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ABSTRACT

PERFORMANCE ANALYSIS OF FLOW CONTROL ALGORITHMS IN ASYNCHRONOUS

TRANSPORT MODE BROADBAND NETWORKS

by
Ibrahim Wahby Habib

Adviser: Professor Tarek N. Saadawi

Asynchronous Transport Mode (ATM) Broadband Networks are
designed to carry a very diverse mixture of traffic with
different burstiness and correlation parameters. In this
dissertation, we propose and analyze an access flow control
scheme which throttles peak bit rate of the arrival process
at the User Network Interface (UNI). It uses a two threshold
control levels (K1,K2) to minimize the buffer occupancy level.
We, also, propose and analyze a dynamic bandwidth allocation
scheme based upon the virtual path principle. The bandwidth
is statistically assigned to each virtual path, according to
the declared traffic characteristics and required class of
service. To dynamically control the allocated bandwidth, a
Bandwidth Control Period (BCP) rule is proposed to control the
scheduling of different classes of traffic. The multiplexer
queueing performance has significantly improved, when the

proposed flow control schemes are applied.
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I.INTRODUCTION

I.1. Background

Recent advances in fiber optics communications, switching
and buffering technologies, voice and video sources coding
have made integrated networks, also known as Broadband ISDN,
a possible reality. In such networks, we transmit multimedia
information using the same transmission links and switching
fabrics. Present day technology, uses separate circuit and
packet switching networks to accommodate heterogeneous traffic
sources. Video and voice information are transmitted via
separate circuit switching networks, whereas data file

transmission is accommodated over the packet switching network.

Synchronous time division multiplexing, currently employed
in circuit switching telephone networks, are not suitable to
support the diverse mixture of multimedia services with widely
different bandwidth requirements.' Packet switching networks,
which allow high delay and use complicated protocol structures,
are not useful with this new environment. Thus, we have to

design new transport techniques that are simple, flexible and



efficient in order to support the different traffic mixture
over the same integrated hetwork. One straight forward solution
is to combine the advantages of both circuit and packet switching
into one single technique. But before we start addressing the
details of such possible new transport technique, we will look

into the objectives of integrated networks [1]-[5].

The objectives of integrated network can be summarized in
the following points:
1. The network must be able to provide the users with reliable
and successful means of communications. It must ensure each
user that his required quality of service is met without
affecting other users.
2. It must be flexible enough, to support new services and
demands. The protocols functionality must be transparent to
the introduction of new traffic sources which are unforeseen
at the present time. This leads to an important principle of
separating network transmission functions from users to network
interactive detailed protocols.
3. It must efficiently utilize its resources while providing
the different users with their required grade of service. It
must be able to dynamically allocate its resources, upon demand,

while being fair to all users. It must protect its resources



from being monopolized by a single or group of users. Thus
the network must be able to monitor, on a real time basis, the
traffic status on its 1links and switching fabrics and
accordingly allocate resources, accept new calls or re-route
traffic.

4. The network uses integrated access, transport and switching,
to support the heterogeneous traffic. Thus it must employ a
simple transport protocol in order to support real time traffic
which has very stringent delay requirements. The transport
protocol must be free from excess processing overhead per
packet and eliminate the needs for transit nodes processing
functions such as link by link flow control.

5. Full connectivity is required, in order to support various
modes of operations. Multipoints communication, broadcasting,
should be supported without the need of creating replicates
of the transmitted information that may cause overload and

introduce congestion problems.

The multimedia information, expected to be carried by these
networks, covers a wide spectrum of traffic characteristics,
ranging from low bit rates data to broadband bit rates suitable
for video transmission. Not only does the multimedia infor-

mation differ in their transmitted bit rates, but also in their



traffic shape and characteristics. Traffic sources differ,
also, in their required services and demands from the network.
Traffic sources, expected to be supported, cover a wide spectrum
from low speed bulk data transfer to interactive high speed
data, from low speed telephone transmission to high speed high
guality interactive audio distribution, from image transfer
and video teleconference to video broadcasting and high def-
inition T.V. We can categorize these traffic sources into
separate classes according to their declared statistics and
expected quality of service from the network. Thus, a certain
class of service is a set of performance measures, provided
by the network, to the traffic sources sharing that specific
class of service. Data transfer traffic, for example, are
loss sensitive and can tolerate delay whereas real time traffic,
such as, video and voice applications, are less prone to packet
losses but have stringent delay and delay variability

requirements [6]-[8].

I.2. ATM Networks: Concepts and Principles

After this brief discussion, we can now realize the need

for a new transport technique. Two similar alternatives have



emerged, both provide the same functions yet they differ in
some aspects, one possible solution is Asynchronous Transfer
Mode (ATM), the other is fast packet switching (FPS). Both
terms are widely used as synonyms, since they are very similar.
ATM stems from circuit switching, it pro&ides us with the
advantages of two different types of digital multiplexing, one
is the packet multiplexing and the other is synchronous time
division multiplexing (STDM) (fig.I.l). ATM is similar to the
STDM in the sense that it uses slotted time fofmat, however,
it does not allocate time slots on a fixed per call basis, but
rather on a dynamic basis. It does not identify calls by their
position but by a label, similar to packet multiplexing, which
identifies a logical connection and is called virtual channel
identifier (VCI). It does not use circuits as transport units
but fixed short labelled packets called cells. Cells belonging
to different calls are, thus, statistically multiplexed and

identified according to their VCI’s.

ATM combines the advantageous of packet switching and the
Time Division Multiplexing (TDM) techniques. Each of them has
been modified to accommodate all types of traffic (e.g., data,
fixed bit rate voice, variable bit rate video, etc..). For

what concerns packet switching, the following modifications



apply:

1. No Error or Flow Control on the links inside the ATM network.
2. Connection oriented at the lowest level. All information
is transferred in a virtual circuit assigned for the total
duration of the connection.

3. Packets are fixed size length (called cells) and are short
(53 bytes). This choice of small size cells allow for the use
of very high speed switching nodes and puts no constraints to
services, since large information entities will be chopped
into cells.

4. Limited functionality in the header of the cells. The sole
functionality supported by the header of the ATM cells is the
identification and characterization of the virtual circuits.
In addition some error detection and correction on the virtual

circuit identifier is provided.

For what concerns TDM, the time slotted operation is kept
but the time transparency is shifted to the edges of the
network. This means that no time relation is maintained inside
the network: time slots are no longer characterized by their
position in a frame as it was the case in TDM (this is the
meaning of "A" in ATM). That explains the need to identify

a certain time slot by having an additional field called header



containing a virtual circuit identifier. Finally, ATM uses
out of band signalling for transport of control information
used to set-up and release connections. This is contrary to
the concept of in band signalling adopted in the 0SI protocols,
or the X.25 protocol where control and data packets are mixed

together.

. Network resources, such as bandwidth, are allocated to
each call at the call set up time and controlled over the
logical connection during the call duration. Resource control
in ATM is, therefore, based upon end to end connection oriented
type rather than connectionless one (although ATM can also
support connectionless services through an overlaying adap-
tation layer). In short, ATM is the combination of asynchronous
time division multiplexing (ATDM) and call connection control
[1]1,(4],(5]. The principle of connection control, has motivated
the introduction of virtual path identifier (VPI), where bundles
~of logical channels are aggregated and treated as a single
entity by higher layers, for crossconnection functions. These
functions include dynamic routing and bandwidth allocation.
The VPI concept has made the network reconfiguration much
easier to implement. Also, the VPI has made it possible to

direct multiplex traffic with different bit rates, without the



need for complex multiplexing stages which are needed in STM
networks. The VPI concept will be explored, in detail, in

chapter II.

I.3. ATM Protocol Reference Model

Fast packet switching [2], evolves from packet switching
and is based upon reducing the packet overhead and the transit
nodes processing functions. It does that by eliminating the
link by link flow control and simplifying the protocol stack.
It relies on the fast switching of packets in the transit nodes
and processing protocol functions in hardwire. Most of the
packet switching protocol functionality are done on an end to
end basis, leaving only simple functions to be performed within
the network. This concept leads to the important design
principle of decoupling the connection control oriented
functions into two parts, off-line functions and real time
functions [5],([9]-[11]). Off line functions can be implemented
using universal signaling protocols (out-band signaling),
whereas real time functions are done by in~band signaling in
the form of a header attached to the information cell. To

conclude, we can summarize the differences between the two



approaches as follows:

1. In ATM, the label functionality is reduced to an absolute
minimum, while FPS contains extra functionality in its label.
2. The cell size in ATM is 53 bytes, whereas in FPS it is in

the range of 100 bytes.

An important issue in ATM is the simple, fast and efficient
transport of information without complicated protocol func-
tions. The cell header functions (fig.I.2) reveal this
principle. The header size is 5 bytes long, both at the User
Network Interface (UNI) and Network Node Interface (NNI). The
following fields are identified across the UNI,
(71,18],[12],[13]:

1. Generic Flow Control: This is a 4 bits field which is defined
at the UNI to assist the users in the flow control of their
traffic according to a certain class of service. It specifies
the medium access control fuﬁctions, and across the NNI this
field is replaced with a label field.

2. Virtual Channel Identifier: This field is 12 to 16 bits at
the UNI, and 16 bits at the NNI. As explained before, this
field identifies a particular end to end switched connection.
It relates to the switching functions of cells belonging to

a certain logical connection. The value of the VCI may change
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as the cell traverses the network.

3. Virtual Path Identifier: This field is 8 to 12 bits at the
UNI and 12 bits at the NNI. It consists of a bundle of virtual
channels that are carried on the same physical media, from one
end to the other. It relates to the cross-connection functions
of the cells. It emulates the functions of the trunk concept
in circuit switching. As mentioned before, it greatly enhances
the concept of dynamic routing, and resource management
according to the traffic required class of service.

4. Payload Type: It is a 2 bits field. It is used to distinguish
network information from user information. In network
information cells, it provides in~band control message. In
user information cells, it provides service adaptation func-
tions. For example, it can identify low priority cells or
cells that have violated a certain traffic characteristics.
5. Header Error Check: One byte field used for error detection
and correction on the header. It is important to perform this

function on the header in order to avoid misdelivery of cells.

The functions of the header can now be summarized in the
following:
1. To identify the characteristics of each virtual channel,

which in turn provides the basis for categorizing virtual
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channels (with similar traffic characteristics and class of
service) to be cross-connected as a single entity (virtual
path).

2. To provide the network management functions, such as
bandwidth assignment and distributed control, with a simple
tool to employ bandwidth control and enforcement, which is
accomplished via the wvirtual path concept. The VPI concept
plays an important rolé in bandwidth allocation.

3. To implement real time physical connection control without
the excessive overhead, which is a crucial design point in the

ATM transport principle.

In fig.(I.3), we show a possible protocol architecture of
the Broadband ISDN network [6]-{8]. The figure shows the ATM
transport layer and its position above the physical layer and
below the adaptation layer. To summarize, we can identify
that the physical layer can be further subdivided into two
sublayers: the physical medium (PM) sublayer and the trans-
mission convergence (TC) sublayer. The PM sublayer is
responsible for the correct transmission and reception of its
bits on the physical medium and is medium dependant (optical,
wireless, electrical). The transmission convergence sublayer’s

main function after bit reconstruction is the mapping of the
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ATM cells to the transmission system used (synchronous or cell
based hierarchies). The ATM layer has four main functions:
1. Multiplexing and Demultiplexing of cells of different VCIs
onto a single cell stream

2. Before (after) the cell is delivered to (from) the adaptation
layer, the cell header is extracted (added).

3. In addition a translation of the VCI might be required at
fhé switching nodes.

4. An access flow control is required at the User Network

Interface (UNI).

The ATM adaptation layer (AAL) functionality is mainly to
provide segmentation and adaptability of the information units
into the cell type format of the ATM layer. It is also
responsible to enhance the services provided by the ATM layer
according to the requirements of specific services. These
services can be user services as well as control and management
functions. Four main service classes are identified:

Class A, time relation exists between the source and the
destination. The bit rate is fixed and the service is connection
oriented.

Class B, time relation also exists for a connection oriented

service, however, the bit rate can be variable (e.g., variable
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bit rate video or voice).

Class C, no time relation exists, and the bit rate is variable,
with a connection oriented service (e.g., data transfer in the
user plane, signalling in the control plane).

Class D, similar to class C but the service is connectionless

(e.g., LAN interconnection traffic).
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II Flow Control And Congestion Avoidance
II.1. Flow Control in High Speed Networks

Flow control is required to avoid congestion and allocate
the network resources, efficiently, to each call according to
a pfedefined class of service that defines performance measures.
Congestion is a major problem to be faced in Broadband Networks.
Before tackling flow control actions at different network

levels, we present a global view of the congestion problem.

