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Recent advancements in Large Scale Integration Technology have 

made available devices, such as microprocessors, analog gates and "three 

state" logic, that provide the designer with a wide range or possibi­

lities in the design of telecommunication systems. A microprocessor and 

analog gates are utilized in this design to demonstrate the feasibility 

of implementing a flexible Telecommunication System, The microprocessor 

is programmed to control, through software, the sy-stem :functions. The 

r easibill ty of systems highly adaptable to the needs or individual 
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PREFACE 

The objective or this project is to demonstrate the .feasibility 

of impl~menting a flexible and easily expandable telephone system, 

that can be adapted to the needs of individual users, at low cost. 

By utilizing advantages offered by analog gates, microprocessors 

and "Three Stat~" logic, and because of the nature of the multipl~xing/. 

demultiplexing scheme used, the system described here can serve· large 

numbers of subscribers. 

Detailed discussion of the technical aspects or the de~ign 

compromises will be taken up in the main body of this report. Suffice 

it to stat~ here, however, that time division multiplexin~ and pulse 

amplitude modulation is used. The design approach is such as to reduce 

to acceptable levels the shortcomings, primarily excessive cross-

talk, associated with these techniques. Although it can be argued 

that other multiplexing techniques could improve the cross-talk levels, 

the sacrifices in system flexibility and the increased complexity of 

control do not warrant their use at the clock rates utilized in this 

system. 

The system will be controlled by microprocessor. The MOS 

Technology, Inc. MCS6502 microprocessor will be used. 

·I wish to express my sincere thanks to Dr. Harry s. White for 

pointing the way, to Mr. Jack c. Riley for encouraging me, and to 

Mr. Henri B. Joyaux for his boundless patience and his invaluable 

technical advice, without which I would have never begun this undertaking. 



! . 

I also wish to thank Deen.a, MY' wife, for her understanding and for 

typing the manuscript, 
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CHAPTER I 

INTRODUCTION 

In order to carry out Telecommunication, the audio signal must 

be converted to a form transmissible over the required distan~e, the 

means of transmission m.ust be provided and reconversion of the sign~l 

to its original, audible form ·must be achieved at the receiving end. If 

this telecommunication is to be selective, that is only ~etween selected 

participants, to the .exclusion of everyo~e else, the means or selecting 

the recipient mu.st also be provided• 

When the first telephone exchange went into operation in New Hayen, 

Conn., on Jan. 20, 1878, with only 20 subscribers, it was operated man­

ually and the selection or the called party presented no insurmountable 

problem. Since that time, however, the number or subscribers has in­

creased to well over _200 million, and the selection of the called 

subscriber presents the problem or designing into the telephone system 

the capability or addressing any and all other. subscribers efficiently, 

Efficiency in this case implies the successful completion or calls with­

out excessive delays an~ on the first attempt a good part of the time, 

but primarily it implies economical use ot the telephone plant, Even 

though each Bl:lbscriber must h~ve the capability of addressing eve-ry 

other subscriber, in practice, the vast majority or "other" subscribers 

will never be called, a ve-ry small number of subscribers will be called 

very rarely, while a miniscule number of subscribers will be called with 

any regularity. However, even this regularity, which may amount to a 
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few times a day, adds up to a small. percentage of the to.tal time. 

A number of schemes have evolved over ~e last hundred years, 

each or which attempts to provide reliable and economical telephone 

service. All of these utilize ~ome mix of space and time di~eion 

multiplexing or the audio path and also of the control function, the 

means or setting.up of' calls, and of maintaining the audio path for 

th~ duration ot the conversation. The ~apid rate or increase in the 

demands placed upon the telephon~ sy~tem .·~~-forced the development 

2 

of ever newer, taster, more compac'f;. and increasingly flexible systems. 

These systems, whether manual, steP-by~step or register controlled make 

use or metallic cross-points. '!he metallic cross~point, th~ugh it re-

pl'esents a "slow'' technology long superceded in most fie1ds of' elec­

tronic appll_cations, offers the advantage or a low, linear impe~ance 

pa th through. the telephone switching system. Also' because or its slow 

response time, it possesses the advantage of not responding to fast 

transients that may ocou.r throughout the sy~tem. Because of these 

inherent advantages, and because ot the relatively lower costs of manu-

facture or a srstem based on relay and reed-switch techno+ogy, but 

primar14' ~ecause of' the f3ize of investment in this technology, which 

as measured by the existing equipment· ~pe~ated by the telephone com­

panies, ranges into the billions o~ dollars, there exists gre~t inertia 

to th~ urge to upaate. There is no inherent advantage in the elegance 
. , . . 

or originality of design. The final choice is ~at design approach which 

optimi~es the objective funct~on. In the case of a telecommunication 

system, the variables that constitute the ~bjective function includes 

intelligibility of ·signal, cost, reliability, maintainability, adapta­

bili ty 0£ the system to different and ~arying sizes of' serviced area, 
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etc. Cost includes, in addition to development, hardware and real 

estate costs, other indirect costs such as the cost or training personnel 

to maintain the new equipment, the cost ot the impact ot the new equip­

ment on existing equipment (interfaces, obsolescence due to new ser­

vices which the old equipment cannot provide at a r~asonable co.st) ••• etc. 

However, the relative importance ot the economic f'actors attect­

ing the process ot making the choice Q! de$igns change ~ori~~uously. 

Rapid advancements in th~ development of' the Large Scale lntegration 

(LSI) technologies, decreased costs or LSI because ot economies of 

scale, increases in labor costs, ~ost$ of space and power, the pace 

ot increas~ of demand for new: service as well as the ability of the 

new technologies to provide teatures to the telephone system whic~ 

would allow it to be flexible enough to be adaptable to the needs of 

each individual subscl*iber, are tipping the balanc~ in favor Qf the 

new technologies. 

Analog gates that permit high speed ~ltiplexing, and th~ develop-

ment of the microprocessor that allows .software ~rogramming of the con­

trol or the switching of the audio signal$, make the design of rela­

tively inexpensive, adaptable systems feasible. Up to the present, 
' relatively small telephone exchanges, su~h as those used by business 

firms, schools, hotels, hospitals, etc., could not be economicall.y­

designed to provide services adaptable to the' heed~ or the subscriber. 

Flexibility and adaptability were characteristics associated with 

relatively large systems, with several thousands or subscribers, con-

trolled by a minicomputer. The microprocessor permits the design of 

exchanges servicing only a tew subscribers, with flexibility and 

adJ,ptab111ty,at low cost. 
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CHAP'.]?ER II 

SYSTEM DESCRIPTION 

System Concept 

Figure 2 shows the general configuration of the system. All 

the "subscribers" are connected to the Central Switching Unit by means 

or their "subscriber's lines." The ttsubscriber•s line" consists or 
wires carrying the Transmit and lleoeive audio signals, DC power and 

Ground. rn/orr Hook signa~s, multifrequeney tone dialing, a~ well as 

ringing signals are transmitted by the audio wires. 

The Central Switching Unit contains the System Controller, a micro­

processo,, which sequentially polls ~ach subsoribe~•s lin~. C~anges in· 

status ~r~ detected by the Central Controller and program.med action is 

taken to provide the required service. 

A Pulse Amplitude 1-bdulation, Time Division Mlltiplexing Scheme is 

used. Time is sub':livided into slots, Fig. 1, determined by the system 

clock. 

CLOCK 
PULSES 

TIME 
SLOTS 

J ' I ' 
j l I \ I L 

~1 -1~ 2 
,,, 

3 t~ ·4 .i.c 5 
f • 

r-1-; f+.-21 l+ 1-fl\ ~4-; ~51 

J I I l J \·I.I .l .L 
Fimre 1. Clock Pulses and Time Slots. 
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The clock pulses are counted by a 6-bit binary counter. This permits 

26=64 time slots. The time slots serve as trunks •. 'l'ime slot 00 is 

not used, since it is assigned to those subscribers who are idle, 

therefore only 63 trunks are availab~e. Subscribers can be programmed 

by the controller to the same trunk in order to conduct a conversation. 

That is, 63 simu.ltaneous co~versations can be in progress. This 

6 

implies that 126 subscribers ~an be served ldthout "blocking", that is, 

without any- subscriber ever being inaccessible because of call congestion. 

However, telephone traffic is random in nature. The number of 

calls initiated vary from day to day, hour to hour, and minute to min-

ute, as well as .from subsc~iber to subscriber. Fig. 3 shows a typical 

24-hour distribution ot calls in a 2000-line telephone exchange. 

¥l !400 
~ 2200 

1000 
~ .1800 
rJ 1600 
~ 1400 
"Q 1200 
~ iGOO 

600 
~ 600 0 

• ;GO 
0 eoa :a 

N C""\ °'t \I'\ '° ~ ext ·~ Q = f\l ~ ~ n .;j. V\ "3 ~ 
... .!cJc-"\J ~J ~ CX'.) 'J. d 3 ~.,.. ~ ~.J ~"' 

P.M. ...., T-t TIME___..... 

Figure 3. Typical 24-hour diftrib~tion of calls in a 
2000-line telephone exchange. · 

1Ramses R. M1na, Teletra.ffic Ehgineering (Chicago: Telephony 
Publishing Corp., 1974), P. 3. 
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In addition, the duration or calls is random, but it has been deter-

mined by actual measurements that short duration calls, ~-3 minutes, 

are more probable than.calls of longer duration. The duration of' ~alls 

display the probability distribut1:on shown in fig. 4, with the avera~e. 

duration being 1.6 minutes. 

'° 

16 

14 
::t 12 
c1 10 ,... 
0 08 
~ 06 lj 
& 04 
G> 
~ 02 fz. 

VA11erage1 

I 
l 
I 

1.6 min. 

over 10 
minutes 

1 2 '3 --4 •r 6 7 - 8 9 :J.O'" iengtl\ of calls in minutes. 

Figure 4. Probabtlity di~tributi~n or call duration. 2 

7 

Since each subscriber's line ~s u~ed only during a small fraction 

or the time, the nu~er of' subscribe:rs -µia~ can be accommodated is 

nnlch larger than twice the number or trunks available. The term "grade 

of service'' is used as an indication of' the percentage ot calls. that are 

statistically prevented from completion, during the busy hour, due to 

the inadequacr of the equ~pme~t. Consequently, the actuai number of sub­

scribers that can be servj,ced depends on the permissible grade of service. 

Each subscriber's line is terminated i~ the Subscribe~•s Interface. 

The Su.bscriber•s Interface contains circuitry- which determines the 

2Ramses R. Mina, Teletraf'f'ic Engineering (Chicagos Telephony 
Publishing Corp., 1974), P. 4. 
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On/Off Hook status of the subscriber.-· This information is transferred 

to the ttStatus ~gister", Fig. S, w~ch is aonnected to the I/ 0 

data bus or the microprocessor. Through the Status Register, in-

formation is exchanged between the subscribers and the Central Con-. · 

troller. 

From 
Sub­

scriber 
Set. 

,, 
Tx: .. 

.. Rx 

+ v 
GND 
• 

STATUS 

DETECTOR 

ON/OFF Hook 
~ 

I -: 

~ 

Bnsy RU 

.ti~ ' ' 

To 
Comparator 
~ • I 

I 
6..;Bit 

'lime-Slot No .... 

" .. I 
\/ 

~{ 
BUS -----------------------------.... ..----------------

FiSBre ~. Subscriber Interface. 

When a change in the status of a subscriber is detected, the 

Controller will proceed to service the subscriber according to the 

program which is stored in the ROM and directs the actions of the 

Controller. If'. the subscriber hangs up (On Hook) after conducting a 

conversation, the Controller will determine the trunk previously 

assigned to the subscriber and the subscriber will be dropped from the 

time slot. If no other subscriber is assigned.the same time slot, the 

time slot will become available for a subsequent call by some other 

sub scriber. 

Ir a subscriber wishes to make a call (goes Off-Hook ~ter being 

idle), the Controller will determine the next available time slot, 

assign it to.the calling subscriber, determine the called subscriber 

and assign to him the same time slot. The Pulse Amplitude Modulation 

8 
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technique with Time Di vision Mll ti·plexing allows the simplest mixing 

of the audio signals, by taking advantage or the characteristics ~f 

the Summing Amplifier, ~ig. 6. Thus, more than two subscribers can 

be assigned to the same time slot in order to cpnduct a "conference 

call". 

