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PREFACE

The objective of thls broject is to demonstrgte the feasibility
of implementing a flexible and easil& 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 State logic, and because of the nature of theAmultipléxing/-
demltiplexing scheme used, the system desecribed here can serve large
numbers of subseribers,

. Detailed discussion of the technical aspects of the design
compromises will ﬁe taken up in the main body of this repart, Suffice

it to state here, however, that time division mmltiplexing and pulse

~ amplitude modulation is used, The design approach is such as to reduce

to écceptable levels the sh&rﬁcomings, primarily excessive cross-
talk, associated with these techniques, Although it can be argued
that other mltiplexing techniques ¢ould 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, Henrl 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 Deena, my wife, for her understanding and for

typing the manuscript,
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CHAPTER I

INTRODUCTION

In order to carry out Telecommﬁnication, the audie signalvmust
be converted to a form trangmissible over the required distange,‘the
meané of transmission mst be ﬁrovided'and reconversion of the signal
to its original, audible form must be achieved at the'recqiving end, If

this telecommmnication is to be selective, that is only beiweeﬁ selected

participants, to the exelusion of everyone else, the means of selecting

the recipient must also be provided,

When the first telephone exchange went into operation in New Haven,
Conn,, on Jan, 20, 1878, with oﬁly 20 subscribers, it was operated man-
ually and the selection of the called party presented no insurmountable
problem, Sinece that time, however, the number of subscribers has in-
creased to well over 200 million, and the selection of the called
subscriber presents the problem of designing into the telephone system
the capability of addressing any and all other subscribers efficiently.,
Efficlency in this case implies the successful completion of calls with-
out excessive delayé and on the first attempt a goqd part of the time,
but primarily it implies economical use of the telephone plant, Even
though each subscriber mist have the capability of addressing every
other subseriber, in practice, the vast majority of "other" subscribers
will never be called, a very 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



- few times a day, adds up to a small percentage of the total time,

A number of schemes have evolved over the last hundred years,
each of which attempts to provide reliable and egonomical telephone
service. All of these utilize some mix of space and time difision

mltiplexing of the audio path and also of the control function, the

means of setting-up of calls, and of maintaining the audio path for

the duration of the cdnversafion.‘ The papid rate of increase in the
demands placed upon the telephone sy§£em.‘pgﬁ forced the development

of ever newer, faster, more compaet and increasingly flexible systems,
These s&stems, whether manual, step-by-step or register controlled make
use of metallie cross-points, The metallic cross-point, fhpuéh it re-
presents'a "slow" technology long superceded in most fields of elec-
tronic applications, offers the advantage qf a low, linear impedance
path thrcugh'thé telephone switching sﬁsteﬁ. Also, becaﬁse of its slow
response time, it possesses the advantagé of not responding to fast
transients that may occur throughaut'the system, Because of these
inherent advantages, and beeause.or the relatively lower costs of manu-
facture éf a system based on relay and reed-switech technology, but
primarily because of the size of investment in this techno;ogy, which
as measured by the existing equipment'gperated byAthe telephone com- |
panies, ranges into the billions of dollars,Athere exists great inertia
to the urge to update. There 1s no inherent advantage in the elegance
or originality of design, The final cholee is that design approach which
optimizes the ebjective function.‘ In the case of a telecommnication
system, the variables that constitqte the objective function includes
intelligibility of signal, cost, reliability, maintainability, adapta-

bility of the systemvto different and varying sizes of serviced area,



etc. Cost includes, in addition to development, hardware and real

estate costs, éther indirect costs such as the cost of training personnel
to maintain the new equipment, the cdst of the impact of the new equip-
ment on existing equipment (interfaces, obsolescenca due to new ser-
vices which the old equipment cannot prévide at a reasonable cost).,.etc.

However, the relative importance of the econoﬁic factors affect-
ing the process of making the choice of designs change goﬁ;iﬁuouély.
Rapid advancements in the development of the lLarge Scale Intégration
(LSI) technologies, decreased costs of LSI because of econoﬁies of |
scale, increases in labor costs, qoéts of spacg and power, the pace
of increaselof demand for neﬁ service as well as the ability of the
new technologies to provide features to the telephone system which
would allow it to be flexible enough to be adaptable to the nééds of
each individual subseriber, are tipping the balance in favog of the
new technologieé.

Analog gates that’permit high speed multiplexing, and the develop-
ment of the microprocessor that allows software programming of the con-
trol of the switching of the audio signals, mske the desiéh of rela-
tively inexpensive, adaptable systems feasible., Up to the present,
relatively small felephone exchanges, such as those used by business
firms, schools, hotels, hospitals, ete., could not be ecbnomically
designed to provide services adaptable to the needs of the subscriber,
Flexibility and adaptability were characteristics assoeiated with
relatively large systems, with several thousands of subseribers, con-
trolled by a minicomputer. The microprocessor permits the design of
exchanges serviecing only a few subscribers, with flexibility and
adsptabllityat low cost. 1



CHAPTER 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
of their "subscriberts lines," The "subscriber's line" consists of
wires carrying the Transmit and Bebeive audio signals, DC power and
Ground. On/Off Hook signals, multifrequency tone dialing, #g well as
ringing signals are transmitted by the audio wires,

The Central Sﬁitohing Unit eontains the System Contfoller, a miogo-
processoy, which sequentially polls each subseriber?s line, Changes in-
status are detected by the Central Contreller and programmed action is
taken t§ pr;vide the required service. ‘ |

A ?ulse Amplitude Modulation, Time Division Maltiplexing Sohemé is
used. Time is subdivided into slots, Fig. 1, determined by the system

PULSES | | |
e— 1 —sh——2 —2—3 —re—
e T e N ilkins I i

TIME
SLOTS

Figure 1, Clock Pulses and Time Slots.
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DATA

BUS
SUBSCRIBER SUBSCRIBER —A
SET | INTERFACE
# < # > CENTRAL
AUDIC
SUBSCRIBER >
SET
74 < MIXER
’ l-Q,f-n *
ADDRESS
DECODER s
A¢A~AA
SUBSCRIBER DATA  AppaEss
SET BUS BUS
'
TIME
; TIME
CLOCK |} SLet s1oT
COUNTER SOUNTER

CENTRAL SWITCHING UNIT

Figure 2, System Configuration



The clock pulses are counted by a E.bit binary counter, l1‘1';.'1.8 permits
26=64 time slots. The time slots serve as trunks, . Time slot 00 is
not used, since it is assigned to those subscribers who are idle,
therefore only 63 trunks are avaiiabl!.e. Subseribers can be programmed
by the controller to the same trunk in order to conduct a conversation.
That is, 63 simltaneous conversations can be in progress, This
implies that 126 subseribers can be sefved without "bloéking", that is,
without any subscriber ever being inaccessible because of call congestion.

However, telephone traffic is random in nature, ;Ihe number of
calls initiated vary from day to day, hour to hour, and minute to min-
ute, as well as from subscriber to subscriber., Fig. 3 shows a typical
2 _hour distribution of calls in a 2000-line telephone exchange.

200
2200

g
3 2 32

1200

do., of Originating Calls
s

S S N T N Y

v v

KB

8.9+
9-104

10..111
1.2

11«12
’2-1" -

Figure 3., Typical 24-hour diitribution of calls in a
2000-1ine telephone exchange, :

lRamses R. Mina, Teletraffic Engineering (Chicago: Telephony
Publishing Corp., 1974), P. 3.




In addition, the duration of calls is random, but it has been deter-
mined by actual measurements that short duration calls, 1-3 mimites,

are more probable than calls of longer duratioﬁ. The duration of calls

display the probability'distribution shown in fig, 4, with the average
duration being 1.6 minutes, ‘

16
14

12 :l/’ Average: 1,6 min,

10 |
08
06

ok
02

over 10
minutes

Frequency of Calls

" Jength of calls in minutes,

Figure 4, Probability distribution of call duration.?

Since each subscribert's lipe is used only during a small fraction
of the time, the number of subseribers that cén be accommodated is
mich larger than twice the number of trunks available. The term "grade
of service” is used as an indication of the percentage of calls that are
statistically prevented from completion, during the busy hour, due to‘
the inadequacy of the equipment. Consequently, the actual number of éub-
seribers that can be serviced depends on the permissible grade of service,
Each subscriber's line is terminated in the Subscriber's Interface.

The Subsecriber's Interface contains circuitry which determines the

2Ramses R. Mina, Teletraffic Engineering (Chicagos Telephony
Publishing Corp., 1974), P. k.