Broadband networks operate under a very peculiar envi-
ronment. It supports a diverse mix of traffic sources with
different characteristics, different classes of services, and
at very high'speeds. A fundamental characteristic of traffic
propagating in BISDN environment is that the ratio of the
propagation time to the cell transmission time is very high.
Congestion occurs when various sources compete for the network
resources and these resources do not meet the demands. The
problem can happen at the network level, i.e. over 1links
capacity assignments or over a particular area of the network
( switches, multiplexers, interface plane,..etc.). It can

happen at the call 1level, when 1logical channels request
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bandwidth that can not be supported, or when a certain call
exceeds its reserved bandwidth limits, or when the network

admits more calls than the link can handle.

At the cell level, congestion can happen at any node due
to poor buffer management, or as a result of upper layers
congestion leading to the direct impact of congestion at the
cell level, or when long bursts of cells are formed at some
buffer leading to buffer overflow. Note that due to the sto-
chastic nature of the traffic, long bursts of cells can get
formed even when the network links are underutilized. Flow
control and resource management policies at one level have a
direct impact on the other levels and the congestion problem
can be only solved within a global solution that relates
different actions at different levels. This layered approach
to the problem has been considered by a number of authors, for

example see [24]-[28].

II.2. Flow Control Requirements

We can set a requirement framework for the solution of the
congestion problem and apply it to possible implementation
methods at the network, call and cell levels. The basic
requirements can be summarized in the following points:

1. The flow control algorithm should be flexible, in the sense
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that it must be efficient to handle traffic characteristics
which are yet to come.

2. The algorithm must be effective in handling real time traffic
at high speeds, also it must be able to handle traffic with
different burstiness characteristics.

3. It must be simple with little overhead. Simplicity is
required at broadband speeds in order to minimize the overhead
processing of complicated algorithms.

4. It must be robust, in the sense that it must be able to
solve the congestion problem without relying on specific
detailed information about the type of traffic generated by
the end users. It must not be sensitive to short term high
fluctuations in traffic conditions, since any actions taken
during those periods can be misleading and can lead to false
flow control decisions.

5. It must be able to preserve the network resources, without
degrading the users’ requested performance measures. However
in protecting the network resources, the control actions may
cause degradation in the performance and in some severe cases
disrupt the service.

6. It must be fair to all users. Fairness is not a clear
defined term, allocating resources to some users while denying
others can be unfair. Uneven distribution of network resources
can be unfair. However in Broadband networks, we are faced
with different traffic characteristics with widely different

demands that define different classes of services. Therefore
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it is impossible to allocate even resources to different classes
of services. We will define fairness as the even distribution
of resources to users. belonging to the same class of service,
as long as none of the users has tried to exhaust those

resources.

II.3. Flow Control Design Guidelines

To provide an effective flow control architecture based
upon the above framework, is a challenging task. In the
following, we present the basic design principles of flow

control in ATM networks.

A. Connection control principle

. As described above, ATM based networks are designed upon a
connection oriented transport principle. Connection oriented
mechanism implies a set up of a virtual connection between the
virtual connection end points, and then the call is progressed
over that connection. We can distinguish two phases of
operation:

1. Call set-up phase, during which network resources are checked
and reserved along the connection route before the call starts.
Once network resources are available, and can satisfy the
required class of service, then the call is accepted.

2. Call progress phase, during which the actual cali progresses
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and traffic is transferred. Throughout this phase, the traffic
management functions monitor the traffic status and maintain

the network resources .

Connection control implies that an important flow control
decision is taken during call set up. The decision is whether
or not the network will accept the call (admission control).
The importance of the decision stems from the fact that based
upon it, the network can bé either in a congested or
congestion-free status. Once the decision is taken to accept
the call, the network must allocate the necessary resources
to accommodate that call and maintain the call’s class of
service. If the network can not support the required class
of service, it can either reject the call or notifies the user
that the required class of service can not be honored and a
less stringent requirement class of service will be delivered.
When the call is in progress the network must control its
resources by monitoring the input traffic and restricting the
call traffic characteristics to its declared parameters
(traffic enforcement or policing function) [29]. It is clear
to see that the flow control philosophy will be to avoid
congestion rather than reacting to it (i.e. preventive control

rather than reactive control).

B. Buffer Management and Scheduling

ATM networks provide different users with different services
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according to their respective class of service. The class of
service principle has a direct impact, not only on the traffic
management functions, but also on the buffers management and
scheduling policies. In order to implement the class of service
principle, each class of service traffic will be accommodated
in a separate queue. Buffer size and bandwidth requirements
vary greatly from one traffic to the other, according to the
fréffic characteristics. Real time traffic, such as video and
voice, needs small buffer sizes in order to limit the maximum
delay. Data traffic, is more sensitive to cell losses and
hence require large buffer sizes. Assigning different types
of traffic to separate queues will make it possible to enforce
traffic enforcement functions. For example, if congestion
occurs, we can easily drop low priority cells with the minimum
effect on the quality of the transmitted voice or video.
Control signals must be assigned separate buffers, as they
require highest priority. Efficient buffer management schemes
are required to manage different buffers with different
traffics, in order to keep buffers occupancy levels under
control and avoid excessive cell loss due to buffer overflow.
Scheduling policies reflects not only, service priority
schemes, but also bandwidth assignment schemes. For example,
video traffic will be assigned higher bandwidth than voice or
data traffic. The virtual path concept will simplify the
implementation of dynamic bandwidth assignment and the use of

priorities [30].
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C. Reactive Control
As stated in (A) above, flow control in ATM networks is based
upon the philosophy of preventing congestion rather than
reacting to it. In general, flow control techniques are
functionally categorized into two categories, preventive type
or reactive type. In point (A), we realized the need for
admission control and traffic enforcement actions at the input
access nodes to the network, these actions are preventive type
control. Reactive control tries to alleviate congestion after
occurring, and in principal it does that by sending a feedback
signal from the destination point to the source informing the
source of the congestion and throttling the input traffic.
There are numerous number of schemes to achieve this goal and
they differ mainly in the manner by which the feedback message
is conveyed (for example see [31],[32] and the references
therein). Window based control or rate based control are
examples of reactive type flow control. In window based
control, the destination sends a feedback signal, accordingly
the sender 1limits the window size and hence the number of
transmitted packets. 1In rate based control, the destination
specifies the number of packets per seconds that the sender
can transmit. These schemes are widely used in conventional

data packet switching networks.

It is clear that in ATM networks, reactive control schemes

are not the answer to the congestion problem due to several
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reasons.
1. The ratio of the propagation delay to the cell transmission
time is very high, hence any end to end feedback message will
be clearly outdated and is not useful in relieving congestion.
2. These schemes are sensitive to the transient traffic
fluctuations and this effect may lead to instability in the
feedback loop dynamics.

3. These schemes use excessive overhead functions and com-
plicated protocols are needed to implement them, which is
totally contradicting to our requirements in BISDN networks.
4. Packet acknowledgement messages may lead, under the very
high speed links, to increase congestion and catastrophic build

up of queues.

In ATM networks, we still need to have some form of simple
and effective reactive control scheme. Although the main
defense line against congestion is preventive control, con-
gestion may occur and we must use reactive control to relieve
it. One solution, is dynamic routing, another solution is to
employ end to end window type mechanism which is modified to
suit the high speed environment (e.g., to acknowledge blocks
of information units instead of single message acknowledgment.
Fig. (II.1) shows a classification of the flow control functions
according to their location within the network. In the fol-
lowing, we shall provide a detailed discussion of these

functions.
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II.4. Network Level Flow Control

II.4.1. Dynamic Bandwidth Control

Flow control at the network level is concerned with traffic
management functions over different links and nodes in the
network. The management functions exercise flow control over
traffic travelling through the network. It maintains an
acceptable level of traffic utilization, over different links,
such that to avoid congestion and relieve it, in case it
happens. We can realize, immediately, the necessity to perform
the following functions, Link capacity assignment, dynamic

routing and call congestion control [26],[28].

It is crucial that flow control, at the network level, be
able to perform efficient capacity assignment per link, which
will lead to the maximum utilization of the link capacity and
provide control over the allocated bandwidth to the virtual
connections. The result, of course, will be to minimize the
probability of denying a call acceptance request and call
control call congestion. Statistical bandwidth allocation is
best suited for the variable bit rate traffic, expected in ATM
networks. If fixed capacity virtual paths (no bandwidth
control) is used, then this capacity must be large enough to
support the maximum number of calls over the path. Clearly,

this method will waste the unused portion of the bandwidth
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when the total number of calls are not supported. This unused
bandwidth can be used to avoid congestion on another highly
utilized path. Even if the number of supported calls are
fixed, the stochastic nature of the incoming traffic can greatly
change the bandwidth required, hence we must have efficient
control over the bandwidth. Therefore dynamic path bandwidth
control must be the answer. If the number of supported calls
is small, the assigned bandwidth is decreased, as the number
of calls increases, the assigned bandwidth is increased

accordingly, see chapter V for our proposed scheme.

Two different methods for bandwidth assignment are possible
(fig.IX.2). 1In the first one, traffic with similar charac-
teristics are combined over the same virtual path, whereas in
the second different types of traffic are supported over the
same path [34]. The former method has several advantages,
firstly it is easier to implement the class of service control
according to each type of traffic. Secondly, it is also easier
to implement dynamic bandwidth control per path since we know
that the traffic per path is of similar characteristics and
therefore a unique bandwidth allocation scheme is used per
path. Thirdly, multiplexing several classes of traffic, with
different characteristics, decreases the multiplexing gain
compared to the multiplexing of traffic with same multiplexing
[{35],{36]). 1In [33), [34]) and [37], a dynamic path bandwidth

control scheme was analyzed. The scheme works as follows
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1. An arriving call requests bandwidth, if available the call
is accepted, otherwise the scheme requests an increase in the
path bandwidth.
2. If the increase is granted then the call is accepted otherwise
it is rejected.
3. The scheme monitors the utilization of the path bandwidth,

if it is not used then the bandwidth assigned is decreased.

Both schemes provide a significant increase in the
transmission efficiency achieved by the dynamic path bandwidth
control (fig.II.3). Of cdufse, as the transmission efficiency
increases the processing load increases (fig.II.4). The
processing load is defined as the ratio of the frequency of
the virtual path bandwidth change request and that of the call

setup attempts.

The call decision acceptance and the dynamic path bandwidth
control at the network level are highly correlated . At the
network level, the network controller takes a decision to
accept or deny an increase in the bandwidth allocated to each
path. As with the call level acceptance rule, the decision
to increase the path bandwidth is based upon the call rejection
rate. The call rejection rate is a measure of congestion at
the call level. If this rate increases above a maximum limit
then the corresponding path bandwidth must be increased. The

availability of link capacity to increase the path bandwidth
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is function of the number of the bandwidth required to support
other paths on the same link at the same instant. If the

bandwidth is not available, then dynamic routing is the answer.

II.4.2. Dynamic Routing

Dynamic routing, in essence, provides the capability to
perform network dynamic reconfiguration. There are several
benefits to this important function
1. Network adaptability to acquire short or long term traffic
demand variations in a simplified transport structure.

2. Providing back-up alternate routing in case of link failure.
3. An efficient means of alleviating congestion, per link, in
case it happens. Note that we have classified dynamic routing

under the reactive type flow control.

As mentioned before, the concept of the virtual path
provides us with the tool to implement an efficient and flexible
traffic control functions at the network level, which in turn
has a direct impact on the efficiency of the flow control
functions at the underlying call and cell levels [33]. For
sake of completeness, we repeat the definition of the virtual
path. The virtual path is a logical connection, between the
virtual path terminators, that is composed of a bundle of
virtual channels (also known as virtual circuits). Virtual

paths are crossconnected and controlled, by the network upper
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management functions as a single entity (fig.II.S5). Thus
virtual paths define the crossconnection functions across the
network, while virtual channels (or circuits) are concerned

with switching and connection establishment functions.

The virtual path concept has the following characteristics
1. A predefined route is associated with each virtual path in
the physical network.
2. A virtual path is identified using a label attached to the
cell (called virtual path identifier). Each VPI has a local
significance over the 1link, it does not provide a global
significance over the network. The reasons behind this
assignment method are to keep the VPI length small because
there is an upper limit to the number of multiplexed paths per
link, and to avoid management of virtual paths in a centralized
manner, and to provide flexibility in assigning virtual paths
per physical link. .
3. Each virtual path is assigned a certain bandwidth, that
determines the number of virtual channels it can support. The
bandwidth allocated can be either deterministic or statistical,
in the former case the virtual path is called a 1labeled
deterministic path (LDP) whereas in the latter case it is
called a labeled statistical path (LSP). LSP has several
advantages over LDP, such as the ability to exercise path
bandwidth control, and improvement of the transmission effi-

ciency by exploiting the statistical multiplexing gain, and
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optimum allocation of bandwidth according to the traffic
characteristics of each call.
4. Virtual paths are statistically multiplexed on the physical

link on a cell multiplexing basis.