R 
V1 

~· 

V2' 
v ···4 ., 3 

R v T 

(n-1) 

v -n 

• 

-... 
Figure §. ~mming Amplifier. 

ibe transfer functioiY:f ~e ~mmi::)Amplitiei: is, 

V0=-Rt\~ +;; +." ·~ 

·v 
0 

!. 
i;-

That is, the output equals the weighted algebraic sum of all the input 

signals. It R1:;:82=R;=·,. ·=J\i, the 9utput will be 

R 
V0 =-· 1f<v1+V2+v3+ •••• Vn) where ~=R:i.=~=R;=· ••• =ffn· 

If' Rr=R.i, the output will be the inverted algebraic sum of the 

input voltages. If Vi, V2 , ~··•Vn are the waveforms representing the 

audio input of the subscribers, the output will be the sum of these 

inputs. If more than one subscriber is speaking at any one time the 

output waveform will be as unintelligible as the audio is when two 

people are speaking simultaneously. If the amplifier is overdriven 

9 
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and goes into saturation, the output will be distorted and tot~lly 

unintelligible. 

The Summing Amplifier is the heart of the Mixer. The Audio 

Transmit signal of each subscriber is applied through an analog gate 

to the input of the. summing amplifier, ,ig. 7~ The output of. the 

summing amplifier is connected to th• Audio Receive line or all ~e 

subscribers, also through an analog gate. Ibring any particular time 

slot only those subscribers assign~d by th• Controller to that ~11!1• 

slot will be gated on. Both input and output gates are gn, simul-

taneously. 
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vrr 
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' 
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\, 
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: (V0 ~n 

~1--~ ' 
Figure z. Audio Mtxer. 

In this manner they can listen to the other participants in the call. 

10 

In addition, their own Transmit Audio Signal is applied to their Receive 

Audio line, as Sidetone, which serves as .audio feedback to the sub-

scriber and prevents him from shouting into the microphone. 

The gating or the inputs and outputs at the appropriate time slot 

,... 

------~.._:.-__________ .:..-~~~~---------------------------------------------------------------------------------------
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is achieved by a 6-bit comparator. The number, l-6J, of the time slot 

assigned to a subscriber who is a participant in a call, is applied to 

t~e comparator. The other set or inputs to the comparatQr is the output 

or the ti~e slot co':'llter. Time slot ~ is assigned ~ those subscribers 

who ~re idle. Consequentlf the time slot ~ounter counts rrom 1 

through 64 and then goes baok to 1 without ever going through zero~ . 

When the output of the time slot counter coincides with the number of 

the time slot assigned to the subscriber the output ot the comparato;it 

goes positive and is used to g~te sm. the Transmit and Rec~ive lines or 

the ~bscriber to the atmming Amplifier. Figure 8 shows the comparator. 
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R 1n 
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A• I 

----a1 .. COMP ARA'rOR 

Rr 

SIQNAL 
RECOVERY 

----------it-1-+-+-1----------" 1· TIME 
·SLOT 
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Figure 8. Gating of the audio signal to the Mixer. 



§ystem Component Description 

Controller - Microprocessor. The microprocessor, used in this 

design to provide the system control, is the MOS Technology MCS6502 

microprocessor. The pin-out fo~ this device is shown in~ fig. 9. 
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Figure 2· MCS6502 ~croprocessor Pin-Qit.-· 
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·This microprocessor was chosen because ot ~ts low oost and its organi­

zation. The MCS6502 is similar to the 1-btorola 6800 microprocessor, in 

that it handles all external Input/Qitput registers as part of its 

"memory space" which can be addressed by its Address Bus just like any 

RAM location, with the capability to write-in as well as read out data 

through its data bis, Fig. ~o. 'lb.e iOM Whian. }'Ontains the program is 

)Author unknown, MCS 6500 Ml.crocouy:ter Hardware Manual 
(~orristown: MOS Technology, Iilc., 1975 , P. 42. -
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also pa.rt of the memory space. 
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Organization of the MCS 6502 Microprocessor System. 

4Anthor unknown, MCS 6500 Microcom)1ter Hardware Manua1 
(Norristown: MOS Technology, Inc., 1975 , P. 5 • 
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The MCS6502 has an 8-bit data bus and a 16-bit memory bus, which means 

that it can address a total of 65,536 memory words, each ~bits wide. It 

has an 8-bit wide Accumulator, two Index Registers, X and Y, each also 

8 bits wide, a program counter which is 16 bits wide, and a Processor · 

Status Register. The Processor Status Register is 8 bits wide and each 

bit serves as a flag which is set or reset according to the contents 

or certain registers or bits. The 8 bits of the Proce,sor Status 

Register are assigned as shown in f'ig •. 11. 

BI DII 

NEGATIVE 
OVBRF'WW I I I I I CAR~Y ZERO 
BREAK IRQ DISABIE 
COMMAND DECIMAL MODE 

Figure 11. Processor Status ~gister. 

The three bits of the Processor Status Register used in this 

design are bit #2, the Z-f'lag; bit #6, the V-f'lag; and bit #7, the 

N-rlag. Bit #2, the Z-f'lag, is automatic~lly set equal to 1 by the 

microprocessor after an operation involving data movement, if the con­

tents of' the Accumulator are equal to zero. Conversely, if the contents 

of the Accumulator are other than zero, flag ! is set equal to zero. 

Bit I?, the N-flag, is automatically set equ•l to l by the micro-

processor after an arithmetic operation, if' the contents of' the Accumu­

lator are negative. C'.onversely, if' the contents or the Accumulator are 

not negative the N-f'lag is set equal to zero. Since a negative number 

in the Accumulator is signified by setting the seventh bit or the 

Accumulator equal to 1, and conversely a positive number in the 

Accumulator is signified by setting the seventh bit of the Accumulator 
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equal to zero, flag-N is set equal to the seventh bit of the Accumulator, 

folloWing any movement or data i~to the Accumulator, 

Bit f6, the V-flag is· set equal to 1, when an overflow has 

occu.rred following an addition or subtraction of two numbers. However, 

additionally, the MCS6502 Microprocessor has a unique feature that 

increases t~e flexibility of the dev1oe considerably. Following the 

instruction BIT, Test Bits ~n Memory wi~h Accumulator, ·Flag V is ·set 

equal to the content or bit f6 in the jcou;mla~r •... 

This capability to test bi ts 16 and 17 directly ~d then branch 

to subroutines according to the state of these bits makes.the MCS6502 

a very efficient microprocessor tor this application. The reason is 

that the contents ot bits f6 and I? of the Su.~scriber•s Status Re~ster 

can be assigned to signit)r one ot a ·number ~t states, eg. On/otr Hook, 

Being Rung-Up, etc., that the subscriber may be in. Since for the 

MCS6502 the ext~rnal input/outPJlt registers are in the "memory space" 

or the microprocessor and therefore addressable like any other location 

in memory, the status o! a subscriber can be ascertained with a minimum 

~umber or steps. Since for ~he vast majority or the time the subscribers 

will be idle, requiring no service, the microprocessor can proceed with 

the polling of the subscriber,J and with four instructions, as the flow 

chart shows, it can·determine that _·a 7 subscriber is idle. It can then 

go e~ ~- the next- subscriber, until it .comes up to one ~~quiring service. 

In addition to the Data and Address Buses, the MCS6502 has the 

Control Bus. 1.'b.e Chntrol Bus as shown in fig. 9, is composed or the 

lines that control the flow of information between the microprocessor, the 

memory, and the peripheral devices. In this application, only the 

R/W, Read/Write, line will be used. This line controls the direction 
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of information transfer on the bidirectional Data Bus. This line is 

high when the microprocessor is reading data from memory and goes low 

when the microprocessor is writing data into memory. 

16 

lhe N'MI (Non-Maskable Interrupt) and the IRQ .(Interrupt Request) 

could prove very useful in controlling a system such as a telephone 

switchboard, where the requeste tor servic~ are relatively infreq~ent 

occurrances. The use of the Interrupt cap.ability could tree the micro­

processor to perform other tasks, unrelated to the servicing of tele­

phone calls, such as arithmetic operations, control ~r other systems, 

etc. Through a hierarchy or Interrupts the microprocessor could retul"?l 

to service the telephone exchange ~enever requested by a subscriber. 

This would be a very efficient use of the mic~processor capabilities. 

However, since in this application there are no requirements other than 

the con~ol of the telephone exchange, the ~impler approach is used. 

That is, the subscribers are sequentially polled to determine the status 

of each one, and when service is requested by a subscriber the micro­

processor services the subscriber acc9rding to the program. 

,#< 
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Interfaces and !nf ormation Exchange 

Subscriber Interface. Fig. 5, on page 8, shows the 9'lbscriber 

Interface. 'nle Subscriber Interface terminates the subscriber's line 

in the Central Switching Unit and also contains the circuitry that 

determines the status of the subscriber. Additional circuit detail is 

shown on 'Fig. 12 be~ow. 
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Zener diode Dl, through resistor ~3, provides a reference voltage to 

the noninverting input of comparator ICl. When the subscribe?:" is 
. . 

On Hook, the voltage or the DC power bus is applied to the inverting 

input or the voltage comparator,. thro'l)gh resistor ~· When the sub-
. . 

scriber goes Off Hook, resistor Rl ~n .the ~ntral Switching Unit and 

resistor R2 in the Subscriber's S$t form
1 

a voltage divider, so· ~hat a 

voltage lower than the power bus volta~e is applied to the inverting 

input of the voltage comparato~~ If th~ zener v~ltage ~r diode m 
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is chosen so that Vm )'v00 (R2/(Rl+R2))·~ when the subscriber ~.s On ~ok 

the output 0£ the comparator ICl will be a .Q., and when the wbsc~ber 

is otf Hoo~ th:e output ot the comparator will be a !· The output of 

the comparator can be stored in the Subscriber Status Register. Since 

the Subscriber Status Register is on the mic~op~oc~ssor's Data Bu~, it 

can be addressed by the m1C%99procesesor and data can be .transferred in 

and out of it. Ir bit #7 or the Subscriber Status Register is assigned 

to provide the microprocessor information about the On/orr Hook status 

ot the subscriber, information would be flowing only in· one dir~ction, 

from the atbscriber ~terr~~~ to the microprocessor. Consequently bit 11 

or the Data Bus would not be used to its tu.11 ~apacity. Conversely, 

when the called sub scriber is Busy, a "Busy" Tone is to be aqded to the 

calling subscriber's Audio Recei~e line. An analog gate must be acti-

vated to gate the "Busy" Tone onto the subscriber• s Receive line. When 

the calling subscriber goes On Hook in response to a Busy Tone, the 

microprocessor would reset to 0 the bit that would control the analog 

gate that, in turn, would control the "Busytt Tone. In this case, control 

information to the analog gate would flow only in one direction, from 

the microprocessor to the Subscriber Interface. Consequently, bit f? 

...,...,.,,-,,, 



of the Data Bus can be used to implement two functions. It can trans­

fer subscriber status information from the Subscriber Interface to the 
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microprocessor and "Busy" Tone control information from the microprocessor 

to the Subscriber Interface. Fig. 13 shows details of the circuit. 

BUSY 
TOIJE 
GEN. 

H 
l 

vn~ 

1~ I COMPARATOR . ~le-~.~ R 

1:41 DJ I D2 

v 
0 

U7 + I I j I READ } .. . ~ : - • i DATA 

~ . . ws . ~ 
• I 

Figure 13. "Busy" To~·~ Control.· 

When the Central Controller want'5 to ring up a subscriber, a l 
. -

is stored in bit location #6 of the Subscriber Status Register. The 

ringing-up is effe~ted as foll9ws. A Ringing Tone Generator is found 

in the subscriber's set. When the subscriber is On Hook, the power bus 

is connected to the Tone Generator, and ground is applied through tran­

sistor TRl. When bit f6 in ~he Subscriber Status Register is a !,, that 

is, when the subscriber is being rung-up, transistor TR2 is cut off 

and TR3 is saturate~, thus applying a voltage Voe (R5/(Rq.+R5)) to the 

base or transistor TRl, in tum causing it to saturate. This provides 

a ground to the Ringing Tone Generator which is then activated. When 

bit 16 in the Subscriber Status Register is a zero, .Q.., transistor TR3 

is cut off and transistor TR2 is saturated. Thus, ground through Rq. is 

applied to the base of transistor TRl driving it to cut oft, and disabling 
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·the Rin~ng Tone Generator. When the subscriber who is being rung up 

lifts his receiver off the hook to answer the call, power is dis .... 

connected from the Ringi~g Tone Generator and is applied to the 

Transmit and Receive Amplifiers in the Subscriber's Set. Al.so, the 

comparator in the thbscriber's Interface changes state and becomes a 

!t since the subscriber is now orr Hook. 

