also not be made available for 24-hours service and if the company
decides to provide such facility, then it would have to hire and pay at least three
operators with eight hours of duty conducted by each.

How about eliminating the human operator from the whole process stated
above! That would simply not only increase the efficiency and accuracy of the
whole system but would cost the company much less as compared to the
remuneration paid to human operator.

This is what is done by our tele-information system. This system which is
a human operator surrogate, is more efficient, more authentic, less liable to make
mistakes, attentive and tireless; ever-ready to serve.

When a man wants to make an enquiry, he dials the number of the
telephone line devoted by the company for enquiry facility. Our system, which is
connected to the other end of the telephone line, serves as an interpreter between
the subscriber and the computer being constantly updated for the desired
information. Our system by detecting a prescribed number of rings with the help

of ring detection circuit, signals the computer which tells the system to off hook.



When the channel is established between the subscriber and the computer, the
latter waits for the former to dial a number corresponding to the enquiry to be
maid about. If the subscriber already knows specific codes for those different
enquiries, he presses a button, otherwise our system may help him to know about
the list of options available to him.

By detecting a valid code with the help of DTMF circuit, our system asks
the computer to provide it the required data and as the data is transferred to our
system by the computer, it starts converting it to human voice being synthesized
by the speech processor section. This voice which corresponds to the desired
information is transmitted on telephone lines to the subscriber sitting at the other
end of telephone lines. At the end of communication, our system automatically on
hooks the telephone line and the system is back to waiting-for-the-ring state. Thus
any sort of enquiry can be made at any time without the need of human operator.

The tele-information system, designed by us, is very versatile and can be
used in many different application concerning enquiries by simple software
modifications. This system can be used for flight enquiry, railway enquiry, bank
enquiry, telephone enquiry or utility bill enquiry. Several other applications can
also be thought to avail the benefits and ease provided by this system.

The whole task of tele-information system is performed by the
coordination of different sections of our main system. Those sections and their
brief description is given below.

1. Ring Detection Section:



The duty of this section is to constantly monitor the occurrence of any
ring signal. If three rings in succession are detected then a signal is generated to

the computer which in turn signals our OFF HOOK section for off hook.

2. Off Hook/ On Hook Section:

The function of this section is to develop the communication channel
between the computer and the subscriber and to disconnect the telephone line
when the communication is over. This section conducts these actions by
performing virtual off hook and on hook operations with the help of a relay and
support circuitry.

3. Code Detect Section:

Dual tone multiple frequency (DTMF) detector IC is the heart of this
section. Every telephone set, which works on tone, generates a pair of unique
tones for each of the digits pressed. Every digit has its unique pair of tones
assigned to it which are neither the multiple nor the sum of each other. These
tones can be detected with the help of a DTMF detector IC which produces a 4-bit
binary code corresponding to its decimal digit pressed at the key pad of the
telephone set. This code is read by the computer and an appropriate action is
taken.

4. Speech Synthesis Section:

The information asked from the subscriber is subject to variation and not
known beforehand by the system. If the information is to be transmitted in the
form of voice then some means must be taken in order to generate voice

corresponding to the information to be delivered. In our application tape-recorded



voice can not be used because it will simply be impossible to achieve the desired
task due to the variability of information. Thus we have employed the process of
speech synthesis. Our Speech Synthesis section transforms the binary data given
by the computer in an intelligible voice. This voice is transmitted on the telephone

lines to the subscriber.

5. PC Interfacing And Software Section:

Our system will be controlled and monitored by the microcomputer
system which in turn will be governed by the software present in the hard disk.
This computer will have to be constantly updated or it might be connected to the
local network of the company and whenever the information is required it is
transferred from the main system to the RAM of this computer.

Any high level language may be used to develop the supporting software
but we have used C++ due to its certain features. Our software may be run as
stand alone and it may be linked to the main data base software of the company’s

computer section.

TELE-BILLING SYSTEM:

As an application of our tele-information system, we are presenting a
novel idea of tele-billing. This idea may be far apart from being employed today
but significant consideration might be given to adopt it in near future.

Today, bills of utility service charges are printed out at the computer

section of utility providing company and then mailed to the customers’ house.



The customers, after having received the bill, go to the bank and deposit the
money.

The most common complaint raised by the customers is that they either
do not receive bills properly or if received, they are received after due date causing
the customer the fine for late payment. The process of billing can be altered by
employing our tele-billing system which not only eliminates the above stated
flaws of conventional billing but also costs the utility providing company much
less sum of money that is spent in the form of taking the printout and hiring men
for transporting the bills to the customer’s house, or sending by ordinary mail.

Our proposed process will require the company to allot at least 20-30
lines for tele-billing system. To each line, a computer and our system will be
connected. The computer might simply be consisting of an AT system baseboard ,
an /0 Port and a hard disk which could hold the supporting software and the
required data sent to it by the company’s main data base system. No visual display
terminal, keyboard, printer or other peripheral device is needed.

The company will be relieved from mailing the bill to the customers’
house but it will be the responsibility of the customers to make a call to the
company’s tele-billing system within pre-specified dates, say from 5th to 15th of a
month, to know the amount to be paid for the previous month. Since there are tens
of thousands of customers associated with a regional billing office of a company,
at least 20 to 30 lines will have to be provided to this system to give the customers
24-hours service without over crowding the lines.

There may be many enhancements to the options available to the

customer to know about his bill, but we have introduced the following option:



1. Amount payable within due date

2. Amount payable after due date

3. Due date

4. Previous meter reading

5. Present meter reading

6. Charges for the last month

7. Arrears for previous months

After knowing the amount to be paid and the due date, the customer will
go to the bank, pay the bill and get a receipt. Thus, there won’t be any question of
delayed billing or not receiving the bill at all. The phone call to the system may be
made toll-free in order to relieve the customers from the extra charge for a call.
This system can be adapted in place of the present billing system or it may be
provided by the company as an extra facility given to the customers with the
present billing system intact. The customers will be mailed the bills in the present
fashion but if a customer does not receive a bill within specified dates, then he
may contact our tele-billing system to help him know about his bill. In that case

the number of lines and computers devoted for this system might be much less.

TELE-SWITCHING SYSTEM:

As an adjunct to our tele-information system we have also developed
tele-switching system employing our main circuit in the same way but replacing
the PC with a standalone microcontroller controlled system.

This is another novel and unique idea we are going to propose. Today, its

applications may be seen bleak but it may be explored in the future.



Consider a man, with his family, goes to call on his relatives in the
morning and expect to return home before dark. But owing to some emergency, he
does not find himself to be able to return till the next morning. Since he left home
in the morning, all the lights of his house are off. In a vulnerable city like Riyadh,
Dammam etc, where thieves are not rare, how can a man leave his home in dark to
let the thieves know that none his home? What would he then do?

If he had installed our tele-switching system in parallel to his telephone
set, then he would simply dial his home, where our tele-switching will be present
to help him. He would press the code for the lights of the certain portion of his
house and that portion will be lit ON.

Consider another situation of a bachelor living alone in his home. One
morning, he irons his clothes hastily and rushes towards his office without
switching the iron off. On reaching his office, he suddenly realizes that he had left
the iron unplugged. Not only would the electricity being wasted heavily but there
is also the danger that the cloth of the pressing table could catch fire due to
constant temperature rise resulting in horrible disaster. The man is also not sure
about whether the iron is really ON or not. Now he is in a dilemma whether to go
back his house to see if the iron is ON or not but it is not too easy to leave office
and get back to home which is far away from his office.

Isn’t there any way to know about the status of the iron and if it is ON
then switch it OFF? Yes, there sure is! Our tele-switching system can help him
out of this problem. If he had been prudent enough to have installed our tele-
switching at his house, then he would simply dial his home. Our system not only

will tell him about the present status of the iron but if it is ON it will allow him to



switch it OFF. Thus not only his time is saved a lot but he is also relieved from
the fatigue of going back to home and coming to office again.