Although there are several similarities between the virtual
path concepf and the digital path concept in STM digital
transmission networks, there are significant differences that
has enhanced the virtual path solution. Firstly, virtual paths
are labeled digital paths that are multiplexed on a cell basis
whereas STM paths are positioned paths over the physical
transmission link within a certain transmission frame. Sec-
ondly, VPs’ can be allocated statistical bandwidth assignment
while STM can be only allocated deterministic bandwidth. Note
that positioned paths can accommodate both labeled and posi-
tioned paths but labeled paths can accommodate only statistical

or deterministic labeled paths (fig.II.6).

The virtual path concept has provided several advantages
that have contributed in the realization of flow control
functions at the network level. These advantages are:

1. Elimination of the transit node processing per call set up,
thus simplifying the node functions and providing fast switching
per cell. Also, no processing is required at the transit nodes
when the path capacity is allocated or changed. Also, all

switching fabrics need only simplified functions.
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2. Separation of the logical transport network from the physical
transmission network, thus providing flexibility in performing
traffic management. For example, we can change the virtual
path capacity without affecting the physical interface
structure. This feature will greatly simplify the network
architecture.

3. Direct multiplexing of virtual paths with different
capacities while using simple hardware and software. No need
to employ the hierarchical multistages multiplexers as with
the STM case. Dynamic path routing and dynamic path bandwidth
allocation are now simple to implement.

4. Statistical bandwidth allocation for the calls per virtual

path provides efficient utilization of the total link capacity.

II.5. Call Level Flow Control

IXI.5.1. Admission Control and Call Acceptance Rule

We have discussed the necessity for dynamic bandwidth
control over each path. The bandwidth allocated per path
depends upon the number of calls supported per path which in
turn depends upon the required bandwidth to support each call.
It should be clear, that there is a strong dependency between
flow control at the network level and at the call level. If

it is possible to design an efficient algorithm for allocating
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bandwidth to each call, this will reflect upon the bandwidth
allocated per virtual path. We add that the decision to accept
or reject a call (admission control) relies upon another
decision taken at the network level, which is to increase, or
decrease, the virtual path capacity. If the increase in the
virtual path capacity is granted, then the call will be admitted.
The following parameters that influence the decision of call
écéeptance:

1. Type of traffic characteristics, which specifies the
bandwidth required to accept the call.

2. Required class of service, for example a certain amount of
bandwidth can be sufficient to support the call with a certain
class of service, while the same bandwidth may not be sufficient
to support the same call if the class of service is more

stringent.

The acceptance decision is simply based upon the avail-
ability of bandwidth to support the call along its connection
path. There are several approaches to the indication of the
bandwidth availability. One is to use the long term probability
of cell loss at the multiplexer buffer of the input access
node to the network. Another approach is to use the instan-
taneous cell loss rate [38)], as a criteria to the call
acceptance. The instantaneous cell loss rate is a measure of
the cell loss rate but taking into consideration the dynamic

change in traffic conditions due to the bursty sources. Although
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the second approach captures the effects of traffic variations,
it makes the flow control management functions very susceptible
to short term fluctuations in the traffic. Since it is possible
that these variations be very abrupt and steep, the network
access control may take decisions that are changing very
frequently over short periods of time. This behavior is not
recommendable since it contrary to the robustness requirement
of flow control. So the cell level provides the upper call
level with an important performance parameter which is the
cell loss rate. Notice the similarity, in the interaction
between the cell and call control levels on one hand and the
interaction between the call and network control levels on the

other hand (fig. II.7).

The decision to accept or deny a call request at the call
level depends primarily upon the availability of the requested
bandwidth. To perform this function efficiently, we must
provide the call level control with an efficient bandwidth
allocation and management schemes. Several schemes have been
studied in the literature, for example see [39]-[48] and the
references the.rein. To start with, the deterministic bandwidth
allocation scheme, which is based upon the peak rate assignment,
is not useful in ATM networks. This scheme has been widely
used in circuit switching networks, and is best suited for STM
transport mode. 1In Integrated traffic networks, this scheme

does not provide the flexibility required to integrate different
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types of traffic with variable bit rates and bandwidth
requirements. Also, this scheme does not exploit the sta-
tistical variations of the input traffic and consequently
wastes the bandwidth. Hence the network resources are wasted

and the achieved efficiency is very low.

In [42] a call acceptance decision criteria, is based upon
a parameter Rs which is equal to the call/line bit rate ratio.
| This ratio determines the maximum call throughput in a short
duration of time divided by the link bit rate. The decision
criteria is dynamic according to the traffic characteristics
which defines the ratio Rs. In cases of small Rs, the call
acceptance decision is based only upon the trunk line utili-
zation, whereas for large Rs situations the decision is based
upon two parameters one is Rs and the other is the call
throughput over a medium period of time. For extremely bursty
traffic, a short hold mode ATM service is proposed. 1In this
mode as soon as the user terminates a certain active period,
the network temporary releases the network resources while
keeping the logical call. Before the user starts to transmit
again, he must ask the network to re-allocate the resources
to the call. The motivation behind this scheme is that as the
traffic gets more bursty the line utilization decreases, and
more bandwidth is require to support the call. So to achieve
high bandwidth efficiency, it is better to have more than one

criteria of call acceptance according to the traffic status.
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II.5.2. Dynamic Bandwidth Allocation

Statistical bandwidth assignment is required to fully
utilize the network resources and exploit the statistical
variations of the traffic. Since we are addpfing a transmission
mode with class of services where statistical multiplexing is
performed per class of service, then the allc;cated bandwidth
will depend upon the class of service to whom the traffic
belongs. We can distinguish three main types of traffic, data,
voice and video. Each type has its own characteristics, class
of service and is defined in terms of the burstiness parameters.
A bursty traffic source is a one that transmité over a certain
period of time (active period) then enters a period of no
transmission (idle period). A simple description to charac-
terize the source is with three main parameters:

1. Peak rate (bits/sec)

2. Average rate (bits/sec)

3. Average burst length (secs.) which is the average duration
of an active period of transmission at the peak rate.

The burstiness is measured by the ratio of the peak to the
average bit rates (also, referred to as the burstiness index).
There are other parameters to characterize the burstiness of
the source. For example, variable bit rate video sources can
be represented by time domain characteristics such as, the
coefficient of variation, the autocorrelation function and its

distribution. Burstiness can also be represented by the squared
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coefficient of variation of the interarrival times which is
the ratio of the variance of the call interarrival times to
the square of the average value of the cell interarrival times
(48] Sources exhibit different traffic patterns according to
their type (i.e., video, voice, data, interactive ima-
ge,..etc.). They also produce different patterns according
to, the coding technique used, and the contents of scenes (in
case of video sources). Some variable bit rate video sources

have burstiness index ranging from 1.9 to 3.5 [43],[44].

Therefore an ideal bandwidth allocation scheme must con-
sider the bursty nature of the traffic. In [47], a scheme was
proposed that allocates an amount of bandwidth which is between
the peak and the average rates. This amount is called the
effective bit rate which is a constant multiplied by the peak
rate. This constant reflects the variance of the traffic
characteristics. 1In [43] and [45], a similar principle was
applied to allocate bandwidth to a variable bit rate video
source, where the allocated bandwidth is the sum of the average
bit rate and constant term representing the standard deviation.
The scheme approximates the arrival statistics from N inde-
pendent video sources by a Gaussian distribution and limits
the maximum achievable load to be 0.8 of the total link capacity.
The bandwidth allocated is determined according to an estimation

of the mean and standard deviation of the gaussian distribution.
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In {35) a similar allocation scheme is proposed. The bandwidth
allocated is equal to x% value of an estimation of the dis-

tribution of the arrival traffic.

The ideal scheme, will be to allocate some value between
the mean and peak rates of the traffic. The question is, what
is this optimum value?. In [40]-[42], the characteristics of
fhé traffic were studied to investigate the effects of
burstiness parameters on the allodated bandwidth. A scheme
called the class related rule was proposed. It allocates
bandwidth to each type of traffic according to a rule which
is function of the average, peak and burstiness of the source,
subject to a required cell loss rate. It was proven that as
the burstiness of the source decreases, the bandwidth required
to satisfy a certain class of service, decreases. A very
important parameter is the ratio of the source peak rate to
the link capacity. As the input source peak rate approaches
the 1link capacity, the bandwidth assigned to that source reaches
the source peak rate. The effect becomes more appreciable
when the multiplexer buffer length is less than the average
burst length. The reason is that as the peak rate increases,
and with a limited buffer size, the statistical multiplexing
gain decreases and we have to increase the assigned bandwidth
to avoid excessive cell loss. In [48], it was proven that we
can avoid the required increase in the bandwidth by a proper

feedback control of the arrival rate such that to limit increase
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in the peak rate. The ratio of the source peak rate to the
link capacity must not increase above 0.1 in order to have an
effective statistical multiplexing gain and avoid congestion.
Also, the burst length is quite important when it is comparable
to the size of the multiplexer buffer. However, in most real
time applications, the buffer length will be in the order of
several microseconds and the burst length will be greater than
the size of the buffer, so the effect of the burst length on
the allocated bandwidth is not appreciable. In chapter V, we
provide a detailed analysis of our proposed scheme called

Bandwidth Control Period (BCP) rule.
II.5.3. Dynamic Bandwidth Management and Scheduling Policies

From the above discussion, allocating'the bandwidth to
each class of traffic, is not enough to prevent congestion.
In an ATM environment, the 1link capacity is statistically
shared among the users to provide maximum efficiency and
flexibility. Buffer sizes are limited, and although segregating
the traffic into different classes of services provide a minimum
bandwidth allocation to each class, we need to have an efficient
management technique of the bandwidth. Since the early
introduction of ISDN, there has been a considerable work in
the area of bandwidth management to voice and data traffics.
The problem was formulated so as to £find a scheduling mechanism

that can accommodate circuit switching traffic (voice) and
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packet switching traffic (data). The transport media was
basically synchronous TDM frame of a certain duration repre-
senting the bandwidth and the question was basically how to
divide this time frame (bandwidth) among a heterogeneous traffic
mix (voice, data). Notice that voice was supported on a
separate circuit switched resources and data was supported on

the packet switched resources.

One of the early bandwidth management techniques is the
movable boundary scheme. In this scheme, the bandwidth is
divided into two parts, one is reserved to the voice and the
rest is used by data traffic. The boundary is movable according
to the utilization of the data traffic. Voice traffic is
blocked if there is no enough bandwidth to support it, whereas
data traffic is queued. Several service scheduling policies
were investigated [50], such as First input first output (FIFO),
Preemptive priority (PP) and'Sorting. FIFO policy does not
really provide any service scheduling control but was found
to attain fairness at the expense of bandwidth utilization.
PP policy provides preemptive priority to voice traffic, but
the data traffic is allowed to use the any available bandwidth
at the risk of being preempted. Sorting policy maintains a
list of the waiting customers sorted in a descending order of

their required bandwidth.
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It was found that a dynamic scheme that would switch from
one policy to the other according to the traffic load, provided
the best results in terms of maximum throughput (for voice
traffic calls) and minimum delay (for data traffic) [50].
Another version of the movable boundary scheme is possible,
when voice traffic is packetized. In this version, data packets
is allocated a predefined number of time slots, in order to
avoid bursts of voice packets from causing excessive delay to
the data packets. The rest of the available bandwidth is
shared among both voice and data packets. If voice packets
arriving per frame exceed the available capacity, then the
extra packets are discarded. The problem with movable boundary
scheme is that voice is not allowed to use idle data time
slots, thus the efficiency decreases. Burst switching is
another alternative scheme to the movable boundary one. A
burst can be either voice or data packets that are generated
when a source is in an active period of transmission. Each
burst has its own header and switching is done on the burst
level. Voice bursts are given non preemptive priority over
data bursts. Data bursts can be queued, if the channel is not
available to support it, while voice bursts are queued for up
to a maximum of two milliseconds only. Burst switching does
not provide the flexibility in bandwidth assignment per user

demand. The reason for that, is that the transmission link
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is divided into narrow time slots of equal bandwidth (channel), and
each channel is allocated to the burst. Intolerable delays may

happen to either types of traffic.

In [49), an alternative scheme to the famous movable boundary
strategy was proposed. The scheme divides the available bandwidth
among two classes of traffic according to a fixed time ratio called
(T1,T2), where T1,T2 is a fraction of the total bandwidth. This
ratio is the minimum bandwidth guaranteed to each class of traffic.
Each traffic is queued in a separate queue, which is consistent
with the ATM multiplexing and bandwidth assignment according to the
class of service required. Each queue is visited, alternately, and
the scheme is dynamic in the sense when a queue is exhausted
transmission is immediately switched to the other queue. The
performance measures of this scheme when compared to the FIFO scheme,
is more superior in terms of the voice quality and bandwidth
utilization. The choice of Tl and T2 were motivated by the overload
protection of one queue from the other. In other words, Tl is set
to be the maximum size of queue (2) (in secs.) such that we can not
stay in queue (1) time more than the time required to evacuate queue

(1) at its maximum capacity and vice versa.
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II.6. Cell Level Flow Control
II.6.1. Traffic Regulation and Multiplexing Efficiency

An inmportant function of flow control, is that during the
progress of the call, it must monitor the traffic conditions
along the path of the call. If the call does not behave
écéording'to its declared characteristics, the controller must
then arbitrate the call and limit the cell arrival rate to the
original declared value at the call set-up time. In an overload
situation the same action must be taken to avoid severe
congestion problems. The problem that must be considered in
any bandwidth enforcement technique is that high traffic bursts
can be due to either overload or due to natural statistical
variations in the arrival process. If these bursts are measures
over short time periods, then it is more likely that they are
due to normal statistical variations. However, if they are
measured over relatively long time periods it is quite difficult

to tell whether they are due to congestion overload or not.