On/Off Hook status of the subscriﬁer.” This information is transferred
to the "Status Register", Fig. %, which is comnnected to the I/0
data bus of the microprocessor. Through the Status Register, in-

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

troller. :
To
™ Comparator
g;gm "R | sramus ON/OFF Hook '
scrit:er *V 1 DETECTOR - ———
Set, |GND | M
Busy] RU| 6-Bit .
Time~Slot No, |
i { —
BUS

Figure 5., Subscriber Interface,

When a change in the status of a subscriber is detected, the
Controller will proceed to service the subscriber according to the
érogram 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 Confroller will determine the trunk previously
assigned to the subscriber and the subscriber will 55 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
subscriber,

If a subscriber wishes to make a call (goes Off-Hook after 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



technique with Time Division Multiplexing allows the simplest mixing
of the Qudio signals, by taking advantage of the characteristics of
the Summing Amplifier, Fig. 6, Thus, more than two subscribers can
be assigned to the same time slot in order to conduct a "ﬁonference

call¥,
R

V}‘ ‘ 2}—‘\/\vﬂ :\);r—-—-w
7] 2 ANV -

. SN B
- L

el'r
sio

Figure 6, Summing Amplifier,

The transfer function of the Summing Amplifier is,
Vo
Ry

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

v-—-R "-]‘.“'""-"'oooo

signals, If R1=R2=R3=....=Rh, the output will be

Vb=-~§§(V1+V2+V3+....Vh) where 31=R1=32=R3=....=Rn.

If Re=Ry, the output will be the inverted algebraic sum of the
input voltages. If V7, Vo, ...V, 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 spéaking similtaneously, If the amplifier is overdriven
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and goes into saturation, the output will be distorted and totally
unintelligible,

Tﬁe Summing Amplifier is the heart of the Mixer, The Audio
Transmit signal of each subscriber is applied through aﬁ analég gate
to the input of the summing amplifier, .ig. 7. The output o?fthe
summing amplifier is connected to the Audio Receive line of all the
subsecribers, also through an analog gate. During any particular time
slot only those subscribers assigned by the Controller to that time

slot will be gated on, Both input and output gates are on siml-

taneously,
Re
JR—— VY P
vy M\
Ry
Gy
Ve “Wv
L)
G2 :
Yn ;;N'
G

Figure 2. Andio M. xer,

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

In addition, their own Transmit Audio Signal is applied to their Receive
Audlio line, as Sidetone, which serves as audio feedback to the sub-
scriber and prevents him from shouting into the microphone,

The gating of the inputs and outputs at the appropriate time slot
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is achieved by a 6-bit comparator. The number, 1-63, of the time slot
assigned to a subscriber who is a participant in a call, is applied to
the comparator. The other set of inputs to the comparator is the output
of the time slot counter, Time slot 00 is assigned to thdse subécribers
who &re idle. Consequently the time slot counter counts from 1
through 6# and then goes back 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 of the comparator
goes positive and is used to gate on the Transmit and Receive lines of
the subscriber to the Summing Amplifier. F;gure 8 shows the comparator,

n

SIGNAL Ry
RECOVERY

Gn L
A
From =B
Subseriber COMPARATOR
Status
Register

)

TIME
'SLOT
COUNTER

Figure 8, Gating of the audio signal to the Mixer,
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System Component Description
Controller - Microprocessor. The microprocessor, used in this

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

microprocessor. The pin-out for this device is shown in fig. 9.

Vss o RES -Control Bus
RDY R g2 (our)
g(ouT) 38@ s.0.
{1IRQ 378  Z0(IN)
CONTROIZ NC 3%6R N/C
BUS |NKMI 3B N/C
SYNC 3% R/W.~ Control Bus
- Voo 33 DBO ) :
ABO 1 32P DB1
‘AB1 o 31 DB2
AB2 MES 6502 30 DB3
ABS . 29[3 DB4 } DATA
| a8y 280 DB5 | BUS
ADDRESS £ AB3% 27P DB6
BUS ABS 26 @ DB7.4
AB? 25 AB15
AB8 24 B3 Amurmnmass
AB9 23 AB13[ BUS
AB10 22} ABi2
AB11 213 Vg
\ ,

Figure 9, 'MCS6502 Microprocessor Pin-Out.B

'This microprocessor was chosen because of its low cost and its organi-

zation, The MCS6502 is similar to the Mof.orola 6800 mieroprocessor, in
that 1t handles all external Input/Output 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 a.sl well as read out data

through its data bus, Fig, 10. The BOM which contains the program is

3 muthor unknown, MCS 6500 Microcomputer Hardware Manual
(Norristown: MOS Technology, Inc., 1975?, P, B2,



also part of the memory space,

13

PERIPHERAL
ROM ' RAM DEVICES
( SUBSCRIBER
STATUS
- REGISTERS)
ADDRESS T
BUS A
DATA \é \V/ \V/
BUS ‘
RIW == @
CLOCK pP
= -
PTS
OTHER
CONTROL
$—— ) SIGNALS
' L
Figure 10, Organization of the MCS 6502 Microprocessor System,
n

{Norristown:

fnthor unknown,

MCS 6500 Microcomguter Hardware Manual

MOS Technology, Inec,, 1975), P. 5



pL
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 8 bits wide. It
has an 8-bit wide Accumlator, two Index Registers, X and Y, each also
8 bits wide, a program counter which is 16 bits wide, and a Processor
Status Reglster. The Processor Status Register is 8 bits wide and each
bit serves as a flag which is set or reset according to the contents
of certain registers or bits., The 8 bits of the Processor Status

Register are assigned as shown in fig, 11,

NjV 3IDIT | 2f C

NEGATIVE —— - CARRY
OVERFLOW = =ememend ZERO

‘ . TIRQ DISABLE
BREAK - DECIMAL MODE
COMMAND

Figure 11, Processor Status Reglster.

The three bits of the Proceséor Status Reglster used in this
design are bit #2, the Z-flag; bit #6, the V.flag; and bit #7, the
N-flag, Bit #2, the Z-flag, is automatically 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 Accurmlator are other than zero, flag Z is set equal to zero,

Bit #7, the N-flag, is automatically set equal to 1 by the micro-
processor after an arithmetic operation, if the contents of the Accum-
lator are negative., Conversely, if the contents of the Accumlator are
not negative the N-flag is set equal to zero, Since a negative number
in the Accumlator is signified by setting the seventh bit of the
Accurulator equal to 1, and conversely a posiﬁive number in the

Accurmlator 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 Accumilator,
following any movement of data into the Accurmulator,

Bit #6, the V.flag is set 'equal to 1, when an overflow has
ocourred following an add:j.tion or subtraction of two numbers, %wever,
additionally, the MCS6502 Microprocessor has a unique feature that
increases the flexibility of the device considerably, Following the
instruction BITl, Test Bits in Memory with Accumulator, Flag V is set
equal to the content of bit #6 in the Accumlator,.’

This capability to test bits #6 and #7 directly and then branch -
to subroutines according to the state of these bits makes the MCS6502
a very efficient microprocessor for this applicatiori. The reason is
that the contents of bits #6 and #7 of' the Subsoriberts Status Register
can be assigned to signify one of a number of states, eg. On/Off Hook,
Being Rung.Up, etc., that the subscriber may be in.‘ Since for the
MCS6502 the extérnal input/output registers are in the "memory space"
of the microprocessor and therefofe addressable like any other location
in memory, the status of a subscriber ‘can be ascertained with a minimum
pumber of steps. Since for the vast majority of the t.imé the subscribers
will be idle, requiring no service, the nﬁcroprocessor can proceed with
the polling of the subscriber s and with four instructions, as the flow
chart shows, it can determine that ~a° subseriber is idle, It can then
go on to the next subscriber, until it comes up to one requiring service,

In addition to the Data and Address Buses, the MCS6502 has the
Control Bus, The Control Bus as shown in fig, 9, is composed of 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



16
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,

The NMI (Non-Maskab1§ Interrupt) and the IRQ (Interrupt Request)
could prove very useful in controlling a system such as a telephone
switchboard, where the requests for servicg are relatively infrequent
occurrances, The use of the Interrupt capability coul& free the micro-
processor to perform other tasks, unrelated to the servicing of tele-
phone calls, such as arithmetilc operations, control of other systems,
etc. Through a hierarchy of Interrupts the microprocessor could return
to service the telephone exchange whenever requested by a subscriber,
This would be a very efficient use of the microprocessor capabilities,
However, since in this application there are no requirements other than

the control of the telephone exchange, the simpler 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 according to the progranm,



Interfaces and Information Exchange

Subscriber Interface,

Fig. 5, on page 8,

shows the Subscriber

Interface., The Sdbscribér Interface ﬁerminates the subscriber?'s line

in the Central Switching Unit and also contains the circuitry that

determines the status of the subscriber,

shown on Fig. 12 below,

Additional circuit detail is

SUBSCRIBER'S SET CENTRAL SWITCHING UNIT
e | D.C, POJER (
— ' —)
RINGING ' TR3
<€ TONE GEN.
: RE FROM
AUDIO . —“_.CmNTRA
Rl AMP.
FROM Ry -
TRANSMIT
AMPLIFIER ._L
[ - Q )
TRANSMIT
Y -{ TO
—20DT 5
| HDI0 CENTRAL
Rz AMPLIFIER
GND.
= L
J —————
Q7 Qb 6-BIT TIME
SLOT NUMBER :] + y
READ
o0
EAT'
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Subscriber Interface,
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Zener diode D1, through resistor R3, provides a reference voltage to
the noninverting input of compafatbr ICl. When the subscriber is

