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ABSTRACT

Several different  structures for the operation of
multiprocessor-based digital switching systems for use in
telecommunications industry have been proposed. Their rela-
tive performance can be evaluated through the development of
an appropriate performance model. The development and use

of such a model is the subject of the study in this thesis.

A closed queueing network model which represents the struc-
ture of a class of multiprocessor digital switching systems
is proposed. Attention is focused on call setup which is
defined as a sequence of states associated with telephony
tasks and subscriber events. A simulation program which im-
plements the model has been developed and is used to obtain
values for performance measures such as the processor utili-
zation, the call-setup time, the call-delay time, the call-

throughput and the call-attempts/hour.

By assigning appropriate values to parameters in the simu-
lation program, it can be configured *o¢ correspond to any
specific architecture. The model's validity is established
by tailoring it to one particular existing system and com-—
paring the behavior with the available data for the existing

system. The principal application of the model within this



study is to evaluate the performance of two specific multi-

processor digital switching system architectures.
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CHAPTER 1

INTRODUCTION

A desirable prerequisite to the construction of large
complex systems is a comprehensive understanding of both the
dynamic behavior and likely performance characteristics of
such systems. The importance of such insight is particularly
relevant when implementation costs rise to substantial lev-
els. Computer-based communication systems provide an example

of systems where such insight is of crucial importance.

1.1 Modeling And Simulation

There are two broad methods for evaluating the perform-
ance of a given system: Experimental Analysis, and Modeling
and Simulation. Experimental analysis consists of measuring
the performénce of the actual system and it can be quite la-
borious and expensive. = It is not feasible at all if the
system is in concept phase and hence does not yet exist. --On

the other hand, the modeling and the simulation approach



undertakes to determine and evaluate the dynamic behavior of
a system without directly involving the actual system. It
can substantially reduce the time factor in the design proc-
ess and can be very cost-effective. Simulation is amenable
to evaluating alternate system structures. Once a perform-
ance model is constructed and validated, it can be effec-
tively used to resolve design issues and predict the
behavior of the system. These features and advantages have
ma : modeling and simulation an extremely popular and widely
used methodology for evaluating the behavior and performance

of complex dynamic systems.

1.2 Performance Of Multiprocessor Systems

Performance evaluation of multiprocessor systems has
been reported quite extensively in the literature. Most of
these studies have used queueing networks for modeling vari-
ous types oi contention for resources in a multipfocessing
environment. Often, an analytic solution is formulated for
the gueueing model [11,12,14,16]). 1Ir situations where ana-
lvtic solutions becomes very complex or are not feasible,
authors have used a2 simulation methodology to derive per-

formance estimates [6,10,19]. The simulation approach is



based on the construction of a suitable model of the system

which reflects its relevant dynamic properties.

It is interesting to note that relatively little has
been reported in the literature on the performance analysis
of actual systems used in real-time control applications.
Most authors have considered general purpose multiprocessor
system models, as in [1,3,14]. While the results cbtained
in such general studies have broad application, they often
do not adequately treat the issues that are of particular
concern in a specific class of systems. Insight into these
issues can be obtained only by specialized studies that fo-
cus on the area of concern that are distinctive to the prob-

lem class.

In the study outlined in this thesis, attention is fo-
cused on a specific class of multiprocessor systems used in
real-time control, i.e the Multiprocessor Digital Switching
Systems (MDSS) which are used in the telephone industry. The
system structure and operation of an MDSS is presented from
the standpoint of queueing svstems. Based on this under-
standing, & closed gqueuveing network model is developed to
estimate the periormance of an MDSS. The model is used to
study the 1impact of system architecture oﬁ the performance

of an MDSS.



1.3 Multiprocessor Digital Switching System (MDSS)

A Multiprocessor Digital Switching System uses Stored
Program Control (SPC) techniques to accomplish the complex
task of Call Processing which is outlined below. A typical
MDSS 1is composed of four major subsystems/processors inter-
connected via high speed links. Each of these subsystems has
one oOr more processing units, private memory, data and pro-
gram that is executed to perform the specific tasks assigned
to it. One of the subsystems acts as a master and is re-
sponsible for coordinating and contreolling the activities of
the remaining subsystems. The processors in the various
subsystems communicate with each other by exchanging mes-

sages on the links.

The complete call processing function of an MDSS can be

divided into three distinct phases:

i. Call Setup: This is the initial phase which begins
with the svstem (i.e. the MDSS) receiv-
ing an 'off-hook' signal indicating a
call reguest from a telephone line sub-
scriber. The system sets up the control
structures, allocates the reguired re-
sovrces (voice channel etc.}) and

signals (applies dial-tone) to the sub-



2.

Talking:

scriber to proceed with the request.
The subscriber supplies the telephone
number of another subscriber line to
which it wishes to connect. The system
processes the digits, finds the desti-
nation line, sets yp the control struc-
tures, allocates the resources (voice
channel), establishes the connection
between the two line and signals (ap-
plies ring-tone) to the destination
line subscriber for an incoming call.
When the destination line subscriber
answers the call (goes off-hook), phase

2 begins.

During this phase the system simply
supervises the call as it passes infor-
mation in digital format between the
two connected lines. It uses Time Divi-
sion Multiplexing (TDM) for high speed
switching of Pulse Code Modulation
(PCM)} signals., It converts voice fre-
guency signals into PCM formet and mul~
tiplexes into a'high speed digital bit
stream for processing and transmission
across the switch. When the system re-

ceives the ‘on-hook' signal from either



line indicating a reguest for termi-

nation of the call, phase 3 begins.

3. Call Disconnect: This 1is the final phase in which the
system releases all the resources allo-
cated to the two lines. The lines re-

turn to an idle state.

The system load for the MDSS is composed of the tasks
to be executed in the three phases mentioned above. However,
phase (2) of the call processing function consists almost
entirely of routine hardware functions and hence can be de-
coupled from real-time processing [6]. Similarly, phase (3)
consists of a very short sequence of tasks and can also be
treated separately. From a real-time point of view, there-
fore the most significant and time critical tasks are per-
formed in phase (1). Hence, it is quiie reasonable to view
processing in phase (1) as the overall load for the system.

This is, in fact, the approach we take to model the perform-

ance of the MDSS.



1.4 Performance of MDSS

The system architecture and the number of active calls
in the system are two of the most crucial factors affecting
the performance of an MDSS. The system architecture distrib-
utes the call processing functions in the system and if it
leads to non-uniform -utilization of the resources, it can
limit the capacity and the throughput of the system. For
example, if one of the subsystems is loaded to its full ca-
pacity while the remaining subsystems are still available to
accept more work, then the capacity of the system is clearly

limited by the capacity of the loaded subsysten.

The number of calls in the system has a significant im-
pact on the performance of an MDSS. As the number of calls
grows in the system, contention for resources increases re-
sulting in gueue build up at each subsystem and the perform-
ance of the system degrades. In some cases, this also
results in bottlenecks and hence results in limiting the ca-

pacity of the switch.

The performance indices for the MDSS considered in this

study are:

Call-setup Time: This is defined as the elapsed time be-

tween the moment a call request (off-~



hook signal) is received and the moment
when it enters the 'talking' phase, ex-
cluding the time taken by the subscriber

to dial in the digits.

Call-delay Time: This 1is defined as the total time spent
by the call while waiting for the re-

sources.

Call-throughput: This 1is defined as the number of calls

setup by the system in unit time.

Call-attempts/Bour: This is defined as the total number of
calls connected/disconnected by the sys-

tem in a period of one hour.