In a similar manner, any sort of electrical or electronic device can be
switched ON or OFF with the help of our tele-switching system e.g. in Europe and
America where pets are common, when families are out on tours to other countries
or cities, the pets are home alone. Due to the harsh cold weather they are
concerned about their pets so they might avail this facility to switch the heater of
their houses ON or OFF.

Since this system has to be powered all the time, therefore PC based
system would be highly inefficient because PC cannot be left ON all the time
when the owner is out of the home. Thus, a stand alone less power consuming
microcontroller controlled system has been designed.

We could have used tape recorder for the messages and help provided to
the users but since our main circuit of tele-information had already employed
speech synthesizers, we made use of this very technique to generate messages and

help.
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In our project all the communication is to be performed on telephone.
Therefore, we had to interface our main circuit with telephone lines. For that
purpose we had to know the voltage and current levels of telephone lines and we
had to take care of the problem of impedance matching. The purpose of this
interface is to allow communication between the subscriber and PC on standard
telephone lines. Different AC and DC voltage levels for on hook and off hook

condition as noted by us are given below:

On Hook: DCVOItS ..o 53.5V
AC VOIS ..o 85V

Off Hook: DC VOIS ..o 8.6V
AC VOIS ..o 13 V

Ringing: DC VOIS ..cooeiiiieiie 53.5V
AC VOIS ..coooeeeiiiiiiis 105V

Taking care of these typical values we had to choose components for the

designing of our circuit.

TASKS OF TELEPHONE INTERFACE CIRCUIT:

For our project we required a telephone interfacing circuit that must

perform the following functions as per required.



11

1. First of all the circuit must wait for any potential coming call and generate a
signal to PC to indicate the presence of a call. This function is performed by our
RING DETECTION CIRCUIT.

2. Secondly, when a valid ring is detected for 3 times the circuit must provide off
hook to simulate the manual off hook done by a man when he picks up the hand
set. This automatic off hook develops a communication channel between our
main circuit and the subscriber. This off hook function is performed by our
RELAY CIRCUIT.

3. At the end of the communication or in the case of absence of any response
from the subscriber, the circuit must provide on hook condition to bring back our
system to the waiting-for-ring state for any other incoming call. This function too,
is performed by our relay circuit.

4. For effective mutual communication, the impedance of telephone and our
main circuit must be perfectly matched. In ordinary telephone set a provision is
made to ensure this impedance matching. Although an electronic circuit can be
design to provide this matching but their performance is usually not guaranteed
and they provide much problem. We tried to develop such a circuit by owing to
the constant failure, we decided to use a telephone set itself.

5. The communication on the telephone lines is full duplex i.e. transmission of
the signals in both the direction occur simultaneously. For that purpose a two wire
to four wire conversion is necessary to isolate the incoming and outgoing signals.
This two to four wire and four to two wire conversion is achieved by hybrid

transformer present in the telephone set.
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RING DETECTION CIRCUIT:

When hand set of telephone is picked up from cradle (the condition
known as off hook ) a tone is sent by exchange to that subscriber to indicate that
his phone has been connected to local office and he may dial now. This tone is
called dial tone. When the subscriber dials a number then by detecting a valid
number, exchange sends an AC signal to the called party to indicate that a call is
waiting to be answered. This AC signal is called ring signal. This ring signal
excites the bell or electronic buzzer of the called party’s telephone set. When the
called party picks up the hand set, the ring signal is automatically cut off and a
channel is made between the calling and the called party.

In on hook condition and in the absence of ring signal the voltages on
telephone lines are typically 85 Volts AC and 53.5 Volts DC but when the ring
signal is present these levels may rise to as high as 90 Volts AC and 60 Volts DC.
The range of typical values of the voltage levels and frequency of ring signal are

as under:

The minimum AC voltage level for ringing is 60 volts. Therefore lines
exceed 60 volts AC, this is the indication of presence of RING signal. This
voltage signal can be detected and used to produce a signal for PC or

microcontroller to indicate the presence of a ring. Since the PC or microcontroller
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require a TTL voltage level for their input and the voltage level at the time of
ringing are too sufficient to destroy our circuit ,a provision must be made to
interface our circuit to the PC or microcontroller. This is achieved in our circuit by
employing an opto-isolator (opto-coupler) H11G2
This opto-coupler has high current transfer ratio, high isolation

characteristics, high reverse voltage and low leakage current. It provides excellent
performance in interfacing and coupling systems. It consists of a gallium arsenide
LED optically coupled to a silicon photo Darlington detection having integral base
emitter resister. The output is taken from the emitter of the transistor of the

darlington pair.

Circuit Description:

Before connecting the opto-coupler to the telephone lines it is necessary
to protect it from excessive voltage and current levels at the time of ringing and to
block DC current. A resistor of 33K is used to limit the AC current and a capacitor
of 0.1 uF is used to block DC current from reaching opto coupler.

Since the opto-coupler is supposed to operate only when the RING
signal is present and since there is present some ac voltage in ordinary condition,
therefore there must be some means of distinction between the ordinary AC
voltage and the AC RING voltage. This distinction is achieved by employing two
zener diodes of 15 V rating in a back to back configuration.

Zener diode Z1 stops all voltages less than 15 V. Zener diodes are
breakdown diodes and are used to latch voltages according to their voltage rating

whenever the reverse bias across it is greater than its rating. In forward bias
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conditions they behave like an ordinary diode. When the voltage level across
telephone lines is less than 15 V and greater than 0.7 V zener diode Z1 is reverse
biased and OFF while zener diode Z2 is forward biased and ON with
approximately 0.7 volts across it hence no current (actually only leakage current of
diode Z1) passes through the circuit and hence no voltage appears across LED and
opto-coupler is OFF. The same thing happens in the negative cycle of the ring
signal with the only difference that now diode Z2 in OFF and diode Z1 is ON with
0.7 volts across it.

When the voltage rises above 15 volts in +ve cycle of ring signal, diode
Z1 breaks downs and is latched with a voltage of 15 volts across it and the rest of
voltage appears across the LED of optocoupler and the optocoupler is switched
ON and generates an output of 5 V at its output.

In the -ve cycle of ring signal, diode Z2 breaks down if the voltage
becomes more -ve than -15 V and Z2 is forward biased with 0.7 volts across it.
The rest of -ve voltage appears across LED of H11G2. The maximum reverse
breakdown voltage of LED is 6V thus it must be protected against any -ve
voltages in excess of -6 V appearing across it. For that purpose we have put an
ordinary diode across the LED so that when -ve voltages appears across it the
protection diode is forward biased and the LED is latched to 0.7 V. In the positive
cycle the protection diode is reversed biased and hence allow the signal appear
across LED.

When there is no RING signal present on the telephone lines, no zener is

ON therefor no voltage appears across LED and the output of the opto coupler is
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zero volts and when RING signal is present, Z1 breaks down and signal appears
across LED thus the output of optocoupler is approx. 4.8 V.

We had to monitor the output of the opto coupler so we had to interface
this output the PC and microcontroller but due to the current sinking problem with
optocoupler the PC was unable to read the LOW level output of optocoupler.
When PC or microcontroller is RESET the ports are automatically pulled to
HIGH level. So when we joined the output of optocoupler to the port pin of PC or
microcontroller the HIGH voltage level is latched to the output pin of optocoupler
despite the absence of the RING signal. Thus in both the situations of presence
and the absence of RING signal the output of optocoupler is HIGH. We overcome
this problem by using an inverter at the output of optocoupler.

