AEG64/AE115 TELECOMMUNICATION SWITCHING SYSTEMS | DEC 2015

Q.2

a. With neat diagrams explain the configuration of a step-by-step
switching system.

Answer:

: The schematic diagram for such an exchange is given in Fig. Each
subscriber is connected to a single rotary pre-selector switch at the exchange,
the outputs from this switch being connected to a bank of two-motion
switches known as ‘group selectors’. The out-puts from the pre-selector
switches of a whole group of subscribers are connected together in parallel as
that group of subscribers share a single bank of group selectors. When a
subscriber lifts his telephone, the cradle switch causes a circuit to be
completed back to the telephone exchange, signaling that the subscriber
wishes to make a call. This causes the pre-selector switch to step around until
it finds a free group selector. The pre-selector switch then stop in this position
and the group selector is ‘seized’ by the subscriber wishing to make a call.

/ ' :

J‘/—‘ group final
.:/ selelctol’i selectors

subscribers C r— I

. o
T

preselectors

Figure :2 (a)
On seizing the group selector, the subscriber dials his first digit and the selector
switch moves up to the appropriate row on the switch contact array. Each final
selector has the possibility of connection to 100 lines. The 1000 lines are
therefore divided into 10 groups of 100 each, the group being identified by the
first digit in the subscriber’s number. The vertical motion of the group selector
therefore selects a final selector in the group associated with the first digit dialed.
Each individual row of contacts, or levels, of the group selector is connected to a
bank of final selectors associated with a particular group of 100 line numbers.
Having dialed the first digit to select the appropriate group, the group selector
arm then automatically rotates in the vertical direction until it finds a free final
selector. In the final selector, both directions of motion are under the control of
the subscriber’s dial and, after dialing two further digits, connection is
established, providing the called subscriber’s to answer his telephone.
2 for diagram, 6 for explain

b. What is Store Program Control (SPC)? Give the organization of
centralized SPC. Discuss the advantages of SPC automation in
telephone switching.

Answer:

In stored program control systems, a program or set of instructions to the computer
is stored in its memory and the instructions are executed automatically one by one by

the processor. Carrying out the exchange control functions through programs stored in
the memory of a computer led to this name.

© IETE

There are two approaches to organizing stored program control:

1. Centralized: In this control, all the control equipment is replaced by a single
processor which must be quite powerful.

(8)

(8)



AEG64/AE115 TELECOMMUNICATION SWITCHING SYSTEMS | DEC 2015

2.

Distributed: In this control, the control functions are shared by many
processors within the exchange itself.
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FIG - Typically Centralized SPC Organization

In centralized SPC, dual processor architecture may be configured to operate in
one of three modes:

1.

Standby mode: In this mode, one processor is active and the other is on
standby, both hardware and software wise. The standby processor brought
online when active processor fails. An important requirement of this
configuration is the ability of the standby processor to reconstitute the state of
the exchange system when it takes over the control.

. Synchronous duplex mode: In synchronous duplex mode, hardware

coupling is provided between the two processors which execute the same set
of instructions and compare the results continuously. If a mismatch occurs,
the faculty processor is identified and taken out of service immediately.
When the system is operating normally, the two processors have the same
data in their memories at all the times and receive all information from the
exchange environment.

. Load Sharing mode; In load sharing operation, an incoming call is assigned

randomly or in a predetermined order to one of the processors which then
handles the call right through completion. Thus both the processors are active
simultaneously and share the load and the resources dynamically.

Advantages of SPC:

(i) Easy to control
(if) Easy to maintain
(iii) Flexible
(iv) Wide range of services can be provided to customers.
2 for SPC, 2 for Architecture, 4 for Advantage

Q.3 a. What is time division switching?

Answer:

Time Division Switching: A switching element can be shared by number of
simultaneously active speech circuits. This is the principle of time division

© IETE
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switching. Obviously, with the way the switching elements are shared in time
division switching, much greater savings can be achieved in the number of
switching elements when compared to multistage space division switching.