The values for these performance measures have appeared
in the 1literature [5,20] These have been obtained by con-
ducting experiments with actual hardware. The setup involves
20,000 or more lines connected to a source capable of gener-
ating a large number of calls such that there is always a
call request waiting to be served as long as the system has
free resources and capacity to accept more calls [20]. The
complexity oI such experiments and the costs involveé pro-
vide the motivation for the development of <the performance
model which can provide a convenient anéd low cost alterna-

tive for the performance evaluation of such systems.



1.5 Scope of the Thesis Project

Similarities in the structural organization and operat-
ing principles can be readily identified from the analysis
of various existing multiprocessor digital switching sys-
tems. These similarities suggest the feasibility of devel-
oping a unified approach for studying the relative

performance of such systems.

This approach takes the form of a closed queueing net-
work model that provides a realistic representation for the
operational behavior of this class of systems. Calls are
represented as jobs in the queueing network. Values for the
various performance indices are obtained by simulator

studies based on the queueing network model.

The model developed in this study has been formulated
from a study of several existing MDSS's. It is primarily in-
tended to be used as a tool during the design phase of an
MDSS. It can also be used to study the impact of both the
design changes and the addition of new features in the ex-

isting MDSS's.

The presentation in this thesis is organized as fol-

lows:



Chapter 2 describes the system architecture and basic
principles of operation of an MBSS. It provides a brief de-
scription of the major components of an MDSS and the tasks
performed by each of them. To establish basis for the pro-
posed model, call flow scenarios for setting up and discon-

necting a c¢all, from the standpoint of gueueing system, are

described.

Chapter 3 describes the gueueing network model which is
proposed. The simulation methodology relating to the per-
formance determination during the call setup process is de-
scribed in detail. In this context, a call is characterized
by telephony tasks and subscriber events. The telephony
tasks are distributed over the four subsystems of an MDSS in
order to achieve the call processing function. The way in
which the distribution takes place, together with the struc-
tural considerations, specifies the specific MDSS being sim-
ulated. Implicit in the process, is the specification of a
Routing Table which captures the distinct states associated
with the call setup procedure as it relates to a particular
MDSS. The Routing Table provides the major input to the sim-
ulation program. 2 high-ievel overview of the simulation

program ané the data structures used Is also included.
In chapter 4, the validity of the model is examined.
Performance results for the model, as tailored to a partic-

ular MDSS, are compareé with actual dsta for that MDSS ob-

10



tained from the 1literature. Some analysis of the model

results are provided.

Chapter 5 describes the use of the model to evaluate
the performance of two particular MDSS's. The results are
presented 1in both tabular and graphical forms. An analysis

of results is given.

Chapter 6 provides a brief summary and conclusions of

this thesis project. It also includes directions for the fu-

ture work.

11



CBAPTER 2

MULTIPROCESSOR DIGITAL SWITCHING SYSTEM (MDSS)

In the last decade, Multiprocessor Digital Switching
Systems have evolved very rapidly in the telephone industry.
The first MDSS was introduced in 1979 [4]. Today, there are
more than 3000 fully digital telephone switching systems op-
erational in North America, Europe and other parts of the
world. Most of these MDSS's are Northern Telecom's DMS-100
[4], GTE Automatic Electric Laboratories GTD-S5 EAX [5],
CIT-ALCATEL's E10.S-7$S.5. [8], and Bell Laboratories No.5
ESS [9]. These are high-capacity switching systems. In
comparison with its electro-mechanical predecessor, an MDSS
is much more efficient, versatile, reliable and compact.
Modern MDSS's have modularity in their hardware and software
architecture which facilitates extensions and enhancements.
The increasing demand for enhanced telephone service contin-
ves to drive the evolution of the digital switching technol-

ocy.

i2



2.1 System Architecture

Each of the existing MDSS mentioned above uses a dis-
tributed processing architecture utilizing microprocessors.
It is composed of a number of interacting subsystems each
with its own internal architecture. However, the architec-
ture and methods used to perform telephony functions vary

from one system to another and are manufacturer dependent.

An MDSS within the class which we consider in this
study is composed of four major subsystems, which are re-
ferred to throughout the sequel as the Control Prccoessor
(CP), the Message Distributor (MD), the Switching Network
(SN) and the Line Interface (LI). BEach of the four subsys-
tems consists ©of a number of identical processors, local
memory, data and program store. The subsystems are inter-
connected using very high speed links. The architecture of
such a system depends on the interconnection arrangement
used between the subsystems. The two specific system archi-
tectures that will be examined extensively in the following
chapters are depicted in Figure 1 and Figure 2 anéd will be
referred to as Architecture-A and Architecture-B respec-

tively.

The architecture of the system distributes the call

processing functions (tasks) among the four subsystems. The
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distripution is based on the hardware/software capabilities

provided

in a subsystem as well as the type of interface

supported by it. A brief description of the subsystems and

their functions is given below.

Control Processor {(CP): The Control Processor is

the heart of the MDSS., It coordinates and controls
the operation of the remaining subsystems. The CP
consists of high speed processing unit(s}, memory
store and control interface(s)}. The SN and the
LI's communicate with the CP via the Message Dis-
tributor. The call processing functions are dis-
tributed between the CP, the SN and the LI's. The

CP performs the following functions:

* It sets up the control structures and allocates
the resources to the call.

. It makes use of the configuration and data ta-
bles to locate the destination for a given
call,

. It distributes and sequences the call process-
ing functions to be performed by the SN and the
il.

° It coordinates and controls the activity of the
other subsystems andé keeps <track of <their

states.



e It 1is responsible for maintenence and adminis-

trative functions for the whole system.

An MDSS is equipped ﬁith one or more CP's. The
CP's operate either in synchronous mode to provide
redundancy or in asynchronous mode to share load.
However, in either case, the processing of an indi-
vidual call (from setup to disconnect) is assigned

to a specific CP.

Message Distributor (MD): The Message Distributor

provides an interface for switching control mes-
sages between the CP, the SN and the Li's. The MD
consists of one or more processing units and large
buffer areas to gqueue messages. It performs the

following functions:

. It shields the CP from the unexpected inter-

rupts caused by the messages coming from the SN
and the LI's.

L] It distributes the messages originated by the
CP for the SN and the Li's. For 2 given mes-
sage, it identifies the SN or & particslar LI
the message is destined. The purpose of this
particuvlar function is to hide +the physical
distribution of the SN and the LI's from the
Ccp.

17



3.

. It provides fan-out from the CP to the Li's and

fan-in from the LI's to the CP.

The functions performed by the MD allow the CP
to dedicate its real-time computing capability to
tasks such as call processing and resource manage-

ment. No telephony related processing takes place

in the MD.

Switching Network (SN): The Switching Network com-

bines both space and time switching technigues to
establish interconnections between the origination
and destination lines and switches signals between
them. Under instructions from the CP the SN per-

forms the fcllowing functions:

° It allocates voice channels to the origination
and the destination line.

L It establishes interconnections between the
voice channels allocated to the origination and
the destination line.

® It supervises and maintsins the integrity of
the established connection for the duration cf
the call.

. It releases interconnection between channels
allocated to the origination and the destina-

tion line.



4, Line Interface (LI): The Line Interface provides

an interface between the MDSS and the outside
world. An MDSS is equipped with different types of
LI's to interface with analog lines, analog trunks,
digital trunks and possibly Integrated Services
Digital Network. The LI performs the <£following

functions:

It scans lines continuously to detect on/off

hook signals from the telephone equipment.