In [38)], it was proven that if congestion occurs it tends
to stay for long periods of time. This problem has motivated
the use of simple deterministic parameters to describe the
arrival traffic process, such as the average value, peak value
and burstiness length. So a design principle in a traffic

enforcement scheme (policing function), is to perform traffic
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shaping over the input bursty traffic. We have discussed
before, as the burstiness increases, more bandwidth is required
to support the traffic. The smoothing effects of the traffic
through buffering, is not very effective in ATM networks because
of the limited buffer sizes. Also as the peak rate of the
input source traffic increases, the problem gets worse. As
this ratio increases above 0.1 [25], [41] and [42], the number
of supported sources drops. Due to that effect, the statistical
multiplexing gain decreases and the transmission efficiency
drops. This problem is more obvious in bursty traffic with
high peak rates such as video retrievals. It becomes essential
then, to apply traffic control at the input access node of the
network. This scheme must not only regulates the traffic to
its declared values in order to avoid congestion, but it must
be able to smooth down the characteristics, specifically it
must decrease the input peak rate which is a main parameter
in an efficient statistical multiplexing [48]. It is to be
implemented at the input access multiplexer and at other

multiplexers and switches along the cells path.

At the cell level, it is quite clear that there is a strong
correlation and dependance between the shape of the traffic
arrival process and the flow control actions at the call level.
In other words, there is a strong dependance between flow
control at the call level and flow control at the cell level.

Indeed, a successful functionality of bandwidth assignment and
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avoiding congestion at the call level, depends upon how the
flow control at the cell level is successful in controlling
and shaping the statistics of the arrival process. The main
objective, here, is to control the input flux of cells at heavy
congestion states, or when a certain source transmits at a
rate higher than its declared characteristics. Another
important objective is, as mentioned before, to be able to
traffic shape the input arrival process such that we can smooth

down its characteristics and force it to be well behaved.

The above discussion has motivated the study of the
performance of the statistical multiplexer under various types
of traffic (i.e., voice, video, data arrivals). Several authors
have addressed this important issue in order to gain some sight
of the multiplexer behavior (for example see [51]-[57]). The
main analytical problem was to characterize the bursty traffic
source, whether video or \;o'ice source, and describe then
describe the overall superposition process by a simple
analytical tool. Several models were introduced to model the
voice source [58], [59]. The basic model is to represent each
source by a periodic process alternating between a talkspurt
and a silent modes. This periodic process is then represented
by a simple two state Markov chain, where the time that the
process spends in each state is approximated by an exponential
distribution. The aggregate arrival process from N input

sources is a complex nonrenewal process, hence we render to
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approximations. One approximation is to represent the aggregate
arrival process by a continuous time phase process. Another
possible representation of the aggregate arrival process is
by a two state Modulated Markov Poisson Process (MMPP) [55].
The MMPP is a doubly stochastic Poisson Proééss where the rate
process is represented by the state of a two state continuous
time Markov chain. The parameters of the MMPP is then matched

to some of the statistical moments of the arrival process.

The modeling of the video source is more complicated than
the voice source model. The output bit rate stream of a video
source depends upon the specific scene contents and the coding
technique used. In ATM networks, the variable bit rate coding
techniques will be implemented to transmit the video information
[60]-[65], due to the flexibility and data compression
capabilities of these types of codes. Video-phone or single
activity motion scenes encountered in teleconferencing produce
different characteristics than those produced by broadcast
T.V., under the same coding technique. Hierarchical 1layers
coding [65], is best suited for high activity motion scenes,
thus different analytical models are needed to represent
different kinds of video signals. 1In general the bit rate of
a video source is represented by a continuous state
auto-regressive process [53], [60], [61], unfortunately it
yields significant difficulties in any analytical analysis.

In [53), a single activity scene was represented by the
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auto-regressive model, and then approximated by a simpler one
dimension discrete state Markov chain, very similar to the
phase process of the voice aggregate stream. We must stress,
that there is a strong dependency between the transport
principle of the ATM network and the coding method employed.
Specifically, sub-band coding has made congestion control and
efficiént statistical multiplexing much easier. It is extremely
difficult to apply efficient flow control techniques with high
activity video signals with high peak rates and burstiness.
However with sub-band coding, the highly fluctuating bit rate
of such kind of signals, can be decomposed into separate bands
of smoother characteristics [65]. Each band can then be
accommodated on a separate multiplexer buffer according to the
class of service ([(48]). During periods of high overloads, the
less important information can be dropped, or preemptive
priority can be assigned to the bands conveying the main video

information.
II.6.2. Traffic Enforcement and Congestion Control

In [48] and [68], an access flow control algorithm was
proposed and analyzed. It controls the input arrival process
upstream the network (i.e., at the input access node) based
upon the feedback throttling of the arrival process to the
input statistical multiplexer. A feedback control signal,

proportional to the congestion level of the multiplexer, is
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applied to the input source coder which controls the source
rate via decreasing the coding rate (number of bits/sample).
When another congestion threshold is achieved a similar action
is taken, thus reducing the input rate further more . The
threshold levels are activated, by the controller, according
to the specific traffic characteristics and required class of
service. In chapters III and IV, we shall explore this method

in details.

The advantages of this scheme, are several. First, it
prevents congestion from‘happening and greatly reduces the
potential of congestion down stream the network. Second, it
is applicable regardless of the type of coder used. It is
good for variable bit rate coders, as well as fixed bit rate
ones. Third, it provides the means for the maximum possible
shaping of the input arrival process. Therefore, we can
decrease the bandwidth allocated to the input call and achieve
the same required class of service. Also, the statistical
multiplexing gain is enhanced and we can achieve a significant
improvement in the throughput. The price to be paid, is that
we may perceive a slight degradation in the quality of the
voice or video delivered. Interestingly, the degradation is
imperceptible over most of the multiplexer utilization levels.
This scheme deals with the problem of controlling bursty traffic
via a two steps procedure, first it decreases the connection

peak rate, second as a result of decreasing the peak arrival
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rate we can multiplex more connections and in doing so enhance
the smoothing effect of the multiplexer (recall that as the
multiplexer traffic intensity increases the multiplexing gain
increases too). The scheme avoids the need to drop excessive
cells, which is not quite difficult to accomplish as explained

in the leaky bucket scheme in the next paragraph.

The leaky bucket scheme is another congestion cantrol
scheme. The scheme is based upon an estimation of the source
average bandwidth. When this average exceeds a certain
threshold, new arriving cells are dropped until the average
rate drops back to the original estimated value. The scheme
highly depends upon the estimate of the input average bandwidth,
thus it does not provide efficient policing function with
statistically variable traffic. If the control parameters are
set close to the declared mean rate, only a small infrequent
variations are admitted and a high cell loss rate will occur.
Thus while trying to avoid congestion, the traffic charac-
teristics have been greatly altered due to the high dropping
rate of the incoming cells. On the other hand, if the control
parameters are set with large tolerance to guarantee the
admission of the declared mean value, then the scheme will be
insensitive to large variations above the declared parameters

and congestion will occur.
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In [70], another improved version of the leaky bucket
scheme was proposed and analyzed. The scheme provides a limited
size buffer to avoid excessive cell drop. To enforce the
bandwidth limitation, tokens are generated into a token pool
according to a predefined rate corresponding to the declared
average rate of the traffic. Cells are not allowed into the
network unless they obtain a token. To allow for the declared
degree of burstiness, there is a maximum limit on the number
of tokens in the token pool. If the token pool is filled, the
token generation process is shut off. There is a tradeoff
between the pool size and the generation rate of the tokens.
As the token generation rate increases, the waiting time
decreases and the variance of the inter-departure time increases
to reach that of the input cell arrival process. This effect
" is clearly intuitive, for as the token generation rate
increases, almost all the arriving cells are allowed into the
network and the bandwidth eﬁforcement becomes ineffective.
Similarly as the pool size increases, the waiting time
decreases, and the variance of inter-departure time increases

to reach that of the input cell arrival process.

In (40], [56] and ([71], the virtual leaky bucket scheme
was analyzed. It is based upon the principle of improving the
throughput via marking the cells that have violated the declared
traffic parameters, and let them enter the network. As

congestion is detected in one point of the network, these cells
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are then dropped. The motivation behind this scheme is to
minimize the cell dropping at the input access node which is
inevitable in the leaky bucket scheme. We recall that in the
leaky bucket scheme, the cell loss can be improved via increasing
the buffer size, however in doing so the waiting time increases
to unacceptable values for real time traffic and congestion
will be literally introduced instead of being prevented. The
virtual leaky bucket scheme, can be easily implemented using
a threshold level on the buffer size, after which cells are
marked. The problem with the virtual leaky bucket is how to
identify the violating cells and mark them without marking the
necessary nonviolating cells. In ATM networks, due to the
bursty nature of the traffic, a burst of cells may arrive in
a relatively short time followed by a silent period. In this
case the declared average value has not been violated, yet
some of the cells, which are generated during the burst period,
will be marked and then discarded at any congested node. A
solution would be to use a large threshold value, at the buffer,
before marking the violating cells. However, and similarly
to the leaky bucket case, choosing a large threshold will cause
the bandwidth enforcement to be really ineffective. We realize
now that due to the bursty nature of the traffic it is difficult
to choose an optimum control parameters that would enforce the
bandwidth allocated and prevent congestion without discarding
cells carrying essential information for the call connection.

In our view, any effective congestion control scheme must be
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capable of performing traffic émoothing functions. The access
flow control scheme, proposed and analyzed in chapters III and
IV, is more suitable for the input access node to the network
whereas the virtual leaky bucket is more suitable for the

transit nodes.
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III ACCESS FLOW CONTROL OF VOICE TRAFFIC
III.1. Background

Network resources, such as bandwidth, are allocated to
each call at the call set up time and controlled over the
logical connection during the call duration. Resources control
in ATM, is therefore based upon end to end connection oriented
type rather than connectionless one (although ATM can also
support connectionless services through an overlaying adap-
tation layer). An important issue in ATM is the simple, fast
and efficient transport of information units (called cells in
ATM environment) without complicated flow control protocol
functions, thus being flexible to support heterogeneous
traffic. A fundamental characteristic of traffic propagating
in BISDN environment is that.fhe ratio of the propagation time
to the cell transmission time is very high, thus end to end
window type flow control is not useful. Congestion occurs
when various sources compete for the network resources and
these resources do not meet the demands. Due to the stochastic
nature of the traffic, long bursts of cells can get formed

even when the network links are underutilized.

The call acceptance decision is simply based upon the

availability of bandwidth to support the call along its con-
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nection path. As the traffic gets more bursty, more bandwidth
is required to support the call at the same COS, else congestion
occurs. It is then extremely important to enforce a congestion
control scheme at the cell level that can dynamically interact
with the call level control such that the traff ic gets smoother,

and the bandwidth allocated is utilized to the maximum extent

IXI.2. Multiplexer with Feedback Rate Control

Fig.(III.1) shows a schematic of the proposed scheme. It
controls the input arrival process upstream the network (i.e.,
at the input multiplexer) based upon the feedback throttling
of the arrival process. As the number of cells in the buffer
reaches a first threshold level (K1), a feedback control signal,
proportional to the congestion level of the multiplexer, is
applied to the input source coder which controls the source
rate via decreasing the coding rate (number of bits/sample).
When another congestion threshold (K2) is achieved a similar
action is taken, thus reducing the input rate further more.
Since, at the access node, the delay between the source and
the multiplexer is limited, any control signal will arrive at
the source in time to throttle the traffic and avoid congestion.
The control signals, in ATM networks, are transmitted as an

out-of-band signalling and hence are given highest priority,
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thus the control signal can be used to control sources connected
directly to the ATM network, or to control sources connected

via high speed LANs.

The threshold levels (K1,K2) are highly dependant upon the
traffic characteristics and the required COS. The controller
reads the traffic declared characteristics, such as the peak,
average and coefficient of variation. Based upon the required
COS, and the current link traffic situation (revealed via the
cell loss rate) the controller then selects a certain set of
threshold levels (K1,K2) to be used during the connection.
The selection can be made using a Look-up table, or, better
yet, the controller can be implemehted using neural networks.
The latter approach is more favorable, since there are so many
input/output parameters involved in the decision and the
application here, which is basically a pattern recognition
one, is an ideal situation for swift control actions provided

by neural networks.