The output pin of optocoupler is joined to the base of transistor with the
help of 1K ohms resistor to limit the base current. The collector is pulled high
with the help of pull up resistor of 4.7 K and the emitter is grounded directly. The
output is taken from the collector of the transistor and joined to the port pin of PC
or microcontroller. Now when there is no RING signal, the output of optocoupler
is zero hence the transistor inverter is in OFF condition and the collector is pulled
to Vcc 5 V. When RING comes the output of optocoupler goes high turning ON
the transistor inverter and the collector to ground voltage of transistor become
equal to the Vce of transistor in ON condition which is roughly equal to 0.2 volts.
Now our goal is achieved but the difference is that the signal level is inverted that
in absence of RING PC reads HIGH and in the presence of RING PC reads low

level.
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RELAY CIRCUIT:

There must be some way in control office to check whether the called
party is ready to receive the call or not. This is sensed by a circuit in control office
which can detect the loop direct current which is in the range of 6 to 25 mA as an
indication of OFF HOOK condition. During off hook condition the current in
telephone set must be less than 6 mA which is controlled by using a 33 K resistor
in RING detection circuit. In off hook condition the direct current must be greater
than 25 mA.

The Hybrid transformer in the telephone set draw more than 25 mA direct
current. So for off hook condition we only need connection with the Hybrid
transformer and for off hook condition we need to disconnect Hybrid transformer
except ring detection circuit because it takes less than 5 mA.

To achieve the above goal we need only a relay on between telephone
lines and telephone interfacing circuit. And to control this relay from PC or
microcontroller we require a latch which could be controlled directly by a PC or

microcontroller and in turn it could switch ON or OFF the relay.

Circuit Description:

Relay is an electromechanical device with a solenoid at inputs and two
different take off ports called Normally ON port and Normally OFF port. When
there is no I/P to the relay the solenoid is unenergised and the Normally On port is
connected to the signal input port but when the current passes through the

solenoid the signal input port is connected to Normally OFF port.
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The circuit of relay control is simple. The relay is normally OFF and the
telephone line is connected to the ring detection circuit. After the detection of the
ring, relay is turned on so that the telephone line is connected to the speech circuit.
A 5V relay is operated by a switching transistor.

In the case of PC interfacing, one pin of port 37AH is connected to the
DO of latch 74LS373 and output of latch QO is connected to the base of
transistor through 1k ohms resistor. The purpose of using latch is to supply
sufficient current to the transistor. The collector of the switching transistor is
connected to Vcc supply with the solenoid of Relay in series, and the normally On
port is left open but normally OFF port is attached to the input of Hybrid
transformer, so that when the relay is not energized, the telephone lines are
connected to Hybrid transformer and they remain to that position as long as the
switching transistor is ON.

The current of an inductor does not change instantaneously and when an
inductor previously in a circuit passing some current through it is disconnected
from the circuit its current does not become zero instantaneously and there must
be some path available for the inductor to allow its current to pass through it and
slowly drop to zero. For that purpose is an inductor is used in an application where
it is subjected to switching in and out of the circuit frequently a diode is used in
parallel with the inductor so that when the inductor is switched out of the circuit
the current produced by the back emf produced in the inductor can flow in the
diode and thus the path of current is not interrupter. This diode is called free
wheeling diode because it floats freely in normal operation due to reverse bias but

comes into action when there is a break in the path of the current and the back emf
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produced forward biases the diode. Such a free wheeling diode is also used across
the solenoid (an inductor) of the relay to achieve the same effect.

The full operation is such that when PC or microcontroller receives valid
ring they issue a signal to the latch which in turn switches the transistor ON thus
energizing the relay and establishing a contact between telephone lines and the

remaining circuit via Hybrid transformer.

HYBRID TRANSFORMER:

The function of Hybrid transformer is to interface a 2 wire to 4 wire
circuit to permit full duplex operation. In communication, full duplex means that
transmission of signals over the circuit can occur in both directions at the same
time.

Two wire circuit are used for millions of subscriber local loops because
they are cheaper. Four wire which have two wire for each direction are used for
almost all other circuits in the networks. Physical separation of transmit and
receive signal is needed on these circuit so that all types of transmission can he
handled, digital data as well as voice signal, and so that the electronic amplifiers
can be used in transmission path to increase the signal level. Two to four wire
conversion is also necessary in telephone set in order to separate the incoming and
outgoing voice signal and to direct them to the ear-piece and mouth-piece of the
hand set respectively. This ensures that no interference occurs between the two
signals.

A small amount of self voice called the side tone is adjusted so that the

caller hears a part of his own voice in his side of ear-piece. This is necessary in
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order to give the speaker the sense of how loud his has to speak. This side tone is
adjusted with the help of balancing network present in the telephone set.

Before the Hybrid transformer a bridge rectifier is also used. The major
purpose of bridge rectifier is to guard the polarity for the components. Because we
can connect the telephone in either direction so by the bridge rectifier we get the
fixed +ve and -ve points of our circuit.

In our project the ear-piece side of hybrid transformer is connected to the
DTMF circuit and the mouth piece of hybrid transformer is connector to the

speech processor circuit.
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Creating an artificial sound is probably the most salient feature of our
project. Although, we could have used magnetic tape but we decided to create

voice by a speech synthesizer because of its versatility and adaptability.

SPEECH PROCESSOR (SP0256):

It is a very attractive, low cost method of voice reproduction. Instead of
copying our voice onto a tape, this integrated circuit synthesizes speech from raw
sounds. This IC is able to generate all of the distinctive elemental sounds of
speech and arrange them into any pattern of words we desire. So by using this
method, computer data or information regarding tele-switching can easily be
converted into human voice and can be heard on telephone lines over long
distances.

SP0256 contains 64 different types of sounds (including pauses) which
when combined intelligently can produce speech of any kind. It is a 28 pin Dual-

in-line package N-channel MOS LSI device.

Basic Features:

Basic features of SP0256 include:

* natural sound
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» standalone operation with inexpensive support components

» wide operating voltage

» word, phrase or sentence library, ROM expandable

» simple interface to most microprocessors and microcontrollers
» expandable to 491K of ROM directory

» support of L.P.C. synthesis; format synthesis; allophone synthesis

Basic Functions:

The SP0256 incorporates the following basic functions:

1. A software programmable digital filter that can be made to model a VOCAL

TRACT.
2. A 16K ROM that stores both data and instructions (THE PROGRAM)
3. A MICRO CONTROLLER which controls the data flow from ROM to the
digital filter, the assembly of the *“word settings” necessary for linking speech
elements together, and the amplitude and pitch information to excite the digital
filter.
4. A PULSE WIDTH MODULATOR that creates a digital output that is

converted to an analog signal when filtered by an external low pass filter.

ALLOPHONE SPEECH SYNTHESIS:

The allophone speech synthesis technique provides the user with the
ability to synthesize an unlimited vocabulary at a very low bit rate. Fifty-nine

discrete speech sounds (called allophones) and five pauses are stored at different
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addresses in the SP0256 internal ROM. Each speech sound was excised from a
word and analyzed using Linear Predictive Coding (LPC).

Any English word or phrase can be created by addressing the appropriate
combination of allophones and pauses. Since there is a total of 64 address
locations each require a 6 bit address.

A few concepts regarding allophone words should be taken into
consideration :

a) There is no one to one correspondence between letters and speech sounds. Each
sound in a language may be represented by more than one letter and, conversely
each letter may represent more than one sound. Because of these spelling
irregularities, it is necessary to think in terms of sound, not letter, when using
allophones.

b) Speech sounds are acoustically different depending upon their position within
a word. For example, the initial k soundcimopwill be acoustically different from

k's in keepandspeak.The k’s incoopandkeepdiffer due to the influence of the
vowels which follow them, and the final k speakis usually not as loud as in

initial k’s.

c) The human ear may perceive the same acoustic signal differently in the context
of different sound.

The sounds of a language are called phonemes, and each language has a
set which is slightly different from that of other languages. Consonants are
produced by creating an occlusion or constriction in the vocal tract which

produces sound source. If the vocal cords are vibrating at the same time, as in the
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case of the voiced fricatives VV, DH, ZZ, and ZH, there are two sound sources:
one which is aperiodic and one which is periodic.