L It reports change in the state of the 1line to
the CP.

. It applies dial/ring tones on the line.

. It collects digits from the line and sends them
to the CP,

. It converts analog signals coming from the line
into digital format.

e It converts digital signals going out on the

line into analog format.

From the analysis of the literature it is apparent
that the distribution of the call processing functions
is identical for the class of MDSS's that has been ex-
amined. In GTD-5 EAX [14], the distribution -of the
call processing functions between the CF and the LI's
is based on transform analysis. 1In transform analysis

terminology, the LI's perform afferent (physical to

i9



logical) and efferent (logical to physical) transform
functions. For example, the LI transforms off-hook
(electric) signal into a message before sending it to
the CP. In the other direction, it transforms z mes-
sage received from the CP into dial-tone signal on the
line. The CP perform logical to logical transform

functions.

2.2 Operation

An MDSS is a system which incorporates both distributed
processing and centralized control. The basic call process-
ing functions are distributed among various subsystems but
the overall control of the system is carried out by the CP.
An objective in the distribution of functions is to ensure
that the CP 1is relieved of time consuming tasks. For in-
stance, scanning of the subscriber lines and collection of
the digits respectively are continuous and time consuming

functions and are assigned to the LI.

The processors in the various subsystems interact with
each other by exchanging short messages. A message received
by a subsystem contains the information required by that

subsystem to identify and execute a particular task. Link

20



protocols like HDLC, LAPB and some proprietary protocols are
implemented to control the flow of messages between process-

ors.

The model development outlined in Chapter 3 is con-
cerned with representing the various events which are in-
volved with the call setup activity within the MDSS. To
provide a base for the discussion in Chapter 3, the activ-
ities of call setup and call disconnect are described in the

following sections.

2.2.1 Call Setup

When a subscriber goes off-hook on one of the lines, the LI
detects a change of state on the line. This event marks the
origination of a call and is followed by the seguence of

events listed below.

e The LI sends an 'off-hook' message to the CP re-
porting the origination of a call.

. The CP sets up the control structures and allocate
the resources to the call. It then sends a message
to the SN to assign a voice channel to the origi-

nation line.

21



The SN assigns a voice channel to the origination
line and reports back to the CP.

The CP updates the state information and sends a
message to the LI to apply dial tone and start col-
lecting digits.

The LI collects the digits dialed by the subscriber
and sends them to the CP.

Using the configuration and data tables, the CP lo-
cates the destination line. If the destination line
is available, the CP sets up the control structures
for the destination 1line and allocate the re-
sources. The CP then sends a message to the SN to
assign a channel to the destination line.

The SN assigns a voice channel to the destination
line and reports back to the CP.

The CP updates the state information and sends a
message to the SN to setup connection between the
two voice channels assigned to the origination and
the destination line.

The SN establishes a connection between the two
voice channels and reports back to thé cr.

The CP sends one message to the destination LI to
apply ring tone on the line and the second to the
origination LI to apply an audible ring tone on the
line.

The destinatioﬁ LI applies ring tone and scans for

the 'off-hook' state. When the subscriber picks up

22



the phone, the destination LI detects a change 1in
the state and sends 'off-hook' message to the CP.

e The CP marks the call established. It sends mes-
sages to both the origination and the destination
LI's to stop the ring tone and look for ‘on-hook’

state.

At the end of the above seguence of events, the call is

setup is in 'talking' state.

2.2.2 Call Disconnect

When either the origination or the destination 1line hangs
up, the respective LI detects a change of state on the line.
It marks the event that represents the termination of the

call and is followed by the sequence of events listed below.

* The LI sends an ‘on-hook' message to the CP.

¢ The CP sends a message to the SN to take down the
connection between the channels assigned to the
origination and the destination lines.

e The SN takes down the connections between the two

channels and reports back to the CP.



The CP sends a message to the LI that has reported
an 'on-hook' to start scanning for ‘off-hook' con-
dition. Similarly the CP sends an eguivalent mes-
sage to the other LI to start scanning for on-hook.
When the second party hangs up, the associated LI
sends 'on-hook' message to the CP.

The CP releases the resources.

24
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CHAPTER 3

QUEUEING NETWORK MCDEL AND SIMOLATION

This chapter presents a closed cyclic gqueueing network
model for the c¢lass of MDSS's described in the previous
chapter. It also describes the simulation approach used to
establish wvalues for performance criteria for the queueing

network model.

A real-time computer system can be viewed as a combi-
nation of two dependent components; namely the controlled
process and the controlling computer [17]. Woodbury and Shin
[16] have suggested that the development and justification
of a performance model for such a system should rely on the
workload being modeled as well as the structure of the sys-
tem handling the workload. Based on this concept, they have
proposed a closed queveing network model to study the ef-
fects of-the workload on the performance for a highly reli-
able unibus multiprocessor system used in real-time con:irol.
The model focuses on a specific structuvre ané takes into ac-~

count the type of the workload handled bv the system.



The development of the queueing network model proposed
in this study is based on the same concept. It represents
the structure of a class of MDSS’s. Call setup is treated as
workload for the system. A simulation program simulates the
process of call setup in the queuveing network and outputs

values for several performance measures.

3.1 OQueueing Network Model

The performance model proposed is a five-node closed
cyclic queueing network, whose structure is shown in

Figure 3.

The four subsystems of the MDSS are represented by the
four nodes on the left hand side of the figure. To maintain
a close relationship between the actual system and the
queueing network model, a node is named after the subsystem
it represents. Each of the zfour nodes serves multiple
queues, with each queue representing a task assigned to that
subsystem. The number of gueues served by a subsystem Iis
equal tc the number of tasks assigned to that subsystem.
This technique facilitates the modelling of all the time
consuming functions and the queueing delays on a per task

basis. One of the queues for the LI node is a priority
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gueue that represents tasks involving the subscriber events.
The purpose of the priority queue is to ensure that events
from ocutside the system are handled as quickly as possible.
On completion of a task, the LI always scans and processes

the priority queue before moving to any other queue.

The gueues are served on FCFS basis. All messages in a
given queue are assumed to have same distribution for their
internal processing time. The processing time distribution

for all the queues is taken to be exponentially distributed

random variable.

The subscriber events are random in nature and are as-
sumed to have exponentially distributed event times. These
are always associated with the tasks to be performed by the
LI. To avoid excessive complexity, the sulscriber events are

included in the processing time for the LI if required.

The node on the right hand side of Figure 3 represents
a infinite-server node [14]. It provides a mechanism for
modeling the arrival process for nmessages destined to the
four subsystems. Because of the infinite server property, no
gueuveing takes place at this node. The node simply repres-
ents inter-processor communication delay between any two
subéystems. However, considering the speed of the linkslcon-

necting the subsystems and the short length of messages, the

inter-processor communication delay 1is negligible and,
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hence, can be ignored. There is no concept of separate task

gueues at this node, all the messages are treated alike.

3.2 Simulation

A simulation approach is used to obtain the desired
performance estimates for the queueing network model. The
simulation program simulates call setup in the gqueueing net-
work model presented in the previous section and outputs

performance estimates.

The simulation approach is taken because the gqueueing
network does not have a product form solution. The two main
characteristics of the gueueing network that violate the
product form seolution are: (1) the priority discipline used
for serving queues and (2) the state dependent routing. Fur-
thermore, it is not possible to construct a Markovian model
for the performance analysis because the number of states

needed is very large.