The advantages of this scheme, are several. First, it
prevents congestion from happening and greatly reduces the
potential of congestion down stream the network, since it
decreases the number of cells waiting in the buffer. Second,
it is applicable regardless of the type of coder used. It is
good for Variable Bit Rate (VBR) coders as well as Fixed Bit

Rate (FBR) ones, although the trend is to employ VBR codes due
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to their higher perceived performance over FBR codes. Third,
it provides the means for the maximum possible shaping of the
input arrival process, without the need to design complicated
window algorithms to regulate the traffic burstiness.
Therefore, we can decrease the bandwidth allocated to the input
call and achieve the same required class of service. Also,
the statistical multiplexing gain is enhanced and we can achieve
a éignificant improvement in the throughput. A major issue
in ATM networks, is the price charged to the users. This
scheme can be used to reduce the connection-cost, since more
users will be able to share the éllocated resources per con-
nection. The price to be paid, is that we may perceive a
slight degradation in the quality of the voice delivered.
Interestingly, the degradation is imperceptible over most of
the multiplexer utilization levels. This scheme deals with
the problem of controlling bursty traffic via a two steps
procedure, first it decreases the connection peak rate, second
as a result of decreasing the peak arrival rate we can multiplex
more connections and in doing so enhance the smoothing effect

of .the multiplexer

An obvious question now is how do we choose the confrol
threshold levels subject to a certain COS requirement?. The
answer is two fold. First it is quite clear that this choice
must be function of the input bursty traffic, in the sense

that as the input traffic gets more bursty (or correlated),
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then the control must be applied sooner. Second, the choice
be robust to the short term statistical variations that arise
in the stochastic queueing process, in the mean time be sensitive
enough to respond control the bursts of the input traffic.
In essence the choice is then function of the peak input rate,
duration of the burst, coefficient of variation and a control
period (t secs.) 1In the following section we provide the
modeling and the analysis. The exact analysis is a quite
complicated transient time one, but to gain an insight of the
system behavior we provide in the following section a steady

state analysis.

III.3. Modeling and Analysis

Several models were introduced to model the burstiness
and correlation characteristics of the cell generation rate
from a voice source. The basic model is to represent that
process by a periodic process alternating between a talkspurt
and a silent period (fig.III.2). Each period is approximated
by an exponential distribution of means 1/a and 1/ secs.
respectively (58], [59]. The number of cells generated within
the talkspurt period is then a geometric multiple of the cell
length. Each voice source is sampled at 8 KHz and encoded
using Embedded ADPCM [67]. At a coding rate of 4 bits/sample

we have a source rate of 32 Kbits/sec. However we can change
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this rate by decreasing the coding word length from 4 bits/sample
to 3 bits/sample, hence decreasing the effective arrival rate
to 24 Kbits/sec. We can further decrease this rate by reducing
the coding word length to 2 bits/sample only. The average

arrival rate per source S (cells/sec.) is then given by

_ 1/a
T(1/a+1/B)

(I11.1)

The periodic process is then represented by a simple two
state discrete time Markov chain, where the time that the
process spends in each state is approximated by an exponential
distribution (fig.III.3). The inherent correlations in the
aggregate arrival process from R input sources, make it a
complex nonrenewal process, hence we render to approximations.
There has been a considerable amount of work in the literature
in this area, and several mé{:hematical models were proposed
and analyzed (for example see ([54]-[57], [75]-[76]). One
approximation is to represent the aggregate arrival process
by a continuous time phase process (fig.III.4), where the state
of the chain represents the number of active sources ([57].
Another possible representation of the aggregate arrival
process is by a two state Modulated Markov Poisson Process
(MMPP) (fig.IIX.5). The MMPP is a doubly stochastic Poisson
Process where the rate process is represented by the state of

a two state continuous time Markov chain. The parameters of
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the MMPP is then matched to some of the statistical moments
of the arrival process. Recently [77]-[81], there has been
a significant development in the area of stochastic modeling
of multimedia traffic sources, in [78] and [79] a Compound~Phase
type Markovian Renewal Process was introdﬁced which models a
wide class of phase type processes with batch arrivals, and
of which the MMPP is a special case. In [80], [81] the Batch
Markovian Arrival Process was introduced to model a variety

of the versatile Markovian Point Process.

To model the multiplexer queueing process, the aggregate
arrival process is fed to the buffer with fixed size N. The
arising process is of the form of ) GI/D/1/K with state dependant
arrivals which is too general to solve. We used three different
approximations, one is to model the arrival process with the
MMPP with state dependant arrivals and approximate the
deterministic service time by an exponential distribution which
will lead a continuous time Quasi Birth Death queueing process
that can be solved using Matrix-Geometric techniques [81].
In [75] and (76] it was shown that the randomness introduced
by the approximation of the deterministic service time by an
exponential one does not affect the queueing process, this is
because the correlation effects resulting from the interaction
between the cells interarrival times dominate the stochastic
queue length behavior, especially in infinite buffer sizes.

However in the ATM multiplexer under study, the buffer size
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is limited to small values (in the order of microsecs.) and
feedback control signal is used to throttle the input peak
rate, hence we do not allow the build up of lengthy queues and
the correlation effects of the cells interarrival times becomes
less significant [51], ([52], thus this approximation overes-
timates the.probabiliﬁy of cell loss . Another more closer
approximation, is to model the deterministic service time by
an Erlang distribution with r-stages, we used six stages to
limit the size of the resulting matrices. Finally in ([51],
the Poisson approximation was used based upon the above men-

tioned reasons, which are applicable in our case.

III.4. The AN/D/1/K Model

Let Q,denotes the number of cells in the system at departure
epoches (just after a departure). Let A; be the number of
arrivals in the jth service time. Then the following holds

for the number of cells Q;

Qi =Min(N-1,Q;,-1+A4,,), Q,;>0 (111.2)

Qjur=4;4 Q=0 (111.3)

The buffer size is N and the state space is limited to N-1

only, since at the departure epoches we can have at most N-1
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packets in the system. Let the sequences a; » b, + ¢, »+ denote
the probabilities of number of arrivals during the deterministic

service time D where

a,=(n,D)e M0, i20 (I11.4)
b,=(A,D)e /i1, 20 ' (111.5)
o i_~MD . ,

c,=(AgD)'e /i, i20 (111.6)

Where A; denotes the average arrival rate from R sources.

Let K1 and K2, be the threshold levels at which the flow
control is activated where K2 > K1. When the number of cells
in the buffer reaches Kl, (i.e. congestion level K1), the
number of bits per sample drops from 4 to 3 bits per sample.
While at K2, the feedback control signal causes the number of
bits per sample to drop from 3 to 2 bits per sample. Define
n,to be n,=Prob. Q;=n for (N=12n 2 0). Then, the steady

state transitional probability matrix is
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O 1 2 .. Kl KI+1 .. K2 K2+1 .. N-2 N-1
o ao al az ces ¢ * cee ¢ ¢ vee . l—z
a, a; a, .. ° . e . s . l-z:
2 0 a, a, . 1-}:
Kl a, a,
Kl1+1 bo b,
K2 b, b,
K2+1 Co c)
N-2 c, 1-)
(111.7)

The ) is the sum of the elements of its respective row. The
steady state probabilities can be easily computed from the

given matrix. We compute the average arrival rate A to be

_ Kl K2 N-=-1
A=A, ) Pa+hy ) Pa+Ag P, (111.8)
n=0 ne=Kle+l

ne K2+
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The transitional probability matrix describes, completely,
the embedded Markov chain at the departure epochs. To calculate
the probability of cell loss we have to find the steady state
probabilities encountered by an arrival. Thus we need to
expand the steady state space region to include case of n =
N. Note that if an arrival encounters N cells in the system
it will be turned away). Let P, , N-12n20 , denotes the
steady state probabilities of the queue length encountered by
an arfival such that it joins the queue. Thus the following

relationship holds between P, and i, , see [82]
P,=m,/(1-Py) (111.9)
Py=(no+p-1)/(no+p) (/11.10)

is the cell blocking probability. The system utilization p

is defined by

K1 K2 N=-1

p=(?~| L Pa+thy, ) Pa+hg ) Pn)/u (111.11)
n=0 n=Kl+]l n=K2

where p=1/D is the service rate. We calculate the mean bits

per sample from

B=4) P,+3 P,+2 Z P, (111.12)

n=0 neKl+l K2+ 1
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III.5. The MMPP/M/1/K Model

The arrival process is the two state MMPP explained above
where the arrivals are state dependant. Let the two input
arrival phases be Ay and A; , where the transitional rates are
ry and r, respectively. At K1 each arrival rate drops to 0.75
of its value and at K2 drops to 0.5 of its original value.
The state of the Markov chain is then denoted by the duple
(1,j) where (i) is the level or the number of cells in the
buffer and (j) keeps track of the arrival phase. The infin-
itesimal generator matrix Q is of size (2Nx2N) where N is the

buffer size.

O X
O 0w
U w
-
e

o
)
Oty bt
- oW
o -
o -
- N
"y

)
O X
TN

(111.13)

where the substochastic matrices are
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([11.14)

(111.15)

(111.16)

(111.17)

(111.18)

(111.19)

(I11.20)

(111.21)

(111.22)
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At buffer length K1, K2 the control is activated and is accounted
for by the change in the arrival rates in the sub-matrices as
shown above. The matrix is then solved using matrix-geometric
techniques, which are modified to suit the overload control
case here, see [81]. Performance parameters is then evaluated

and in this case the cell blocking probability is given by

Py=) Py whereje(L,H) (111.23)

III.6. The MMPP/Er/1i/K Model

In this model, the service time is approximated by a 6-stage
Erlang distribution with the same arrival process described
above. The triplet (i,j,1l) forms a Markov chain where (i) is
the number of cells, (j) and (1) are arrival and service phases
respectively. An infinitesimal generator matrix is then
constructed with the same structure as the matrix given in the

previous section where now we have

=N,-r r
A=( Lot : ) (111.24)
Ty “Ay-Ty
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B A, O 0 O O O 1] .25
- Ay 0 0 0 0O (I11.25)
0 O O
C=Transpose( 0 " 6 00 0 o u) (111.26)
“AN,-Tr;~l v 0O 0O 0 r,
0 -AN,-r;,-p 4 0 O 0 o r,
0 0 . 0 0 0O O
0 0 o - 0 O o0 o -
0 0 o o0 - o 0O C O
D 0o 0 0O 0 0 -A,-r;-p O o 00 O r,
“Ay=Try—p 1 0O 0O 0 ry
0 “Ay-Ty-p p 0 O 0] 0 ry
0 0 . 0 0 0 o -
0 0 0 . 0 0 0 O
0 0 00 . 0 O 0 o0 -
0 0 0 0 0 =Ay=ry-p 0 O O O O ry
(111.27)

The E, Y matrices have the same structure as the D matrix with
the appropriate arrival rates at threshold levels K1 and K2.
The W matrix has the same structure as the D matrix, however
the diagonal elements do not contain the Aterms. Similarly,
the F and 2 matrices have the same structure as the B matrix
with the appropriate As. The above matrix is then solved using
same techniques, outlined before, and the cell blocking

probability is computed from
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Py=) Py je(H,L),le(1-6) (111.28)

III.7. Numerical Results and Conclusions

In this chapter, the cell size is the ATM standard (48
bytes of information plus 5 bytes for the header). The source
rate is 32 Kbits/sec, while the line capacity is assumed to
be 150 Mbits/sec. The cell time is then 12 msec. while the
service time is approximately 3 p secs and the buffer size is
set to 20. At K1l control level, the number of bits /sample
drops from 4 to 3 bits/sample. At K2, the number drops further
from 3 to 2 bits/sample only, thus throttling the peak arrival
rate. We studied several burstiness parameters in order to
examine the effects on the choice of the control thresholds
K1l and K2. The first burstiness parameters set had 1/a=352ms.
and 1/3=650ms. which corresponds to a 35% activity factor.
The second set had an activity factor of 49%, while the third
set had a 60% activity factor. The fourth set had a peak bit
rate of 64 Kbits/sec. with the same activity factor as set
(1). Fig. (IIX.6) shows a comparison of the different
approximation models, as explained in section III the MMPP/M/1/K
overestimates the blocking probability while the Poisson
assumption yields quite accurate results. The results get

even more appreciable when the flow control is applied.
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Fig.(III.7) shows a significant improvement in the system
performance when the control is applied. As expected the
performance gets better as the control thresholds gets smaller,
i.e. the control algorithm is invoked earlier. The results
confirm our discussions in sections II and III. The multiplexer
can support sources such that the utilization is more than one
and with the required COS. This is, merely, due to the
enhanéement of the statistical multiplexing gain through
decreasing the input source peak rate, hence making it possible
to support more sources at the same bandwidth and avoiding
possible congestion and severe cell loss. Fig.(III.8) shows
that the price to be paid is a very slight degradation in the
voice quality expressed through the drop of the mean
bits/sample. This effect, will set a limit on the gained
performance since the COS determines the minimum voice quality.
Figs.(III.9) to (III.14) show the effect of the traffic
burstiness, as the burstiness increases the network can not
support the same number of sources at the same quality. To
achieve that, the control threshold levels must be reduced,
however there is a limit set by the COS. If the COS is not
met, then the bandwidth allocated must be increased. The
burstiness effect is very effective, when the peak rate is

high (compare the results of burstiness sets 1 and 4).