Vowels are usually produced with a relatively open vocal and a periodic
sound source provided by the vibrating vocal cords. Speech sounds which have
features in common behave in similar ways.

Phoneme is the name given to a group of similar sounds in a language. A
phoneme is an acoustically different depending upon its position within a word.
An allophone, therefore, is the manifestation of a phoneme in the speech signal. It
is for this reason that inventory of English speech sounds is called an allophone
set.

To end a word using allophones it is necessary to load a pause to complete the
word. For example, the word “TWO” can be implemented using the following
allophones, TT2-VW2-PAl. PALl is actually not an allophone but a pause which is

needed to end the word.

CIRCUIT DESCRIPTION:

The SP0256 requires the use of a processor to form words. It is controlled
using the address pins (A1-A8), ALD (address load), and SE (strobe enable).The
object for controlling the chip is to load an address into it which contains the
desired allophone. The speech data for allophone set is contained within the
internal 16K ROM of SP0256.

For 64 allophones only 6 address pins are required (A1-A6). Thus A7 and

A8 are tied to ground. When using as tele-information system (A1-A6) are
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connected to parallel port 378H (Pin # 2-7) of PC and when using as tele
switching system these pins (A1-A6) are connected to 74LS373 latch (Q0-Q5).

There are two modes available for loading an address into the chip. SE
(Strobe Enable) controls the mode that will be used.

Mode O (SE = 0) will latch in an address when any one or more address
pin makes a low to high transition. For example, to load an address One (1), A2
to A6 equal to zero and Al is pulsed high. To load an address twelve(12) octal,
Al = A3 = A5 = A6 = 0, A2 and A4 are pulsed high simultaneously. Note that an
address of zero cannot be loaded using this mode.

Mode 1 (SE = 1) will latch in an address using the ALD pin. First, set the
desired address on the address bus (A1-A6) and then pulse ALD low. Any address
can be loaded using this mode, but certain setup and hold times are required.

We are using SP0256 in mode 1 thus connecting SE (Pin 19) to Vcc.
First the address of desired allophone is set on the address bus and then ALD (Pin
20) is pulsed low. When using with parallel port (LPT1) pin 9 of this port is
connected to ALD and when using with 8051, ALD is connected to pin 19 (Q7)
of 74LS373 latch.

In addition to SE and ALD, two microprocessor interface pins are
available for quick loading of address. They are LRQ (Pin 9) and SBY (Pin 8).
LRQ (Load Request) tells the processor when input buffer is full. SBY(Stand By)
tells the processor that the chip has stopped talking and no new address has been
loaded. Either interface pin can be used when concatenating allophones. LRQ is
an active low signal, when LRQ goes low it is time to load a new address to the

chip by pulsing ALD low. If LRQ is high, then simply wait for it to go low before
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loading an address. SBY will stay high until an address is loaded, then it will go
low and stay low until all the internal instructions (Speech Code) from that one
address are completed. Once this signal goes high, it is time to load a new address.
We are using LRQ signal for handshaking which is connected to pin 11 of LPT1
for tele-information and P3.5 (pin 15) of 8051 for tele-switching. Since speech
does not require very fast address loading, it would also be acceptable to use SBY
to interface to the processor.

In addition to the pins mentioned above there are two oscillator pins
(27&28) in which 3.58 MHz crystal is used. There is a RESET pin (pin 2) which
is connected to Vcc by a 100K resistor and Vss (pin 1) & TEST (pin 22) are tied
to ground for normal operation.

The following pins are kept floating. SBY (pin 8), ROM CLOCK
(pin26), ROM DISABLE (pin 3), C1, C2, C3 (pins 4,5,6), SERIAL IN (pin 21),
SERIAL OUT (pin 12).

The output section of the speech processor consists of pin 24 and its
associated components. The SP0256 outputs the sound in pulse width modulation
form which when passes through the output low pass filter (2 resistors & 2
capacitors) will synchronize with the vocal tract. These filters also move down the
amplitude of the output of SP0256 from 5V to around 2mV analog output which
is not enough to drive telephone speech circuitry. So we amplify this output by
using LM386 audio low power amplifier.

LM386 gives an output of about 1.25V peak to peak giving a gain of
about 200. This output is enough to drive microphone input of speech circuitry. As

the reference grounds of output of speech processor and telephone speech circuit
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are different so they must be isolated. Isolation is done by using hybrid
transformer of telephone set. Output current of transformer is directly fed to the

microphone input of telephone speech circuitry.

Almost all modern telephone sets use the method called DUAL TONE
MULTIPLE FREQUENCY for sending a telephone number. This method can
only be used if the central office is equipped to process the tones. The telephone
set is equipped with a push button keypad with 12 keys which represent the
numbers O through 9 and the symbols * * ~ and " # ". Some special purpose
telephone sets have a 4th column of keys for a total of 16 keys. Pressing one of the
keys causes the electronic circuit to generate two tones in the voice band. There is
a low frequency tone for each row and a high frequency tone for each column. For
example, pressing key 9, generate a 852 Hz tone and a 1477 Hz tone. By using
the dual tone method, 16 combinations are produced from only 8 different tones
when using the 16 position key pad.

The frequencies and the key pad layout have been internationally

standardized but the tolerances on individual frequencies may vary in different
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countries. As an example, the North American standard is + 1.5 % for the tone

generator and + 2 % for the digit receiver.

Frequencies(Hz)

ADVANTAGES OF DTMFE DIALING:

DTMF dialing has almost replaced the conventional pulse dialing all over
the world because of the following advantages:
1. Substantial decrease in dialing time.
2. DTMF dialing uses solid state electronic circuit.
3. DTMF can be used for end to end signaling after the call has been connected
i.e. low speed data transmission.

4. DTMF reduces the local exchange equipment requirements.
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5. DTMF is more compatible with electronically controlled (Stored Program)

telephone exchanges.

FUNCTIONS OF DTMF RECEIVER:

DTMF receiver must do the following:
1. Detect the tone pair signal properly if the frequencies are witlaie- of the
nominal values, and reject the frequencies if they are outside the limits of + 3 %.
2. Make sure that one and only one tone is present from each group and that the
tone duration is at least 40 ms before considering it as a valid digit.
3. Detect as two separate digits if any separation of valid tone pairs is 35 ms or
greater. Detect a tone as the same signal, not as two distinct signals, if the
separation between the tone pairs is 5 ms or less.
4. Properly detect tones whose magnitudes may vary over a 27.5 dB dynamic
range. If the two fundamental frequencies of the DTMF pair have a difference in
amplitude, it is called twist. The DTMF receiver must detect the tone pair up to 6
dB of twist.
5. It should properly detect DTMF signals in the presence of speech and noise on

the line.

FILTERING AND DETECTION:

Filtering is an important function of the DTMF receiver. Such a device is
called a bandsplit filter because its output is in two separate bands of frequencies.
It passes the low and high DTMF groups while rejecting all other frequencies. The

output of the filter goes to the detector to complete the decoding. At the detector,
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each group signal is processed separately. Digital techniques are used to determine
the frequencies of the signal by converting the numbers of master clock pulses
present in each period of the incoming frequency. The detected frequency of the
high group and the low group are logically tested to determine if they are valid
DTMF frequencies. If so, the two are combined to produce a coded output
representing the dialed number.

A more difficult task of the DTMF receiver is to determine whether a
tone within the DTMF band is actually a DTMF tone or a sound produced by
speech that resembles the DTMF tone. If the tone “Accept” criteria are too
relaxed, DTMF tone pair are quickly recognized as valid, but so are speech
segments and other sounds which sound like a DTMF tone. Such detection is
referred as Talk Off, and it leads to wrong numbers or other error at the receiver.
If the accept criteria are too strict, detection time is increased. The best solution is
a compromise between the effects of noise overriding the signals and the chance

of talk off error. The detection time is usually 10 to 30 ms.