Computer-based experimentation {(i.e. simulation) with
the queueing network model provides a very cost-effective
means for studying the dyvnamic behavior and performance of a

class of MDSS's. Furthermore, the flexibility inherent in
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the associated simulation program facilitates the evaluation

of design changes in the existing or proposed MDSS.

3.2.1 Definition of a Call

A call is defined as a sequence of states associated
with the telephony tasks and the subscriber events. The
telephony tasks are the basic call processing functions to
be performed by the system and are characterized by the
real-time requirements that represent code segment execution
time. The subscriber events consist of initiating a call by
going ‘off-hook', dialing in telephone number (digits) of
the destination 1line after receiving dial-tone and going
'off-hook' when the line rings. These events are random in

duration.

3.2.2 Call Setup

A call is setup in a fixed number of steps that are
characterized by telephony tasks and the subscriber events.

The number of steps required to setup the call is equal to
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the number of distinct telephony tasks to be performed by
the four subsystems. The telephony tasks are performed in a
specific order which is dependent on the architecture of the
system as well as the distribution of the telephony func-
tions in the system. The number and the sequence of steps
is represented by a fix sequence of states each associated
with a telephony task or the subscriber event. In order to
setup a c¢all in a given MDSS, the call must go through the

given sequence of states for that MDSS.

Within the class of the MDSS's described in Chapter 2,
there is a total of fourteen telephony tasks that are re-
quired to be performed in order to éetup a call. These four-
teen telephony tasks are represented by a £fix seqguence of
fourteen states. Figure 4 presents the relationship between

the states and the telephony tasks.

In Figure 4 the number of the telephony tasks is less
than the number of the states required to setup a call. This
is because some tasks are repeated in more than one states.
For example, 'allocate voice channel' is a task performed by
the SN twice, cnce for the origination and once for the des-

tination line.
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Task To Be Performed TN
S1 |Detect Off-—Hook (OL) T1
S2 |Setup Control Structures, Allocate Resources (OL)| T2
S3 |Allocate Voice Channel (OL) T3
S4 |[Update Device State (OL) T4
S5 |Apply Dial Tone, Collect Digits (OL) TS
S6 {Process Digits, Locate Destination (OL) T6
S7 |Allocate Voice Channel (DL) T3
S8 |Update Device State (DL) T4
S9 |Setup Connection between Channels (OL,DL) T7
S10|Update Device State (OL,DL) T4
Si11|Apply Ring Tone, Detect Off-Hook (DL} T8
S12|update Device State {(OL,DL) . T4
S13|Detect On~Hook (OL,DL) TS

Si4

Talking State

SN — State Number

T™ - Task Number

OL — Origination Line

DL — Destination Line
Figure 4.

Relationship between the S

es and +the Tasks




3.2.3 Distribution of the Telephony Tasks

The architecture of the system distributes the call
processing functions (tasks) among the four subsystems. The
distribution is based on the hardware/software capabilities
provided in a subsystem as well as the type of interface
supported by it. From the analysis of the literature it is
apparent that the distribution of the telephony tasks asso-
ciated with the call setup process is identical for the

class of MDSS's that has been examined.
The distribution of the telephony tasks for call setup

process is described in Figure 5. A particular task is as-

signed to a subsystem marked with 'X'.
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Task Task Assigned To Subsystem
Number
cP MD SN LI
Tl X
T2 X
T3 X
T4 X
Th X
T6 X
T7 X
T8 X
TS : X
T20 X
T1l X

Figure 5. Distribution of the Telephony Tasks for
Architecture-a

The two telepheny tasks (Ti0, Til) listed in Figure 5
that are not included in Pigure 4 are the tasks performed by
the MD. 2s described in chapter 2, the MD does not perform
any telephony task, it simply acts as a distributing center
for the messages. It forwards the messages received from the

SN and the LI's to the CP (this is task T10) ané distributes
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the messages received from the CP to the SN and the LI's
{(this 1is task Tl1ll). Hence, these two tasks are executed for

each message flowing into and out of the CP.

3.2.4 Routing Table (RT)

The Routing Table is the most important input to the
simulation prograﬁ. It describes the distribution of tele-
phony tasks among the four subsystems, the specific order in
which the tasks are to be performed and flow of messages
within the queuveing network model. The RT is dependent on
the architecture of an MDSS and it differs for one architec-
ture to another. The following section outlines the con-
struction of the RT for Architecture-A described in Chapter
2.

Based on Figure 4 and Figure 5 and the assumed archi-
tecture (i.e. Architecture-iA), the complete scenario for
setting up a call can be summarized by the following four-

teen (S1-S14) states:

S1 A subscriber goes ‘off-hook'. The associated LI

performs the task Tl. The LI sends a message to
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82

S3

5S4

S5

s6

87

the CP via the MD. The MD performs the task T10

and the call enters the state S2.

The CP performs the task T2. The CP sends a mes-
sage to the SN via the MD. The MD performs the

task T1ll and the call enters the state 83.

The SN performs the task T3. The SN sends a mes-
sage to the CP via the MD. The MD performs the

task T10 and the call enters the state S4.

The CP performs the task T4. The CP sends a mes-
sage to the LI via the MD. The MD performs the

task T1ll and the call enters the state S5.

The LI performs the task T5. The LI sends a mes-
sage to the CP wvia the MD. The MD performs the

task T10 and the call enters the state S6.

The CP performs the task Té. The CP sends a mes-
sage to the SN via the MD. The MD performs the

task Tl and the call enters the state S7.
The SN performs the task T3. The SN sends a mes-

sage to the CP via the MD. The MD performs the

+ask T10 and the call enters the state S8.
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S8

s9

S10

Si1

S12

813

S14

The CP performs the task T4. The CP sends a mes-
sage to The SN via the MD. The MD performs the

task T1l and the call enters the state S89.

The SN performs the task T7. The SN sends a mes-—
sage to the CP via the MD, The MD performs the

task T10 and the call enters the state S10.

The CP performs the task T4. The CP sends a mes-
sage to the LI via the MD. The MD performs the

task T1l and the call enters the state S1l.

The LI performs the task T8. The LI sends a mes-
sage to the CP via the MD. The MD performs the

task T10 and the call enters the state S12.
The CP periorms the task T4. The CP sends a mes-
sage to the LI via the MD. The MD performs the

task Tl1l and the call enters the state S$13.

The LI performs the task TS9. The LI sends a mes-

.sage to the CP via the MD. The MD performs the

task Ti0 and the call enters the state Si4,

The CP periorms the task T4. The c¢all is now in

'talking® state.



The description given for the call setup process can be
summarized in a compact form as a table as shown in

Figure 6.
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Associated Task| Next Task
Message Flow
SN | Task |Sub Task Sub
System Systenm
S1 T1 LI T2 cp LI->MD—>CP (T10)
s2 T2 cP T3 SN CP—>MD—>SN (T11)
S3 ™3 SN T4 cP SN->MD—>CP (T10)
sS4 T4 CP T5 LI CP~>MD->LI (T11)
S5 T5 LI T6 CP LI->MD—>CP (T10)
S6 T6 CP T3 SN CP->MD—>SN (T11)
s7 T3 SN T4 CP SN—>MD—>CP (T10)
S8 T4 cp T7 SN CP->MD—>SN (T11)
S9 T7 SN T4 cp SN—>MD—>CP (T10)
Si0| T4 cP T8 LI CP—>MD—>LI (T11)
“1si1| T8 LI T4 cP LI->MD—>CP (T10)
s12| T4 (e 2 TS LI CP—>MD—>LI (T11)
S13| T9 LI T4 cP LI—>MD—>CP (T10)
S14} T4 cp — — —

SN — State Number

—> — Directicn of flow of message

Figure 6.