During the next polling of the subscriber, the microprocessor 

will detect the state of the subscriber as being orr Hook in response 

to a rh1ging signal and will change the contents or bit #6 or the Sub-

scirber•s Status Register to a .Q.. 

Since the audio is A-C coupled to the Transmit and Receive lines 

the D-C signaling voltages do not affect the audio transmiss~on. This 

is an extreme case of frequen~ multiplexing. 
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The Subscriber Status Register is 8 bits wide. The first six 

bits, DO-D5, are used to store the number· of the time slot, 1-63, 

assigned to the subscriber during a call. It the subscriber is not a 

participant in a call, but is idle, the number 000000 will be stored in 

the first six bits of the register. 

As shown in fig. 13, the output of the Subscriber Status Register 

is connected to the Data Bus of the microprocessor through analog gates. 

These gates are gated 9ll, to ~e Bus when the Address ne·coder selects .the 

subscriber and the Read/Write control line goes high. Fig. 14, shows 

the details of the circuit interconnection and an analysis er the con­

trol signals. 

The 1-of-n Address Decoder is composed of National Semiconductor 

MM'?4Cl.54 decoder/demultiplexer integrated circuits. When a binary input 

is applied to the decoder, the corresponding output goes low, while 

,,-



n 

FROM 
SUB SCRTBER'S 

s 
TO 

',·:.ADDRES 
BUS 

R/W 

~ 

w 
DS 
D5 
D4 
D3 
D2 
Dl· 
00 

411 

SET 

~ - 1-of-n - ADDRESS • • 
DECODER • 

t . 
' ~ 

1--. 

,j,TO ANALOO SUBSCRIBER 
GATES ON/OFF 

rROM INTERFACE HOOK 
COMPARATOR TIME SLOT 

COUNTER -

• 

BUSY 
TONE • 
GEN. RINGING • 

TONE • - -

·~'.S·····QD '~ "' 1;§ i JI • •• _J rt> e • 02 

.IJ..5· ·····m - i 
-

~·S I• m -~g 
~ 

... ~ ~ 4.. j ~ 

·READ 

~ t~RIT& __ . ,• .. 

·• • •• 

1 r. 1, 

. Figure 14. Subscriber's Status Register. 

' 

!~) 

~[ 

~ v -
-

-

N ....., 



·-._ 

22 

every other output remains in the 1-state. 'llle Subscriber Status Regis­

ter is composed of two National Semiconductor MM74Cl73 Tri-State quad-D 

flip-f'lops. These f.lip..!lops, in ac:Jdition to the Clock input, have an 

Input Disable and an.·Chtput Disable. The Oitput Disable input nxust be 

in the o.state, since the output or the ~egister is continuously applied 

to the comparator in the Mixer. See Fig. 14. The ·appropriate c;>utput of 

1-ot-n .Address Decoder must be logically combined with the RiW signal 

of the microprocessor, Fig, 15, to generate a .2. tor ~e Input Disable 

input of the Subscriber Status Register, when it is desired to transfer 

data into the register, and to generate a 1 when it is desired by the -
microprocessor to read the contents of the Subscriber Status Register. 

SUBSCRIBER STATUS 

r-lt I Q5 I REGISTER . 

R~2 0-W rP2 0-WRITE w~IE 
Q6 Q? 

• 

. ... ~ 
}lp 

\ 
~ 
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1-of-n 
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Decoder 

DECODER R/W WRITE DECODER R W READ 
. 0 0 0 0 0 0 ' 

·o 1 1 0 1 ' ~t 

1 0 1 1 ·o 
1 1 1 1 1 0 

Figure 15. R/W Control Signals •. 
;~ .. ·-: . ~ . 

" 

Tone Decoder. A Ml.lt~rrequency Tone Generator in the Snbscriber•s 

Set generates the combinations or tones required to efteot the dialing 

of the desired digits. In the Central Switching Unit, Tone ·Decoders 

_,,,,_.,. 
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must be provided to decode the tones and translate them to binary 

digits. Since each subscriber uses his line during only a small 
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traction ot the ti~, the system must be 4esigned so that the subscribers 

share as much of the hardware as possible. The Ton~ Decoder is used 

only during the ini~ial stages of a call, only duri:Jlg dialing. Con­

sequently, a small number of Tone Decoders, assigned to the subscribers 

upon request, can adequately serve the system. 

In this design approach, t~ere.are four Mlltifrequ~ncy Tone De­

coders in the system. They have their own 8-bi t Status Register. '!he 

first six bits, IX>-D5 are used ·to s~ore the number of the time _slot 

assigned to the Tone Decoder. This nunber wi~l be the same as t.hat 

assigned to the sub.scriper who is initiating the call. When the micro­

proces~or de_tects that a subscriber .j_.s initiating a call~ h~~ng gone 

Off Hook, it will go throug;h the process of determinin~ w~ether a Tone 

Decoder and a·t1111e slot is available. 

After the microprocessor determines that a To~e Decoder and a 

time slot are availS:ble, it proce~ds to store the same time slot number 

in both the Tone Decoder and aibsoriber Status Registers. Since both 

the oal1ing subscriber and the tone decoder are on the sa~e trunk, the 

multirrequeney tones transmitted by the calling subscriber will be 

received and decoded by the decoder. When tbs decoding is completed the 

number dialed will be stored in binary form in a butfer register at the 

output of the Tone Decoder. This register is on the microprocessor's 

data bus and therefore addr~ssable by the microprocessor. The contents 

of this regis~er, the number of the call~ subscriber, will subsequently, 

upon interrogation as directed by the program, be transferred to the 

microprocessor for proce~sing. Fig. 16, shows the details of circuit 

-~ ..... 
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interconnection tor the Tone Decoder. The Decoder is gated on to the 

Audio Receive Bus like any subscriber when coincidence occurs. between 

the time slot number stored in the status register and the number at the 

output or the time slot counter. In order to.activate the tone decoding 

part of the circuit, the following events must take place. At the 

time that the Tone Decoder's time slot number is stored in t~e first 

six bits of the Status Register, oo .. n5, a 1 is applied on lin~· D6 of 

the Data Bus. The !. on line D6, inverted, is applied to the Preset 

input of flip-flop FFl and the Cl~~r input of !lip-flop FF2. Before 

the sequeno,e ot events that take place during the tone decodi~g can 

be described in detail, 
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a description, ot :th• c~apone~t elea~nts·ot the cirouir ':"1•t b~ give~~ 

The analog gate at the input of the Tone Decoder is used to gate 

the lllUl tifrequency tones to the J?ecoder. . When the appropriate number 

of digits has been dialed, this gate is turned orr. The tone decoder 

puts out a four bit binary number in response to a multifrequency tone, 

which is 1n turn gen~rated at the Subscriber's Set in response to 

a hexadecimal. input. 

25 

In this design, t~e system can handle a maximum or 256 subscribers. 

For the sake or simplicity of design, no effort is made to design the 

system so that the dialing.can be done ~n the decimal ~ystem. Instead 

the dialing is done in ~e hexadecimal system. 

Since the Data Bus is 8 bits wide and the Tone Decoder is desi~ed 

to produce a four bit binary output in response to a hexadecimal. input, 

the output or the decoder is gated ~o as to. steer the bits in sue~ a 

manner that when both digits or the called subscriber's number have 

been dialed, the bits are stored ~ the correct order in a three-stat~ 

.butf er register which is on the microprocessor Data Bus. The burrer 

register is made up of two National Semiconductor MM?4Cl.?3 "three-state" 

registers. These registers have an Input Disable input. When this 

input goes low, data can be transferre~ into the register. Since the 

buffer register is made of two four-b~t registers, each with its own 

Input Disable input, the two four-bit segments of the register can b~ 

gated sequentially to receive the two four-bit bytes in the correct 

order, so that when dialing has been completed, the bits 00-D? can 

be applied to the Data Bus in the correct order, as shown in fig. 16. 

The steering of the Tone Decoder output, the control of the analog 

gate at the input of the Tone Decoder, and the control of the Dial Tone, 

Y' • 
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are effected by the two flip-flops, FFl and FF2, fig. 17. These are 

National Semiconductor MM74C76, J-K flip-flops, The J and K inputs are 

connected to the positive supply which means that they are in their 

toggling mode. At the negative going edge or a pulse applied to their 

clock input they change state. 

The Tone Decoder's Status Register is 8 bits wide. The bits are 

assigned ~s followss D0-05 contain the time slot number assigned the 

Tone Decoder during a call. D6 is used in.a manner similar to bit rn 
of the Subscriber Status Register. When the microprooes~o~ writes 
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a l into bit 06, this bit is used to start the D.\.al Decoding process for 

a particular cali. On the other hand, when bit D6 is read by the micro-

processor, it contains information regarding the Dial Timer. When the 

Dial Decoding process is initiated a timer is activated which allows a 

certain amount of time, as much as 20 seconds,.for the subecrib~r to 

dial the first digit. After. the first digit has been dialed, the timer 

is reactivated allowing the same time for the dialing of the second 

digit. The output of the timer is read as bit D6 by the microprocessor. 

If the timer lapses and the dialing is not completed, the mioroprooesso~ 

will drop the subscriber and continue with the polling of the other 

subscribers and return to the subscriber that was dropped earlier in 

the proper sequence. The subscriber will then be treated as a new 

request !or service. 

Bit rY/, when read by the microprocessor provides inf~rmation as 

to whether the dialing has been completed. A 1 on fl? means dialing has 

been completed, a Q. means that a complete number has not been dialed. 

'lbe tone decoding occurs as follows s When a 1 is entered into 

bit fD6 of the Tone Decoder Status Register, it is inverted and applied 

.. -
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to the Preset input of FFl and the Clear input of ~F2. This sets 

Ql=l, .Ql•O, ~=O, Q2=1. Q2°=1 enables the analog gate at the input of 

the Tone Decoder. Q2, Q1 and Ql are logically combined, as shown in 

fig. 17, to steer th~ output of the decoder. ~ince the higher order 

digits are dialed first, Ql and Q2 are combined in a logical N~D 

!unction to enable the first half or the register that will receive the 

high order four bit byte first. The Tone Decoder is designed with a 

"Digit· ~c~ded~• output. fh:i~. linegoes negative when a multifrequency 

tone has been decoded and the four-bit number is at the output of the 

decoqer. 
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This negative going pulse applied to the Clock input of FFl 

causes it to change state. Now Ql=O, Ql=l and QZ=l. Q2 is combined in a 

logi~al ~AND !unction with .QI to enable the second half or the buffer 

register that will receive the low order four bit byte. When the second 

digit has been decoded, the clock pulse output of the tone Decoder 

cause~ FFl to return to its cn;~iginal state, where Ql=:l, Qi'::o. The 
. . 

Ql output is connected to the clock pulse input of FF2, so that when Ql 

changes state f~m ! to .Q. the negative-goi~g edge causes FF2 to change 

state, Q2=1 and ~=O. Si~ce Q2°=0, the analog ga~e at the inpU.t of the 

decoder is disabled so that no more tones can be applied to the decoder. 

Th~ Q2 output is connect~d to bit fJJ7 on the Data Bus, and signifies 

to the microprocessor that the called subscriber's numb~r is found in 

the buffer register at the output of the Tone Decoder • 
. . 

'!he Dial Tone must be mixed with the calling subsc~iber•s Rece~ve 

· Audio signal, and it must be. removed whe~ ~e f'irst digit has been dialed. 