Basic Time Division Switching: The functional blocks of a memory based
time division switching switch is shown in Fig. and its equivalent circuit in
Fig. In this organisation, the data coming in through the inlets are written into
the data memory and later read out to the appropriate outlets. The incoming
and outgoing data are usually in serial form whereas the data are written into
and read out of the memory in parallel form. It, therefore, becomes necessary
to perform serial-to-serial conversion and parallel-to-serial conversion at the
inlets and outlets respectively. For convenience, the data-in and data-out parts
of the MDR are shown separately for the data memory in Fig. 6.5 although in
reality, MDR is a single register . Since there is only one MDR, a gating
mechanism is necessary to connect the required inlet/outlet to MDR. This is
done by the in-gate and out-gate units.

b. Define grade of services. In a particular exchange during busy
hour 1200 calls were offered to a group of trunks, during
this time 6 calls were lost. The average call duration being
3 minutes, calculate:

(i) Traffic offered in erlangs
(i) Traffic lost

(iii) Grade of service

(iv) period of congestion

Answer: |
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Q.4

a. What are the different tones used in strowger telephony? Explain
with help of waveform and Timing diagram.

Answer:

Dial Tone: This tone is used to indicate that the exchange is ready to accept dialed
digits from the subscriber. The subscriber should start dialing only after hearing the
dialing tone. Sometimes, however, a few seconds may elapse before the dial tone is
heard. This happens particularly in common control exchanges which use shared
resources for user interfaces. The dial tone is a 33 Hzor 50 Hz or 400 Hz
continuous tone as shown in Fig. The 400 Hz signal is usually modulated with 25
Hz or 50 Hz.

When the called party line is obtained, the exchange control equipment sends out
the ringing current to the telephone set of the called party. This ringing current has
the familiar double-ring pattern. Simultaneously, the control equipment sends out
a ringing tone to the calling subscriber, which has a pattern similar, that of the
ringing current as shown in Fig. The two rings in the double ring pattern are
separated by a time gap of 0.2 s and two double ring patterns by a gap of 2 s. The
ring burst has duration of 0.4 s. The frequency of the ringing tone is 133 Hz or
400 Hz,

Busy tone pattern is shown in Fig. It is a bursty 400 Hz signal with silence period
in between. The burst and silence duration have the same value of 0.75 s or 0.375
s. A busy tone is sent to the calling subscriber whenever the switching equipment
or junction line is not available to put through the call or the called subscriber line
is engaged. Fig. shows the number unobtainable tone which is continuous 400
Hz signal. This tone may be sent to the calling subscriber due to a variety of
reasons such as the called party line is out of order or disconnected, and an error in
dialing leading to the selection of a spare line. In some exchanges the number
unobtainable tone is 400 Hz intermittent with 2.5 s on period and 0.5 s off period.

The routing tone or call-in-progress tone is a 400 Hz or 800 Hz intermittent

© IETE

pattern. In electromechanical systems, it is usually 800 Hz with 50
percent duty ratio and 0.5 s on/off period. In analog electronic
exchanges it is a 400 Hz pattern with 0.5 s on period and 2.5 s off
period. In digital exchanges, it has 0.1 s on/off periods at 400 Hz. When
a subscriber call is routed through a number of different type of
exchanges, one hears different call-in-progress tones as the call
progresses through different exchanges.

(8)
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2 for tones, 6 for waveform & timing diagram

b. What are the single stage and multistage networks? Compare the
strengths and weaknesses of each of them. (8)
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Answer:

Single Stage Vs. Multistage Network.

[\Slg' Single Stage Multi Stage
1 Inlet to outlet connection is through a single [Inlet to Outlet connection is through
" lcross point. Multiple cross points
9 Use of single cross point per connection Use of multiple cross points may
" Jresults in better quality link. Degrade the quality of a connection.
Same cross point can be used
Each individual cross point can be used for  festablish connection between a
3. . . . . .
only one inlet/outlet pair connection. Number of inlet/outlet pairs.
A specific cross point is needed A speglflc connection may be
e . established by using
4.  [for each specific connection. .
Sets of cross points.
If a cross points fails, associated Alternative cross-points and
5 connection cannot be establish- baths are available
" [There is no redundancy. '
ICross points are inefficiently used. Only
one cross point in each row or column of a
6. fnuse, even if ll e lnes argactve, (G105 pots e used
' ’ ' Efficiently
Number of cross points is Number of cross points
7. Prohibitive is reduced significantly
e e e e s o capcie
8. . . loading problem
capacitive loading.
The network is non blocking The network is blocking
9. in character in character
10. [Time for establishing a call is less. Time for establishing a call is more.
4 for introduction, 4 for compare
Q.5 a. How does the one arrive at the probability of availability of free
lines during the busy hour? How can this be improved?
Answer:

One can arrive at the probability of free lines during busy hour by using the delay
probability of the exchange. The delay probability indicates the delay that a caller
may face before his call can be completed. In a delay system the caller is made to
wait till a free line is made available for the completion of the call. This leads to
call delay. Improvement can be made if the system is treated as a loss system

© IETE
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instead of a delayed system. In a loss system, the caller has to repeat a call till the
call is established. This reduces the delay by releasing a caller from the queue until
there is repeated action.