THE IC MT8870:

The MT8870 is a complete DTMF receiver integrating both the
bandsplit filter and digital decoder functions, fabricated in Mitel's double poly
IS02- CMOS technology. The filter section uses switched capacitor technique for
high and low group filters; the decoder uses digital counting techniques to detect
and decode all 16 DTMF tone pairs into a 4-bit code. External component count is
minimized by on chip provision of a differential input amplifier, clock oscillation

and latched three state bus interface.



30

MT8870 has the following salient features:
» Complete DTMF Receiver
* Low Power Consumption
* Internal Gain Setting Amplifier
* Adjustable Guard Time

» Central Office Quality

Its applications include:
a) Receiver System For British Telecom(BT) or CEPT Spec(MT 8870B-1)
b) Paging Systems
c) Repeater Systems / Mobile Radio
d) Credit Card Systems
e) Remote Control

f) Personal Computers

FUNCTIONAL DESCRIPTION:

The MT8870 monolithic DTMF offers small size low power
consumption and high performance. Its architecture consists of a bandsplit filter
section, which separates the high and low group tones, followed by a digital
counting section which verifies the frequency and duration of the received tones

before passing the corresponding code to the output bus.

Filter Section:
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Separation of the low group and high group tones is achieved by applying
the DTMF signal to the input of two sixth-order switched capacitor bandpass
filters, the bandwidth of which correspond to the low and high group frequencies.
The filter section also incorporates notches at 350 and 440 Hz for exceptional dial
tone rejection. Each filter output is followed by a single order switched capacitor
filter section which smoothes the signals prior to limiting. Limiting is performed
by high-gain comparators which are provided with hysteresis to prevent detection
of unwanted low-level signal. The outputs of the comparators provide full rail

logic swings at the frequencies of the incoming DTMF signals.

Decoder Section:

Following the filter section is a decoder, employing digital counting
technique to determine the frequencies of the incoming tones and to verify that
they correspond to standard DTMF frequencies. A complex averaging algorithm
protects against tone simulation by extraneous signal such as voice while
providing tolerance to small frequency deviations and variations.

Steering Circuit:

Before registration of a decoded tone pair, the receiver checks for a valid
signal duration. This check is performed by an external RC time constant driven
by EST. Finally, after a short delay to allow the output latch to settle, the delayed
steering output flag (StD) goes high, signaling that a received tone pair has been
registered. The contents of the output latch are made available on the 4-bit output

bus by raising the three state control input( TOE ) to a logic high.
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Guard Time Adjustment:

In many situations not requiring selection of tone duration and interdigital
pause, the simple streeing circuit is applicable. Guard time adjustment also allow

the designer to tailor system parameters such as Talk Off and Noise Immunity.

Differential Input Configuration:

The input arrangement of MT8870 provides a differential input
operational amplifier as well as a bias source (Vref ) which is used to bias the
inputs at mid-rail. Provision is made for connection of feedback resistor to the op-
amp output (GS) for adjustment of gain. MT8870 can also be connected in single
ended configuration. In this configuration op-amp is connected for unity gain and
Vref biases the input at VDD/2 . But we are using MT8870 in differential input
configuration which permits the adjustment of gain with a feedback resistor.

Crystal Oscillator:

The internal clock circuit is completed with the addition of an external
3.579545 MHz crystal.

CIRCUIT DESCRIPTION:

In our project when used in tele-information system, DTMF decoder’s
4-bit hexadecimal output is connected to parallel port 0379H of PC. StD is also
connected to port 0379H. And when used in tele-switching system StD is taken as
interrupt and connected to INTO (Pin 12)
while hexadecimal output pins (Q1-Q4) are connected to buffer 74LS244. When
STD pulses logic 1 it means that some key is pressed and data could be read by

enabling the buffer.
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For our tele-information system design, we needed a PC to control and
monitor our main circuit and to hold the program and data needed for our system.
Any external circuit that is to be controlled by the PC must first be interfaced to
PC. Interfacing circuit that is necessary for proper connection between an external
device and Pc has to performed some essential functions such as to decode address
lines, to check whether this device is called or not and it must provide data link
between PC and external device. It should also provide handshaking signals if
handshaking is used. If slot interfacing is employed then PC should provide DC
power required by the device so that no external power is required.

Address decoding could be implemented by using memory addressing or

direct /0O addressing. Both methods have some of their advantages and
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disadvantages. Memory addressing has more CPU instruction but special care
must be taken so that no conflict occurs between and /O addresses. The I/O
addressing has few CPU instructions but is more compatible in different hardware
configurations. Usually direct 1/0O addressing is used and we too are using this
method.

The most common method of interfacing of microcomputer is through
the use of programmable digital input and output register. The microcomputer can
write data into the digital output register treating register as an 1/O port or memory
location. The output of the register could be wired to an interface device such as
the relay. Then by writing data to the output register, one could activate and
deactivate a relay. Digital input register are similar but are used to sample the
status of signal are attached to their input. A digital input register can be thought
of as a memory location or an I/O port address that has wires attached to
individual locations. When read, the date results reflects the state of the signal on
the wires. In general, digital input and output register allow the microprocessor to
sense information about the outside world and emit control signal that cause
actions to occur outside the computer.

Often functions cannot be done easily by the system program using
digital 1/O registers directly because software programs are not fast enough too
much to perform efficiently. This function is referred to as ‘unique interface
circuit’. A goal in design is to reduce or eliminate the need for unique and custom
interface adapter circuitry.

The last element of an interface design is the attachment of the design to

the real world. Unfortunately, the real world is not digital and the signal to and
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from such interfaces requires a conversion to other forms, such as relay drivers,

switch sensors, and not digital voltage levels.

PORT ADDRESSING:

The 1/0 adapter and most supporting devices in the PC are controlled
and sensed using the digital input and output ports. These ports are addressed
using the 1/0 port address space of microprocessor. Data is sent to these port using

the OUT instruction and sensed or read from these port using IN instruction.

I/O Port Address Map:

The 1/0 port address map can be divided into two parts.

1. The first part of address space is 0000H through FFFFH. These port addresses
are used to address the microprocessor support devices and integrated I/O on
the baseboard system.

2. The second part of PC I/O port address space is from 0200H through 02FFH.
This address space is used for port addresses decoded on the system bus and

available in the four card slots on the system board.

CARDS AND PORTS FOR INTERFACING:

For some interfacing projects, one may be able to use interfaces that exist
on the PC system unit baseboard or on some of the feature card that IBM provide
for the PC. This is more feasible and economical to use port interfacing than to
use slot interfacing because there is always a danger of card malfunctioning or any

inadvertent short circuit in the circuit which might cause damage to the system
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baseboard if slot interfacing is employed. In case of 1/O port interfacing if such

thing happens then it would simply damage the /O port and the main system
motherboard will be saved. Moreover if the dimension of the project circuit is too

large then it would simply not fit in the casing of the CPU or it may unduly stress

the slot.

Usually different are packaged in a separate casing and a connector is
provided to be connected to the I/O port. The only disadvantage of port interfacing
an external power supply is required and the process is a bit slow as compared to
the slot interfacing.

The PC system is equipped with highly advanced controller cards with

built-in AT 1/0 and IDE/FDD functions. The key features of such cards are:

Two serial ports (ASYN1,ASYN2).

* One parallel port (LPT1,LPT2,LPT3).

* One game port.

* One FDD port (connected to floppy disk drives).
* One AT bus HDD port.

The Parallel Printer Port:

The parallel port of the computer which we have used is the same that is
use to connect printer with computer. In out project, only the printer port is used to
link the system with computer.

