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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
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Figure 1, Clock Pulses and Time Slots.
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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.
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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, ‘
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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
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g;gm "R | sramus ON/OFF Hook '
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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,
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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
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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,
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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 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
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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,

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
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Figt_lre 12,

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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20 @
[w )
[+
n

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.

SUBSCRIBER STATUS

Q5 | REGISTER
1R . . ' W Q7
R/W [0-W" > 0-WRITE INPUT .
DISABIRE .
g2 Jcp ~ :
0 _
BT | Thye-+ dk Jh
b e J
‘ - O : » )
ADDRESS ADDRESS TO DATA BUS
DECODER |R/W|WRITE DECODER| R/W |READ
Lo 0] 0F 0 010
pantg by 9 1] 1 [0 1 ¢)
1 0 1 1 600
{~0f-n i 1 1 1 110
Address
Decoder

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,

Ry
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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