We, now, summarize a two step flow control action taken

by the node controller:
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1. The controller, will check the traffic burstiness level,
through the declared traffic descriptors. The required COS
is also declared by the user. Based upon monitoring the current
node utilization and link traffic status, the controller will
then activate (or not activate) the control thresholds. 1If
the user violates the declared statistics, the network tries
to accommodate the new increase in the load by activating the
flow control algorithm.

2. If the COS can not be met, then the controller asks the
call level control function for an increase in the bandwidth
assigned (this increase is quite small since the control
algorithm is activated). If the increase is not honored then
the network management level tries to reassign the logical
link capacity extra bandwidth. Finally, alternate routing is

also checked, after which the call is disconnected.
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IV ACCESS FLOW CONTROL OF VIDEO TRAFFIC
IV.1. Variable Bit Rate Video Coders

In Broadband Networks, flow control functions are shifted
to the edges of the network, and implemented on an end to end
basis. Access flow control is then essential to avoid con-
gestion. In this chapter, we apply the access flow control
algorithm, described in chapter III, to the video multiplexer
case. In the video multiplexer case, we have to model the
video source and understand its functionality. In our analysis,
we assume a video source with a small scene changes such as
video conference or head and shoulder videophone types.
Variable bit rate (VBR) coding is quite attractive to use in
the ATM environment. ATM provides us with the flexibility
needed to support variable‘bit rate codes. VBR coding can
utilize the flexibility in bandwidth assignment and produce
selectable picture quality irrespective of the rapid scene
motion. VBR delivers an overall improved picture quality when
compared to fixed bit rate (FBR) codes at the same average
rate. The reason is that FBR coding requires a buffer which
causes delay and quality degradation during active motion

scenes.
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VBR techniques, also, improve the channel transmission
efficiency through the statistical multiplexing gain and the
possibility of sharing the channel among several users. VBR
techniques_are very powerful in compressing the data trans-
mission rates down to reasonable values suitable for trans-
mission over high speed networks. Sub-band coding is very
attractive method to be used, since it is easier to retrieve
information loss in this method than any other lossy compression
technique. The problem still persists, which is the high
degree of burstiness that the traffic exhibit using VBR
techniques. In VBR methods, the difference in information,
between one frame and the previous one, is transmitted as a
burst at the beginning of the following consecutive frame.
Also, the peak bit rate of the traffic is rather high, and
thus does not allow for the superposition of a large number
of sources. It is well known that the multiplexing of a large
number of video sources would yield a superposition stream
that is more well well behaved and smoother than that of a

single video source.

The design of large buffers to absorb the long bursts of
the video traffic does not solve the problem, since we can not
guarantee a certain burst duration. Consequently, the best
solution is to smooth down the characteristics, via controlling
the peak rate and hence the possibility of multiplexing a

relatively larger number of sources such that the multiplexing
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gain is enhanced. In the following sections, we shall apply
the same method of controlling the peak arrival rate. It is
worth mentioning that the control signal uses out-of-band
signalling, hence making it possible to apply it to video
sources connected to the ATM network via high speed local area

networks.

IV.2. Modeling and Analysis

Fig. (IV.1l) presents the continuous time markov chain model
of the video source, also known as the phase process. In [53],
this model was presented and analyzed to match the statistics
of the continuous state autoregressive model. The autore-
gressive model is quite accurate in modeling the video source
statistics. However , it is quite complicated if we try to
use it in analytical studies. In [66] a similar model was
used to analyze the video statistics. In [60]-[63] a (J-state)
Markov modulated process was used to study the performance of

the video multiplexer.

The model represents the arrival rate A(!) by quantizing
the bit rate into uniform discrete levels, and the rate
variations over time are approximated by a continuous time
process with discrete jumps at random Poisson times. Thus the

state space (A) of the chain represents a quantization level
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of the original sampled process, measured in bits/pixel. The
(M+1) states scan the range of the variations. The parameters
a and 3 are the transitional rates of jumping from one quan-
tization level to the other. These parameters were evaluated
in [53] by fitting them to the average, variance and the
autocovariance function of the original measured data of the

source statistics. The results are

_Ca(0) E(M)

A Foy TH (Iv.1)
_ +E2m>) |

3-3.9/(1 ME.(0) (Iv.2)
a=3.9-8 (1v..3)

Where E(A;) and Cz(0) are the average and the variance of
the aggregate arrival process from R identical and independent
sources. Each source transmits a random process with mean
E(\) and autocovariance function C(t)=C(0)e™®°*, 1 is the
source frame number n divided by a frame rate of 30 frames/sec.
The autocovariance curve, was proved by several authors, to
follow an exponential f£it. The value (3.9) was found to match
the variations of this specific video experiment. The number
of states M was set to be 10 R. It was found in [53] that
this value of M had yielded reasonable results that were close

enough to the measured data. In this paper, all the variables
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used were normalized to cells/millisec.

The multiplexer buffer has a fixed buffer length N cells
and is fed by the process described by the system of equations
in (IV.1)=-(IV.3). Fig.(IV.2), shows the two dimension con~
tinuous time Markov chain model which describes the system
behavior. The queue length stochastic process is a Markov
process one, at instants of state changes. Each discrete level
arrival to the queue, is a Poisson process with exponential
service time with mean pu, where p=L/C. C is the link capacity
in bits/sec., and L is the cell length in bits. The cell fixed
service time is replaced by an exponential service time. The
work done in [76], proved that replacing the service fixed
time by an exponential one does not affect the queueing process,
since the correlations effects of the arrival process dominates
those of the service time process. Each state of the phase
process iA, ((0£i<M), is therefore the equivalent of i sources
each has a Poisson arrival process of rate A cells/millisec.
The transitional rates, between the system states, are thus
Poisson, of rate iA. Let K1, K2, be the queue lengths at which
the flow control is activated. If the queue length reaches
the threshold limit K1, the rates drop to iB, and at queue
length K2, the rates drop to iC. The rates B, C, represent
the arrival rates after decreasing the number of bits/sample
of the source coder. In our analysis, we set those values to

be 0.75A and 0.5A respectively.
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Let the duple {Q,iA), where (A€A,B,C), denote the number

of cells in the queue and the phase of the arrival process
respectively. Then the stochastic equilibrium probability of

the systenm is

P, ,=Pr.{Q=x,iA=y}, (0Sx<N,iC<y<id), (0SisSM) (IV.4)

We can write the following equations for the system

MaPy o=uP, o+BPo 4 for(x=0,y=0) (1IvV .5)
{M-Da+iA+iBYPg,a=

RP  ia*(M=i+1)aPy 1ya*({+1IBPy, ie1ya

Ffor(l<isM-1) (IV .6)

(MB+MA)Po ya=KP | ya+ Py (y-1ya (v.r)
for (1<x<KlI)

(Ma+p)Py o=RP 1,0+ PPy 4 | (1v .8)

{M-iD)a+iB+iA+p}P, iq=
(M=i+1)aP, (oyarhP oy st U+ DIBP 4 (jeryat EAP oy ias
for(l<isM-1) (v .9)

(MB+R)P o ma= Py u-1ya+* MAP . ya+ WP oy usp (1v.10)



for (K1+1<x<K2)

(Ma+p)P, o=HPyi10*BPy.s
{(M=-i)a+iB+iB+pu}P, =
(M=i+1)aP, (o1yp WP ooy ic* (I 1IBP, erya *EBP ooy 45>

for(1SisM-1)

(MB+WIP yp =P, m-138*MBP oy up+ WP o1 uc

for (K2+1<x<N-1)

(Ma+u)Px.0=qu¢l.0+BPx.C
{IM=-Da+iB+IiC+U}P, =
(M'i"' l)an'(i-l)c+qu¢|,ic+(i+I)BPx,(lol)C+iCPx-l.iC

for(1<SisM-1)

(MB+W)P e yc=aP, u-15e *MCP oy uc* P vor, mc

for x=N

(Ma+p)Py o=BPy,c
{M-Da+iB+iC+p}P, ic=
(M-i+1)aP, oy v WP oy, ic* A+ 1IBP, ierye ICP ooy ic

for(1SisM-1)

(MB+WIP e =P u-13e*MCP ) uc*BP iy mc
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The above equations can be written in the matrix form pQ=0
where P is the steady state probabilities vector, Q is the

transitional rates matrix, then we have

T(0) A
S T() A

S T(K1) A
S T(KI) A(KD)

S T(K2) A(KI)
S T(K2) A(K2)

S T(N)
(IV .20)

T(0), T(1),T(K1),T(K2),T(N),S,A,A(KI),A(K2) are all square

matrices of the dimension M, where

-Ma Ma
B -(M-1)a-B-A (M-1)a

T(0)=

MB -MB-MA

(Iv .21)
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-Ma-p Ma
B ~-(M-1Da-B-A-p (M-1)a
F(ly- . . .
MB -MB-MA-u
(IV.22)
~-Ma-p Ma \
B -(M-1)a-B-p (M-1)a
T(N)= o
MB -Mﬁ-u/
(1V .23)

S is a diagonal matrix where p is its diagonal element

A is also a diagonal matrix, where i4A is its diagonal element.
The matrices T(K!),T(K2) are of the same structure as 7(1l)
with the appropriate scaled As. Similarly A(K!1),A(K2), are
the same as A but with the appropriate scaled As at each

corresponding threshold levels K1 and K2.

The above matrices can be of extremely large sizes, yielding
numerical difficulties in solving them. For example, if the

number of sources are 10 video sources, and the buffer size
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is 100 cells, then the dimension of the matrix Q is 10,000
which is impossible to solve using direct matrix manipulations.
We used matrix-geometric techniques, introduced in [81], to
solve the above system, the solution uses an iteration
refinement technique which is needed to be slightly modified
to suit the overload control in our case. The details are not
repeated here and the reader is referred to [81])]. Finally,
the above equations were solved numerically for P.y. The

blocking probability P; is calculated from

M
P5=‘_Z°PN.,C (1V .24)

IV.3. Numerical results and Conclusions

The video source characteristics reported in sec. (IV.2), had
an average arrival rate of 3.9 Mbits/sec. and a peak rate of
11 Mbits/sec. We used a buffer length of 20 cells in order
to limit the delay to 50 psecs., where the cell length is the
ATM standard of 53 bytes and C is 150 Mbits/sec. Fig.(IV.3),
reflects the improvement in the multiplexer performance for
different number of sources. The blocking probability has
dropped significantly, as a result of applying the flow control
technique. As the buffer size is relatively small, the sta-
tistical multiplexing gain is not very appreciable. Figs. (IV.4)

and (IV.5), illustrate more clearly this effect. The trend



99

is clear, as the buffer size is increased, the statistical
multiplexing gain becomes more effective. However, as expected,
the flow control technique has significantly enhanced the

multiplexing gain.

Figs.(IV.6) to (IV.9), compare the performance of the
multiplexer for different flow control thresholds.' As the
threshold levels are decreased, the performance improves,
however the price will be a slight degradation of the image
quality. The results that are reported here, confirm our
earlier discussions. It proves the importance of applying
this type of flow control technique in order to accommodate
sources with high peak rates without sacrificing the efficiency.
Figs. (IV.10) to (IV.15) report the results of the performance
analysis for different number of sources. It is clear from
comparing the reported results that the statistical multi-
plexing is enhanced as the.ﬁumber of sources is increased.
Although it is rather difficult to assess the effect of the
access flow control on the image quality without subjective
quality tests. We reported the variation of the mean number
of bits/sample over the utilization load. The drop in the
image quality is more perceived in the video multiplexer case
than the voice multiplexer case. The reason, of course, is
the increase in the correlation effects between the successive
interarrival cell times in the video case, and the higher

degree of burstiness.
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In our work, we have placed a stringent delay limit of 50
| secs. However, we can relax this value to 100 i secs without
having a major effect on the delay requirement. Thefefore,
we can double the buffer size, and the statistical multiplexing
gain will be more effective. The obvious result of decreasing
the blocking probability will have the direct impact of
minimizing serious congestion problems. Thus, we can effi-
ciently, utilize the network valuable resources such as
bandwidth and, in the mean time, provide different users with
the required performance. Another impact, is that we can
accommodate more sources at the same bandwidth, when flow
control is not used. It had been suggested, in [25], that for
bursty traffic with high peak to link ratio, the non-statistical
operation mode could be more effective. We believe that, with
our proposed flow control algorithm, we can utilize the VBR
coding techniques to operate within the statistical multi-

plexing region and with high efficiency.