The parallel port in the system is designated as LPT1 and it address are
0378H, 0379H and 037AH. The parallel printer adapter card can be used as a

general purpose set of digital input and output port for interfacing other devices.
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This card provides an 8-bit digital output register that can also be read, a
4-bit output register that can be read and change to an input register, a 5-bit input
register and output register bit that can be enabled to generate an interrupt on level
7. The card’s address can be modified so that it will not conflict with another
printer port card in the system. All input/output port bit are available for
interfacing on a 25-pin D-Type connector at the back of the card.

Address Modification:

The parallel printer port card decodes I/O port address 0378H, 0379H and
037AH but the card can be easily modified such that the port addresses are moved
to addresses 0278H, 0279H and 027AH. A location for two jumper pin called J1
is identified on the card then the signal traced is deleted between these two pin
position, the new addresses are decoded.

Pin Assignment of Parallel Port LPT1:

Pin assignment of parallel port are as under:

Pin Number
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SLCT IN[-] 17

GROUND 18-25

All the above line names are given with respect to the conventional dot

matrix line printer standards.

An 8-bit output port at address 0378H:

An 8-bit digital output register is at address 0378He output of this
registers connected to the connector pin. Thus, an OUT instruction to either port
address can write data directly to the connector pins. A one bit written to the port
will result in a high TTL level at the connector pin. The output of the digital
output register and the state of connector pins that it is connected to, can be read
through a digital input register at the same port addresses. the purpose of the input
register is to verify that the digital output register was loaded properly. A simple
modification on the card can convert this output port to an input port. To disable
the output function of this port and use it as an input port, the ground on the pin 1
of the U4 component (an SN74LS3737) is removed and tied to +5 volts but for

our application it was not needed.

TTL level with TTL level of read Pin position of 25

‘1’ written to port data with ‘1’ read pin D-type

o]} connector

0 High High 2

1 High High 3
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2 High High 4
3 High High 5
4 High High 6
5 High High 7
6 High High 8
7 High High 9

A 5-bit Input port at address 0379H:

A 5-bit input register is at address 0379H. Bit-7 of this register can be
used to create an interrupt on level 7 if it is enabled by the port bit in the 5-bit /O
register port. This port is unidirectional and is meant for input only. The output

lines of this port sink very low current of the order of 10-20 mA.

TTL level with ‘1’ TTL level of read Pin position of 25

written to port bit data with a ‘1’ read pin Dtype connector

0 Low Low 1
1 Low Low 14
2 High High 16
£ Low Low 17
4 Enabled IRQ7 Enable IRQ7 bit -
5 Not used Not used -
6 Not used Not used -

7 Not used Not used -
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A 4-bit Input/Output Port at address 037AH:

A 5-bit digital output register is at address 037AH. 4 of the output bits
are wired to the 25-pin D-Type connector. The fifth bit is used to enable or disable
interrupt request on level 7. The output of the digital output register, and the
connector pins that is attached to, can be read be issuing an IN command to the
same port address. Figure shown below defines the active level of the register bit
and the connector pins that they are attached to.

Because the 4 output bits attached to the connector pins are driven with
open collector driver, these points can be used as input bits. If the output register
is said to a value that produces a high TTL logic level at the connector pins, the
output may be driven low by incoming signal on these pins. Thus, an external
driving circuit can control the level of these pins and, by using the input portion of
this register, their state can be sensed. By programming the output bits to a high

level, they can be used as input port bits.

Bit TTL level of read data with a ‘1’ read Pin position of 25 pin D-type connectg

1 ] ]
5 ] ]
3 ] ]
4 High 13
5 High 12
6 High 10

7 Low 11
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INTERFACE MANIPULATIONS:

As discussed above, port 0378H can be used in a bi-directional way and
all pins of this port are of normal state. Out of 8-bits of port 0379H, there are
available only 5 pins for us to interface and one of these pins takes complementary
state i.e. when a ‘1’ is output on this pin from microprocessor, it appears in
complementary state i.e. ‘'O’ state and vice versa. Similarly a ‘1’ is input to the
microprocessor on this pin, it is read as ‘O’ by the microprocessor. For port
0379H pin # 11 which is the MSB of the byte of port is in complementary state.
The last three bits (D0-D2) are not available for us, and their state is unchanged
and remains as 111. So the byte read as per default at port 0379H is :

0111 1111 (binary) = 127 (decimal) = 07F (hexadecimal)

The status value of bits of port 0379H are as under:

Pin#11 ................ Complementary state
Pin#10 ....cccccennn.. Normal state
Pin# 12 .....cccve.... Normal state
Pin#13 ...ccccccenn. Normal state
Pin#15 ....cccccce. Normal state

Out of 8 bits of port 037AH only four are available for us for interfacing,
three of which are bi-directional and one is meant for output only. Two of the bits

of port 037AH take complementary state and the first five bits of this port remain
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unchanged and are constant as 11101. So the byte read as per default at port
037AH is :
1110 1100 (binary) = 236(decimal) = OEC(hexadecimal)

The status values of bits of port 037AH are as under:

Pin#16 ................ Normal state
Pin#14 .....ccc........ Complimentary state
Pin#1 .o, Complimentary state

For ports 0379H and 037A H some software manipulation are needed in
order to read or write appropriate data at these ports.

For our design, we needed 8 pin for speech processor circuit.

1. Six data lines to be output to speech processor for a given allophone.

2. One ALD output to speech processor with the data to load the data in speech
processor.

3. One IRQ input coming from speech processor.

We required 5 pins for DTMF circuit:

1. 4-bit decoded word from DTMF detector.

2. STD input from DTMF detector indicating that the output of the DTMF
detector contains a valid word .

We also required one input pin for ring detection circuit i.e. the output of
the optocoupler through switching transistor, and one output pin to the latch for
off hook and on hook switchings.

Pin assignment scheme:

We adopted the following scheme for pin assignments:
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Port 0378H

Port 0379H

11 10 12 13 15

STD Q4 Q3 Q2 01

N/C N/C

Port 037AH

17

N/C N/C N/C N/C NIC

16 14

LRQ RNG

Here
ALD = Address load input of speech processor
STD = Steering delayed output of DTMF detector

LRQ = Load request output of speech processor
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RNG = Output of optocoupler indicating ring

OH = Off hook /On hook

A6-Al = Input word of speech processor

D3-DO0 = Decoded word output of DTMF detector

N/C = No connection

Microprocessors are most commonly used as the CPU in microcomputer
systems. This is what they are designed for, and this is where their strength lie.
Microcontrollers, however, are found in small, minimum component designs
performing control-oriented activities.

As compared to a microprocessor which is just a single chip CPU, a
microcontroller contains, in a single IC, a CPU, RAM, ROM, a serial interface, a
parallel interface, timer and interrupt scheduling circuitry.

The MCS-51 is a family of microcontroller Integrated circuits developed,
manufactured, and marketed by Intel Corporation. In this family of

microcontrollers which comprises of 8051, 8031,8751,8052,8032 and 8752, we
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decided to use 8051. 8051 is a 40 pin dual-in-line (DIP) package HMOS device.
Its features are summarized below:

1. 4K Bytes ROM (factory mask programmed)
2. 128 Bytes RAM

3. Four 8-bit I/O Ports

4. Two 16-bit Timers

5. Serial Interface

6. 64K External Code Memory Interface

7. 64K External Data Memory Interface

8. Boolean Processor (Operates on single bits)
9. 210 Bit Addressable Locations

10. 4 microsecond Multiply/Divide

FUNCTIONAL DESCRIPTION:

32 of the 8051’s 40 pins function as I/O Port lines. However, 24 of these
lines are dual-purpose. Each can operate as I/O, or a control lines or part of the
address or data bus.

There are 4 ports available:

Port 0

Port 0 is a dual-purpose port on pin 32-39 of the 8051 IC. In minimum
component design it is used as a general purpose I/O port. For larger designs with
external memory, it becomes a multiplexed address and data bus. Port O is an open
drain bi-directional 1/0O port. As an output port each pin can sink 8 LS TTL input.