On Hook, the voltage of the DC power bus is applied to the'inverting
input of the voltage comparator, through resistor Rl, ‘When the suba
seriber goes Off Hook, resistdr Rl in the Cbnt;al Switching Unit and
resistor R2 in the Subscriber'é Set form; a voltage divider, so»that a
voltage lower than thé power bus voltage is applied to the inferting
input of the voltage éomparator, If the zener voltage of diode D1

is chosen so that Vp )'VDC (R2/(R1+R2)), when the subscl;ibér ;5 On Hp.ok
the output of the comparator ICL will be a 0, and when the subscriber
is Off Hook the output of the comparator will be a 1, The output of
the comparator can be stored in the Subsc?iber Status Register. Since
the Subscriber Status Reglster is on the microprocessor's Data Bus, it
can be addressed by the mieroprocessor and data can be transferred in
and out of it, If bit #7 of the Subscriber Status Reglster is assigned
to provide the microprocessor information about the On/Off Hook étatus :
of the subscriber, information would be flowing only in one direction,
from the Subscriber Interface to the microprocessor, Consequently bit #7
of the Data Bus would not be used to its full qaﬁacity. Conversely,
when the called subscriber is Busy, a "Busy" Tone is to be added to the
calling.Subscriber's Audio Receive‘iine. An analog gate must be acti-
vated to gate the "Busy"™ Tone onto the subscriber's Receive line, When
the calling subseriber 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 "Busy" 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 #7 '
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of the Data Bus can be used to implement two functions, It can trans-
fer subscriber status information from the Subscriber Interface to the
microprocessor and "Busy" Tone control information from the mlcroprocessor

to the Subscriber Interface. Fig, 13 shows details of the circuit,
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Figure 13, "Busy" Tone Control,

When the Central Controller wants to ring up a subscriber, a 1
is stored in bit location #6 of the Subseriber Status Register, The
ringing-up is effected as follows, 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 throﬁgh tran-
sistor TRl, When bit #6 in the Subscriber Status Register is a 1, that
is, when the subscriber is being rung-up, transistor TR2 is cut off
and TR} is saturated, thus applying a voltage Vpg (R5/(Rw+R5)) to the
base of transistor TRl, in turn causing it to saturate, This provides
a ground to the Ringing Tone Generator which is then activated, When
bit #6 in the Subseriber Status Register is a zero, 0, transistor TR3
is cut off and transistor TR2 is saturated. Thus, ground through Ry is

applied to the base of transistor TRl driving it to cut off, and disabling
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‘the Ringing Tone Generator. When the subscriber who is being rung up

1ifts his receiver off the hook to answer the call, power is dis-
connected from the Ringing Tone Generator and is applied to the
Transmit and Receive Amplifiers in the Subscriberts Set. Also, the
comparator in the Subscribert's Interface changes state and becomes a
1, since the subscriber is now Off Hook.

During the next polling of the subscriber, the microprocessor
will detect the state of the subscriber as being Off Hook in response
to a ringing signal and will change the contents of bit #6 of the Sub-
scirber's Status Register to a 0,

Since the audio is A-C coupled to the Transmit and Receive lines
the D-C signaling ﬁoltages do not affect tﬁe audio transﬁission. This
is an extreme case of frequency multiplexing.

The Subseriber Status Registér 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 dgring a call, If the subscriber is not a
participant in a call, but ié 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 On to the Bus when the Address Decoder selects the
subscriber and the Read/Write control line goes high, Fig. 14, shows
the details of the circuit interconnection and an analysis éf the con-
trol signals,

The lwof-n Address Decoder is composed of National Semiconductor

. MMP4C154 decoder/demiltiplexer integrated circuits, When a binary input

is applied to the decoder, the corresponding output goes low, while
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. every other output remains in the l-state., The Subscriber Status Regis-

ter is composed of two National Semiconductor MMP4C173 Tri-State quad-D
flip-flops., These flip-flops, in addition to the Clock inéut, havg an
Input Disable and an-Qutput Disable, The Output Disable input must be
in the Ow-stats, since the output of the register is continuously applied
to the comparator in the Mixer. See Fig. 14, The appropriate output of
l-of-n Address Decoder must be logically combined with the R/W signal
of the microprocessor, Fig, 15, to generate a 0 for tbe)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 Subseriber Status Reglster.
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Figure 15. R/W Control Signals,

Tone Decoder. A Multifrequency Tone Generator in the Subscriber®s

Set generates the combinations of tones required to effect 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 durihg only a small

fraction of the'time,'the system must be designed so that the subscribers

~ share as much of the hardware as possible, The Tbna Decoder is ﬁsed

only during the initial stages of a call, only during d;aling. Con-
sequently, a small number of Tone Decoders, assigne& to the subscribers
upon request, can adequaﬁely serve fhe systeﬁ.

In this design approach, there are four Multifrequency Tone De-
coders in the system, They have their own 8-bit Status Register, The
first six bits, DO-D5 are used to storelthe number of the time slot
assigned to the Tone Decoder, This number will be the same as that
assigned to the subseriber who is initiafing the call, When the micro-
processor detects that a subﬁcriberlis initiating a call, having gone
Off Hook, iﬁ will go through the process bf determining whether a Tone
Decoder and a time slot is available,

After the microprocessor determines that a Tone Decoder and a
time slot are available, it proceeds to store the same time slot number
in both the Tone Decoder and Subscriber Status Registeré. Since both
the calling subsecriber and the tone decoder are on the same trunk, the
miltifrequency tones transmitted by the calling subscriber will be
recelved and decoded by the decoder, When the decoding is completed the
number dialed will be stored in binary form in a buffer register at the
output of the Tone Decoder, This register is on the microprocessor®'s
data bus and therefore addressable by the microprocessor. The contents
of this register, the number of the called subscriber, will subsequently,
upon interrogation as directed by the program, be transferred to the

microprocessor for processing, Fig, 16, shows the details of circuit
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interconnection for 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 of the time slot counter. In order to.activate the tone decoding
part of the circuit, the fqllowing events must take plaée. At the

time that the Tone Decoder's time slot number is stored in the first
Six bits of the Status Register, D0-DS, a 1 is applied on line D6 of

the Data Bus. The 1 on line D6, inverted, is applied to the ggéggg
input of flip-flop FF1l and the Clear input of flip-flop'FFZ. Before

the sequence of events that take place during the tone decoding can

be described in detail,
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Figure 16, Tone Decoder control.
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a description of the component elements of the oircuiP mst be given,
The analog gate at the input of the Tone Decoder ié used to gate
the multifrequency tones to the Decoder, When the appropriate number
of digits has been dialed, this gate is turned off. The tone decoder
puts out a four bit binary number in response to a multifrequency tone,
which is in turn generated at the Subscriber's Set in response to
a hexadecimal input.A
In this design, thé system can handle a maximum of 256 subscribers,

For the sake of simplicity of design, no effort is made to design the
system so that the dialing can be done in the decimal system. Instead
the dialing is done in the hexadecimal system.

| Since the Data Bus is 8 bits wide and the Tone Decoder is designed
to produce a four bit binary ogtput in response to a hexadecimal input,
the output of the decoder is gated so as to steer the bits in such a
manner that when both digiﬁs of the eélled subscriber?s number have

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

buffer register which is on the microprocessor Data Bus, The buffer

register is made up of two National Semiconductor MMP4C173 "three-state"
registers, These registers have an Input Disable input. When this
input goes low, data can be transferred into the register, Since the
buffer register is made of two four-bit registers, each with its own
Input Disable input, the two four-blt segments of the register can be
gated sequentially to receive the two four.bit bytes in the correct
order, so that when dialing has been completed, the bits DO.D7 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,



are effected by the two flip-flops, FF1 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 me;ns that they are in their
toggling mode. At the negative going edge of a pulse applied to their
clock input they change state. - )

The Tone Decoder's Status Register is 8 Sits wide, The bits are
assigned ds followss DO-D5 contain the time slot number assigned the
Tone Decoder during a call., D6 is used in a manner similar to bit D7
of the Subscriber Status Register, When the microprocessoi ﬁrites
avl into bit D6, this bit is uéed to ;tart the Dial Decoding process for
a parficulaf call, On the other hand, wheﬁ bit D6 is read by the micro-
pfocessor, it contains information regarding the Dial Timer, Whenkthe
Dial Decoding process is initiated a timer is activated which allows a
certain amount of time, as much as 20 seconds,.for the subscriber 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 microprocessor
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 for service.