Fig. 18 shows the interconnection details of the Dial Tone Control 

circuit. The output or the.comparator ~sso~iated with the ~one Decoder 

is c~mbined w1 th the Q1 output or f.Fl and the Q2 output of FF2 to gate 

the Dial Tone ON during the time slot assigned to the calling subecriber. - . I 

Each Ton~ Deqoder has a ~al Tone Generator associated Wit~ it. When 

an available TQne Decoder ha~ been identified and assigned. the same 

time slot as the calling subscriber, the Dial Tone is gated on ~ ~~ 

Mi.Xtng Ampiif'ier by an anal~g gate controlled by the .output.or a 

three-input AND gate, whose inputs are~ the output or the Tone . 

Decoder• s time slot Comparatpr, Ql of FFl and Q2 of FF2. 'When the 

first digit has been dialed and decoded FFl ohangea state and Ql=O~ 
I • • 

Therefore, .the anal~g g~te that controls the Dial Tone is disabled and 

.-
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the Dial Tone is removed from the calling subscriber's Receive Audio 

line •. 

Rt 
v 1 --J\Jtit.Jt 
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Figure 18. Dial Tone Control. 
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Memozy. ~e mic_roprocessor is organi~ed as shown in fig. 19. 

The Read ~ly Memory, the Rando1'1 Access ~mory and the "peripherals", 

in this case the Subscriber Status Registers are all on the Memory, 

Data,and Control Buses. 

The concept of "Page" in Memory is very important i!l 8-bit 
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microprocessor systems. The internal organization of an 8-bit processor 

is around 8-bit registers, 8-bit par~llel data p~ths, etc. A "Page"-o.f 

memory contains 2.56 B-bit words. Each of these words is individually 

addressable. 

The Read cn1y Memo~ (ROM) is a nonvolatile storage device. The 

data s.tored in ROM is contained in the physical configuration of 

-· 
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the device and is not altered after the manutactu~ing process. 

Furthermore, information is not lost ·during interruptions ot power. 

As a result, ROM provides a desirabl~ storage medium for the program tha~ 
.. " 

directs the microprocessor through the steps required to control the 
. .. 

system. In this application the total number or program instrµ.ctions 
. ' . ' .. 

is not more than 150. Consequently, the program a~d all the constant~ 

required in the execution or the program can be stored in less than two 

pages of ROM. 

CON'rROL r-----T----...------..-----...--
BUS 

DATA 
BUS 

r p 

-1 

ROM 

\It 

~ 

* 
RAM 

"' ~ 

.. 'lit .. 
SSR SSR • • • • 

ADDRESS....,. ____ .._ ______ ._.....,. _______________ ..... ____ --____ __ 

BUS NOTES ssa: Subscriber Status 
Register 

Figure 19. Organization of Microprocessor Memory Space. 

The Random Access Memol_'Y is used to store information that is 

obtained during the execution of the program, eg. the numbers. of 

available time slots, Tone Decoders, the results of arithmetic operations, 

etc. Whereas the microprocessor cannot write into ROMb~t only read 

information out or it, data can be transferred both into as well as out 

or RAM. 
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The ad~essing of each ROM or RAM location is effected by placing 

the 16-bit address ot th& location on the Address Bus. Reading 

information out of memory or writing inf'ormation into it requires, in 

addition to the addres~ informatio~, the utilization of the R/W · . 
(Read/Write) control line. The R/W goes high when reading information . . 
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out or memory and it ~es lc:>w when writi~g information int~ tt •. Fig. 21 

shows the timing diagr~ for reading inforniation from Memo~. Fig. 20 

s)lows the timing diagram tor writing data into Mell'lOry·. The timing of 

all data transfers-is controlled by the system clock •. The clock is . ·. ' . 

a two-phase square wave. ·It can be thought of as two non-ov~rlapping, 

positiv~-going pulse trains. ·The two ph~ses are referred to· as Phase 

Che and Phase TwQ. Phase One aloe~ pulse, as shown.in fig. 20 is. the 

positive pulse during which the ~dd~ss ~ines change~and the Phase 

Two clock pu~se is the positive pulse during which the data is ~rans-

!erred. 

The Subscriber's Status Registers1~·: althoug!l peripheral devices, 

tor the MCS6502 are in the "Memory space" and therefore addres~able 

like any othe~ memo~ location. 

-
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Figgre 20. Ti~ng for writing data into Memory.5 
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Figure 21. Timing for reading data into Memory. 5. 

?,Auth~r unknow, MCS 6 00 Mi.crocom ter Hardware Manual 
(Norristown: MOS Technology, Inc., 1975 , 11>· 18-19. 
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Central Audio Mixer-Audio Mixing Scheme. As shown in fig. 2, 

page 5, each Subscriber's Line is terminated in the aibscriber Inter­

face, inside the Centr~l Switching Unit. The· Audio signal, super~ 

imposed on the DC sig1'alline; levels is AC coupled to the Central .Audio 

Mixing Amplifier, shown in .fig, ~. below. . \. . 

Rf 

v1-I~ 

I - E 
I l " 

G1 ~I ""'] 
Vz-f. !ii. ~ 
~ 

vn 

~ 

G . 
i 

BUSY 
TONE 
GEN. ::r. 

Figure ~. Central Audio Mi~ng Amp~tier, 

The Audio signal is time-division multiplexed and dQmultiplexed by the . . . . 

Central Au~o _Mixing .Amplifier, The inp~t sigr.ials are gated onto the 
. . . 

amplifier by analog gates. Other an•log gates gate' the Receive Audio 

line or the subscribers onto the output ot th~ amplif.ier during the 

appropriate time slot. Two or more subscribers programmed to occupy 

the same time slot can conduct a conversation. 
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The programming of subscribers on to a time slot is done as follows: 

Associated with each subscr~ber is a 6-bit comparator. The comparators 

---
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are ~torola MC14585CP magnitude comparators, Each MC14585CP has two 

sets of four-bit inputs. These two sets of inputs are compared to e~ch 

other, bit for bit, and according to the outco~e of the comparison one 

of three outputs goes high, A~B~ A=B, or ~<B. Sin~~ in this ~pplicat~on 

·the words to be compared against each other are ~i~ bits wide, two 

MC14585CP w1:µ_ be c;ascaded, as sh:own in fig. 23 b~low. 

TO 
SUB.3CH.IBER 

S'l'ATOS 
.i.tEGISTER. 

\ 

TO ANALOG 
GAT~S 

B 

,, 

Figure·22 •. Two Cascaded Four-Bit Compa~ators. 

One _s~t of inputs to the magnitude comparator is the output of ~he Time 

Slot Counter. The Time Slot ~unter counts the output pu~ses of the 

clock that controls the·time-division multiple~ng or the signals. In 

this a~lication 63 time slots will be counted, and the Counter will 

return to l and start over again. 

The other set of inputs to the comparator are the lowest six bits 

or the Subscriber Status Register. These bits contain the time slot 

number assigned by the microprocessor to the subscriber.. When the two 

inputs are identical the .A.=B output of the comparator goes high. This 

activates the analog gates that connect the Audio Tran~mi~ and Audio 

""",.. 

l 

I 

·l 



,,.,.._, 

Receive lines to the Amplifier. If the two inputs are not identical 

the output of the comparator remains low and the analog gate is not 

activated. If no time slot has been assigned, that is, it the lower 

six bits of the subscriber's status register are zeroes, the output or 
the comparator remains low, .since the other set of inputs will never 

be 000000. 

This scheme provides the system with the feature that a compara-

tively small number of trunks, time slots, can be shared on a time-

division basis by a much lar~er number of subscribers, to allow each 

subscriber· to access every other subscriber as required. That is 

efficiency can be designed into the syste~. 
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Another feature that ·this scheme provides is that t~e micro­

processor, ~ontrol function, and Mlltiple:xin~-Demultiplexing, Audio 

Mi.xing functiOJ'\ are performed independent r~om ~ach other. That is the 

microprocessor can go about the business or determining the kind or 
service each subscriber requires, wh~le the Mlltiplexer independently 

. . 
mixes the audio signa}.s as previously pl'°Ogrammed by the microprocessor. 

Analog Gates6 
.. , 

'!he subscriber's Audio Transmit and Audio Receive signals are 

controlled b~ ~~ analog switc~e~. These are devices that "1'hen gated 

ON. present low channel ~esist~ce to the analog signal, and when gat~d 

OFF, present very high channel resistance. Relays are electromechanical 

devices with these characteristics but they do not perform in high speed 
. . 

multiplex:l.ng appl,.cations. The parameters dete~ning the desirability 

of an an~log gate for a multiplex;ing-demultiplexing applicati~n are: 
6 ' . . . 

Author unknown, APEllcation Note 53; fft,g,h Sae!!i!_ .. .A_nalog Switches, 
(Santa Clara a National Semiconductqr Corp., 1971), Pp. ~-6. 
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l. ON resistance. 

2. OFF resistance. 

3. ON resistance modulation by the an~log signal. 

4. Switching flP•ed - Commutation Rate. 

The switching speed at which an analog gate can be operated is a 

li~ting factor in determining the number of slibscribers.that can be 

accommodated in an application such as this, · The ON resistance of an 
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analog gate attenuates the s~gnal through it, therQ~ore it is preferred 

to be as low.as possible. The OFF resistance is one of the !actors 

determining the amount of cross-talk between channels, therefore it is 

desirable that it be as high as possible. The ON resistance modulation 

by the amplitude of the analog signal is a very important characteristic. 

It introduces nonlinearities, intermodulation distortion, that are very 

disturb,ing w?-en pre.sent in the audio signal. 

J-F~T and MOS-FET devices are ~a most popular for multiplexing­

demultiplexing applications. J-FET analog gates have lower ON resis-

tance, 20-30 ohms, and no ON resistance modulation, characteristic~ that 

are very important.~n applications requiring a high degree of precision. 

MOS-FET analog gates have higher ON resistance, 150-400 ohms and they 

exhibit ON resistance modulation. However, these characteristics can 

be minimized by appropriate design. Since the analog gate is in series 

with the Ri resistors, fig. 22, page 33, and these reeistors are chosen 

to be lOk o4ms, the attenuation introduced by the gate ON resistance is 

negligible. The ON resistance modulation is a function of the amplitude 

of the analog signal. Consequently, if the amplitude of the signal is 

low, the ON resistance will be minimized. On the positive side, MOS..FET 

gates demonstrate higher switching speeds and considerably lower costs. 



--.. 

Therefore, for applications such as this, where precision is not re-

quired, MOS-FET analog gates.are chosen. 

Central Ml.ltiplexing .Amplifier-Bandwidth, Slewing Rate, 
Settling Time. A summing amplifier is used,in the Audio mixer, 

4 
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because more than two subscribers ~an be g~ted ON at the input during the 

same time slot without loading each other down. Al.so,. since the output 

impedance of the amplifier is very low, many subscribers can be gated ON 

to the output. 

An amplifier for this kind of application must ·have very high 

bandwidth. Since adjacent time slots pertain to different subscribers, 

the input signal to· th~ amplifier is a signal composed of the inter-· 

leaved time samples of the various subscl1.bers• inputs. Since there is 

no correlation between the audio signal~ of adjacent subscribers, the 

mixing ~lifier must be capab~e to "follow" the co~site signal whose 

amplitu~e ~ay vaf!Y from the positive extreme to the negative during the 

transition from one time slot to the next. Conseque~tly, the bandwidth 

of the amplifier is the most important factor determining the maximum 

number of time slots that can be obtained. Since howeve~, only one 

amplifier of this kind is used in each system, the high co$t of such an 

amplifier is not a large part of the total cost of the system. 

Fig. 24 shows three audio channels, the Pulse Amplitude modu­

lated waveform or each, and the time division ~ltiplexed, comp~site 

signal of the three channels. 

In a telecommunication system, each audio channel has a bandwidth 

~t 3,500 HZ. In order to be able to accurately reproduce the.original 

audio during demultiplexing, each channel must be •ampled at a minimum. 

rate of 7,00~ times per second. Since there are 63 channels or time 

_...,.,, .. 
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slots in this system, the.amplifier must have a bandw:ldth of at least 

63 x 7,000 HZ = o.44 MHZ. For operational amplifiers the small signal 

bandwidth characteristic is given by the ~ity gain frequency, Fo. This 

is usable, however, when the input signal is very small, typically 

below 100 mv. For larger signals, the full-power ~~dwidth is· ~ven 

by Fp, the highest frequency at which full power oan be d~velope~ with, 

low distortion. Fp is much smaller than Fe, typically by a factor of 

10 or more. 