Port 0 pins that have 1s written to them float, and in that state can be used as high-
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impedance inputs. Port 0 is the multiplexed low order address and data bus during
accesses to external Program and Data Memory. In this application it uses strong
internal pull-ups when emitting 1s and can source and sink 8 LS TTL inputs.

In out project we are using port 0 as a multiplexed address and data bus.
Besides this pins P0.0 to P0.3 are connected to 74LS244 buffer. The buffer
transfers the hexadecimal output of dual tone multiple frequency decoder to data

lines after being enabled.

Port 1.

Port 1 is a dedicated 1/O port on pins 1-8 of 8051 IC. The pins, designed
as P1.0, P1.1, P1.2, etc. are available for interfacing to external devices as
required. No alternative function are assigned for port 1 pins; thus they are used
solely for interfacing to external devices. Port 1 is a bi-directional 1/0O port with
internal pull-ups. The port 1 output buffers can sink /source 4 LS TTL input. Port
1 pins that have 1s written to them are pulled high by the internal pull-ups, and in
that state can be used as inputs. As inputs, ports 1 pins that are externally being
pulled low will source current because of the internal pull-ups.

In our project Port 1 is used for tele-switching i.e. a high output on any
pin turns the device ON and conversely a low output turns it OFF. Various devices

are connected to Port 1.

Port 2:
Port 2 ( pins 21 -28) is dual purpose port serving as general purpose /O,

or as the high byte of the address bus for designs with external code memory or
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more than 256 bytes of external data memory. Port 2 is a bi-directional 1/0O port
with internal pull-ups. The Port 2 output buffers can sink/source 4 LS TTL inputs.
Port 2 pins that have 1s written to them are pulled high by the internal pull-ups,
and in that state can be used as inputs. As inputs, Port 2 pins that are externally
being pulled low will source current because of the internal pull-ups.

Port 2 emits the high order address byte during fetches from external
Program Memory and during accesses to external Data Memory that use 16-bit
addresses (MOVX @DPRT). In this application it uses strong internal pull-ups
when emitting 1s. During accesses to external Data Memory that use 8-bit
addresses (MOVX @Ri ). Port 2 emits the contents of the P2 Special Function
Register.

Port 3

Port 3 is a dual purpose port on pin 10 - 17. As well as general purpose
I/O, these pins are multi-functional, with each having an alternate purpose related
to special features of 8051. Port 3 is also a bi-directional I/O port with internal
pull-ups. The Port 3 output buffers can sink/source 4 LS TTL inputs. Port 3 pins
that have 1s written to them are pulled high by the internal pull-ups, and in that
state can be used as inputs. As inputs, Port 3 pins that are externally being pulled
low will source current because of the pull-ups.

Ports also serves the functions of various special features of the MCS-51

Family, as listed below:

PORT PIN

RXD (Serial Input Port)

‘ TXD (Serial Output Port)
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INTO (External Interrupt 0)
INT1 (External Interrupt 1)

TO (Timer O External Input)

T1 (Timer 1 External Input

‘ WR (External Data Memory Write Strob

U

RD (External Data Memory Read Strob¢

In our project pin connection of port 3 are as follows.

P3.2 (INTO) is connected to StD of DTMF decoder. When valid data is
present StD pulses high. P3.3 (INT1) is connected to ring detection circuit. It is
activated when ring is present on telephone lines. P3.4 pin is connected to
74L.S373 Latch (pin 3) which drives the relay. The relay causes telephone line to
become off hook. P3.5 is connected to LRQ output of SP0256. When it goes low
it is time to send data to speech processor by pulsing ALD low. P3.6 (WR) is
connected to pin 5 of 74LS04 inverter which is used in decoding. P3.7 (RD) is
connected to pin ... of 74LS244 buffer . P3.0(RXD) and P3.1(TXD) are kept
floating.

Besides these ports 8051 has four signals that are dedicated bus control
signals as follows:

1. Program Store Enable (PSEN):

PSEN is an output signal on pin 29. It is a control signal that enables

External Program (Code) Memory and generally connects to an EPROM'’s output

enable (OE) pin to permit reading of program bytes.
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The PSEN signal pulses low during the fetch stage of an instruction. The
binary codes of a program (op-code) are read from EPROM, travel across the data
bus, and are latched into the 8051’s instruction register for instruction decoding.
When executing a program from internal ROM (8051), PSEN remains in inactive
(High) state.

When the device is executing code from EPROM, PSEN is activated
twice each machine cycle, except that two PSEN activations are skipped during
each access to external data memory.

In our project PSEN is connected to OE (pin 22) of 27128 EPROM.

2. Address Latch Enable (ALE):

8051 uses ALE (pin 30) for demultiplexing the address and data bus.
When Port 0 is used in its alternate mode - as the data bus and the low byte of the
address bus-ALE is the signal that latches the address into an external register
during the first half of a memory cycle. This done, the Port O lines are then
available for data input or output during the second half of memory cycle, when
the data transfer takes place.

The ALE signal pulses at a rate of 1/6th the on chip oscillator frequency
and can be used as a general purpose clock for the rest of the system. If the 8051 is
clocked from a 12 MHz crystal, the ALE signal oscillates at 2 MHZ.

In our project ALE is connected to Address latch 74LS373's G pin (pin

11).

3. External Access (EA):
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The EA input signal on pin 31 is generally tied high (+5V) or low
(Ground). If high, the 8051 executes programs from internal ROM when
executing in the lower 4K/8K of memory. If low, programs execute from external
memory only and the PSEN signal pulses low accordingly. If EA is tied low on
8051 internal ROM is disabled and program execute from external EPROM. In

our project EA is connected to Vcc.

4. Reset (RST):

The RST input on pin 9 is the master reset for 8051. When this signal is
brought high (for at least 2 machine cycle), the 8051 internal registers are loaded
with appropriate values for an orderly system start up. RST may be manually

activated using a switch or may be activated upon power up using an RC network.

Oscillator Characteristics:

The 8051 features and on chip oscillator that is typically driven by a
crystal to pins 18 & 19. Stabilizing capacitors are also required. The nominal
crystal frequency is 12 MHZ for most ICS in the MCS 51 Family. A TTL clock
source can be connected to XTAL1 and XTAL2. XTAL1 & XTAL2 are the input

and output respectively, of an inverting amplifier.

EXTERNAL CODE MEMORY:

Microcontrollers have expansion capabilities beyond the on chip
resources to avoid a potential design bottleneck. 8051 provides this in the form of

64K External Code Memory space and 64K External Data Memory space.
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When external memory is used, Port 0 is unavailable as an I/O Port. It
becomes a multiplexed address (A0-A7) and data (DO-D7) bus, with ALE latching
the low byte of the address at the beginning of each external memory cycle. Port 2
is usually (but no always ) employed for the high byte of the address bus. This
multiplexed arrangement uses only 16 pins of the 8051. The saving in pins allows
other function to be offered in 40 pin DIP.

During the first half of the memory cycle, the low byte of the address is
provided on Port 0 and is latched using ALE. 74LS373 latch holds the low byte of
the address stable for the duration of the memory cycle. During the second half of
the memory cycle, Port O is used as the data bus.

27128 EPROM:

Since in our project we do not read much memory for our program so we
selected 16K bytes EPROM 27128. It is a 28 pin DIP manufactured with NMOS
technology. With 16 K bytes memory, only 14 address lines (A0-A13) are needed.
The address range of 27128 is 0000H to 3FFFH. EPROM’s OE pin is connected
to PSEN of 8051 and CE pin is connected to pin 4 (YO of Decoder 1) of 74LS139

decoder. PGM and Vpp pins are permanently connected to Vcc.