Routing Table for Architecture-a




3.2.5 Simulator

The simulator is based on the methodology given in [31].
It consists of two separate programs written in 'C'. The
first program (INPUT) consists of about 140 source lines.
It is an interactive program that takes input from the ter-
minal and writes it into a file. The contents of the file
are input parameters to the second program. The second pro-
gram (SIMMDSS) consists of about 1400 source lines. It reads
data from the file written by program INPUT and simulates
call setup in the queueing network. The simulator has been
executed on both a2 VAX 11/750 and an IBM VM/370. The fol-
lowing subsections describe the data structures and the

logic used in the simulator.

3.2.5.1 Data Structures

Figure 7 presents a high-level view of the data struc-
tures used by the simulator. The data is structured in a hi-~

erarchical fashion anéd has three levels.

MCB The MCB 1is the Master Control Block and is at

the top level in the hierarchy. It contains
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MCB - Master Control Block
PCB - Processor Control Block
QCB - Queue Control Block

Figure 7. Data__Structures
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global variables and constants. The MCB has a
list of pointers pointing to the control blocks
for the four processors in the queueing network.
There is a double linked list called
'event_list’ maintained in the MCB that consists
of event elements where each such element re-

presents an instance of a task being processed

at present.

The PCB is the Processor Control Block. There is
one PCB for each processor in the gqueueing net-
work and is accessible by a pointer maintained
in the MCB. The PCB contains processor specific
information such as processor_number (number as-
signed to the processor in the queueing net-
vork), number_of_gqueues_served {(number of tasks
performed by the processor) and proc_discipline

(queue processing strategy) etc..

The QCB is the Queue Control Block. There is one
QCB for each queue in the queueing network. The
QCB's <for gqueves belonging to a processor are
accessed by pointers maintained in the PCE2 for
that processor. The QCB contains queue specific
information such as cueve_number (number as-~
signed to the gqueue) and mean_service_time (av-

erage time reguired to perform the task) etc..
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The QCB uses a double linked list to gueue mes-

sages on First-Come-First-Served (FCFS) basis.

3.2.5.2 INPUT Program

The INPUT program is an interactive program that prompts for
the wvalues for the parameters required by SIMMDSS. The val-
ues entered are written into a file which can be checked or
edited if required. Part of the input activity is concerned
with entering the data from the Routing Table for the MDSS
under conixideration. The overall logic flow for INPUT pro-

gram is given below:

OBTAIN number_of_states;

FOR (each state) DO
BEGIN
OBTAIN task_number;
OBTAIN procescor_number;

END

From the above input, the program computes number of tasks
assigned <0 each individual processor type.
Zach task assigned tc a processor type is represented by

& gueue served by that processor in the gueueing network.
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FOR (each processor) DO

BEGIN

OBTAIN number_ of_servers;

OBTAIN proc_discipline;

FOR (each task assigned to the processor) DO
BEGIN |
OBTAIN mean_service_time;
OBTAIN priority_attribute;
END

END

From the above input, number_of_servers is used to vary
the processing power of the subsystem. For example, by
increasing the number_of_servers from one to two, the
processing power of the processor can be doubled.

The proc_discipline specifies the scheduling algorithm to
be used for processing the queuwes. The expected input is
FCFS or LCFS or PS. In our model, only FCFS is use@.'?
The mean_servicé_;ime is associated with individual iésk
and it gives the time regquired to complete the task.

The priority_attribute identifies a priority gueue in the

queueing network. The expected input is Yes/No.

OBTAIN number_of_calls;

OBTAIN number of_events;



Number_of_calls specifies the number of calls to be injected
into the queueing network.

Number_of_events specifies the length of the simulation run.

3.2.5.3 SIMMDSS Program

The SIMMDSS program is the program that simulates call
setup in the queueing network. The input parameters required
by this program are obtained from the file created by INPUT
program. The program reads the file, initializes the vari-
ables and executes for a specified number of events. At the
end of the simulation run, the program computes and writes

performance estimates in a file.

= There are three major routines in SIMMDSS that are de-

scribed below:

Main It defines the data structures and vari-
ables used in this program. It reads input
parameters from the file createé by INPUT
program, sets up control blocks and ini-
tializes variables. The input parameters

describe the «ueueing network character-
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istics. The calls are represented by the
messages circulating in the gqueueing net-
work. To begin with, all the messages are
present in the task queue representing the
task 'Detect Off-Hook' at node LI (refer
to figure 4, 5 and 6) and are scheduled
for processing subject to the availability
of the processor. The program recognizes
task completion as the only event. It
maintains a double linked list
(event_list) of the event elements ordered
by the time of occurrence, each represent-
ing a task currently being performed by
one o©of the four processors. During in-
itialization, the event elements are in-
serted into the 1list for those messages
that are scheduled for processing. After
the initialization 1is done, the routine
execute a LOOP for a specified number of
events that control the length of the sim-
ulation run. For each event in the list,
routine Processor_contrel is called with

3 -

the action code 'Insert' or 'Remove’'. The
action code 'lInsert' is used when a mes-
sage is to join a queue at & pProcessor.
The action code 'Remove' is used when 2

message finishes oprocessing ané has to

46



Processor_Control

Queue_Control

leave the current processor to go to the
next processor. At the end of the simu-
lation run, performance estimates are com-
puted from the statistics collected during

the run and are written into a file.

The routine Processor_Control maintains
statistics for each processor in the
queueing network. It is responsible for
scheduling messages waiting in the queues
for processing whenever a processor be-
comes free. It calls Queue_Control with
the same action code (i.e. 'Insert' or

'Remove') passed onto it by routine Main.

The routine Queue_Control maintains sta-
tistics for each task queue in the net-
work. Based on the action code, it either
inserts or removes & message from the

queue.

The overall logic flow for SIMMDSS program is given be-

PROCEDURE MAIN;
BEGIN

Define data structures (MCB,PCE,QC3};
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Define varianles (clock, events_done);
Read input_file;
Initialize control_structures (MCB,PCB,QCB);
Initialize Routing_table, event_list;
LOOP
Remove an event from the event_list;
Update clock;
Setup appropriate PCB;
Call Processor_control {(remove);
From the Routing_Table, find the next processor and queue;
Call Processor_Control (insert);
Increment events_done;
UNTIL events_done < number_cof_events;
Compute performance estimates;
Write performance estimates;

END

PROCEDURE PROCESSOR_CONTROL({action_code);
BEGIN
Update processor statistics;
IF (action_code = remove) THEN
BEGIN
Setup apprepriste QC3;
Call Queue_Control{remove);
IF (messages weiting in the gueues) THEN
BEGIN

Schedule next message according to given discipline;
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Insert event in the event_list;
END

END

ELSE

BEGIN

Setup appropriate QCB;

Call Queue_control(insert);

IF (processor is free) THEN
BEGIN
Schedule new message for processing;
Insert event in the event_list;

END

PROCEDURE QUEUE_CONTROL(action_code):
BEGIN
Update queue statistics;
IF (action_code = remove) THEN
BEGIN
Remove message from the queue;

Decrement gueue_lengtk;

Insert message in the queue:;

Increment queue_length;
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3.2.5.4

The

Cutput from SIMMDSS

output from the simulator includes:

Processor utilization of the processors. This meas-
ures the fraction of the time each processor is
busy and is presented as a percentage.

Processor throughput of the processors. This is the
number of the messages processed per unit time and
is equal to the service rate times the fraction of
time the processor is busy.