Other characteristics that determine the performance of an ampli­

fier in a multiplexing application such as this are its Slewing Rat~ and 

its Settling Time .• , The ability of an am:elifier to reproduce .at its 

output a rapidly changing input signal cannot be measured.Qnly.in terms 

of .frequency. The ability of an amplifier to 0 rollow" nonG.nU•idal 

signals·with high ~ate.s of change is mea"1red .by ~ts "Slewing Rate". 

In this application where the inp~t to the ·amplifier is a series 

of pulses of short duration, and varying amplitude, the amplifier must 

be capable of reproducing at. its o~tpu.t the same wlses wi~out di~­

torting their shape. Even though an amplifier may display a high slewing 

rate, the amplitude of a pulse may not be reliably determined until the 

amplifier "settles". Fig. 2~ shows the anq>litier respo~se to $ step 

input. The "Settling Time" is the amount of time required by the output 

signal to reach its final value to within some error :ti. 

---
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Cross-talk. Cross-talk is defined as the disturbance created in 

one. channel by the signal of an adjacent channel. The actual mechanism 
r 

of coupling of the signal f'rom one channel to the other can be induct~ve, 

capacitive, or resistive. In an application such as ·this, with high 

commutati~n rates and short sampling times, stray capacitan~e~ of the 

in~t and ou'put of' the amplifi.er beco~e very important. Consequently, 

a '*guard time" must be allowed between adjacent pulses of .the ~ompoeite 

signal so ~hat all capacitances are discharg~d and the input to the 

amplifier r~turns to the reference potential. This insures.that there 

will be no residual signal trom one sample added to the adjacent sample. 

Voice s1ma1 and Samp1:.fng Rate. The spectrum of frequencies con­

tained in human speech is shown in fig. 26 below. 

40 
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?James Martin, Telecommunications and the Q>mputer (Englewood Cliffs: 
Prentice-Hall, Inc., 1969)~ P. ·1e6. 
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Frequencies between 100 HZ and 12 KHZ are present in the human 

voice, but as seen in fig. 27, most of the significant energy is contained 

in the band 200 HZ-.5000 HZ. In~elligibility studies have sh~wn that 

the ·optimum co~romi.se between economics and quality ~r signal trans­

mitted occurs when the signal transmitted is limitt<\ to 3 • .5 KHZ. Trans-

_mitting higher frequencies on a_ telephone channel would tt14ke the Receive 

.Audio signal more "life-like" but would not increase significantly the 

amount of "information" transmitted. J.t. the same time, the bandwidth 

required to multiplex a number of such channels would inore.ase, thus 

increasing costs. 

The basic principle that determines the frequency at which a 

signal must be sampled, in order that it may be reconstructed, as in 

the case or a demultiplexed Pulse Amplitude Modulated si~al, is called 

the Sampling Theorem. In a restricted sense it states that it a message 

is a magni~de-time !unction which is ~s~antaneously samp~ed at regular 

intervals and at a rate at least twice the highest significant fre­

quency present in the signal, the ~amples contain all the information 

ot the original message. The significance of thi~ is that it determines 

the minimum rate at which the channel may be sampled by th.a multiple~er 

1~ the signal. is to b.e reconstituted by the demultiplexer~ That is, if 

the signal in the audio channel has .a ~andwi~th of ).5 KHZ it must.be 

sampled at least 7,000 times per second if the o~iginal information is 

to be recovered. This dictates the mininntm clock rate required, given 

the number of channels and the bandwidth of each, in a multiplexing 

application. Since in this application there are 63 channels to be 

sequentially sampled and each must be sampled 7,000 times per second, 

the minimum clock rate is 63 x 7000 = 0.441 MHZ. 

--~ 

-------.:::::...:-.'":'~~~~------~~~~~~~~~-----------------------------------------------------------------------------------------------------------



42 

~bseriber's Set. The aibscriber•s Set contains a Transmit and 

Receive amplifier that amplify the Transmit and ~ceive .Audio s~gnals, 

respectively. It contains ~ Ringing Tone Generator that when activated 

generates a tone that notifie~ the sµbsct1.ber that he is being called. 

It also contains a M.tltif~uency Tone Generator which generate~. the 

combinations o~ tones ~at are used to transmit to ~e Central SwitQhing 

Unit the digits of the called sub11criber's number. Fig. 2~ shows a 
' . 

block diagram of. the Subscriber•.s Set. Resistor Rl4' provides the Ring-

back tone. That is, when the called Subscriber's Ringing Tone Generator 

is activated, its outpu.t is coupled to the Sl,lbscriber•s .Transmit line 

t~ugh ~sistor ~ and transmitted to the Central Switching Unit· 

where it is mixed. into the Receive audio or the callirig subscriber. 

Rr 
Tx Rx 

R 

RECEIVE 
AUDIO 

':' 

Figure 27. Subscriber• s Set. 
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CHAPTER III 

CONTROL PROGRAM 

A flow chart outline of the sequence of tasks tht#.t the micro­

processor has to perrorm is shown on pages ~8 and~· The sequence of 

instructions that must be carried out in order to control the sr-tem 

are shown on pages,58· through .. 64. Comments l"elevant to each instruction 

are found on pages 65through 72. 

'Ihe zeroth page of memory-, locations 0000 - OOFF, is used for 

storage of data as required during the operation of the program. 

locations 0001 - 0040 constitute the Time Slot-Subscriber Assignment 

Stack, 0041 - 0080 the Time Slot Available Stack, 0081 - 0085 the Tone 

Decoder Available Stack. l:Doations 0081 and 0085 are the Ti~e Slot 

Available and the Tone Decoder Ava1iable Pointers, respectively. '!be 

remainder of the zeroth page is used for storage of various constants . 

required for the operation of the program. Details are shown on Table I, 

page SS. 

Page 1 of memory is not used in this application. Ch page 2, loca­

ti9ns 0200 - 02F7 are the addresses if ~· Subscriper's Status Registers, 

02F8 - 02FB are the addresse~ of the Tone Decoder's Status Registers and 

locations 02FC - 02FF are the addresses of the Qitprit Registers of the 

Tone Decoders. Pages 3 and 4 are used for the storage of the program and 

are of the Read Chly type. 

Upon activation of the sy~tem, the Initialization Subroutine will 

store all the required constants into the zeroth page of Memory, as 

-~ 
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shown in Table I. locations 0001 .. 0040 will be cleared. This is the 

Tim~ Slot-Su.bscriber Assignment Stack. Each location pertains to the 

time siot of the same number and its contents are the number of the sub-
( 

scriber last determined ~ b~ in the time slot. It the microprocessor 

determines, as it goes through the polling process, that a subscriber 

has been assigned a time ~lot~ it p~oceeds to determine the time slot 

number, and it stores the subs~riber's number in the Time Slot-Sub­

scriber Assignment Stack location pertaining to that time slot. As the 

polling continues, and a second ~bsoriber is determined to be on the 

same time slot as the previous subscriber, ~he previous subscriber's 

number is compared with the current subscriber's number. If' the two are 

not the same, the new subscriber'~ nlimber,is entered in the Time Slot-

Subscriber Assignment_ Stack location pertaining to the time ~lot. If 

the two numbers are identical, it means that only one subscriber is 

assigned the time slot. The microprocesso~ uses this method ~ determine 

when to discontinue a call and make the time slot available ror a sub-

sequent call. So long as there are two subscribers assigned the same 

time slot the call can continue. When only one subscriber is left, the 

microprocessor will drop him from the time slot by entering 0000 0000 

in h1s Subscriber's Status Register and at the same time will make the 

time slot available by adding it to the Ti.me Slot Available Stack, 

locations 41 - 80. 

Since upon initialization, no subscriber is assigned to any time 

slot, the contents of all locations of this stack are zeroes. The 

numbers 0000 0001 - 0100 0000 will be stored in increasing order in 

locations 41 - 80. These are the numbers of the time slots, and 

1 
'/~ 
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locations 41 - 80 constitute the Time Slot Available Stack. 

Upon initialization, all the time slots are unoccupied, and there­

fore are included in the Time Slot Av~ilable Stack. When a time slot is 

assigned to a subscriber it is removed from the Stack and zeroes are 

stored in its location. Since the duration of each conversation is a 

random characteristic, time slots become available in random order. When 

a time slot becomes available, at the end or a call, its number is 

stored in a location in the Time Slot Available Stack. A Time Slot 

Available Pointer is associated with the Time Slot Available Stack. The 

contents of this pointer is the address of the· location in the Time Slot 

Available Stack where the number of the next available time slot·is to 

be found. When a time slot is a~signed to a subscriber, the Time Slot 

Available Pointer is. incremented by· 1 so that it points to the next 

location where the number o~ the next av&ilable time slot is stored. 

When a time slot becomes available at the end or a call, the Time Slot 

Available Pointer is decremented by i·and the number of the newly 

available time slot is stored in the location to which the pointer points. 

locations 82 - 85 constitute the Tone Decoder Available Stack. 

There are four Tone Decoders in the sys~em, and they are numbered 0 - 3 • . 
The numbers 0 - 3 correspond to the Tone Decoders whose Status Registers 

are located in locations 02F8 - 02FB respectively. Upon initialization 

the numbers O, 1, 2 and 3 are stored, in increasing order, i~ locations 

82 - 85. location 86 is the Tone Decoder Pointer associated with the 

Tone Decoder Available Stack, and its contents are the address or the 

location where the number, o, 1, 2 or 3, of the next available Tone 

Decoder is to be round. When the first call, after initialization is 

made, the Tone Decoder Pointer points to location 82. The contents of 

,,.........~ 
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this location are the number 0000 0000. After this Tone Decoder is 

assigned to the c.a:l.ling subscriber, the Tone Decoder Pointer is incremen­

ted by 1 so that it point~ to the next location where Uie numb~r of the 

next available Tone Decoder, 0000 0001, is stored. The ~~.unbars 00 - 03, 

when added to the number 02F8 generate the address of the Tone Decoder 

Status Register for the appropriate Tone Decoder, Al.so when added to 

the number 02FC they generate the address ~t the Tone Decoder Qitput 

Register associated with the par~icular Tone Decoder. 

. Since Tone Deco~ers are rele~sed, following dialing, in random 

order, the order in which the numbers o, 1, 2 and 3 appear in the Tone 

Decoder Available Stack is also random after the first few .calls. 

IDcation 87 on the zeroth page of ~mory is the fbbscr!ber Pointer. The 

contents of this ~ocation are the number, 0 - F?, ot the ~bscriber 

currently being se~ced by the microprocessor. lhring initialization 

the number F7 is stored in location 87. Subscriber F7 is polled. first. 

When the microprocessor finishes servicing this subscriber, it decrements 

the Subscriber Pointer and proceeds to poll subscriber F6, etc. After 

the Subscriber Pointer is decremented to oo, and service to this sub-

scriber is completed, the Subscriber Pointer is reset to F? and the process 

is repeated. 
I 

The microprocessor, by adding the contents or the Subscriber 

Pointer to the number 0200, addresses the Subscriber's Status Register 

and transfers its contents to the Accumulator. Checki~ flag Z in 

the Processor Status Register yields information about the status of the 

subscriber. If Z=l, the contents of the Subscriber Status Register are 

0000 0000. This means that the subscriber is ON Hook, he is not being 

rung-up, and no time slot has been assigned to him. The subscriber 

,_-~ 

---------::::.:~ ~~~--------~~~~~~----------------------------------------------------------------------------------~--------------



-

4? 

requires no further attention. The ~bscriber Pointer is decremented 

by 1 and the same check is performed on the next subscriber. The most 

probable state in Wiich a subscriber can be is the idle state. However, 

if Z=O, in instruction 14, the subscriber is not idle, because some 

bits in his Status Register are not zeroes. Depending on the contents 

of the Subscriber's Status Register condition&+ branches are made to 
. . 

provide the service required by the subscriber at each instance. The 

decisions as to the type of service require4 are shown as diamonds in 

the flow chart. 