Fig.(IV.1) Single Video Source Model (Phase Process)
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Fig.(IV.2) Continuous Time Markov Chain Model
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V. Dynamic Bandwidth Allocation of Virtual Paths

V.1l. Background

In this chapter, we propose and analyze a dynamic bandwidth
allocation and control scheme based upon the virtual path
principle. The scheme exploits the statistical multiplexing
gain in allocating the bandwidth to each virtual path. The
bandwidth allocated is function of, not only, the traffic
burstiness but also the required cell loss rate as declared
by the Class Of Service (CO0S) of each supported connection.
To dynamically control the allocated path-bandwidth, a Band-
width Control Period (BCP) rule, is proposed to control the
scheduling of different classes of traffic that are supported
by separate virtual paths. It is shown that with proper choice
of the BCP, a path-bandwidth can be allocated such that to
guarantee the traffic required COS in terms of its cell loss
and quality delivered. Further more, it is shown that access
flow control is required to minimize the cell loss rate and

enhance the statistical multiplexing gain per virtual path.

We recall that ATM is based upon two principles
1. Out of band signalling and control functions, supported via
separate virtual circuits. This principle makes it possible

to design access flow control schemes at the User Network
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Interface (UNI), where the network controls the input bit rate
from the users and throttle it down to avoid congestion and
enhance the bandwidth utilization. In chapters III and 1V,
an access flow control scheme was proposed and analyzed where
the source peak rate is throttled by a feedback control signal
from the access node buffer controller. The control signal
is out of band, hence it is not affected by the data stream
éné controls the source rate in time to prevent congestion.

2. Connection Briented principle, where no connections are
established unless the required resources to support them are
available. This principle'ca'llls for efficient dynamic bandwidth
allocation and control per virtual path and per each connection
within each path. This function is performed at the network

and call logical levels respectively.

In [33]-(35] and [37], it was shown that dynamic bandwidth
control of each virtual path improves the transmission effi-
ciency and increases the bandwidth utilization at the expense
of increased load processing per node, which is required to
change the bandwidth allocated per connection. The work done
there is based upon the Poisson assumption of call arrivals
and that the bandwidth allocated is deterministic and is varied
in fixed steps. These assumptions are not valid in the ATM
networks. 1In [49]) a bandwidth allocation scheme called the
(T1,T2) scheme was presented, in the context of wide band

networks, where the bandwidth is allocated to data and voice
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traffic queues and the T1 and T2 are time limits set to limit
the delay per each traffic. The scheme is dynamic in the sense
that once the service in one queue reaches the time limit, the
service is switched to the other queue, however it did not
consider the issue of the bandwidth required to allocate to
each type of traffic such that a certain COS is met which is
essential in ATM networks. In [39]-[41], a simulation analysis
of a bandwidth allocation scheme called Class Related Rule
(CRR) was presented. The study was based upon hypothetical
two classes of bursty traffic with different peak, average
rates and active periods. Thus the results reported there can

not be applied to the real ATM traffic situation.

In this chapter, we consider tﬁe bandwidth allocation
problem in ATM networks where the input traffic are variable
rate video and audio traffic. The bandwidth allocation scheme
we present and analyze is based upon the statistical multi-
plexing gain achieved per each virtual path and is dramatically
enhanced by our access control scheme reported in chapters III
and IV. We investigate the case of multiplexing several virtual
paths carrying different traffic with different correlations
and burstiness, such as video and voice. We then present the
BCP rule and prove that the traffic with higher correlations
(the video traffic in our analysis) dominates the queueing
behavior. To the best of the authors knowledge, this problem

has never been analyzed before and our results reported here
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are a first step in this direction. In section V.2, the dynamic.
bandwidth allocation and control scheme based upon our BCP
rule is presented. In section V.3, we provide the analytical
performance evaluation which is based upon the Quasi Birth
Death queueing process. 1In section V.4, numerical analysis

and conclusions are given.

V.2. Dynamic Bandwidth Control and the BCP rule

In section V.I, we have elaborated on the concept of virtual
paths. The advantages of the virtual paths are numerous and
include, direct multiplexing of virtual paths with different
bandwidths with a simplified network architecture, statistical
bandwidth allocation per call and per path increases efficiency
of the link capacity. Two possibilities exist in implementing
the virtual paths, one is t<.> support traffic with similar
characteristics and COS over the same path. The second
alternative is to support traffic with different character-
istics and COS on the same virtual path. In this paper we
employ the first alternative for several reasons. First, it
is easier to enforce the COS function. Secondly, it is also
easier to apply traffic enforcement and access control functions
at the UNI where such functions are function of the input
traffic characteristics, such as the, peak, average rates and

coefficient of variation. Finally, multiplexing traffic with
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different burstiness does not provide any gain in terms of
bandwidth efficiency, moreover the traffic with the higher
burstiness and correlations is not "smoothed out" by the lower
burstiness traffic, see chapter II for detailed discussion on

the subject.

Figure (V.l1l) shows a block diagram of the access node
multiplexer, where three different types of traffic, video,
voice and data are being multiplexed into the outgoing link.
Each type of traffic is supported on a separate buffer and
then multiplexed on a separate virtual path. The controller
reads the input traffic characteristics and its required COS
and based upon the bandwidth availability, either accepts the
call or rejects it (admission control). As each buffer length
reaches a certain threshold, access control is activated and
the input rate is compressed. A similar action is repeated
when another control threshold is achieved. The feedback
control signal uses separate out of band virtual circuit to
compress the arrival rate. Although we can use the same signal
to mask the least significant bits right at the input node,
it is not favorable because of the implicit dependency on the
physical structure of the cell in order to separate the least
the significant bits, thus the control signal is fed back
directly to the source coder. At a certain desired bandwidth
utilization (e.g. 0.8), the threshold levels required to support

the voice calls at the voice buffer are quite different from
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those required at the video buffer. As we shall see in section
V.4, the bandwidth utilization decreases significantly in the

video case when compared to the voice case.

The bandwidth allocation problem can be segregated into
two phases. In the first phase, the controller is designed
to allocate the bandwidth according to a predetermined rule
which is based upon the statistical multiplexer gain. The
bandwidth required, is less than the peak rate and greater
than the average rate by some bandwidth allocation factor.
This factor is function of the arrival statistics, the required
cell loss rate and the number of multiplexed calls per each
virtual path. Let:E,be the average rate of traffic per call
per virtual path, BW, is the call required bandwidth where
there are i classes of traffic supported by i virtual paths
per link, and let x, be the required bandwidth factor then the

following holds

BW,=x R, (V.1)

Consider there are N calls per virtual path i, then the total

virtual path capacity is

Cypi= NBW, v.2)
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bounded by

Ci2) C,p (V.3)
{

where C, is the total 1link capacity

To 'find the bandwidth allocation factor, we solve each queue
independently for the minimum bandwidth required to achieve
a certain cell loss rate for each type of traffic and we obtain
a set of curves indicating. “he numerical values for each x;
(the details are given in section V.4). A bandwidth allocation
table, which contains a set of statistically assigned band-
widths, is then stored into the controller where it is used

to allocate the required bandwidth per each call.

In the second phase, the scheduler schedules transmission
of cells, from each queue, such that the éverage bandwidth
allocated to each type of traffic, and hence the average virtual
path capacity, equals the value driven from the bandwidth
allocation table in phase I. The scheduling scheme follows
a simple ATDM technique, where the total link capacity is
allocated to serve the video queue for an average time window

T, followed by a another time window T, to serve the voice
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queue (see fig. V.2). During each time window, a certain
number of cells n, or n, is transmitted on the link where

n,=T,/W, ng=T,/, and | is the cell transmission time.

Each of the values of T, and 7T, are averages values drawn
from an exponential distributed random variable. The scheduling
of cells from separate queues, is controlled via the Bandwidth
Control'Period (BCP) rule. The BCP, is set to be the scheduler
maximum switching period of time required to support both types
of traffic (video and voice), such that their respective cell
loss rates are delivered. Fig. (V.3), shows a flow chart of
the algorithm. As explained above, the controller selects the
required bandwidth to support each class of traffic according
to the predetermined COS. This information is then used by
the scheduler to initialize a value for the BCP, which specifies
a clock frequency to control the switching speed. Accordingly,
the average time windows T, and T, are set. The controller
monitors both the arrival statistics and the buffers’ lengths
to maintain the required COS and avoid congestion. Whenever
the controller detects a change in the arrival statistics or
a possible congestion, then the BCP value is changed to provide
the required control. The initial BCP value, in this case,
will be the sum of the individual time windows allocated to

each queue, where
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BCP=) T, i € (1,2,3...) (V .4)
i

So that the avérage bandwidth allocated to the voice queue is
BW,= ;c,,,,,T,,/(T,+T,,) (V.5)
and the average bandwidth allocated to the video queue is

BW,= ;C,,,,(Tu/(T,ﬁT,,) (V.6)

The bandwidth allocated, is controlled via the BCP value.
It is clear that there is a possible set of values T, and T,
that can satisfy the bandwidth requirement assigned to each
queue. However there is an optimum value of the BCP parameter
that bounds the time window allocated to each queue. To start
with, the maximum value of the BCP must be less than or at
most equals the sum of the sizes of the voice and video queues
in cells. This condition is required in order to avoid the
possibility of one queue overwhelming the other, and i:o limit
the maximum allowed delay. As the BCP period gets smaller,
the switching speed of the scheduler gets higher and hence the
mean number of cells per each buffer gets smaller, consequently
the cell loss rate decreases. In sections V.3 and V.4, we
prove these results analytically. The BCP value depends upon
the arrival statistics and the required cell loss rate, it

changes dynamically with both the bandwidth utilization and



125

the traffic burstiness ( fig. V.4), hence the bandwidth
allocated also changes dynamically. Because the multiplexer
accommodates heterogeneous traffic mix, there are different
possible BCP values to allocate bandwidth for different traffic
mixtures. For example, the BCP required to éupport'voice calls
at a utilization of 0.8 and cell loss rate of 104 is much
greater than that required to support video calls at the same

utilization and cell loss rate of 10-9.
V.3. Modeling and Performance Analysis

Recently several stochastic models has been introduced to
model the superposition of a number of voice or video independent
sources, that comprises the arrival process to the voice or
the video queue respectively [77]-[81]. We recail, from chapter
ITI, that the voice source is represented by a two state
continuous time markov chain, alternating between active and
idle periods where the duration of the active period is 1/a,
secs. and the duration of the idle period is 1/f3, secs. The
superpositon arrival stream can be represented by a phase type
continuous time markov chain, where the state of chain is the
number of active voice sources. The transitional rate matrix

of such birth-death process is given by
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-Nqa, N.a,
Ba “(N.-1)a,-B, (N.-1a,

Qa

NaBs -NgB,

.7

which yields extremely high number of states and complicates
the solution. However, the same process is equivalent to a
two state Modulated Markov Poisson Process (MMPP). The process
switches between two states, High and Low, with arrival rates
A¥ and A.. The mean sojourn time in each state is exponentially
distributed with means 1/ry and l/r respectively. The tran-

sitional rate matrix is given by
H H
-r r

In the case of the superposition of video sources, the
model depends upon the contents of the scene, and the type of
video coding algorithm implemented. In our work, we used the
model introduced in [44] which assumes single motion activity

scene. The aggregate video arrival rate is also modeled by
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a continuous time birth-death process with exactly the same
structure as Q, above. In this case, N,=10M, where M is the

number of active video sources.

As explained in section V.2, we first solve for the steady
state probabilities for each queue independently. The sto-
chastic queueing process is a quasi birth-death process where
ﬁhé service time is replaced by an exponentially distributed
"with mean 1/p. It was shown in [75],([76] that this replacement
had no effect on the queueing process, since the correlations
effect introduced by the video arrival process dominates the
gueueing behavior over the buffer length. In the voice case,
however, it was shown, in chapter III, that this approximation
does overestimate the cell loss rate for small buffer sizes.
This is due to the fact that the effect of correlations between
interarrival times is limited because of the limited buffer
size and the process approaches the Poisson approximation for
large ‘number of input sources. To account for the access
control scheme, let K1 and K2 be the buffer control thresholds.
As the queue length reaches K1, the arrival rate drops to 0.75
of its uncontrolled level and drops further to 0.5 of its
original level at K2. The infinitesimal generator for the

gueueing process for each of the voice and video queues is
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/A A,
S B A,
S € A,
S C Ayl)

S D A 2)
S D A2

(V.9)

where

A,B,C,D,E,S,AqyA;(1),A;(2) are all matrices of the dimension
2, in the voice case, and N, in the case of the video traffic.

In the case of the voice queueing process we have

~ra-hq Ta

A= L rial (V.10)
}\H

Aa=( a )\L) (V.11)

P (v.12)
re —re-hi-p .
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(-ri’-u re )
E=| / (V.13)
Ta “ra—H .
m
S= V.14
( u) v.14)

The matrices C,D are of the same structure as B with the
appropriate scaled A, s. Similarly A,(1),A.(2) , are the same
as /A, but with the appropriate scaled A,s at each corresponding

threshold levels K1 and K2.