Blocking probability can be useful. The blocking probability P is defined as the
probability that all the servers in system are busy. When all the servers are busy,
no further traffic can be carried by the system and the arriving subscriber’s traffic
is blocked. At the first instance, it may appear that the blocking probability is the
same measure as the GOS. The probability that all the servers are busy may well
represent the fraction of the calls lost, which is what the GOS is all about.

b. Explain all the categories that are served by common control
switching system.

Answer:

© IETE

Common Control Switching System: A functional block diagram of a common
control switching system is shown in Fig. The control functions in a switching
system may be placed under four broad categories:
i. Event monitoring.
ii. Call processing.
iii. Charging.
iv. Operation and maintenance

Events occurring outside the exchange at the line units, trunk junctions and
inter exchange signaling receiver/sender units are all monitored by control
subsystem. Typical events include all requests and call release signals at the
line units. The occurrences of the events are signaled by operating relays
which initiate control action. The control subsystem may operate relays in the
junctions, receivers/senders and the line units, and thus command these units to
perform certain functions. Events monitoring may be distributed. For
examples, the line units themselves may initiate control actions on the
occurrence of certain line events.

When a subscriber goes off-hook, the event is sensed, the calling location is
determined and market for dial tone, and the register finder is activated to seize a
free register. ldentity of the calling line is used to determine the line category and
the class of service to which the subscriber belongs. A register appropriate to the
line category is chosen, which then sends out the dial tone to the subscriber, in
readiness to receive the dialing information. As soon as the initial digits (usually
2-5) which identify the exchange are received in the register, the register continues
to receive the remaining digits. The initial translator determines the route for the
call through the network and decides whether a call should be put through or not.
It also determines the charging methods and the rates applicable to the subscriber.
Initial translation may also take into account instructions from the operating
personnel and information regarding the status of the network.

(8)
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Q.6
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2 for each category
a. Explain the working of broadband ISDN

Answer:”

BISDN Configuration: Fig. shows how access to the BISDN network is
accomplished. Each peripheral device is interfaced to the access node of a BISDN
network through a broadband distant terminal (BDT). The BDT is responsible for

ADMINISTRATIVE
MODULE

BISDN

LINES
—_—

BISDN
LINES

SWITCHING
MODULE

MAINTENANCE
MODULE

GATEWAY
MODULE

CENTRAL
CONTROL
MODULE

SWITCHING
MODULE

BISDN
SWITCHING | LINES
MODULE

electrical to optical conversion, multiplexing of peripherals, and
maintenance of the subscriber’s local system. Excess nodes concentrate
several BDT’s into high speed optical fiber line directed through a
feeder point into a service node. Most of the control function for system
excess is managed by the service node, such as call processing,
administrative function and switching and maintenance functions. The
functional modules are interconnected in a star configuration and
include switching, administrative, gateway, and maintenance modules.
The interconnection of the function module is shown in Fig. The central
control hub acts as the end user interface for control signaling and data
traffic maintenance. In essence, it oversees the operation of the modules.

4 for Architecture, 4 for explain

b. What is the need of hybrid in telephone networks? How does it
work?

Answer:

© IETE

Digital exchanges require receive and transmit signals on separate two-wire
circuits. This calls for two-wire to four-wire conversion. Such a conversion is
normally required for trunk transmissions in analog exchanges. The circuit that
performs 2-wire to 4-wire conversion is called Hybrid. A transformer based
hybrid circuit is shown in Fig. The main function of a hybrid is to ensure that

8
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there is no coupling of signal from the input to the output in the 4-wire circuit.
The operation of the circuit is as follows: The input signal is coupled to the B and
F windings equally. Through the C winding, the input is coupled to the 2-wire
circuit. The same signal when it flows through the balanced 2-wire couples the
signal to winding D through winding C. The signal induced in B flows through E
and induces a current in D that opposes the current induced by F. If the impedance