.,....,.-~-
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MEMORY LOC. 

YES 

F'igure 28 .• · Flow-chart outline. 

.,.,... .. 

RB SET 
SUBSCRIBER 

POINTER 

DROP SUBSCR. 
~ 

TIME SLOT 
AVAILABIE 
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CIEAR 
SUBSCRIBER 
STATUS 
REGISTER 

A 

.CI.BAR suasca. 
STATUS REGISTER 
MW TIME 
SLOT AVAILABLE 

CLEAR SUBSCR. 
STATUS REGIST. 
AND MAKE TIME 
SLOT AVilLlBIE 

A 

DETERMINE 
CALLED 
SUBSCRIB$R'S 
NUMBER 

ADD "BUSY" TONE 
INTO CALLING 
SUBSCRIBER'S 
RECEIVE AUDIO 

NO 

DROP 
SUBSCRIBER 
FROM TIME SLOT 

ASSIGN SAME TIME 
SLOT TO CALLED 
SUBSCRIBER 

ACTIVATE RU 

Figure ~8. Flow-chart outline (cont'd). 
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INITI.A.LIZATIO 

LDX "87'' 
1 

LDA 0200 + "x" 
2 

!DX ••86tt 

CPX 8B 

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

Z=l 

LOA "86" 

DEC·87 

AND 88 
140 

142 

STX 00 + "Y'' 
: 143 

El CA 

Figure 29. Flow-chart. 

50 

STA 87 

LDA 8A 
8 

TAY 

LDA 00 + 11!'' 
11 

LOA 00 
116 
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LDA 00 + ''x" 
·1 

TAX 

LDY. "81•• 

CPY SC 
21 

STA 8F 

~ Z=l f A 

LDA 00 + "Y" 23 .... 

I i l I 
Z=l 

~] I STA 02F8 + ''x:i LOA 00 INY 

I 
LDX ''8?" I I I .;)",L".~ vu 4t- "~~ I I CPI 81!: 

. 2'\ 

I 
STA 0200 + "~6 _, 

I ; STA ot + ''x:' ; ~ TAY 1 F" 
27 

I 
STX 00 + trytt . 28 .._. 

LDX "81 tt ;;] INC "86" I CMP ~? 29 35 

Fi!!!re 22 • Flow-chart (cont'd.). 

51 

3? 

43 

44 
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~TA 00 + •ayo 
52 

DEC ''81 11 

LDX "81" 

STX 00 + "Y" 
57 

Z=O -STX 00 + "Y'' 

ID4 09 

STY 00 + 

Figure 29. Flow-chart (cont'd.). 

52 

AND "88". 
126 

.... T.u''.. 

LDA 00 + "Y" · I28 

CMP "87" 

LDA 00 

STA 0200 + "f" ' . 34 

STA 00 + "I" . 35 

DEC "81" 136 
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LOA 02F8 + "Y" 

IDA. 00 

STA 8F 
6QI I ST! 90 

6 

I 
LDY "81" aol I I LDA 00 I .. I.DA F8 

70 
, 

LOA "aF'~ $TA 02f8 + ''Y" I 
71 I . ADC "90" . 65 .. 

STA 02FC + "Y" L...:°X "8F" . 72 66 

TAY -, DEC 1186 11 rsTA 00· + ''x'' 
6 

l : l· 
TYA 

: z4 

WY "86" 7.5 

Figure 29. Flow-~hart (cont'd.). 

,..---..~·-:_~~--_:_~~--·~~~-------------------------------------------------------------------..--~ 
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TAX 
88 

LDA 0200 + 's9 

Z=l 

~x.oo~ 106 

LO.A. 0200 + "x" 
10 

ORA 91 
108 

ID.A. 00 
91 

STA 02F8 + "Y" 

DEC "86" 
4 

TYA 
95 

LDY "86" 96 

STA 00 + "Y" 97 

LOA "8F" 98 

Figure 29. Flow-chart. (cont'd.). 

ORA SD 

ST.A. 0200 + "x" 
100 

AND 8F 101 

TAY 102 

LDA "87" 103 

STA oo + "Io4 

54 
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~8.IJ 
Hexadecimal 

0000 

0001 

0040 

0041 

0080 

0081 

0082 
0083 
0084 
008'5 

0086 

0087 

~,.~ 

Decimal 

0000 

0001 

0064 

0065 

0128 

0129 

0130 
0131 
0132 
0133 

0134 

0135 

SS 

TABLE I 

OTH PAGE C8 MEMORY 

-contents 
~· 

·. 
0000/0000 

xxxxx:x•x: 

xxxxx:xxx 

xx:x:xxxxx 

xxxxx:xxx 

xxx:xxxxx 

xxxx:xxxx: 

xxxxxxxx 

xxx:x:xxxx 

-comments 

Contains zero as a constant. 

These 63 locations pert.in to 
the 63 time slots. 'l'he numbers 
con~ed herein are the address 
(in page two) of the last sub­
scriber assigned to this parti­
cular time slot. 

63 time slo~~ used. Time slot 
0000 is not used • ........,._. 

These 63 locations constitute a 
stack or variable length. The 
contents ot location 0081 pqint 
to the looation where the number 
ot the next available time slot 
is located. If the pointer 
points to itselr, all the time 
slots are "Busy". The contents 
ot these locations are 8-bit 
numbers 0000 0001 - 0100 0000. 

Time Slot Available Pointer. 
Contains the location where the 
nutrber ot the next available time 
slot is located. ·· 

These 4 locations constitute the 
Tone Decoder Available Stack. 

Tone Decoder Pointer. (Location 
of next available Tone Decoder. ) 

Subscriber Pointer. (Subscriber 
currentlv bein2 serviced.) 
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Address 
Hexadecimal 

0088 

0089 

008A 

OOBB 

008C 

008D 

008E 

008F 

0090 

0091 

...--

Decimal 

0136 

0137 

0138 

0139 

0140 

0141 

0142 

0143 

0144 

014'1 

56. 

TABLE I (COND•D.) 

OTH PAGE OF MEMORY 

Contents Comments 

0011 1111 ' Mask needed to mask out the six 
bits that constitute the time slot 
number to which the subscriber has 
been nrottrammed. 

1111 1111 l's,. required for the BIT 
. Instruction .. 

1111 1000 The number of sub$cribers, (248)D, 
(F8}H in the svstem.· . 

1000 0110 86. Address 0£ T~ne ~coder 
pointer. 

1000 0001 81. Address of Time .Slot Avail-
able· Pointer .. 

0100 0000 In order to set the RU bit with 
the ORA instruction. Instruction *98. 

0000 0011 3-The number is needed in step 44 
to determine if' all tone decoders . 
have been tested for assignment 
to subscriber ourrentlv serviced. 

xx:x:xx:xxx This location used for temporary 
storage of Accumulator in Instruc-
tion f1?. 

0000 OOxx Temporary storage or the contents 
of Y re~ster in instruction #61. 

1000 0000 Used to activate Busv Tone. 
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TABLE II 

2ND PAGE OF MEMORY (SUBSCRIBER .S~·~~ RBGIS~R) 

Memorv Location - Address 

0000/0010/0000/0000 (0) 

0000/0010/0000/0001 (1) 

24 

0000/0010/1111/1000 (248) 
( 0) ( 2) (F) ( 8) 

0000/0010/1111/1100 (252) 
(0) (2) (F) (B) 

0000/0010/1111/1100 (253) 
(0) (2) (F) (C) 

0000/0010/llJ..l/llll (256) 
(0) (2) ~F) ~F) 

Contents/Comments 

These 248 locations contain the 
"Subscriber's Status Registers"·. 
'!he bi ts or these registe~s .. are 
assigned as fqllows~ 

{J.13 RU f ~ Ff f3 f? f 1 #27 
#0-#5, 6 bits, number of time 

slot to which subscriber 
has been assigned. 

LS - ld.ne Status/Busy Ton~. 
RU - Ring Up 

These 4 locations contain the 
number of the time slot to which 
the Tone Decoder has ~een assigned. 

l'fi f6 f5 #4 #3 Jg fl #of 
#0-15 number of the time slot 

Bit f?: 1-D.\.aling Completed 
0-DiaJ.ing not Completed 

Bit #6s 1-Timer not lapsed} output 
0-Timer lapsed 

Timer: 20 seconds 

These 4 locations contain the 
Decoded output of the Tone 
Decoders. Each location is 
permanently associated with 
a tone decoder. 

I.--- _ _::_..,--~~~~-----------------------------------------------------------­------~~~ --
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TABIE III 

COIJBD PRCX1RAM INSTRUCTIONS 

INSTR. NO. MNEM. CODE HEXADECIMAL CODE 

1 LDX 8? A6 87 

2 LDA 0200 + "X" BD 0200 

3 BIT 89 24 89 

4 BNE xx 00 xx xx - I.De. where instr. fll 
is stored. 

5 DEC 8? C6 87 

6 LOA 87 A5 87 

7 BNE xx DO xx xx .. Ioe. where instr. #1 
is stored. 

8 LDA 8A A5 SA. 

9 STA 8? 85 87 

10 JMP xx 4C xx xx - !De. where instr. #1 
is stored. 

11 BPL xx 10 xx xx - Ioc. where instr. flll 
is stored. 

12 BVS xx 70 xx· xx - :toe. where instr. fl40 
is stored. 

13 AND 88 25 88 

14 BNE xx DO xx xx - toe. whe;re instr. f'J? -
is stored •. 

15 LDX 86. -A6 86 

16 CPX 8B _E4 BB 

l? BEQ xx FO xx xx - :U:,c. where instr. 15 
is '3tored. 

18 WA 00 + ••xn B5 00 

19 'ltlX AA 

20 LDY 1181 11 A4 81 

1---... ~ 
---~.-:r'""-... 
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TABLE III (CON•D.) 

INS'fR. ·NO. MNEM. CODE HEXADECIMAL CODE 
' 

21 CPY 86 C4 BC 

22 BEQ xx FO xx xx - I.De. where instr. 15 
is stored. 

23 LDA 0000 + ''Y" B9 0000 

24 STA 02F8 + "X" 9D 02F8 

25 LDX "87'' A6 87 

26 STA 0200 + ''X" 9D 0200 

27 TAY AB 

28 STX 00 + "Y" 96 00 

29 LDX "81" A.6 81 

JO LOA 00 A.9 00 

31 STA 00 + "X" 95 00 

32 LDX 1186" A6 86 

33 STA 00 + "X" 95 00 

34 INC 81 E6 81 

35 INC 86 E6 86 

36 JMP xx 4C xx xx - loc. where instr. #5 
is sto:red, 

37 STA 8F 85 8F 

38 LDY 00 AO 00 

39 LOA 02F8 + "Y'' B9 02F8 

40 AND "88" 25 "88" 

j' 

--------~~~~=·:..: h A,.,.,,..... 
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TABLE III (CON•D.) 

INSTR. NO. MNEM. CODE HEXADECIMAL CODE 

41 CMP 8F C5 8F 

42 BEQ xx FO xx :xx - I.oc. where instr. #59 
is stored. 

43 INY C8 

44 CPY 8E C4 8E 

45 BNE xx DO~ :xx - !De. where instr. #39 
is stored. 

46 LDY SF A4 BF 

47 LDA 00 + ''Y" B9 0000 

48 c~ "87 11 C5 87 

49 BNE xx DO xx xx - Loe. where instr. f.57 
is stored. 

50 LOA ·00 A9 00 

51 STA 0200 + "X" 9D 0200 

52 STA 0000 + "Y" 99 0000 

53 DEC "81" c6 81 

54 LDX "81" A6 81 

55 STY 00 + "X" 94 00 

56 JMP xx 4C xx xx - IJJc. where instr. 15 
is stored. 

57 STX 00 + "Y" 96 00 

58 JMP xx 4C xx xx - Loe. where instr. 15 
is stored~ 

59 LDA 02F8 + "Y" B9 02F8 

60 BIT ''89" 24 89 

61 BMI '~" )0 xx xx - Loe. where instr. #87 
is stored. 

··~ ,,,,,_.. .. ,,...... ...... 
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TABLE III ( CON•D.) 