Bit D7, when read by the mieroprocessor provides information as
to whether the dialing has been completed. A 1 on D7 means dialing has
been completed,'a 0 means that a complete number has not been dialed,

The tone decoding occurs as followss When a 1 is eniered into

bit #D6 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 FF2, This sets
Ql=1, ai;o, EEQO, Q@=1. Q@=1 enables the analog gate at the input of
the Tone Decoder, 55; Ql and QL are iogically combined, as shown in
fig., 17, to sfeer the output of the decoder. Since the higher order
digits are dialed first, Q1 and Q2 are éombinéd in a logical NAND
function to enable the first half of the register that will receive the
high order four bit byte first., The Tone Decoder is designed with a
"D131t~Dgcpdedﬁ output. This linegoes negative when a multifrequency

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

decoder,
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This negative going pulse applied to the Clock input of FFl
causes it to change state. Now Q1=0, Q=1 and @=1. @ is combined inAa
logical NAND function with QL to enable the second half of the buffer
register that will receive the low order four bit byte. When the second
&igit has been decoded, the clock pulse output of the Tone Decoder
causeoAFFl to return to its original state, where Ql=1, Q=0. The
Ql output is connected to the olock pulse inpu£ of FF2, so that when Q1
changes state from 1 to O the negative-going edge causes FF2 to change
state, Q2=1 and @2=0, Since @=0, the analog gate at the input of the
decoder is disgbled so that no.more'fones can be appllied to tﬁe decoder,
The Q2 cutput 1s connected to bit #D7 on the Data Bus, and signifies
to the microprocessor that the called suosoriber's number is found in
the buffer registor at the output of the Tone Decoder.

The Dial Tone must be mixed with the calling subscriber's Receive

- Audio signal, and it musf be removed when the first digit has been dialed,
Fig. 18 shows the interconnection details of the Diel Tone Control

circuit, The output of the comparator assooiated with the Tone Decoder
is combined with the Q1 output of FFl and the Q2 output of FF2 to gato
the Dial Tone ON during the time slot assigned to the callipg subscriber.
Bach Tone Decoder has a Dial Tone Generator associated with it. When

an available Tone Decoder has been identified and assigned the same

time slot as the calling subscriber, the Dial Tone is gated on to the
Miiing Ampiifier by an analog gate controlled by the‘output'of a
three~input AND gate, whose inputs ares the output of the Tone
Decoder*s time slot Comparator, Ql of FF1 and QZ of FF2. When the
first digit has been dialed ond decoded FF1 changes state and Q=0,

Therefore, the analog gate that controls the Dial Tone is disabled and



the Dial Tone is removed from the calling subscriber?'s Receive Audio
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Memory, The microprocessor is organized as shown in fig, 19,

The Read Only Memory, the Random Accgss Memory and the “peripherals",

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

Data,and Coptrol Buses,

The concept of "Page" in Memory is very important in 8-bit

microprocessbr systems, The internal organization of an 8.bit processor

is around 8-bit registers, 8.bit parallel data paths, ete. A "Page" of

memory contains 256 8.bit words, Each of these words is individually

addressable,

The Read Only Memory (ROM) is a nonvolatile storage device. The

data stored in ROM is contained in the physical configuration of
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the device and is not altered after the manufacturing process,
Furthermore, information is not lost during interruptions of power,

As a raéult, ROM provides a desirable storage medium for the program that
dir;ct; the microprocessor through the steps required to control the
system, in this application the total number of program instructions

is nofrmore than 150, Consequently, the program and all the constants

required in the exscution of the program can be stored in less than two

pages of ROM,
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Figure 19, Organization of Microprocessor Memory Space.

The Random Access Memory is used to store information that is
obtained @uring the execution of the program, eg. the numbers of
availsble time slots, Tone Decoders, the results of arithmetic operations,
etec. Whereas the microprocessor cannot write into ROM but only read

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

of RAM,



31

The addressing of each ROM or RAM location is effected by placing
the 16-bit address‘of the location on the Address Bug. Reading
information out of memory or writing inforﬁapion into it requires, in
addition to the address information, the utilization of the R/W
(Read/Write)'cOntrol line. The R/W goes high when reading information
out of memory and it goes low when writing information into it. Fig. 21
shows the timing dlagram for reading information froy Memory., Fig, 20
ghows the timing diagram for writing data into Memory., The timing of
all data transfers-is controlled by the system ciock.' The clock is
a two-phase square wave, ‘It can be thought of as twb‘non-ovﬁrlapping,
positive~going pulse trains, ‘The two phases are referréd toséq Phase
Gne and Phase Two. FPhase One clock pulse, as shown.in fig, 20 is the
positive pulse dufing which fhe address lines changéfand the Phase
Two clock pulse is the positive pulse during which the data is trans-
ferred. ' i

Tﬁe Subscriber's Status Registers, although peripheral devices,
for the MCSéSO? are in the "Memory space" and therefore addressable

like any othe? memory location,
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5Auth6r unknown, MCS 6500 Microcdm% uter Hardware Manual
(Norristowns MOS Technology, Inc., 1975), Pp. 18-19.
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Central Audio Mixer-Audio Mixing Scheme, As shown in fig, 2,

page 5, each Subscriber's Iine is terminated in the Subscriber Inter-

face, inside the Central Switching Unit. The Audio signal, super-
imposed on the DC signaliing levels is AC coupled to the Central Audio

Mixing Amplifier, shown in fig, 22, below.
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Figure 2, Central Audio Mixing Amplifier, -

‘The Audio signal is timedivision multiplexed and demmltiplexed by the

Central indio Mixing Amplifier, The input signals are gated onto the
amplifier by analog gates. Other analog éatés é#ta'the Receive Audio
line of the subscribers onto therutput of the amplifiér during the
appropriate time slot. Two or more subscribers programmed to occupy
the same time slot can conduct a conversation,

The programming of subscribers on to a time slot is.done as followss

Associated with each subscriber is a 6-bit comparator. The comparators
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are Motorola MC14585CP magnitude comparators, Each MC14585CP has two
sets of four-bit inputs, These two sets of inputs are compared to each
other, bit for bit, and according to the outcome of the comparison one

of three outputs goes high, A¥B, A=B, or A<B. Since in this épplication

"the words to be compared against ‘each other are six bits wide, two

MC14585CP will be qascaded, as showun in fig, 23 below.
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Figure 23, Two Cascaded Four-Bit Comparators,

One set of inputs to the magnitude comparator is the output of the Time
Slot Counter, The Time Slot Counter counts the output pulses of the
clock that controls the time~division multiplexing of the signals, In

this applicaiion 63 time slots will be counted, and the GQunfer will

return to 1 and start over again,

The other set of inputs to the comparator are the lowest six bits
of the Subseriber Status Register, These bits contain the time slot
number assigned by the microprocessor to the subscriber, When the two
inputs are identical the A:E output of the comparator goesmhigh.‘ This

activates the analog gates that connect the Audio Transmit and Aundio
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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, if the lower
slx bits of the subscriber's status reglister are zeroes, thg outpuf of
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 sloés, can be shared on a time-
division basis by a much larger number of subscribers, to‘allow each
subscriber to access ever& other subscriber as required, That is
efficienéy can be designed into the sysfgm.

Another feature that this scheme provides is that the micro-
processor, (ontrol funciion, and Phltiplexing-Demultiplexing, Audio
Mixing function are performed independent frém each other, That is the
microprocessor can go about the bﬁsiness of déterﬁining the kind of
service each subscriber requires, while the Maltiplexer 1ndependent1y

mixes the audio signals as previously programmed by the microprocessor.

Analog ggtesé

The subseriber's Audio Transmit and udio Receive signals are
controlled by MOS analog switches, These are device; that when gated

ON present low channel resistance to the analog signal, and when gated

- OFF, ppesent very high channel resistance, Relays are electromechanical

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

multiplexing applications, The parameters determining the desirability

~ of an analog gate for a multiplexing-demultiplexing application are:

6 puthor unknown, Application Note 52, High Speed Analog Switches,
(Santa Claras National Semiconductqr Corp., 1971), Pp. l—g. ,
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1. ON resistance,

2., OFF resistance.

3. ON resistance modulation by the analog signal,

4. Switching speed - Commutation Rate,
The switching speed at which an analog gate can be operated is a
limiting factor in determdping the number of subscpibers'that can be
agcommodated in an applicatioh such as this, - The ON resistance of an
analog gate attenuates the signal through it, therefore it is preferred
to be as low as possible., The OFF resistance is one of the factors

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

hdésirable 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 disﬁortion, that are very
dist&rhing when present in the audio signal, |

J-FET and Mos;FET devices are the most popular for multiplexing- -
demltiplexing applications, J-FET analog gates have lower ON resis-
tance, 20-30 ohms, and no ON resistance mcdulation; characteristics that
are very important in applicatiohs requiring a high degree of precision.
MOS.FET analog gétes 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 resistors are chosen
to be 10k ohms, 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,
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Therefore, for applications such as this, where precision 1s not re-
quired, MOS-FET analog gates are chosen,