Average Processing Time for each message. This in-
cludes the queueing delay caused because of the
contention for resources.

Average queueing length at each processor. This 1is
the average number of messages waiting to be
served. The minimum and maximum gqueve 1length is
also noted.

The total number of calls setup during the simu-

lation run.
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Call-throughput for the system. This is a measure
of the number of calls that were setup in a unit
time.

Call-attempts per hour. This is the maximum number
of calls that can be handled by the system in one
hour.

Average Call-setup time. This is the average time
required to setup a call from beginning (off-hook)
to end excluding the time taken by the subscriber
to dial in the digits.

Average Call-delay time. This is the delay intro-
duced in the call setup time due to contention for
resources. It is equal to the sum of all the queue-
ing delays that the call encounters during its

progress.



CHAPTER 4

VALIDATION AND RESULTS

This chapter presents a validation for the performance
model described in the previous chapter. It also includes a
summary and the analysis of the experimental results for the
MDSS for different loads. The results are used to predict

the dynamic behavior of the MDSS.

4.1 vValidation

I{/

The validity of the gueueing network model is examined
by comparing the values of the performance measures of the
model with the data available from the literature for exist-
ing MDSS's [5,20]. Both the architecture and the scftware
structure for these systems have already been described in

chapter 2.

The system [5] is composed of up to seven Telephony

Processors (TP's), a Message Distributor Circuiz (MDC), a
g
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Space and Time switch and up to sixty four Peripheral
Processors (PP's). The TP's perform analysis and sequencing
functions of the call processing and operate in load sharing
mode. However, the processing of a call is handled by a TP.
The PP's interface with physical lines and Space and Time
switch provides physical connections for a call. The TP's
and PP's communicate with each other through MDC. The dis-
tribution of call processing functions (telephony tasks) for
this system has already been described in chapter 3. 1In the
queveing network model, the TP's, the MDC, the Space and
Time Switch and the PP's are represented by the CP, the MD,
the 8N and the LI respectively. The effect of multiﬁle T™'s
is taken into account by changing the processing power of

the CP.

The performance of any MDSS is obtained by performing
extensive experiments on the real system. The MDSS is sub-
jected to heavy loads by connecting it to a source capable
of generating a2 large number of call such that there is al-
ways a call request waiting to be served as long as the sys-
tem has free resources andé capacity to accept more calls.
The experiment is run fcr a specified period of time and the
periormance measures consisting of the statistics on call
attempts/hour, total CCS load, the call-throughput, the
processor utilization, the call-setup time and the call-

delay time are obtained.
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Similar experiment is conducted with the queueing net-
work model. The simulation program behaves in a way such
that whenever the LI is free and the number of calls in the
queueing network is less than the total number of calls al-
lowed, another «call is introduced. The actual performance
measures are used to determine value for parameters in the

queueing network model.

The results from the experiment are presented in
Figure B. The processing power of the processors is changed

to obtain results for a range of capacities of the MDSS.

Proc— | Actual Results Model Results Percentage
cessor of
Power Relative
Call Proc. Call Proc. Error
Attempts/{Utiliz, |Attempts/|Utiliz.
Hour (%) Hour (%)
1 120,000 90.0 114,000 90.4 - 5.00
2 300,000 90.0 273,600 90.8 - 9,13
3 360,000 | — 326,000 90.7 ~- 9.44

Figure 8. Call Attempts/Hour and % of Relative Error

The number of call attempts per hour for the MDSS is meas-

ured at S0% processor utilization. The model results are
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accurate within 5% for the MDSS to handle 120,000 call-
attempts per hour. The relative error 1in the results in-
creases to 9.5% as the processing power is increased to

handle 360,000 call-attempts per hour.

4.2 Results

A number of experiments were conducted to determine the
processor utilization, the average queueing delay on a per
task basis, the average call-setup time, the average cali--
delay time and the call-throughput for the MDSS. The results
obtained from the experiments along with the analysis are

presented below.

An interesting case is when there is one call in the

system. The results obtained are given in Figure 9.
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Call—-setup Time|Call—delay TimejCall—throughput

0.134 0.000 7.481

Tigure S. Performance Estimates with One Call

With only one call in the system, there is no contention for
resources. The call does not have to gueue at any time du--
ing its progress from one state to another state. There are
no queueing delays and hence, the average call-delay time is
zero. The call-setup time is equal to the actual time re-

quired for executing the telephony tasks.

It should be noted here that the values for the call-
setup time, the call-delay time and the call-throughput
given in Figure S represent lower bounds on the call-setup
time, the call-delay time and the call-throughput time re-

spectively for the MDSS.
To determine the behavior of the system uncder different

loads, the number of calls in the system was increased. The

average call-setup time, the average call-delay time and the
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call-throughput were noted.

rized in Figure 10 to Figure 13.

The results obtained are summa-

As the number of calls is increased, both the processor

utilization and the contention for rescurces increase re-

sulting in increase in the queueing delays. The increase

in

the processor utilization and the average queueing delay for

the number

Figure 10 and in Figure 11 respectively.

of calls in the range of 1-360 is presented in

Number Processor
of yUtilization
Calls
cP MD SN LI
1 24.6 25.1 25.2 25.1
2 35.0 36.2 35.6 35.8
4 46.6 47.7 47.1 47.4
8 55.5 58.4 57.4 58.4
15 67.4 67.4 66.4 67.4
30 75.8 75.6 76.0 78.9
60 81.5 81.8 82.1 82.0
90 85.0 85.0 84.9 85.0
120 86.8 87.0 86.8 86.9
150 88.0 87.9 88.3 88.3
i80 89.3 89.1 89.4 89.1
210 89.8 8e.7 89.9 g89.8
240 S0.7 80.4 80.4 80.4
270 c1.0 80.9 gi.2 81.2
30¢ S1.0C 81.2 91.4 Q1.6
3¢l e2.1 82.2 gz.1 2.1

Figure

10. Number of Calls and Processor Utilization




Number Average Queueing

of Delay Per Task
Calls
cp MD SN LI
1 0.000 0.000 0.000 0.000
2 0.006 0.003 0.013 0.017
4 0.007 0.004 0.016 0.034
8 0.00S 0.005 0.020 0.067

i5 0.012 0.006 | 0.025 0.125
30 0.016 0.008 | 0.036 0.248
60 0.022 0.012 0.046 0.501
So 0.027 0.014 0.053 0.750
120 0.030 0.016 | 0.061 1.000
150 0.034 0.017 0.070 1.254
180 0.038 0.019 0.075 1.499
210 0.041 0.021 0.083 1.751
240 0.045 0.022 | 0.086 | 1.99%
270 0.045 0.023 0.090 2.255
300 0.046 0.023 0.096 | 2.510
360 0.052 0.027 0.1207 3.000

Figure 1l1. Number of Calls and Average Queueing Delay

The processor utilization and the average gueueing de-
lay is proportional to the number of calls in the system.
The processor utilization and the average queueing delay in-
creases with increase in the number of calls. The average
gueveing delay is very smail for number of cails up to 63
but becomes gquite considerable after that. We will see later
how it afifects the call-setup time and the capacity cf the

MDSS.