INSTR1 NO. MNEM. CODE HEXADECIMAL CODE 

62 BVC xx 50 xx xx ... loo. where instr. 169 
is stored. 

63 STY 90 84 90 

64 LDA F8 A.9 F8 

65 ADC 90 65. 90 

66 LDX "8F" A6 BF 

67 STA 00 + ••xn 95 00 

68 JMP xx 4C xx xx .. loo. where instr. #5 
is stored. 

69 STA 8F ·as ar 
. 70 LOA 00 A9 00 

71 STA 02F8 1- ttytt 99 02F8 

72 STA 02FC + "Y" 99 02FC 

7) mq "86" C6 86 

74 TYA 98 

75 LOY "861
• ~ 86 

76 STA 00 + ''Y" 99 00 

77 LOA 00 A9 00 

78 STA 0200 + "X" 9D ()200 

79 DEC "81 11 C6 81 

80 LDY "81" AJ4. 81 

81 LDA "8F" A5 8F 

82 STA 00 + "Y" 99 00 

83 TAY AB 

84 LOA 00 A9 00 

I 
~ ~· 
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TABI1'~ III (CON•D.) 

INSTR. NO. MNEM1 CODE HEXADECIMAL CODE 

85 STA 0000 + "Y" 99 0000 

86 JMP xx 4C xx xx: - loc. where instr. 15 
is ·stored.. 

87 LDA 02FC + "Y" B9 02FC 

88 TAX AA 

89 LDA 0200 + "X" · BD Q200 

90 BNE xx DO xx xx - IDc. where instr. #106 
is stored. 

91 LDA 00 A9 00 

92 STA 02F8 + "Y" 99 02F8 

93 i':f .l 02FC + "Y" 99 02FC 

94 QIC "86" CQ 86 

9.5 TI.l 98 

96 LDY 86 A4 86 

97 STA 0000 + "Y'' 99 0000 

98 LDA "8F• .A.5 8F 

99 ORA tt8Det 05 80 

100 'STA 0200 + "X'' 9D 0200 

101 AND SF 25 BF 

102 TAY .. A8 

103 LDA "87" A.5 87 

104 STA 0000 + "Y" 99 0000 

105 JMP xx: 4C n xx - !De. where instr. #5 
is stored. 

106 LOX "87'' A6 87 

.~ 
_,,,,.,,..~z.... ~ 

,.,....,..,.-···'. 
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TABIE III (CON•D.) 
; 

l 

I' INSTR, NO, MNEM. CODE HEXADECIMAL CODE i 
I 197 LDA 0200 + ''l" BD 0200 
I 
I 108 ORA 118B" · 0.5 8B 
l 

109 STA 0200 + "I'' 9D 0200 
-1~· 

llO JMP xx 4C xx ~ - loo. where instr. t5 
is stored. 

111 BVS xx 70 xx xx - Loe. where instr. f 126 
is stored. 

112 TAY AB 

113 LDA 00 + "Y" B9 0000 

ll4 CMP 118?" C5 "87" 

115 BEQ xx FO xx xx - toe. where instr. 119 
is stored. 

116 LOA QO A9 00 

117 STA 0200 + "X n 9D 0200 
I 

ll8 JMP xx 4C xx xx - It>c. where inst~. 15 
is stored. 

ll9 LDA 00 A9 00 

120 STA. 0200 + "X'' 9D 0209 

121 STA 0000 + ''!" .99 0000 

122 IEC •181" c6 81 

123 LOX ."81" A6 81 

124 STY 00 + "X" 94 00 

125 JMP xx 4C xx xx - Loe. where instr. #5 
is stored. 

126 AND 0 88 11 25 88 

127 TAY A8 

-------1~~ ,,,,...,,.-¥ 
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TABIE III (CON 1 D.) 

INSTR. NO. MNEM. CODE HEx:ADECIMAL CODE 

128 LDA 0000 + ''Y" B9 0000 

129 CMP "87'' C5 87 

130 BEQ xx FO xx xx - loo. wh~re instr. #133 
is stored• · 

131 STX 00 + 1'Y" 96 00 

l'.32 JMP xx 4C xx . xx - U>c. where instr. 15 
is stored. 