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

because more than two subscribers can be gated ON at the input during the
same time slot without loading each other down, Aléo,4since 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 adjaceﬁt time'slots pertain to differenﬁ subscribers,
the input signalltO'thé aﬁplifier is a signal composed of the inter-
leaved time samples of the various subseribers! inputs, Since there is
no correlation Between the audio signals of adjaceﬂt subscribers, the
mixing amplifier must be capable to "follow" the composite signal whose
amﬁlitude may vary from the positive extreme to the negative during the
transition from one time slot to the next. Consequently, the bandwidth
of the amplifier is the most important factor determining the meximum
number of time slots that can be obtain?d. Since however, only one
amplifier of this kind is used in each system, the high cost 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 ﬁodu-

lated waveform of each, and the time division multiplexed, composite

signal of the three channels,

In a telecommnication system, each audio channel has a bandwidth
of 3,500 HZ, In order to be able to accurately reproduce the original
audio during demultiplexing, each channel must be sampled at a minimum,

rate of 7,000 times per second. Since there are 63 chammels or time
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slots in this system, the,amplifier must have a bandwidth of at least
63 x 7,000 HZ = 0,44 MHZ, For operational amplifiers the small signal
bandwidth characteristic is given by ﬁhe unity gain frequency, Fc. This
is usable, however, when the input sighal is very gmall, typically
below 100 mv. For larger éignals, the full-power bandﬁidth is given
by Fp, the highest frequency at which full power Qan be dgvelope§ with-
low distortion, Fp is mch smaller than Fe, tyﬁiéally by a factor of
10 or more. ‘

Other ch#racteristics that determine the performance of an ampli-
fier in a mulfiplexing application such as this are its Slewing Rate and
its Settling Time,. The ability of an amplifier to reproduce at its
output a rapldly changing input signal cannot be mpasured‘only,in térms
of frequency. The ability of an amplifier to "folloy" nonainhaaidal
signals‘with high rates of change is measured by its "Slewing Rate".

In this application where the input to the amplifier is a series
of pulses of short duration, and varying amplitude, the amplifier must
be capable of repro&ucing at its output the same pulses without dis-
torting their shaﬁe. Even though an amplifier may diépléy a high slewing
rate, the amplitude of a pulse may not be reliabiy detegmined until the
amplifier "settles", Fig. 25 shows the amplifier response to a step
input, The "Settling Time" is the amount of time required by the output
signal to reach its final value to within some error +€.
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i

Three Analog Channels, Pulse Amplitude Modulated,

Time Division Mialtiplexed, '

Figure 25, Settling Time,
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Cross-talk. Cross-talk is definea as the disturbance created in
one channel by the signal of an adjacent channel, The actual mechanism
of coupling of the signal from one channel to the other c;n be inductive,
capacitive, or resistive. In an application such as this, with high
commtation rates and short sampling times, stray capacitances of the
input and output of the amplifiér become very important, Conseqnently,
a “"guard time" must be allowed between adjacent pulses of.the composite
signal so that all capacitances are discharged and the input té the
amplifier returns to the referenée potential, This insures_th#t there
will be no residual signal from one‘sample added to the adjacent sample,

Voice Signal and Sampling Rate, The spectrum of frequencies con-

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

Bandwidth of

typical telephone
channel

e =g (Hz)
10k 12k

Figure 26, Power Spectrum of Human Voice Signal, 7

? James Martin, Telecommunications and the Computer (Englewood Cliffss

Prentice-Hall, Inc., 1969), P, 186,
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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., Intelligibility studies have shown that
the optimm compromise between economics and quality of signal trans-
mitted ooours when the signal transmitted is limited to 3.5 KHZ, Trans-

mitting higher frequencies on a‘telephone channel would make the Receive
.Audio signal more "life-like" but would not increase significantly the

amount of "information® transmitted. At the same time, the bandwidth

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

incréasing 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 of a demultiplexed Pulse Amplitude Modulated signal, is called

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

is a magnitude-time function which is instantaneously sampled at regular
intervals and at a rate at leaét twice the highest significant fre-
quency present in the signal, the samples contain all the information
of the original message. The significance of this 1s that it determines
the minirum rate at which the channél‘may be sampled by the multiplexer
if the signal is to be reconstituﬁed by the demltiplexer, That is, if
the signal in the audio channel has a bandwidth of 3.5 KHZ it mist be
sampled at least 7,000 timés per secondvif the o:iginal infofmation is
to be recovered, This dictates the minimum clock'rate required, given
the number of channels and the bandwidth of each, in a mnltipiexing
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,
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Subscriber?s Set., The Subscribert's Set contains a Transmit and

Receive amplifier that amplify the Transmit and Recelve Audio signals,
respectively, It contains a Ringing Tone Generator that when activated
genérates a tone that notifies the subsecriber that he is being called,
It also contains a Phltifrequency Tone Generator which generates the
combinations of tones that are used fo transmit to the Central Switching

Unit the digits of the called subscriber's number, Fig, 28 shows a

block diagram of the Subseriber®s Set, Resistor R4 provides the Ring-
back tone, That 1s, when the called Subscriber's Ringing Tone Generator
is activated, its output is coupled to the subscriber's Trensmit line
through resistor R4 dnd trénsmitted to the Central Switching Unit:

where it is mixed into the Receive audio of the qalliﬁg subscriber,

Re
< ""QNN”-
R
POWER
= RECRIVE
—"W\ AUDIO
R
TONE
ENCODER
= B 5;
- ST
6 AUDIO
N
I
-

Figure 27, Subscriber's Set.



CHAPTER III
CONTROL PROGRAM

A flow chart outline of the sequence of tasks that the micro-
processor has to perform is shown on pages 48 and 49. The sequence of
instructions that must be carried out in order to control the system
are shown on pagess58 through g4, Comments relevant to each instruction
are found on pages 65through 72,

The zeroth page of memdry, locations 0000 - QOFF, is used for
storage of data as required during the operation 6f»the program,
Locations 0001 « 0040 constitute the Time Slot-Subscriber Assignment
Stack, 0041 -~ 0080 the Time Slot Available Stack, 008l - 0085 the Tone
Decoder Available Stack. Ilocations 008l and 0085 are the Time Slot
Available and the Tone Decoder Available Pointers, respectively. The
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 55.

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

tions 0200 - 02F7 are the addresses if the Subscriber's Status Registers,

02F8 - 02FB are the addresses of the Tone Decoder's Status Registers and
locations 02FC -~ O2FF are the addresses of the Qutput Registers of the
Tone Decoders, Pages 3 and 4 are used for the storage of the program and
are of the Read Only type.

Upon activation of the system, the Initialization Subroutine will

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



shown in Table I, Locations 0001 . 0040 will be cleared. This is the
Time Slot-Subscriber Assignmeﬁt Stack, Each location pertains to the
time slot of the same numberAand its contents are the number of the sub-
scri;er last determined to be in the time slot, If the microprocessor
determines, as it goes through the polling process, that a subscriber
has been assigned a time slot, it p:oceeds:to determine the time slot
number, and it stores the subscriber's number in the Time Slot,Sub-
scriber Assignment Stack location pertaining fo that time slot, As the
polling continues, and a second gubscriber is determined to be on the
same time slot as the previous subscriber, the previous subscriber's
number is compared with the current subscriper'a number, If the two are
not the same, the new subscriber?'s number . is entered in the Time>Slot-
Subscriber Assignment Stack location pertaining to the time slot, If
the two nﬁmbe;s are identical, it means that only one subscriber is
assigned the time slot, The microprocessor uses this method to determine
when to discontinue a call aﬁd make the time slot available fof a sub-
sequent call, So long as there are two subscribers assigned the same
time slgt the call can continue. When only one subscriber is left, the
microprocessor will drop him from the time slot by entering 0000 0000
in his Subscriber's Status Register and at the same time will make the
time slot available by adding it to the Time Slot Available Stack,
locations 41 - 80,

Since upon initializatioﬁ, no subscriber is assigned to any time
slot, the contents of all locations of this stack are zeroces, The
numbers 0000 0001 -~ 0100 0000 will be stored in indreasing order in

locations 41 -~ 80, These are the numbers of the time slots, and
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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 A#gilable 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 of a call, its mumber 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 siot is agsigned to a subscriber, the Time Slot
Available Pointer is incremented by 1 so that it points to the next
location where the number of the next available time slot is stored,

When a time slot becomes availabié at the end of a call, the Time Slot
Available Pointer is deéremented by 1 and the number of the newly
available time slot is stored in the location to which the pointer points,

Iocations 82 . 85 constitute the Tone Decoder Available Stack,
There are four Tone Decoders in the system, and they are mumbered 0 - 3.
The numbers 0 - 3'correspond to the Tone Decoders whose Status Registers
are located in locations 02F8 - O2FB respectively., Upon initialization
the numbers 0, 1, 2 and 3 are stored, in increasing order, in locations
82 « 85, location 86 is the Tone Decoder Pointer associated with the
Tone Decoder Available Stack, and its contents are the address of the
location where the number, 0, 1, 2 or 3, of the next available Tone
Decoder is to be found, When the first call, after initialization is

made, the Tone Decoder Pointer points to location 82, The contents of
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this loeation are the number 0000 0000, After this Tone Decoder is
assigned to the calling subscriber, the Tone Decoder Pointer is incremen-
ted by 1 so that it points to the next location where the numbgr of the
nexﬁ available Tone Decoder, 0000 0001, is stored. The npwbers 00 - 03,
when added to the number 02F8 generate the.address of the Tone Decoder
Status Register for the appropriate Tone Decoder, Alsp wﬁen added to -
the number 02FC they generate the address §f the Tone Decoder Qutput
Register associated with the particular Tone Decoder,