For the same range of number of calls in the system, we
observe the average call-setup time and the average call-
delay time. The average call-setup time is equal to the sum
of actual time required for executing telephony tasks and
the average call-delay time. The average call-delay time is
the sum of queueing delays encountered during the progress

of the call. The results obtained are presented in

Figure 12.
Processor Utilization Call Call
Setup Delay
Time Time
cr MD SN LI

24.6 | 25.1 | 25,2 | 25.1 0.134 0.000
35.0 36.2 | 35.6 | 35.8 0.188 0.052
46.6 | 47.7 | 47.1 47.4 D.281 0.141
59.0 58.4 | 57.4 58.4 0.460 0.319
67.4 67.4 66.4 67.4 0.746 0.600
75.8 75.6 | 76.0 74.9 1.332 1.182
81.9 | 81.8 | 82.1 82.0 2.426 2.278
85.0 85.0 | 84.3 | 85.0 3.608 3.240
86.8 87.0 | B6.8 86.9 4.383 4.118
£8.0 87.9 | 88.3 88.3 6.004 5.470
89.3 | 89.1 | 89.4 89.1 6.785 6.312
89.8 83.7 B9.9 | BS9.8 7.969 7.428
90.7 90.4 90.2 90.4 8.690 8.338
91.0 S0.% 81.1 91.2 9.820 9.418
91.0 91.2 Si.4& 91.6 | 10.613 | 10.358
g2.1 82.2 SZ.: s2.1 13.836 | 13.568

19

Figure 12. Call-setup and Call-delayv Time
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Once again, some interesting results are obtained. Re-
sults show that both the average call-setup time and the av-
erage call-delay time is very small for processor
utilization below €7%. However, both increase very sharply
as the number of calls is increased and the processor utili-
zation 1is in the range of 67-90%. From the definition of
the average call-setup time and the average call-delay time
and the behavior of the queueing delay observed previously,
these are the expected results. When there is small number
of calls in the system, contention for resources is very
small and hence, the queueing delays are negligible. The net
effect is that the average call-delay time 1is small which
results in smali call-setup time. When the number of calls '
is increased beyond certain point, the contribution of the
gqueueing delay becomes quite considerable resulting in large

average call-setup time.

Figure 13 presents results for the call-throughput and
the call-attempts per hour. By definition, the call-
throughput is the number of calls setup in unit time and de-
pends on the wutilization of the resources and the service

rate. II the serwvice rate is kep:t constant, then the call-

O

throughput is proportional to the processor utilization or
the number of calls in the system. Results show that the
call-throughpvt increases with iIncrease in the number of

calls in the system.
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Processor Utilization Call Call
Through—|Attempts
put per
cP MD SN LI Hour

24.6 | 25.1 25.2 | 25.1 7.481 25200
35.0 { 36.2 35.6 | 35.8 | 10.696 36000
46.6 | 47.7 | 47.1 | &7.4 | 14,145 50400
59.0 58.4 57.4 | 58.4 | 17.511 61200
67.4 | 67.4 66.4 67.4 20.152 72000
75.8 | 75.6 | 76.0 | 74.9 | 22.660 79200
81.9 | 81.8 | 82.1 | 82.0 24.540 86400
85.0 | 85.0 | 84.9 |} 85.0 25.453 90000
86.8 | 87.0 86.8 | 86.9 | 26.021 53600
88.0 | 87.9 | 88.3 | 88.3 | 26.343 53600
89.3 | 89.1 | 89.4 | 89.1 26.674 83600
89.8 | 89.7 | 89.9 | 89.8 26.854 93600
90.7 | S0.4 80.4 | S0.4 | 27.072 97200
51.0 $0.9 91.1 | S1.2 | 27.216 57200
81.0 91.2 91.4 | S1.5 | 27.2%1 97200
92.1 92.2 92.1 { 92.1 27.530 97200

Figure 13. Call-throughput and Call-attempts/hour

Call-attempts per hour also increases with increase in
number of calls in the system. Call-attempts per hour is

bounded by the call-setup time.

The results obtained above are very useful in determin-
ing the dynamic behavior of a MDSS under different loads.
The experiment conducted with one call produces the lower
bounds for the average call-setup time, average call-delay
time and call-throughput. Experiments with large number of

calis produces upper bounds on the average call-setup time,
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average call-delay time, call-throughput and call-attempts
per hour. Also, these results can be used to determine the
capacity of the MDSS. Corresponding to the maximum number of
calls that can be handled by the system, maximum number of

lines that can be supported by the system can be determined.

The results obtained from the experiments show that the
proposed model is justified to be used as a tool during de-
sign stages of MDSS. It can also be used to study the impact

of design changes and introduction of new features on the

overall performance of the system.
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CHAPTER 5

A COMPARATIVE ANALYSIS OF TWO MDSS'S

In this chapter the model developed is used to study
the effects of system architecture on the performance of an
MDSS. The Architecture-3 and the Architecture-B described in

Chapter 2 are analyzed and their performance are compared.

The system architecture is the result of the intercon-
nection arrangement used between the subsystems of an MDSS
and is one of the crucial factor affecting the system per-
formance. The flow of messages in the system depends on the
message links provided between the various subsystems. In
our model, the architecture of the system and the resulting
flow of messages is reflected by the Routing Table (RT). The
difference between the two architectures are described be-

low.

Architecture-A: The SN and the LI's are directly connec:ted
tCc the MD. Separate links are uvsed to con-
nect the SN and each LI to the MD. The MD
has routing information for both the SN and

the LI's. The MD receives messages from
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Architecture—B:

the CP, determines 1its destination and
routes it on a appropriate link to the SN
or the LI. Messages from the SN and the
LI's are received on separate link and are

routed to the CP.

The four subsystems are connected in linear
fashion. It differs from Architecture-a
the way the SN and the LI's are connected
to the MD. The SN is connected to the MD
by a 1link. Bach LI is connected to the SN
by a link. In this architecture, the MD
does not know about the physical distrib-
ution of the LIi's, it routes messages from
the CP to the SN and from the SN to the CP.
When the SN receives a message from the MD,
it determines its destination. If the mes-
sage is meant for the SN, it 1is processed
locally, otherwise it is routed on appro-
priate link to the LI. The messAages re-
ceived by the SN from the LI's are

forwarded o the MD,
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5.1 Assumptions for Comparison

The comparison of performance for the two architectures

is subject to the following assumptions:

e The two systems are made up of identical hardware,
i.e. the processing power of the corresponding sub-
systems is same.

e The two systems have identical software structure,
i.e. the distribution of telephony tasks between
the subsystems is same for both the systems.

® In both the systems, the number of distinct proc-
essing steps required to setup the call is same. It
means that the Routing Table for call setup in both

the systems has same number of entries.

5.2 RT for the two Architectures

The RT for the Architecture-i is described in Chapter 2
(Figure € on page 39). The distribution of telephony tasks
and the RT for the Architecture-B is shown in Figure 14 and

Figure 15 respectively.
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Task
Number

Task Assigned To Subsystem

e MD SN LI

T1

T2

T3

T4

TS

T6

T7

T8

T9

T10

Ti1

Ti2

Ti3

Figure 14,

Distribution of

the Telephony

Architecture-B

Tasks

for
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Associated Task| Next Task
Mesgsage Flow
SN | Task |[Sub Task Sub
System System

s1 T1 LI T2 cP LI->SN—>MD—>CP (T12,T10)
s2 T2 CP T3 SN CP—>MD~>SN (T11)
s3 T3 SN T4 CP .|SN—>MD—>CP (T10)
s4 T4 CP T5 LI CP—>MD=>SN->LI (T11,T13)
S5 T5 LI ™6 cp LI—>SN—>MD—>CP (T12,T10)
S6 T6 CP T3 SN CP—>MD—->SN (T11)
S7 T3 SN T4 cpP SN—>MD—>CP (T10)
S8 T4 CP T7 SN CP—>MD~>SN (T11)
s9 T7 SN T4 CP SN—>MD—>CP (T10)
S10| T4 CP T8 LI CP—>MD—>SN—>LI (T11,T13)
S11} T8 LI T4 cP LI->SN—>MD—>CP (T12,T10)
S12| T4 (04 T9 LI CP->MD->SN-->LI (T11,T1i3)
si3| TS LI T4 cp LI->SN—->MD—>CP (T12,T10)
sia! T4 CP — — —

SN — State Number

Figure 15.