133 LDA 00 A9 00. 

1J4 STA 0200 + "I" 9D 0200 

135 STA 00 + "Y" 99 00 

136 DEC 1•81" C9 81 

137 LDX "81" A6 81 

138 STY 00 -t- "I" 94 00 

139 JMP xx 4C xx xx - Ioc. where instr. 15 . 
is stored. 

140 AND 88 2~ 88 

141 STA 0200 + "X'' 90 0200 

142 TAY AB 

1~3 STX 00 + ''Y" 96 00 

144 "M;P xx 4C xx xx - Ioc. where instr. 15 
is $toi-ed. 

~~~ ----~#...... -~ 

~~----~~~--------------------~--------------~----~------
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COMMENTS REU'V ANT TO PROGRAM COMMANDS 

The process i~ti(ied by the INITIALIZATION command includes a ser-

ies of steps required to transfer the various constants to RAM in order 

to make the program operative. The numbers used below refer to the com-

in.ands as numbered on the flow chart. Numb~rs within quotation ·marks sig­

nify "the contents of", eg. "8611 means the contents of location 86. 

1. Location "87" is the Subscriber Pointer. The number contained in 
location 87 is the numbe~ of the subscriber currently being 
serviced. 

2. !Dcations 0200-02F7 contain the Subscriber Status Re~sters. 1.he 
addressing mode used here is the Indexed Absolute; ·the contents of 
the "X" Index register are added to the second and thir:d bytes of 
the instruction. 

4. Is subscriber idle? If Z=l the subscriber is idle requiring no 
service. Z=O signifies that some bits in the Su.bscriber's Status 
Register are l's. 

?. A counter with the number of subscriber~ is decremented, instruction 
#5, when service to a subscriber has been completed. When the 
counter is decremented to zero, instruction 17, it is reset to 
the maximum count, contained in memory location BA, ·and the process 
starts again. 

11. N=O signifies that the subscriber· is ON Hook. 

12. V=O signifies that the subscriber is not being rung~up. 

lJ. The subscriber is Off-Hook. He is not being rung-up. ~e next 
task is to determine w~ether this is a new request for service or 
whether the subscriber has completed dialing. In order to 4eter­
mine whether this is a ~ew request for service, the lowest six 
bits of the Subscriber•s Status Register will be examined. If 
they are zeroes, no time slot has been ass~gned. Consequently, 
since he 1• art-Hook, the subscriber wishes"to initiate a call. 
To isolate the six lowest bits, the contents of the Subscriber 
Register are logically AND'ed with the word 0011·1111~ stored in 
location 88 of memory. 

14. If the contents of the accumulator, following instruction 13, are 
zeroes, the subscriber has not been assigned a time slot. This is 
a new request for service. 

I~ --~ 
~ . .--
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15. U>cation 86 contains the Tone Decoder Pointer. This pointer con­
tains the location, 82-85. where the number of the next available 
Tone Decoder is to be foun~. So, if location 86 contains the number 
82, the number of the next Tone Decoder will be stored in loc•tion 
82. locations 82-85 will contain the numbers O, 1, 2, or 3. 'lhese 
numbers, when added to number 02F8, generate the address of the 
Status Register pertaining to the Tone I)ecoder that will be available 
next. 

16. Location BB contains the number 86. When the contents of location a~ 
is 86, the pointer is poiriting to 1 tself. Consequently· there is 
no Tone Decoder available. The call cannot be completed. 'lhe 
polling will continue t? the next subsqriber. 

18. The Accumulator will be loaded with the contents of the location to 
which the Tone Decoder Pointer points. Ttiese contents will be 
either a O, 1, 2 or J. '!his numQer will be used in instrliction #24 
below to generate the address of the Tone Decoder Status Register 
that will be used in the Qompletion or this.call. 

20. I.Dcation 81 contains the Time Slot Available ·Pointer. This pointer 
points to the location, 41-8()., wher~ the number of the next available 
time slot is to be found. When the pointer points to itself all the 
time slots are being ueed and nore is available. 

21. location 80 contains the number s1·. This is used in instruction 22. 

22. When the contents of loc~tion 81 is the number 81, there ar~ no 
time slots ·available. 

23. load Accumulator with the contents ot OO+"Y". '!he Accumu.lator now 
contains the number ot the time slot which will be assigned to the 
subscriber now being serviced, as well as the Tone Decoder assigned 
to this call. · 

24. Store the time slot number in the Status Register of the Tone 
Decoder. The number of the Tone Decoder is stored in the X Index 
register. 

25. location 87 contains the number of the subscriber currentli being 
serviced. In order to assign the time slot to the calling sub­
ssriber, load I with ''87'~. 

26. Store the Accumulator, time slot number, in location 0200+"1", 
where "X" is the number of the subscriber being serviced. ·location 
0200+"1" is the address of the Status Register of the subscriber 
being serviced. 
Remaining tasks s 1. Clear register to which Tone Dec. Pointer points. 

---------· -~· 

2. Clear register to which T.S.A. Pointer points. 
3. Increment Tone Decoder Available Pointer ( 86 ). 
4. Increment Time Slot Available Pointer (81 ), 
5. Store subscriber number in ''Time Slot-Subscriber" 

memory location. 



.. --........... -

26. (con'd.) ttAccumula tor" --­
"Y regi ater u 

••x register" ---

Time slot number 
T. s. A. pointer , 
"Subscriber Pointer" 

28. Memory locations 1-64 are associated with time 1lots 1-64, on a 

&t 

one to one basis. That 1s,location 5 is associa~ed with time slot 
f5, location 37 is as~ociated ~th time slot 137. etc. ·The con­
tents of each of these locations is the number of the subscriber 
last determined to.be on the time slot associated with the.location. 
This segment ot memory will rrequent;ly be ref erred to as the Time 
Slot-Su.bscriber segment of memory. With this command the sub­
scriber number, contained in the X Index register,. is stored in 
the appropriate Ti~e Slot-Sl.bsqriber m~mory location. 

29. The contents of the Time Slot Available Pointer are loaded into the 
X Index register in order to be used to generate the address, 
in instruction 131. · · 

30. The .Accumulator is load~d with zeroes. Immediate Addressing mode 
is used. · 

31. Zeroes are stored in the location where the time slat number used 
to be. '!bus, this time slot has been removed from the .·111t of avail­
able time slots. 

33. The contents of the Tone Decoder Pointer are.used to generate the 
address in order to remove the Tone Decoder from the availability 
list. 

34. The Time Slot Available Pointer, location 81 1 is incremented by 
l, in order to point to the next available time slot. 

35. The Tone Decoder Pointer, location 86, is incremented by l, 
to point to the. next available Tone Decoder. 

3?. If ~o, after the execution of ins~ruction 14, the subscriber is 
Off-Hook, not being rung up, and has been previously assigned a 
time slot. The microprocessor MllSt determine whether the subscriber 
is in the process of dialing or whether he has completed the dialing 
and is only conducting hi.s conversation. It it is determined that 
he is dialing, that is, he has been assigned a Tone. Decoder, it 
must be determined whether he has finished dialing. If not, whether 
the timer has lapsed er not. The number of the time slot assigned 
the subscriber is stored in location 8F for use ·in the tu.ture. 

39. The loop between instructions 39-45 is used to compare the Status 
Registers of each of the f01r Tone Decoders to determine whether any 
of them has been assigned the same time slot as the subscriber 
Q'1rrently being serviced. 

42. If Z=l, a Tone Decoder has been found which has been assigned the 
same time slot as the subscriber now being serviced by the mioro­
pro ces sor • 

-~-
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45. If Z=O, continue around the loop to instruction #39. If Z.:1, 
all the Tone Decoder Status Registers have.been examined and 
none was found to be on the same time slot. 

46. The time slot number, temporarily stored in location Bl" during 
instruction 137, is loaded into the Y Index register. 
Since it has been determined that the subscriber is not dialing, 
it must be determined whether the called subscriber is still on 
the line. The Time Slot.;..Subscrib;er part of memory is' us.ed f'or 

68 

this purpose. When a subscriber is determined to be on a time slot, 
his number is stored in the location pertaining to that time slot. 
As the polling continues, the .microprocessor comes up to the other 
aubsoriber taking part in this call. The previous subscriber•s 
number is erased and the new subscriber's number is entered in the 
location in the Time Slot-Subscriber part of memory corresponding to 
the time slot. Consequentl:Y, if there is more than one subscriber 
on a time slot, the number or the subscriber currently being serviced 
will be different than the number stored in the Time Slot-Sub­
scriber memory location. Whe~ these two numbers are identical, 
there is only one subscriber left on the time slot. Everyone 
else has dropped out. 

49. It Z=O, the two numbers are not identical. The number of the sub­
scriber currently being serviced is stored in the Time-Slot Sub-
scriber location in memory. · 
If Z=l, only the subscriber currentiy being serviced is on th~s 
time slot. Therefor~, he must be dropped and the time slot made 
available £or a subsequent call. · 

51. The X Index register contains the subscriber's number. This is 
used to generate the address to clear the Subscrib~r Status Register 
and thus remove this subscriber from the time slot. · 

52. The Y Index register contains the time slot number, after. instl"Uction 
146. It is used to generate the address to cle•r the Time Slot­
Subscriber location in memory. 

53. The Time Slot Available Pointer is decremented by 1 1 since an 
additional time slot is becoming availa~le. 

55. The contents of the Time Slot Available Pointer are used to generate 
the address to store the number of the newly available time slot 
in the Time Slot Available Stack. 

59. If it is determined that a Tone Decoder has been assigned to the 
subscriber currently being serviced, it must be determined whether 
the dialing has been completed and if it has not, whether the 
timer has lapsed. The Tone Decoder Status Register is trans­
ferred to the Accumulator. 

__. 
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61. Bit #7 is checked. If N=O, the dialing has not been completed.· 
If N=l, dialing is complete. _;· 

62. Following the BIT instruction, #60, the ·v-f.],ag is se.t equal to ,··. 
bit f6 of the Accumulator. If V=l, ·the t~er has not lapsed~ If 
V=O, the tiller lapsed befo~e the completion-of dialing. 

. .. 

6J. V=l. Timer has not lapsed.·· 'lhe Tone Decoder's number must be.::J~.- . 
stored in the Slbscriber~Time Slot Assignment stac~, to prevent the 
microprocessor from dropping the subscriber fr.om the time slot during 
the next pollir:ig. The Tone Decoder number, o, l, 2 Qr 3 is tempor­
arily sto~d in loc~tion 0090. 

64Q L::>ad .Accumulator with ·the number FS. Immediate .Addre.ssing Mode.e 

65. Add the Tone Decoder number to the number F8, in.order to generate 
the number of the Tone De.coder's Status Register. 

66. location 8F is used in ins.truction #37 to temporarily store the time 
slot number assigned to the subscriber currently being serviced~ 
This number is transf'erred to the X regi st~r. in order to be usad 
to generate the address or the looation in the Subscriber-Time SJ..ot 
Assignment Stack pertaining to the.ti~e slot. 

67~ The Tone Decoder Status Register number is stored in the Sub~tjrib~~~ 
Time Slot Assignment Stack. 

'71. Y=O, instruction #62·means that the timer has lapsed before t.he . 
completion of dialing. Both the subscriber and the Tone J'JQQQder w:\11 
bQ dropped from the time slot, the ti:me slot ~11 become ayd:~abl'=' .~or. 
a aubsequent call and the polling will continue to the next 81.1.b­
scriber. Tone Decoder is dropped from time slot w1 th this cor:~Af:l.c, . 

?'2~ T'ne Tone Decoder Output Regis~er is cleared. 
... ·:·: 

1.~. 

78. 

79~ 

?l>.e Tone Decoder becomes available for future calls and its n\.~mkl~:~ 
~~s stored j_n the IJ;pne De~oder A~ailable St•ck. 

Z~roes are sto.red in the Status Register of the subscrib~";~J:~~nt!.~r 
being serviced by microprocessor.. He is, thus, c:lropped f'roib'j~ii~~-· n\.t?J>?:~ 

Tbe Time Slot Available pointer is decremented and, . in irr~tr-J.~i:;},~;r. 
#&2, the time slot number is added to the stack or avail~~~E) · t;ir~11S" 
::il_,ts. . 

8,5.. Cl~ar the subsoriber•s number from the Time Slot-~bscribf}~ /\$t.t·~.g~.·· 
ment Stack,, 

87. If', after instruction 162, it is determined that dialing has b~e~ 
completed, the m.\croprocessor must proceed to determine the called 
number and add the nalled subscriber to the time slot. Transre·r­
to the Accumulator the contents of the Output Register associated 
with the Tone ~ooder,. 

' ... -
/. 

~ ... -~·· 
' .... ~· 

"· "'!. ·:.ts~':-
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":.; "~ . 



~ 

70 

89. The microprocessor must determine whether the called subs~riber 
is busy, before ril)ging him up. The contents of the output Register 
are used to generate the address of the called subscriber. 

90. ·If Z=O, the subscriber is busy, since some bits are l's in his 
Status Register. Ir Z=l, the subscriber is idle and, therefore, 
may be rung up. 

92. al.ear the Tone Deco(ler Status Register. 

93. Clear the Tone Decod~r. ~tput Register. 

97. Make Tone Decoder available, f'or a supsequent call. The Tone Decoder 
number is transferred rrom the y Index Register to the .Accumulator 
in instru.ction #95. 

98. The Tone Decoder is added to the available list. 'lhe time slot 
number used in this call h~a temporarily been stored in location 
BF, instruction #37. 

99. · 'l'he ·contents of location 8D are the binary word 0100 0000. The 
time· slot number to be assigned to the called subscriber is 
OOx:x: xxxx. It number 0100 0000 is lQgically QR•d 'with number 
OOxx xxxx, number Olxx xx:xx ~11 be obtained, where xx xxxx is the 
number or the time slot. The 6th bit is used tq activate the Ringing 
Tone Generator, so that when the word OlJcc xx:x:x is stored in the 
called-Subscriber's StatUs Register, the time slot assignment is 
effected and the atbscriber.• s Ri~ging Tone Generator is activated. 

100~ The time slot number is tr~sferred to th~ Y I.nqex register. 

104. The Calling subscriber's number is stored in the Time Slot-
Subscriber Assignment Stack. · 

. ' 

108. Z=O after instruction #90 means that the subsc~ber is busy. Con­
sequently, the call oannot be co17JPleted, and a '"Busy" tone must 
be added to the sub scribe~' s Receive Audio line. Bit .. #?.. of the 
Subscriber Status Register oontrols .the Buey Tone. Therefore, 
in order to activate the Bu$y Tone tor the calling ~bscriber, the 
contents or memory location 91 (1000 0000) are logically OR•d with 
the contents of the Subscriber Status Register. This adds the 
Busy Tone. 

111. N=O in instruction fll means that the subscriber is ON Hook. 
However, in instruction #4 some of the bits of the Subscriber Status 
Register were determined to be l's. Consequently the subscriber 
is either being called by somebody else and has not answered yet 
or he has hung-up after conducting a call and is now being detected. 
V=O means that the subscriber is not being rung-up. After the BIT 
instruction, #3, the v:..r1ag is set equal to bit #6, the Ring-Op 
bit •. : 

~·~··r' 
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ll4. 

117. 

120. 

121. 

122. 

J.?4. 
126. 

128. 

130. 

131. 

134. 

135. 

138. 
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I.Dad the .Accumulator with the contents of the Tl.me Slot-Subscriber 
memory location associated with the time slot used during this call. 

Compare the number of the subscriber currently being serviced, "87" 
with the number of the subscriber last determined to be assigned this 
time slot. It the two numbers are identical, the ~bscriber current­
ly being serviced is also the last subscriber on this time slot. 
Since he has hung up, he must be dropped from th~ time slo~ and the 
time slot must become available to a subsequent cal.l. It the . 
two numbers are not identical at ieast one other subscriber is on 
the time slot. Since the cur~ntly serviced subscriber has~hung up 
he will be dropped f're• the time slot, but the time slot will not 
be made available. · 

Since Z=O, only the currently servioed subscriber will be <U-opped 
from the timo slot. · 

Siilce Z=l, the currently serviced subscriber is dropped.from tQ.e 
time slot, and also the time slot must bec~me availabl~. · 

The 'l'ime Sl.ot-Su.bscriber loca~ion in memory ~s clea~ed. 

The 'l'lme Slot Available Pointer is deerement.ed by 1. 

The time slot nW!Jber is stored in the availability ~t.,ck. 

Sine• in instruction #106 V~l, the ~ubsc~iber is being.rung-11p. 
The microprocessor must determine whetjler .. the calling subscriber· 
is still calling or wheth~r he has hung up since the la•t polling. 
The Accumulator is loaded with the contents of the Subscriber• s. 
Status Register. Performing a logical ~ with the word OOxx xxxx 
the time slot number is ext.~aoted from the :register.\ 

' ~ . 

'lbe number of the subscriber determined during the last polling 
to be in the Time Slot-aibscriber Assignment Stack is sto~~- in 
the .~cumul.ator. ·., · 

Z=O ~eans that ~e subscriber currently be1~g servi°'d ~s not the 
only one in th~ time.slo~. · : · 

The subscriber's number is stored in the appropriate Time Slot. 
Subscriber location. · · 

Z=l in inatru.ct!on #130 means the subscriber currently being servic~d 
is the oitly· subscriber on the t~me slot. '!he calling subscriber 
has already ·hung up. 'Clear the Subscriber's Status Register. 

Clear the Time Slot-Subscriber Assignment Stack locati~n pertaining 
to the time slot used during this call. · 

Make the time slot available for a subsequent call. 

~-· 



140. V=l in instruction #12 means that the sub$c~ber is Oft-Hook and 
being rung at the same time. This condition arises i~ediately 
after going Off-Hook to answer a call. logical AND ot Olxx xxxx: 
with 0011 1111 results in OOxx xxxx. 
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141. OOxx xxxx: is stored in the Subscriber Status Register. This resets 
the Ring Up bit in the register. '!he ringing itself is disabled 
as soon as ~he receiver goes orr Hook. 

143. The subscriber• s number is stored in the Time Slot-Subscriber 
Assignment Stack. 

\ 
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CHAPTER IV 

CONCLUSIONS 

The capability of the microprocessor to perform efficiently the 

control function as it pertains to the routing of audio signals, in: 

order to conduct selective telecommunication, is demonstrated in this , 

project~The microprocessor determines the required ~ction on the, 

basis of software rather than hardware, as would be the. case with wired 

logic:] Since~the microprocessor is~ relatively inexpensive elctronic 

component,: systems ·or small ~ize, up to a few ~undred subscribersj can 

be implement~d at low cost. Prior to t~e development of the micro~ 

processor, Mi.nicomputers would be requ~red to provide any degree of 
I 

flexibility to the system.at a reasonable c~st. Since minicomput~rs 

cost several thousands of dollars by themselves, a system would have to 

have several hundreds of subscribers betore a minicomputer could be 

considered economically feasible. As a result, flexibility was the 

domain of large, computer controlled, systems only. The Microprocessor 

allows flex1b1lity at·a reasonable cost for systems servicing only a 

few subscribers. 

By ttflexibility" is meant the ability of the system to adapt 
')\ 

its response to a request for service according to the need~ ot different 

subscribers, or the same subseriber ~t different times. That is, the 

system could be programmed to reroute calls automatically to another sub-

scriber when the first subscriber so desires. It could be progrannned 

to route all calls to one extension at night, it could allow conference 

+~-
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calls with more than two subscribers, with the ·capability to add to or 

drop subscribers from the conference. It must hav~ built-in self-test 

subroutines that determine !aults in the system and direct the micro-

74 

processor to take corrective action, either to substitute redundant 

circuits for the faulty on~s, or lock circuits out in order to'•liuti.nate 

/( interference. 

The microprocessor oould be programmed to perform othe~ ~as~s, 

in addition to the control of the audio switching. Some of thes~ could 

be the monitoring of environmental conditions in every room of large 

buildings, with the appropriate ac~ion taken if conditions were n~t 

optinru.m. Arithmetic operations could be performed, as.well as the 

monitoring or tire, smoke and burglary alarms. The po ssibill tie·s are 

many and the oliohe that they are limited by the designer's.imagination 

comes clo~er to the truth since the development or the microprocessor. 
: ' ' 
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