Zp exactly matches that of the 2-wire circuit, the effect of input signal on the
output winding D is completely nullified. In a similar way, the input signal from
the subscriber end is completely nullified from coupling into the winding A.

hOuipnt
o

4 for diagram, 4 for explain
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Q.7 a. Name the switching schemes used in a digital exchange. How call
processing takes place?
Answer:
The different switching systems used are:
1. Strowger Switching System
2. Cross bar Switching.
3. Electronic Switching System.

office switching

local telephone
machine

Basic Call Procedure: Fig. Shows a simplification diagram illustrating how two
telephone sets (subscribers) are interconnected through a central office dial switch.
Each subscriber is connected to the switch through a local loop. The switch is most
likely some sort of an electronic switching system (ESS machine). The local loop
are terminated at the calling and called station s in telephone sets and at the central
office ends to switching machines.

Called party's

telephone set m

Called party's

2 wire Ioop\ ):' ——Cconnector

T-grid

Calling
party's 2

connector
wire Ioop\—‘/ /

FIG - Telephone Call Procedure
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When the calling party’s telephone set goes off hook (i.e., lifting the handset off
the cradle), the switch hook in the telephone set is released, completing a dc path
between the tip and the ring of the loop trough the microphone .The ESS machine
senses a dc current in the loop and recognizes this as an off-hook condition.
Completing a local telephone call between two subscribers connected to the same
telephone switch is accomplished through a standard set of procedure that includes
the 10 steps listed next.
1. Calling station goes off hook.

2. After detecting a dc current flow on the loop, the switching machine
returns an audible dial tone to the calling station, acknowledging that the
caller has access to the switching machine.

3. The caller dials the destination telephone number using one of the two
methods: Mechanical dial pulsing or, more likely, electronic dual-tone multi
frequency (Touch-Tone) signals.

4. When the switching machine detects the first dialled number, it removes
the dial tone from the loop.

5. The switch interprets the telephone number and then locates the loop for
the destination telephone number.

6. Before ringing the destination telephone , the switching machine tests the
10
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9.

10.

destination loop for dc current to see if tt is idle (on hook) or in use (off
hook). At the same time, the switching machine locates a signal path through
the switch between the two local loops.

7. (a) If the destination telephone is off hook, the switching machine sends a
station busy signal back to the calling station.

(b) If the destination telephone is on hook, the switching machine sends a
ringing signal to the destination telephone on the local loop and the same
time sends a ring back signal to the calling station to give the caller some
assurance that something is happening.

8. When the destination answers the telephone, it completes the loop,
causing dc current to flow.
The switch recognizes the dc current as the station answering the telephone. At this
time, the switch removes the ringing and ring-back signals and completes the path
through the switch, allowing the calling and called parties to begin conversation.

When either end goes on hook, the switching machine detects an open circuit on

that loop and then drops the connections through the switch.

2 for names, 6 for process
b. How speech is transmitted in a digital switching environment
using PCM/TDM?

Answer:

© IETE

A digital carrier system is a communications system that uses digital pulses rather
than analogue signals to encode information. Fig shows the block diagram for a
digital carrier system. This digital carrier system T1 uses PCM-encoded samples
from 24 voice band channels for transmission over a single metallic wire pair or
optical fibre transmission line. Each voice-band channel has a band width of
approximately 300 Hz to 3000 Hz. Again, the multiplexer is simply a digital switch
with 24 independent inputs and one time division multiplexed output. The PCM
output signals from the 24 voice-band channels are sequentially selected and
connected through the multiplexer to the transmission line.

When a T1 carrier system, D-type (digital) channel banks perform the sampling,
encoding and multiplexing of 24 voice-band channels, each channel contains an
eight-bit PCM code and is sampled 8000 times a second. Each channel is sampled at
the same rate. Fig. shows the channel sampling sequence for a 24-channel T1 digital
carrier system. As the Fig. shows each channel is sampled once each frame but not
at the same time. Each channel’s sample is offset from the previous channel’s
sample by 1/24 of the total frame time. Therefore, one 64-kbps PCM-encoded
sample is transmitted for each voice-band channel during each frame (a frame time
of 1/8000 = 125 us). Later, an additional bit (called the framing bit) is added to each
frame. The framing bit occurs once per frame (8000-bps rate) and is recovered in the
receiver, where it is used to maintain frame and sample synchronization between the
TDM transmitter and receiver.