—> — Direction of flow of message

Routing Table for Architecture-B
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In Figure 14, the SN performs two additional tasks. It re-
ceives the messages from the MD and routes them to the ap-
propriate LI (this is task T12) and forwards the messages
received from the LI's to the MD (this is task T13). Note
that both the RT's have same number of entries and the tele-
phony task associated with each entry is identical. The only

difference is in the flow of the messages between the CP and

the LI's.

5.3 Comparative Analysis

A number of experiments were conducted for each of the
two architectures to obtain the processor utilization of the
CP, the average call-setup time, the average call-delay time
and call-throughput over a range of system load. The system
load was changed by varying the number of calls in the sys-

tem. An analysis of the results obtained is given below.
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5.3.1 Processor Utilization of the CP

The behavior of the utilization of the CP's for the two
architectures is shown in Figure 16. The utilization of the
CP rises sharply with increase in the number of calls in the
system. For Architecture-A, it reaches 85% with 90 calls in
the system. However, for Architecture-B, the utilization of
the CP never rises above 65%. From the analysis of the re-
sults obtained for the Architecture-B, it was observed that
when there are more than 60 calls in the system, the SN be-
comes a bottleneck. The average queue length and hence the
average queueing delay becomes high. This results in under

utilization of the CP and the other subsystems.

5.3.2 Call-setup and Call-delay Time

Figure 17 shows call-setup time as the function of the
number of <calls in the system for the two architectures.
When there are less than i00 calls in the system, the system
architecture has very little effect on the call-setup time.
The call-setup time £for the two architectures is almost
same. The results is due to the fact that, under 1light

loads, the average gueueing delay is very low, making the
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presence of additional queueing delay, if any, because of

specific architecture negligible.
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Processor Utilization of the CP
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Figure 16. Comparison of Processor Utilization
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Figure 17. Compatrison of Call-setup Time
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But as the number of calls is increased, the effect of
the system architecture becomes clearly visible, For number
of calls in the range of 150-360, the call-setup time for
Architecture-B rises very sharply. For this range of 1load,
Architecture-A is certainly superior to Architecture-B as it
gives lower call-setup time as compare to the
Architecture-B. The behavior can be explained by the £fact
that the Architecture-B introduces additional queueing delay
overhead because of extra hops for the messages exchanged
between the CP and the LI. An analysis of the queues at the
tasks level indicates that the average queueing delay at the
SN for the Architecture-B is larger than the average gueue-

ing delay at the SN for the Architecture-A.

In Figure 18 the queueing delay is plotted as the
function of the number of calls in the system. The slopes
of the curves for the queueing delay are similar to that of
the call-setup time. This is consistent with what was ob-
served in the previous chapte;. The call-setup timg remains
almost constant for the entire range of 1loads, it 1is the
call-delay time that changes with the change in number of

calls in the system.
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Figure 18. Comparison of Call-delay Time
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£.3.3 Call-throughput

Figure 19 shows the call-throughput as the function of
the number of calls in the system for the two architectures.
The call-throughput for the Architecture-2 is higher than
the call-throughput for the Architecture-B. The call-
throughput of the system depends on the processor utiliza-
tion and the service rate. We have seen before that in case
of the Architecture-A, the utilization of the CP and the
LI's is severely restricted by the SN. This results in lower

call-throughput from the system.
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From the results, we arrive at a conclusion that with
small number of calls in the system, the architecture has no
significant impact on the performance of the system. How-
ever, as the number of the calls 1is increased, the
Architecture-A clearly outperforms the Architecture-B in
terms of the call-setup time and the call-throughput. The
Architecture-A gives lower call-setup time and yields higher
call-throughput. These results are also supported by the

literature.

By conducting more experiments it was observed that the
performance of the Architecture-B can be improved by in-
creasing the processing power of the subsystem SN. The ex-
periment results showed that if the processing power of the
SN is increased by one and a half times then the

Architecture-B performs equally well as the Architecture-A.
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CHAPTER 6

SUMMARY, CONCLUSIONS AND FUTURE WORK

A study of several existing multiprocessor digital
switching systems revealed similarities in their structural
organization and operation principles and it served as a mo-
tivation to develop a model for studying the relative per-

formance of such systems.

A closed queueing network model representing the struc-
ture of a class of multiprocessor digital switching systems
was proposed. ttention was focused on the call setup proc-
ess within an MDSS. A call was represented as a job in the
cueueing network and was characterized by the telephony
tasks and the subscriber events. A simulation methodology
relating to the performance determination during the call
setup process developed and the performance measures such as

the processor utilization, the average call-setup time, the
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average call-delay time, the c¢all-throughput and call-

attempts per hour were obtained.

The validity of the model was established by tailoring
it to one particular existing system and comparing its be-
havior with the available data for the existing system. The
results provided lower and upper bounds for the average
call-setup time, the average call-delay time, the call-
throughput and the call-attempts per hour for an MDSS. The
model was also used to study the impact of the system archi-

tecture on the performance of an MDSS.

6.2 Conclusions

The performance evaluation of an MDSS involves very
complex, expensive and time consumning experimentation with
actual hardware. Furthermore, if the system does not meet
the predetermined periormance criteria or it exhibits prob-
lem in the operations, then it takes tremendous amounts of

effort in terms of design changes to correct the probiem.

The performance model proposed in this thesis can pro-
vide & very cost-effective and accurate solution for the

above mentioned problem. The results obtained from the model
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justify its use as a tool for understanding and predicting
both the dynamic behavior and the likely performance charac-
teristics during the design phases of an MDSS. It can also
be used to study the impact of both the design changes and

the addition of new features in the existing MDSS's.

By comparing the performance of two specific MDSS's, we
have also justified the role of the model during the design

selection process.

Some work that is not included in this tlresis involved
experimentations with the model using several queue process-
ing strategies such as assigning priority to the queues and
processing them according to the priority, processing the
currént queve to its end, processing only the active mes-
sages in the queue (i.e. when a queue is started, the mes-
sages present in the gqueue are counted and processed. The
message joining the queue during processing are processed in
the next turn) and round-robin (i.e. one message from each
queue)}. These different strategies did not show any signif-
icant ‘change in the results because of the closed nature of

the gueueing network and the state dependent routing.
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6.3 PFuture Work

The model proposed in this thesis can be extended in

two ways:

1. By 1includirg the phase 2 (talking state) and the
phase 3 (call disconnect) of the call processing
functions. An other node can be added to represent
calls in the phase 2. The introduction of these
phases may require partitioning of the messages

into separate classes in the queueing network.

2. By developing a similar but open gqueuveing network
model. Once again, an extra node can be included to
model calls in the phase 2. The arrival of the
calls can be modeled by a source node and the ar-
rival rate for the calls can be used as a parameter
to vary the load in the system. When the call is
disconnected, it can be taken out of the queueing

network by means of a sink node.

From both the above mentioned approaches, the call-
attempts per hour can be obtained by zeroing or eliminating

processing in the phase 2.
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