Since Tone Decoders are released, following dialing,Ain random
order, the order in which the numbers O, 1; 2 and 3 appear in th; Tone
Decoder Available Stack is also random after'the first few calls,
Iocation 87 on the zeroth page of Mgﬁ&ry is the Subscriber Pointer, The
contents of this location are the number, 0 - F7, of the subscriber
currently being serviced by the microprocessor, DuriAg initialiﬁation
the number F? is stored in location 87.V Subscriber F? is polled first,
When the microprocessor finishes servicing this subsoriber, it“decrements
the Subscriber Pointer and proceeds to poll subscriber F6, ete., After

the Subscriber Pointer is decremented to 00, and service to this sub-

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

is repeated,

The microprocessor, by adding the contents of the Subscriber
Pointer to the number 0200, addresses the Subscriber?s Status Register
and transfers its contents to the Accumulator. Checking flag‘Z in
the Processor Status Register ylelds information about the status of the
subscriber. If Z=1, the contents of the Subscriber Status Reglster 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
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requires no further attention., The Subscriber Pointer 1is decremented
by 1 and the same check is performed on the next subscriber, The most
probable state in which a subscriber can be is the idle state. However,
if Z=0, in instruction #4, the subseribar is not idle, because some
bits in his Status Register are not zeroces. Depending on the contents
of the Subscriberts Status Register conditional branches are made to
provide the service required.by the subscriber a£ each instancé. The
decisions as to the type of service required are shown as diamonds in
the flow chart. | |
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'OTH PAGE OF MEMORY

Address
Hexadecimal

Decimal

Contents

Comments

0000

T

Contains zero _as a constant

0001

0040

0000
0001

0064

0000/0000

AAXXXK

m-—-q-———-——-—‘—-——-

These 63 locations pertain to
the 63 time slots, The numbers
contained herein are the address
(in page two) of the last sub-
scriber assigned to this parti-
cular time slot, = -

63 time slots used, Time slot
0000 is not used.

o041

0080

0065

0081

0129

0128

These 63 locations constitute a
stack of variable length., The
contents of location 0081 point
to the location where the number
of the next available time slot
is located, If the pointer
points to itself, all the time
slots are "Busy". The contents
of these locations are B8-bit
numbers 0000 0001 - 0100 0000,

Time Slot Available Pointer.,
Contains the location where the
mmber of the next gvailable time

0082
0083
0084
0085

0130
0131
0132

0133

0086

0134

slot is located,

These 4 locations constitute the
Tone Decoder Available Stack.

Tone Decoder Pointer. (location
of next avajlable Tone Decoder,)

0087

0135

Subscriber Pointer., (Subscriber

currently being serviced



56

TABLE I (COND*D.)

OTH PAGE OF MEMORY

Address Contents Comments
Hexadecimal Decimal
0088 0136 0011 1111 - Mask needed to mask out the six
bits that constitute the time slot
number to which the subsecriber has
been programmed,
0089 0137 1111 1111 1*s, required for the BIT
_Instruction,
0084 0138 | 1111 1000 The number of subscribers, (248)D,
' _(F8)H in the system, .
008B 0139 1000 0110 .86. Address of Tone Recoder
pointer, -
008C 0140 1000 0001 81, Address of Time Slot Avail-
able‘Po;nter.
008D 0141 0100 0000 In order to set the RU bit with
: the ORA instruction, Instruction #98.
008E 0142 0000 0011 3-The number is needed in step 44 .
: to determine if all tone decoders
have been tested for assignment
to_subscriber currently serviced,
008F 0143 XAXXKKKK This location used for temporary
storage of Accumulator in Instruc-
tion #37,
0090 014k 0000 00xx Temporary storage of the contents
of Y register in instruction #63,
0091 0145 1000 0000 Used to_activate Busy Tone,
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TABIE II

2ND PAGE OF MEMORY (SUBSCRIBER STATUS REGISTER)

Memory location - Address

Contents/Comments

0000/0010/0000/0000  (0)
0000/0010/0000/0001 (1)

0000/0010/1111/0111 _ (247)

These 248 locations contain the
"Subscriber?s Status Reglisterst,
The bits of these registers are
assigned as follows:

IR SIS 2 SN ()

#0-#5, 6 bits, number of time
slot to which subscriber
has been assigned,

LS - line Status/Busy Tone
RU - Ring Up ‘ :

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

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

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

[X7 %6 %5 #+ #3 #2 #1 #0/
#0-#5 number of the time slot

Bit #73 1-Dialing Completed
0-Dialing not Completed

Bit #63 1-Timer not lapsed] output
0-Timer lapsed

Timers 20 seconds

00001001o/i111/1100 (253)
(0) (2) (F) (c)

0000/0010/1111/1111  (256)
(0) _(2) (F) (F)

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

e e
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TABLE III

CODEBD PROGRAM INSTRUCTIONS

MNEM. CODE HEXADECIMAL CODE

INSTR, NO,
1 LDX 87 A6 87
2 LDA 0200 + "X» BD 0200
3 BIT 89 24 89 |
4 BNE xx DO xx xx - loe, where instr., #11
‘ is stored, , -
5 DEC 87 cé6 87
6 LDA 87 A5 87
7 BNE xx DO xx xx - loc, where instr, #1
’ - is stored,
8 LDA 8A A5 8BA
9 " STA 87 85 87
10 JMP xx " hC xx xx - loc, where instr. #1
' is stored,
11 BPL xx 10 xx xx - Loc., where instr, #111
is stored,
12 BVS xx 70 xx° xx - loc., where instr, #140
: is stored,
13 AND 88 25 88
14 BNE xx - D0 xx xx - loc, where instr, #37 -
is stored..
15 ILDX 86 Ab 86
16 CPX 8B E4 8B
17 BEQ xx FO xx xx - loc, where instr, #5
is stored,
18 LDA 00 + "X® B5 00
19 TAX AA
1DY g1 Al 81

20
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TABLE III (CON*D,)

INSIR, NO. MNEM, CODE HEXADECIMAL CODE
21 CPY 86 ch 8C
22 BEQ xx FO xx xx - loc, where instr, #5
: is stored.
23 LDA 0000 + Y B9 0000
24 STA 02F8 + nyw 9D 02F8
25 LDX 87 A6 87
26 STA 0200 + "X 9D 0200
27 TAY AB
28 STX 00 + wyw 96 00
29 LDX "81v A6 81
30 LDA 00 A9 00
31 STA 00 + "X" 95 00
32 LDX "86" A6 86
33 STA 00 + "X 95 00
34 INC 81 E6 81
35 INC 86 E6 86
36 JMP xx BC xx xx - loc. where instr, #5
is stored,
37 STA 8F 85 8F
38 LDY 00 A0 00
39 LDA 02F8 + "yw B9 02F8
4o AND ng8%

2 5 |l88 "
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TABLE III (CON*D.)

HEXADECIMAL CODE

INSTR. NO. MNEM, CODE °
41 CMP 8F C5 8F
L2 'ABEQ xx FO xx xx « loc, where instr. #59
, is stored.
43 INY c8
Ly CPY 8E C4+ 8E
Ls BNE xx DO XX xx - loc, where instr, #39
. is stored,
46 LDY‘BF A4 8F
¥4 IDA 00 + Mwy© B9 0000
48 CMP 87" C5 87
L) BNElxx D0 xx xx - loc, where instr, #57
‘ is stored, 4
50 LDA -Q0 A9 00
51 STA 0200 + »X» 9D 0200
52 STA 0000 + "y» 99 0000
53 DEC »81" cé 81
54 LDX »81v A6 81
55 STY 00 + "X» 94 00
56 JMP xx 4C xx xx - Loc, where instr, #5
is stored.
57 STX 00 + "y* 96 00
58 JMP xx 4C xx xx - Ioe, where instr, #5
is stored,
59 LDA 02F8 + #yw B9 02F8
60 BIT %89" 24 89
61 BMI txx" 30 xx xx - loc, where instr, #87

is stored.,



TABLE III ( CON'D.,)

HEXADECTMAL CODE

61,

50 xx xx - Loc. where instr, #69

is stored,

xx - loc, where instr, #5
. is stored,

INSTR, NO. MNEM, CODE
62 BVC xx
63 STY 90 84 90
64 LDA F8 A9 F8
65 ADC 90 65 90
66 LDX ®gFv A6 8BF
67 STA 00 4 "X 95 00
68 JMP xx 4C xx
69 STA 8F 85 8F

70 Ipa 0o - A9 00

71 STA 02F8 + wY" 99 02F8
72 STA 02FC + ™Y» 99 02FC
23 DEC "86™ c6 86
7l TYA 98
75 LDY "8G A 86
76 STA 00 + “y® 99 00
77 LDA 00 A9 00
78 STA 0200 + X" 9D 0200
79 DEC "g1* c6 81
80 LDY »g1v A4 81
81 LDA wgF™ A5 8F
82 STA 00 + "y 99 00
83 TAY A8
84 LDA 00 A9 00
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TABLE III (CON'D.)