ADDRESS DECODING:

Address decoding is necessary to select the EPROM, 74LS373 latch used to drive
speech processor and 74LS244 buffer used to get output of DTMF decoder.
Whenever certain function is to be performed, first the desired IC is selected by
executing the instruction MOVX @DPTR, #data. Here DPTR register was stored

with the required address of the IC.
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In our project decoding is performed with the help of a 2 to 4 decoder
74LS379, an inverter 74LS04 and an AND gate 74LS08. The EPROM is
connected to microcontroller's address 0000H-3FFFH. The 74LS373 latch used to
drive speech processor is connected to address FOOOH - FFFFH. The 74LS244

buffer is connected to address EOOOH-EFFFH.

As a specific application of our tele-information system we are
introducing tele-billing system. In this system, the utility service providing
company will not mail bills to the customers but the customers themselves have to
strive a little to know about the details of their bills by calling to the regional
office of the company, where are tele-billing system will tell them the detail of
their bills.

The supporting software is the heart of the system and monitors and
controls the whole system. Any high level language could be used but we

preferred C" due to its flexibility, easy access to hardware and compact coding.
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C' also supports Object Oriented Programming (OOP), a very powerful style of

programming.

What does the software function?

Different tasks to be performed by the software are given below:

1. It must constantly check the status of the RING signal which would come on
pin 14 of LPT1.

2. If three RING signals in succession are detected then it must cause the
computer to generate the off hook signal on pin 1 of LPT1.

3. After the hook off it must cause the speech processor to say the greeting
message and ask the caller to enter his meter number and account number.

4. It must read the decoded word from port 0379H from the DTMF decoder and
compare the meter number and account number with the stored ones. If the
two are matched then ask the caller to press the code for the information desire
and then tell the desire information.

5. It must cause the computer to generate on hook signal of pin 1 of LPT1 if any
one of the following condition occurs:

a) absence of any response from the caller for 10 sec.

b) mismatch of the meter number or account no.

c) end of communication.

This is also the task of the software to select appropriate allophones from
the listing provided and send them to the speech processor in the form of a word

to generate words and sentences. A set of allophones to be used are defined as
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constants in the software code and the codes are sent to port 0378H where speech
processor is connected.
It might also display its current status on a visual display terminal for an

operator to monitor the status of the system.

How does the software function?

The supporting software of our project is written in C++. It performs its
tasks with the help of different functions devised by us. Let us have a glance of
our software and its subsidiary functions.

1. Class bill:

We have defined a class of type bill which accomodates seveeral

variables and functions which are needed in the cours of the program.

2. Class Gstring :

If visual display terminal is used to monitor the status of these diferent
messages are shown on the terminal corresponding to different processes going on
in the system. Class Gstring is defined to illustrate different messages in graphics
mode.

3. Function detect ring( ):

It constantly checks for the occurance of the ring. If another ring is not
detected after the first one within 10 seconds, it ignores the first ring detected.This
functton makes use of a library function of C++ i.e. clock( ) function. This
function returns the number of clock ticks generated by the clock of the CPU.

Another function CLK_TCK returns the number of ticks per seconds. The ratio of
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these two functions gives the number of seconds elapsed after the commencement
of the program.

4. Functions off hook( )/on hook():

It sends a signal on the port 037Ah for off hook or on hook.

5. Function read code():

It reads the key pressed by the caller as thhe code word is generated by
the DTMF decoder.

6. Function comp acc meter():

It compares the acount and meter number entered by the caller. If
matched, proceeds to next step otherwise returns to zero.

7. Function speak( ):

It speaks the word given to it as its arguementy sending a series of coded

wordsto speech synthesizer connected at port 0378H.

By the term tele-switching, we mean that we can operator various
appliances via telephone lines from long distances i.e. we can turn them ON or
OFF according to our requirement. This task is performed by Microcontroller.
Various devices are connected to 8051's port 1 (which is a dedicated I/O port ) as

follows:
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DEVICE

A device can be turn on sending a high signal to the pin with which it is
connected and can be turned OFF by sending a low signal. At the same time,
information regarding condition of the appliance can be heard on telephone lines.

To execute the whole task of tele-switching system effectively, a
microcontroller assembly program is needed which is burned into the EPROM.
Microcontrollers have instruction sets catering to the control of inputs and
outputs. They have instructions to set and clear individual bits and perform other
bit oriented operations such as logically ANDing,ORing or XORing bits, jumping
if a bit is set or clear and so on. This powerful feature of microcontrollers is rarely
present in microprocessors, which are usually designed to operate on bytes or
larger units of data.

The tasks that our controller program must perform are:
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1. Continually check the ring detection circuit for presence of any incoming call.
In our project output of ring detection circuit is connected to P3.3 (INT 1) pin
of 8051. When ring is present, this bit gets activated.

2. When a call comes, it should produce off hook condition after three rings and
respond to the caller. In our project the latch that is used to produced off hook
condition is connected to P3.3 (pin 14). If the second or third ring does not
come after 10 seconds of the previous ring, then the controller won’t respond
and assumes it to be a wrong number.

3. After connection is made, it greets the caller, saying some predefined welcome
message.

4. It then asks the caller to press the correct key if he knows so. If the caller does
not know the key he may ask for help. If the controller gets no response for 10
seconds, it disconnects the line after saying some farewell message.

5. When the desired appliance is selected, the controller again waits for 10
seconds for next instruction from the caller. If it gets no response, it
disconnects the phone after saying the farewell message.

6. After the caller has pressed the correct key, the controller goes to the routine
servicing that functions and tells the caller about the condition of appliance in
human voice.

After the desired function is performed, the controller asks the caller
about any other function. If it gets response in 10 seconds it works accordingly.

Otherwise disconnects the line.

DESCRIPTION OF PROGRAM:
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The program is in Microcontroller Assembly language and compiled with
Microsoft Assembler.

Monitoring Ring'’s Presence:

To continually monitor ring detector for a ring, an interrupt could be used
such that whenever a ring a ring comes an interrupt occurs consequently. But this
approach is useful if the controller is doing something else while waiting for ring.
As our tele-switching has nothing to do until a ring occurs, so we don’'t use
interrupt. We simply continue monitoring ring detector.

Many subroutines are defined in the program. Some important
subroutines and segments of the program are:

RNG: Here 8051 continually checks P3.3 for ring. If it finds one then waits
for a second and third and gets out of loop. Otherwise it continuos waiting for
ring.

OFEFHOOK: Here relay is activated and line becomes off hook and greeting
message is uttered.

INPUT: After saying greeting message in OFFHOOK, this subroutine is
called. Here 8051 periodically checks the StD pin of DTMF (50,000 times in a
second). Then if it gets response, it stores the output of the DTMF in accumulator
and returns. Otherwise it clears the accumulator and returns.

START: After calling INPUT if the controller finds some number in
accumulator, the selection of appliance is made in START, based on input from
the caller.

HELP1: If 8051 finds 9 in accumulator then it helps the caller by telling

him about the codes of the appliances and how to operate them. External Interrupt
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0 is used to quit HELP1. In any part of the HELP1 if 8051 finds A bit of internal
RAM set, then it quits HELP1.

MMAIN:  After performing one function, here the controller asks the caller
about any other function to be performed.

FINISH: At any stage of the program after calling INPUT subroutine, if
the controller does not get response from the caller within 10 seconds it
disconnects the line by jumping to FINISH. Here farewell message is uttered and
line becomes on hook.

SPEAK: It is a subroutine used to send input to SP0256. Before calling
this subroutine, accumulator is loaded with the desired allophone code. In SPEAK
if LRQ (connected to P3.5) is found active, the contents of accumulator are
transferred to speech processor.

In this program all words used are synthesized in the form of a subroutine
like LIGHTS, FANS, IRON etc. Each word comprises of many allophones. To
utter each word, its allophones are written into the accumulator and SPEAK

function is called.