In the video case, we have the following

-N,a, N,a,
Bo -(N,-Da,=B,~A, (N,~1a,
A:
N,B, -N,B,-N\,
(V.15)
—Nvau_u N,a, \
Bo =(N,-1)a,~B,~A,-n (N,-Da,
B=

N.:B., -N.,B.," M-u)

(V.16)
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_Nva'u_u Nvap
B, -(N,-1)a,~-B,-u (N,~-1a,
E=
N,B, -N,B,-n
(V.17)
7!
7!
S=
1

(V.18)

and A, is a diagonal matrix, with dimension N, and the elements
A,=iA. Similarly, the matrices C,D are the same as B but with
corresponding A, scaled to 0.75 and 0.5 of its value at K1 and

K2 respectively.

The generator matrices Q,,Q, are solved independently for
the voice and video queue lengths distributions. The minimum
required capacity is calculated, where in the video queue case,

the cell loss rate is

PL,= ZPM..-)i?x.,/(;)P(,,,)iM 0<j<K,08i<10M (V.19)
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while in the voice queue it becomes,

PL,= ZP(x.oki(z)/(,ZI)P(/.UMU) 0sjsK,0sls2, (V.20)
]

N

To solve for the steady state probabilities, we used matrix

geometric techniques reported in [81].

In the second phase of the problem, we have to solve for
the maximum BCP period which will guarantee the bandwidth
allocation to each type of traffic. The model solves the
queueing problem in fig.(V.2), where the mean sojourn time
that the server spends at each 'queue is approximated by an
exponentially distributed random variable with mean equals T,
for the voice queue and T, for the video queue. This
approximation fits well with our proposed BCP rule explained
in the previous section. It follows, also, from the fact that
the steady state probabilities of the number of cells per gueue
is well known to follow a geometric distribution, hence on the
average, the mean sojourn time is approximated by an exponential
random variable. It remains to add, that the stochastic
process, represented by the server departure times from one
queue to the other, is a phase type renewal process [82], where
its generator matrix is Q, for the voice queue and Q, for the
video queue. In fact, the problem is unsolvable without this

approximation. It follows that the server stochastic process



132

can be represented by a two state continuous time markov chain,
where in one state the server serves the voice queue for an
average time .of T, and in the other state, it serves the video
queue for an average time of T,. Let r;-,and r;-, be the server
transition rates from the voice to the video queue, and from

the video to the voice queue respectively, then

Pt =1/T, (vV.21)

re.=1/T, | (V.22)

The problem, now, is to solve two dependent queues of the
type PH/PH/1/K. In the case of the video queue, the transitional

rate matrix is

S D A2
S D A2

\ R

(V.23)




-Nuav N,a,

Bu -(Nu—l)au—Bu-Kv (Nu-l)au

S=transpose

=N.,a,=pA,-r;., Fas
I':.. -Nlcl-qkl-r:’l-u

8, ] =(N,-1)a,-pA,-r,. -8, Faee
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N.,B, -N,B,~A,

(V.24)

(V.25)

N.B, ria =NB,~qh,~ri,~it

(V .26)

(v.27)
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0
v
0
S= n
(V.28)
where
p=T,/(T,+T,) (V.29)
g=1-p (V.30)

The matrix A is of dimension N, while the matrices SA A, are
of dimension N,x2N, and all other matrices are of dimension
2N ,x2N,. Similar structure is solved for the voice queue
where the arrival process is an MMPP one, as explained above.
The solution of the above matrices involve numerous numerical
calculations using iterative matrix geometric techniques as

indicated in the independent case.

V.4. Numerical Results and Conclusions

The video source model used in this paper, generates 30
frames per second, each frame contains 512 x 512 pixels. The
quantized arrival bit rate (A) is (0.152 bits/pixel),

B,=2.99transitions/sec,a,= 1.3transitions/sec. These values are
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adopted from the work done in [53], however we normalized these
values so that all the units used are in cells/msec. The link
capacity is assumed to be 150 Mbits/sec, and the cell length
is the ATM standard of 53 bytes. The buffer length is set at
20 cells for both voice and video queueé; which limits the
maximum delay to 50 psecs, although this requirement can be
relaxed in the actual ATM network where the maximum tolerable
delay can be 0.1 msec per node. The cell loss rate was set
to 109 for the video traffic and 10~4 for the voice queue,
which are reasonable figures for high speed networks. The
values of the MMPP for the voice traffic were evaluated from

the work done in [55].

Figs. (V.5) and (V.6) show the statistical bandwidth
assignment, required to support the voice and video traffic
respectively. We can see that the access flow control has
significantly improved the statistical multiplexing gain in
both cases, and has significantly reduced the bandwidth
requirements at a particular COS. Because of the higher
correlations and burstiness, in the video traffic, the access
control thresholds (K1, K2) have to be smaller than those for
the voice traffic. Also, the statistical multiplexing gain
is not as effective as with the voice traffic. One solution
would be to increase the video traffic buffer size, however
this solution might not solve the problem, since increasing

the buffer size would directly cause the delay and the delay
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variability to be significantly high. Consequently, out of
timing cells, arriving at the receiver, would be considered
lost leading to poor image quality. A more effective solution,
is to increase the ratio of the link capacity to the input
traffic peak bit rate. Another important observation, is that
as (K1,K2) values change, in the video queue, there is very
little gain achieved by that, contrary to the voice queue where
the sensitivity of the control threshold levels is much more

perceptible.

Figs. (V.7) and (V.8) show the bandwidth allocation factor
(X) for the voice and video traffics. It is also clear that
the access flow control has a perceived gain in terms of the
bandwidth allocation. This gain can be also viewed as an
increase in the number of accepted calls at a certain bandwidth,
which implies higher utilization and a decrease in the cost
per connection for the users. Notice that this ratio determines
the bandwidth allocated to each type of traffic. It is the
basis upon which, the controller’s look-up table is constructed,
and thus by far the most important parameter for network traffic
management. The bandwidth utilization per voice and video
queues is further elaborated in figs (V.9) and (V.10), where
the increase in the utilization is more apparent in the voice
traffic than the video traffic, mainly because of the increased
correlations effect in the video queue case. For the voice

traffic, the maximum utilization is 61% without control and
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with 12000 voice lines being multiplexed. The utilization has
increased from 61% to 92% with access flow control at the same
load, which reflects how crucial is the access flow control
in enhancing the statistical multiplexing gain. The same
effect holds for the video queue, where the utilization has
increased from 50% at a load of 7 video sources without control
up to close to 90% at the same load. Notice that the control
fhfeshold levels do not show any significant sensitivity,

contrary to the voice traffic case.

Figs. (V.11) and (V.12) reflect the price paid in terms
of the delivered quality. A very graceful degradation in the
voice quality over the input traffic load, while the degradation
effect is quite clear in the video traffic. It is difficult
to assess exactly the image quality without subjective tests,
but for this work we have used the mean bits/sample as a factor
as it relates to the Signal to Noise ratio. Because of the
degradation effect, it is logical to use the threshold values
(10,16). in the video traffic case, as there is no high gain
achieved by decreasing the threshold levels, moreover the image

guality degrades as the load is increased.

Figs. (V.13) to (V.18), show how the BCP changes with
bandwidth utilization of both the voice and video traffic.
Each BCP value on the curves reflects its maximum possible

value in order to support the given video and voice calls,
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under the required COS. In fig.(V.13), we loaded the voice
queue with only one source, and changed the voice load. We
applied access control for the voice queue only, and as expected
the BCP value increased significantly from 16 cells transmission
time to 25 cells transmission time at a voice load of 4,000
connections. At a voice load of 10,000 connections (no voice
access control) and single video source, there is no BCP value
to support such load, as the total link capacity is saturated.
A BCP value of 6 cell transmission time is required to'support
at most 9000 voice lines and single video source with no
control, this BCP value implies a very fast switching speed
at the scheduler. In other words the maximum time that the
server can stay at the voice queue would be 4 cells transmission
time (12 psecs. and only 2 cells transmission time (6 u)secs.
at the video queue. Using the access control, only for voice
queue, the number of supported voice lines goes up to 14,000
connections at a BCP value of 7 cells transmission time. The
statistical multiplexing gain has been enhanced, which can be
observed by comparing the slope of the curves for different

control thresholds over the no-control case.

Fig.(V.14) shows the same effect, however the video queue
has been loaded with three video sources in this case. Because
the bandwidth allocation has increased, in order to support
three video sources, the BCP value has dropped in this case

from 16 cells transmission time (for the single video source
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case) to 13 cells transmission time at the same 4,000 voice
connections with no control. However, the statistical
multiplexing gain is more significant in this case due to the
multiplexing of three video sources, whereas in fig.(V.13)
only one video source was supported. In figs.(V.15),(V.16)
we present the performance curves when video access control
is applied. In these cases the gain achieved has increased
in terms of the higher values that BCP can acquire to support
a certain bandwidth utilization. The same gain is also clear
in terms of an increased number of voice and video connections
that can be supported at a certain fixed BCP value. Fig.(V.17)
elaborates on the statistical multiplexing gain over the voice
load spectrum, where the video queue was loaded with only a
single source. The curve proves that as the utilization of
the video queue increases, the multiplexing gain also increases.
Consequently, the multiplexer can support the same number of
voice connections at a highef ECP value, and thus reducing the
scheduler switching speed. Fig.(V.18) compares the results
of supporting both single and three video sources with, and
without access control. The difference in the slopes when
video access flow control is applied, reflects the enhancement

in the statistical multiplexing gain, as explained before.
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VI. CONCLUSIONS AND FUTURE RESEARCH
VI.l. Conclusions

Congestion control in ATM networks is one of the most
crucial technical issues, for the success of these networks.
The complexity of the problem has several dimensions. One
dimension of the problem, addresses the issue of optimal
allocation of resources to a very diverse mixture of traffic,
ranging from low bit rate to high peak rate video signals,
each has its own class of service. On another dimension, the
problem addresses the issue of optimal utilization of the
network resources, and in the mean time maintain fairness to
all types of traffic. Finally, any congestion control strategy
must be robust, in the sense that it deals with all types of
traffic in a similar manner and can thus accommodate any future
traffic that is unforeseen at the present time. To design an
ideal scheme, which would accomplish the above, is not an easy
task, because of the transport principle of the ATM networks
which is based upon the fast packet switching. ATM networks
can be thought of as a virtual direct connection between two
ends (similar to a high way road). Very 1little traffic

management can be done on the transit nodes inside the network
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(similar to high ways where there are no traffic 1lights).
Access flow control must be very skilfully designed to avoid

congestion inside the network.

In this dissertation, we have proposed and analyzed a
hierarchical multilevel flow control model. At the cell level,
we have found that an access flow control algorithm, that
throttles the peak rate of the input superposition arrival
process, is the one of the most efficient methods to implement
a robust preventive control strategy for ATM networks. At the
call and network levels, we proposed and analyzed a dynamic
bandwidth control scheme which that has increased the bandwidth
utilization significantly. The scheme is based upon the design
of a Bandwidth Control Period (BCP) which allocates the
bandwidth, to virtual paths and calls, on a statistical
assignment basis. The results, reported in this dissertation,
are very promising. There ié a big doubt in the technical
community, as to the efficacious of employing variable bit
rate (VBR) coding methods to transmit video signals in ATM
networks. Our reported results here, prove that the trans-
mission of VBR video signals, using ATM, is indeed a very
promising technique. However an access flow control algorithm
together with a bandwidth allocation scheme, such as our
algorithms reported in this dissertation, are essential in

order to avoid congestion problems inside the network.
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VvI.2. Future Research

Our work calls for some very interesting topics for future

research.

1. In our analysis, we have analyzed the queueing behavior
of the multiplexers’ buffers using steady state analysis. It
is very interesting, to c;ctrry out a time-dependent analysis
and verify the duration of a control period (t), below which
the control thresholds are not activated. This analysis is
necessary to differentiate the overload which can result fronm,
the arrival of a long burst, or from normal statistical

fluctuations.

2. It is very interesting to implement the controller using
Neural Networks (NN). As shown, in chapters III to V, there
are so many input output parameters that influence the choice
of the threshold control levels and the BCP period. Look=-up
tables would be too complicated and may cause processing
overhead. Neural networks, would be a better alternative,
since they are best suited to solve pattern recognition problems
with extensive processing capabilities. The congestion control

problem, would then be an ideal application.

3. How would the performance of the multiplexer be affected,

if the BCP rule was combined with an upper maximum limit on
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the service time per queue. In other words, if we relax the
assumption that the BCP values are drawn from an exponentially
distributed density function, will the performance improve and

what are the tradeoffs in terms of system complexity.

4. The multiplexer output stochastic process is often
considered to be an input arrival process to the ATM switch.
Under the bandwidth allocation strategy proposed here, what
would be the stochastic nature of such process. How would the

switch perform under such conditions.

5. An ATM end to end system analysis, is then required to
assess the efficacious of the traffic management functions per
access nodes and transit nodes under real traffic conditions

(i.e. a combined video/voice/data stream).
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