INSTR, NO, MNEM, CODE HEXADECIMAL CODE
85 STA 0000 + "y" 99 0000
86 JMP xx 4C xx  xx - loc. where instr., #5
is“sbored.
87 LDA 02FC + wy© B9 02FC
88 TAX AA
89 LDA 0200 + X" " BD 0200
90 BNE xx DO xx xx « loc, where instr. #106
is stored,
91 LDA 00 A9 00
92 STA 02F8 + "y 99 02F8
93 STA O2FC + "y" 99 02FC
94 DEC 86" c6 86
95 TYA . 98
96 LDY 86 A 86
97 STA 0000 + "y 99 0000
98 LDA “8F* A5 8F
99 ORA "8D* 05 8D
100 STA 0200 + "Xn 9D 0200
101 AND 8F 25 8F
102 TAY A8
103 LDA 87w A5 87
104 STA 0000 + "Y"‘ 99 0000
105 JMP xx bC xx xx - loc, where instr, #5
is stored,
106 LDX w87 A6 87
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TABLE IIT (CON'D.)

INSTR, NO, MNEM, CODE_ HEXADECIMAL CODE
107 LDA 0200 + wxw BD 0200
108 ORA "8B" .05 8B
109 STA 0200‘$ nxe 9D 0200
110 JMP xx 4C xx xx - loe, where instr, #5
is stored.
11 BVS xx 70 xx xx - loc, where instr, #126
is stored,
112 TAY A8
113 IDA 00 + wy® Bé 0000
114 CMP "g7" C5 gy
115 BEQ xx FO xx xx - loc., where instr, 119
is stored,
116 LDA 00 49 00
117 STA 0200 + "Xv 9D 9200‘
118 JMP xx 4C xx xx - loc, where instr, #5
: | is stored,
119 LDA 00 49 00
120 STA 0200 + "X» §D 0200
121 STA 0000 + "y» .99 0000
122 DEC “81* cé 81
123 LDx "81" Ab 81
124 STY 00 + wxX» 94 00
125 JMP xx 4C xx xx - loc, where instr, #5
. o is stored.
126 AND »g88m 25 88
127 TAY 8



TABIE III (CON'D.)

INSTR, NO. MNEM, CODE HEXADECIMAL CODE
128 LDA 0000 + "y B9 0000 |
129 CMP "g7" C5 87
130 BEQ xx FOxx xx - loc, thré instr, #133
' is stored, :
131 STX 00 + "y» 96 00 |
132 JMP xx 4C xx . %xx - Loc; whera instr., #5
is stored..
133 LDA 00 A9 00
1% STA 0200 + "X® 9D 0200
135 STA 00 + “yn 99 00
136 DEC "81" c6 81
137 LDK %81 16 81
138 STY 00 + "xXv 9% 00
139 I xx 4C xx  xx - loc, where instr. #5
‘ is stored.
140 AND 88 25 88
11 STA 0200 + “Xw 9D 0200
142 TAY | 8
143 STX 00 + *y® 96 00 |
144 JMP xx 4C xx xx - Loc, where instr, #5

is stored,
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COMMENTS RELEVANT TO PROGRAM COMMANDS

The process identified 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-

mands as numbered on the flow chart, Numbers within quotation marks sig-

nify "the contents of", eg, "86" means the contents of location 86,

1.

b,

7.

11.
1z,

13,

14,

location "87%" is the Subseriber Pointer, The number contained in
location 87 is the number of the subscriber currently being
serviced,

locations 0200-02F7 contain the Subscriber Status Registers. The
addressing mode used here is the Indexed Absolute; the contents of
the "X" Index register are added to the second and third bytes of
the instruction,

Is subscriber idle? If Z=1 the subseriber is idle requiring no
service, Z=0 signifies that some bits in the Subscriber's Status
Register are 1's,

A counter with the number of subscribers is decremented, instruction
#5, when service to a subscriber has been completed, When the
counter is decremented to zero, instruction #7, it is reset to

the maximum count, contained in memory location 84, ‘and the process
starts again, :

N=0 signifies that the subscriber is ON Hook,
V=0 signifies that the subscriber is not being rung-up.

The subscriber is Off-Hook, He is not being rung-up, The next

- task 1s to determine whether this is a new request for service or

whether the subscriber has completed dialing, In order to deter-
mine whether this is a new 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 assigned. Consequently,
since he is Off-.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,

If the contents of the accumilator, following instruction 13, are
zeroes, the subscriber has not been assigned a time slot, This is
a new request for service,
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16.

18,

20,

21,

22,

23,

24,

25.

26,
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Location 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 found. So, if location 86 contains the number
82, the number of the next Tone Decoder will be stored in location
82, locations 82.84 will contain the numbers 0, 1, 2, or 3. These
numbers, when added to number 02F8, generate the address of the

- Status Register pertaining to the Tone Decoder that will be available

next,

Iocation 8B contains the number 86, When the contents of location 86
is 86, the pointer is pointing to itself, Consequently there is

no Tone Decoder available, The call cannot be completed., The
polling will continue to the next subscriber,

The Accumulator will be loaded with the contents of the location to
which the Tone Decoder Pointer points, These contents will be
either a 0, 1, 2 or 3, This number will be used in instrmiction #24
below to generate the address of the Tone Decoder Status Reglster
that will be used in the completion of this call,

Iocation 81 contains the Time Slot Available Pointer, This pointer
points to the location, 41-.80, where the number of the next available
time slot is to be found. When the pointer points to itself all the
time slots are being used and norpis available,

Location 8C contains the number 81, This is used in instruction 22,

When the contents of location 81 is the number 81, there are no
time slots available.

Ioad Accumulator with the contents of 004+"Y", The Accumulator now
contains the number of the time slot which will be assigned to the

subscriber now being serviced, as well as the Tone Decoder assigned
to this call,

Store the time slot number in the Status Register of the Tone
Dacoder, The number of the Tone Decoder is stored in the X Index
register,

Iocation 87 contains the number of the subscriber currently being
serviced, In order to assign the time slot to the calling sub.
ssriber, load X with "gp",

Store the Accummlator, time slot number, in location 0200+"X",
where "X" is the number of the subscriber being serviced, ‘Location
0200+"X" is the address of the Status Register of the subscriber
being serviced,
Remaining taskss 1, Clear tregister to which Tone Dec., Pointer points,
2, Clear register to which T,S.A, Pointer points,
3, Increment Tone Decoder Available Pointer (86),
4, 1Increment Time Slot Available Pointer (81),
5. Store subscriber number in "Time Slot-Subscriber"”
memory location,



26,

28,

29,

30.

31,

33.

34,

35.

37,

39.

k2,

(con*d.) "Accumlator" --- Time slot number
"Y registert? === T.S.A. pointer
"{ register" ==- "Subsceriber Pointer"

Memory locations 1-64 are associated with time slots 164, on a

one to one basis, That is,location 5 is associated with time slot
#5, location 37 is associated with time slot #37, 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 of memory will frequently be referred to as the Time
Slot-Subscriber segment of memory., With this command the sub-
scriber number, contained in the X Index register,. is stored in

the appropriate Time Slot-Subscriber memory location.

The contents of the Time Slot Available Pointer are loaded into the
X Index reglster in order to be used to generate the address,
in instruction #31,

The Accurmlator is loaded with zeroes, Immediate Addressing mode
is used.

Zeroes are stored in the location where the time slot number used
to be. Thus, this time slot has been removed from the 1list of avail.
able time slots.

The contents of the Tone Decoder Pointer are used to generate the

address in order to remove the Tbne Decoder from the availability
list, )

The Time Slot Available Pointer, location 81, is incremented by
1, in order to point to the next available time slot.

The Tone Decoder Pointer, location 86, is incremented by 1,
to point to the next available Tone Decoder,

If Z=0, after the execution of instruction #4, the subscriber is
Off-Hook, not being rung up, and has been previously assigned a

time slot, The microprocessor must determine whether the subseriber
is in the process of dialing or whether he has completed the dialing
and 18 only conducting his conversation., If it is determined that
he is dialing, that is, he has been assigned a Tone Decoder, it

mist be determined whether he has finished dialing. If not, whether
the timer has lapsed or not. The number of the time slot assigned
the subscriber is stored in location 8F for use in the future.

The loop between instructions 39.45 is used to compare the Status
Registers of each of the faur Tone Decoders to determine whether any
of them has been assigned the same time slot as the subscriber
currently being serviced.

If Z=1, a Tone Decoder has been found which has been assigned the
same time slot as the subscriber now being serviced by the micro-
processor,
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51.

52.

53.

55.