11
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Q.8
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4 for PCM, 4 for TDM
a. What are the various types of signalling used in a switching
network?

Answer:

© IETE

Signaling systems link the variety of switching systems, transmission systems and
subscriber equipments in telecommunication network to enable the network to
function as a whole.

Three forms of signaling are involved in a telecommunication network:

1. Subscriber loop signaling. - 2
2. Intra exchange or register signaling --- 3
3. Interexchange or inter register signaling --- 3

In a telephone network, subscriber loop signaling depends upon the type of a
telephone instrument used.

The intra exchange signaling is internal to the switching system and is heavily
dependent upon the type and design of a switching system .It varies from one
model to another even with the same manufacturer. This signaling does not
involve signaling system of the type required on the switching network.

When interexchange signaling takes place between exchanges with common
control subsystems, it is called Inter register signaling. The main purpose of
Inter register signaling is the exchange of address digits which pass from
exchange to exchange on a link by link basis. Network wide signaling also
involves end to end signaling between the originating exchange and the
terminating exchange. Such a form of signaling is called line signaling. CCS does
not use the speech or the data path for signaling. It uses a separate common
channel for passing control signals for a group of trunks or information

In Channel Common Channel

Trunks are held up during Trunks are not required for
signaling. Signaling

Signal repertoire is Extensive signal repertoire is
limited. possible.

Interference between voice No interference as the two

and Channels are physically separate.
Control signals may occur.

Separate signaling Only one set of signalling
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equipment is required for equipments is required for a whole
each trunk and hence group of trunk Circuits and
expensive. therefore CCS
is economical
The voice channel being
the control channel, there Control Channel is in general
is a possibility of potential in accessible to users.
misuse by the customers.
SSIISVr\}aIIng Is relatively Signaling is significantly fast.
Speech circuit reliability is There is no automatic test of the
assured. speech circuit.
It is difficult to change or There is flexibility to change or
add signals. add signals.
g IESIIiTC(lJIJErEg handle Signals during speech.
g g auring There is freedom to handle
Speech period.
R:tlr']aik;'::g of the signaling Reliability of the signaling
path Path is critical.
Critical.
ICommon channel signaling is better than In-channel signaling. |
b. Calculate the number of trunks that can be supported on a time
multiplexed space switch given that, 32 channels are multiplexed in each
stream, while the control memory access time is 100ns and the bus
switching transferring time is 100ns per transfer. (8)
Answer:
transier.
ol We know Hhal N = 128
Mt
Llahere Nz ho-c LN o nung Ov OL‘TMjL‘jAT fronla
M < %O.{'ﬂPTQ. Per ‘Pa me (
4 T gudiching Hme tn cludiag maem ovy oLLEN
o M=8o- Hme [ in'lel Gutler pair
ber MRS TSR Reuitehing Hme = [ go+-(c0 = 200ns
o= i S22 20° e
oYX 20DK|0 k. B/
Q.9 a. Explain the various levels of CCITT signalling system number. (8)
Answer:
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A block schematic diagram of the CCITT no. 7 signaling system is shown in fig. Signal
messages are passed from the central processor of the sending exchange to the CCS system.
This consists of the microprocessor based subsystem.

The signaling control subsystems, the signaling termination subsystem and the error control
subsystem. The signaling control subsystem structures the messages in the appropriate
format and queues them for transmission. When there are no messages to send, it generates
filler messages to keep the link active. Messages then passed to the signaling termination sub
system, where complete signal units (SU) are assembled using sequence numbers and check
bits generated by the error control subsystem. At the receiving terminal, the reverse sequence
is carried out. The levels are as follows:

Level 1:  The Physical Layer

Level 2: The Data Link Level

Level 3: The signaling network level Level 4: The

Exchange A Exchange B
LT e e 30 speech channelsr -~ — — - ——-= == —— -~ —~-~ 7
| Switching of NG 1 Switching |
| network N e = network |

T~
| 130 speech channels | |
1 +CCITT No.7in TS1é

i
T s e s s e sy | spnsdumss s ey |

: \[Error Signalling ] ! . transfer of Y : Signalling Error | ;
. '|econtrol  |£ termination|' . | signalling units , .| 'l¢ermination = contrel  |!
. ; B N ! 7 : .
P s subsystem subsystem |, !~ —=lel Jsubsystem subsystem ' 5
=
'

I e

'
Signalling |, !
control . L
subsystem |-

T T— o !

Message transfer, ! |
I :

CCs

S/R !

L e R e e S B R TR

Exchange control prncessorl V | |Ex.change control processorl |

Lo - - _—— — _____ua

L. - - - - - - -—-—- - _-_.

4 for Arch drawing, 4 for explain
b.  Write short notes on (2x4)
(i) Stored program control (ii) Congestion
(iii) Common channel [lignaling  (iv) PSTN
Answer:

(i) Stored Program Control: In centralized control, all the control equipment is replaced by a
single processor which must be quite powerful. It must be capable of processing 10 to 100
calls per second, depending on the load on the system, and simultaneously performing many
other ancillary tasks. A typical control configuration of an ESS using centralized SPC is
shown in Fig. A centralized SPC configuration may use more than one processor for
redundancy purposes.

In almost all the present day electronic switching systems using centralized control, only a

two-processor configuration is used. A dual processor architecture may be configured to
operate in one of three modes:

(if) Standby mode
(iif) Synchronous duplex mode . T
(iv) Load Sharing mode W |7| if

signal
distributor

B

4 Secondary storage:

Maintenance console Memory call recording, program

storage etc.
FIG - Typically Centralized SPC Organiza

scanners

(i) CONGESTION: It is uneconomic to provide sufficient equipment to carry all the
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traffic that could possibly be offered to a telecommunication system. In a telephone
exchange it is theoretically possible for every subscriber to make a call simultaneously. A
situation can therefore arise when all the trunks in a group of trunks are busy, and so it can
accept further calls. This state is known as congestion. In a message-switched system, calls
that arrive during congestion wait in a queue until an outgoing trunk becomes free. Thus,
they are delayed but not lost. Such systems are therefore called queuing systems or delay
system. In a circuit-switched system, such as a telephone exchange, all attempts to make
calls over a congested group of trunks are successful. Such systems are therefore called
lost-call systems. In a lost-call system the result of congestion is that the traffic actually
carried is less than the traffic offered to the system.

(v) Common channel signalling. Signaling systems link the variety of switching systems,
transmission systems and subscriber equipments in telecommunication network to enable the
network to function as a whole. Three forms of signaling are involved in a
telecommunication network:

1. Subscriber loops signaling.
2. Intra exchange or register signaling
3. Interexchange or inter register signaling

In a telephone network, subscriber loop signaling depends upon the type of a telephone
instrument used. The intra exchange signaling is internal to the switching system and is
heavily dependent upon the type and design of a switching system. It varies from one model
to another even with the same manufacturer. This signaling does not involve signaling
system of the type required on the switching network. When interexchange signaling takes
place between exchanges with common control subsystems, it is called Inter register
signaling. The main purpose of Inter register signaling is the exchange of address digits
which pass from exchange to exchange on a link by link basis. Network wide signaling also
involves end to end signaling between the originating exchange and the terminating
exchange. Such a form of signaling is called line signaling. CCS does not use the speech or
the data path for signaling. It uses a separate common channel for passing control signals for
a group of trunks or information paths. It gives the following advantages:

(1) Information can be exchange between the processors much more rapidly than

when channel associated signaling is used.

(i) As a result, a much wider repertoire of signals can be used and this enables more
services to be provided to customers.

(iii) Signals can be added or changed by software modification to provide new
services.

(iv) There is no longer any need for line signaling equipments on every junction
which results in a considerable cost saving.

(v) Since there is no line signaling, the junctions can be used for calls from B to A in
addition to calls from A to B. Both way working requires fewer circuits to carry
the traffic than if separate groups of junctions are provided from A to B and from
Bto A.

(vi) Signals relating to a call can be sent while the call is in progress. This enables
customers to alter connections after they have been set up. For example a
customer can transfer a call elsewhere, or request a third
party to be connected in to an existing connection.

(iv) PSTN the Public Switched Telephone Network: The Public Switched Telephone
Network (PSTN) accommodates two types of subscribers: public and private. Subscribers to
the private sector are customers who lease equipment, transmission media (facilities), and
service from telephone companies on a permanent basis. The leased circuits are designed and
configured for their use only and are often referred to as private line circuits or dedicated line
circuits.
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