59.
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If Z=0, 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,

The time slot number, temporarily stored in location 8f during
instruction #37, 1s 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-Subscriber part of memory is used for

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
subscriber taking part in this call. The previous subscriber?'s
number i1s erased and the new subscribert's number is entered in the
location in the Time Slot-Subscriber part of memory corresponding to
the time slot. Consequently, if there is more than one subscriber
on a time slot, the number of the subscriber currently being serviced
will be different than the number stored in the Time Slot-Sub.
scriber memory location, When these two numbers are identical,
there is only one subscriber left on the time slot, Everyone

else has dropped out,

If Z=0, 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=1, only the subscriber currently being serviced is on this
time slot, Therefore, he must be dropped and the time slot made
available for a subsequent call,

The X Index register contains the subscriberts number, This is
used to generate the address to clear the Subscriber Status Register
and thus remove this subscriber from the time slot.

The Y Index register contains the time slot number, after instruction
#46. It is used to generate the address to clear the Time Slot-
Subscriber location in memory.

The Time Slot Available Pointer is decremented by 1, since an
additional time slot is becoming available,

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,

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 Accumlator,
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63,

65.

66.

67.
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72,
%,
8.

79.

69

Bit #7 is checked., If N=0, the dialing has not been completed
If N=1, dialing is complete. .

Following the BIT instruction, #60, the V-flag is set equal to
bit #6 of the Accumulator., If V-l, the timer has not lapsed, If
V=0, the timer lapsed before the completion of dialing, :

V=1, Timer has not lapsed. The Tone Decoder®’s number must beﬁé
stored in the Subscriber-Time Slot Assignment Stack, to prevent the

- microprocessor from dropping the subscriber from the time slot during

the next polling. The Tone Decoder number, 0, 1, 2 or 3 is tempor-
arlly stored in location 0090,

1oad Accumulator with the number F8, Immediate Addressing Mode,

Add the Tone Decoder number to the number F8, in order to generate
the number of the Tone Decoder®'s Status Register.

Location 8F is used in instruction #37 to temporarily store the %ime
slot number assigned to the subscriber currently being serviced.
This number is transferred to the X register in order to be used

to generate the address of the location in the Subscriber.Time ot
Assignment Stack pertaining to the.time slot,

The Tone Decoder Status Register number is stored in the Subseribar.
Time Slot Assignment Stack.

=0, instruction #62 means that the timer has lapsed before the
completion of dialing, Both the subseriber and the Tone Degoder will
be dropped from the time slot, the time slot will become availabln ”ﬂr
a subsequent call and the polling will continue to the next sub.
soriber, Tone Decoder is dropped from time slot with this command,

The Tone Decoder Output Register is cleared,

The Tone Decoder becomes available for fufure calls and its numbs:
is stored in the Tone Decoder Available Stack.

Eeroes are stored in the Status Reglster of the subscribag vur“en*“”
being serviced by microprocessor. He is, thus, dropped Fromtdime siet,

The Time Slot Available pointer is decremented and, in ins*rua**”“
#82, the time slot number %s added to the stack of availskle time

‘.OtS. .

Cisar the subscriber's number from the Time Slot-Subscriber Assgr.
ment Stack,

If, after instruction #62, it is determined that dialing has been
completed, the microprocessor must proceed to determine the called
number and add the called subscriber to the time slot, Transfer
to the Accumulator the contents of the Output Reglster associated
with the Tone Decoder.
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The microprocessor must determine whether the called subscriber
is busy, before ringing him up. The contents of the output Register
are used to generate the address of the called subsoriber,

If Z=0, the subscriber is busy, since some bits are 1's in his

Status Register, If Z=1, the subscriber is idle and, therefore,
may bs rung up.

Clear the Tone Decoder Status Register,
Clear the Tone Decoder Output Register.
Make Tone Decoder available for a subsequent call, The Tone Decoder

number is transferred from the Y Index Reglister to the Accumlator
in instruction #95.

The Tone Decoder is added to the available list, The time slot
number used in this call has temporarily been stored in location
8F, instruction #37,

"The contents of location 8D are the binary word 0100 0000, The

time slot number to be assigned to the called subscriber is

00xx xxxx, If number 0100 0000 is logically OR'd with number

00xx xxxx, number Olxx xxxx will be obtained, where xx xxxx is the
number of the time slot., The 6th bit is used to activate the Ringing
Tone Generator, so that when the word 0lxx xxxx is stored in the
called Subscriber's Status Register, the time slot assignment is
offected and the Subscriber's Ringing Tone Generator is activated.

The time slot number is transferred to the Y Index register.

The Calling subscriber®s number is stored in the Time Slot.
Subseriber Assignment Stack,

Z=0 after instruction #90 means that the subscriber is busy, Con-
sequently, the call cannot be completed, and a "Busy" tone must
be added to the subscriber's Receive Audio line. Bit #7 of the
Subseriber Status Register controls the Busy Tone, Therefore,

in order to activate the Busy Tone for the calling subscriber, the
contents of memory location 91 (1000 0000) are logically OR'd with
the contents of the Subscriber Status Register, This adds the
Busy Tone.

N=0 in instruction #11 means that the subscriber is ON Hook,

However, in instruction #+ some of the bits of the Subscriber Status

Register were determined to be 1*s, Conséequently the subseriber

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.
=0 means that the subseriber is not being rung-up., After the BIT

instruction, #3, the V.flag is set equal to bit #6, the Ring-Up

bit,
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Ioad the Accumilator with the contents of the Time 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., If the two numbers are identical, the subscriber currsente
ly being serviced is also the last subscriber on this time slot,

Since he has hung up, he must be dropped from the time slot and the
time slot must become available to a subsequent call. If the

two numbers are not identical at least one other subsecriber is on
the time slot., Since the currently serviced subscriber has hung up
he will be dropped frem the timo slot, but the time slot will not

‘be made available,

Since Z=0, only the currently aarviced subscriber will be dropped
from the time slot.

Since Z=1, the currently serviced subscriber is dropped from the
time slot, and also the time slot must become available,

The Time Slot-Subscriber location in memory is cleared,
The Time Slot Available Pointer is deéromented by 1.
The time slot number is stored in the availability stack,

Since in instruction #106 V=1, the subscriber is being rung-up.
The microprocessor must determine whether the calling subscriber
is still calling or whether he has hung up since the last polling.
The Accumnlator is loaded with the contents of the Subscriber?'s
Status Register. Performing a logical AND with the word 00xx 000K
the time slot number is extracted from the register. ‘

The number of the subscriber determined during the last polling
to be in the Time Slot-Subscriber Assignment Stack is stored in
the Ascumlator,

Z=0 means that the subscriber currently being servicod 13 not the
only one in the time slot.

The subscriber?s number 1s stored in the appropriate Time Slot-
Subscriber location,

Z=1 in instruction #130 means the subscriber currently being serviced
is the only subscriber on the time slot, The calling subscriber
has already hung up, Clear the Subscriber's Status Ragister.

Clear the Time Slot-Subscriber Assignmant Stack location pertaining »
to the time slot used during this call,

Make the time slot available for a subsequent call,
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V=1 in instruction #12 means that the subscriber is Off-Hook and
being rung at the same time, This condition arises immediately
after going Off-Hook to answer a call, ILogical AND of Olxx xxxx
with 0011 1111 results in O00xx xxxx,

00xx xxxx 15 stored in the Subscriber Status Register, This resets
the Ring Up bit in the register. The ringing itself is disabled
as soon as the receiver goes Off Hook,

The subscriber?s number is stored in the Time Slot-Subscriber
Assignment Stack,



CHAPTER IV
CONCLUSIONS

The‘capability of fhe microprocessor to perform efficigntly tﬁe
control function as it pertains to the routing of audio signals, in:
order to conduct selective telecommunication, is demonstrated in this
projectE:;ihe microprocessor determines the required action on the
basis of software rather than hardware,.as would be the case with wired
logic{K Since{}he microproqessor is’; relativeiy inexpensive elctroniec
component;‘systems'of small size, up to a few hundred subscribersi}can
be implemented at low cost. Prior to the development of the micro-
processor, Minicomputers‘would be required to provide any.degree of
flexibility to the system at a reasonable cost., Since minicomputers
cost several thousands of dollars by themselves, a system would have to
have several hundreds of subscribers before a minicomputer could be
considered economically feasible, As a result, flexibility was the
domain of large, computer controlled, systems only. The microprocessor
allows flexibility at a reasonable cost for systems servicing only a
few subscribers, |

By "flexibility" is meant the ability 6f the system to adapt )
its response to a request for service according to the needs of different
subseribers, or the same subscriber at 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 programmed

to route all calls to one extension at night, it could allow conference



7%
calls with more than two subscribers, with the ‘capability to add to or
drop subscribers from the conference. It ﬁust have builf-in seif-tast
subroutines that determine faults in the system and direct the micro-
processor to take corrective action, either to substituta redundant
circuits for the faulty ones, or lock circuits out in order to eliminate
interference . ‘ ' .

The microprocessor could be programmed to perform other tasks,

in addition to the control of the audio switching., Some of these could

be the monitoring of environmental conditions in every room of large

buildings, with the appropriate action taken if conditions wépe not
optiﬁum. Arithmetic operations could be performed, és'well as the |
monitoring of fire, smoke and burglary‘ala;ms. The possibil;ties are
many and the e¢liche that they are limited by the designer's'imaginatiQn

comes closer to the truth since the development of the microprocessor,
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