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ABSTRACT

Several effective statistical multiplexing schemes have been proposed in the
literature to support diverse traffic classes within t.he modern integrated communication networks. An integrated network that employs hybrid switching schemes is
typically comprised of a circuit-switched subsystem and a packet-switched subsystem. The representative control problems of interest in the context of the circuitswitched subsystem are the routing and the access control of the competing traffic
classes. Analogously, the significant management problems within the transport
layer of the packet-switched subsystem are packet routing, congestion control and
buffer management. The focus of this dissertation is the development of resource
management schemes for integrated networks, with the major contributions being: (i) the development of an optimal adaptive buffer management scheme for
the packet-switched subsystem, (ii) the integration of a moveable-boundary hybrid switching scheme with the time assigned speech interpolation technique for
implementing a congestion control mechanism for the packet-switched subsystem,
and (iii) the development of an adaptive hierarchical scheme for implementing the
access control and routing functions within the circuit-switched subsystem.
To aid the formulation of the buffer management problem within an optimization framework, a novel methodology for obtaining a closed-form approximation of the packet blocking probability of a hybrid-switched multiplexer is
developed in this dissertation. The problem of buffer management at an integrated network node is formulated as a nonlinear progranuning problem with a
convex objective function and an iterative solution technique with fast convergence
is proposed for a real-time implementation of the buffer management scheme in
practical environments. In order to exercise an additional degree of control over

12
the packet-blocking probability at each hybrid-switched link within the network,
a new multiplexing scheme based on the integration of the moveable-boundary
hybrid switching scheme and the time assigned speech interpolation technique is
presented in this dissertation. The tradeoff' between the corresponding decrease in
the packet blocking probability and the increase in the circuit freezeout fraction
is demonstrated by a detailed queueing analysis of the multiplexer.
Specific algorithms are also presented in this dissertation for the solution of
the access control and routing problems within the circuit-switched subsystem. In
particular,

All

access control scheme is developed by solving an integer program-

ming problem formulated using the policy of complete partitioning of the available
bandwidth among the competing user classes. As an alternative to the completely
partitioned approach, the problem of traffic routing is considered in a network
that supports homogeneous traffic classes based on the policy of complete sharing.
Finally, for the general case of networks with heterogeneous traffic cl88Ses, a hierarchical scheme is developed for the implementation of the access control and the
routing functions at two functional levels, where the access control is implemented
by the network supervisor who solves an appropriate linear integer programming
problem periodically, and the routing function is handled by the individual nodes
of the network on a distributed basis.
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CHAPTER 1
INTRODUCTION

Recent advances in the domains of computer and communications technologies have contributed to a tremendous and worldwide growth in the need to
efficiently transport information. This new development has stimulated network
designers to incorporate fast and inexpensive mechanisms for information transfer
between points near and far. Consequently, a global effort is under way to establish a digital network architecture based on uniform protocols in order to provide
a wide variety of communications services. This network structure, referred to as
the Integrated Services Digital Network (ISDN), forms the first international step
to develop a single, global communication facility with common interf&.ces and
access techniques. The ISDN i& f"nvjsaged to cater to several diverse applications
such as voice telephony, data communications, the future equivalents of telex and
videotex, home telemetry and remote control, and possibly even broadcast audio
and video.
The prominent role of the integrated network as the backbone of modem information engineering has stimulated the development of a variety of sophisticated
techniques for the transmission and switching of information. These techniques
range from the incorporation of optical fiber baaed systems for information transport to the employment of photonic switching systems for the processing of information. The rapid advances in the domains of telecommunication and computing
technologies have in turn opened up a multitude of new control and management
problems related to the efficient utilization of the network resources. These new
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problems have recently attained a great deal of attention from telecommWlications
engineers, and constitute a wealthy area for further research and development.
The central theme of this dissertation is the development of optimal schemes
for the management and control of resources in integrated networks. The next
section provides a brief overview of the basic structure of the ISDN, and discusses
the classification of networks based on the switching techniques employed and the
geographical scope. This is followed, in Section 1.2, by a discussion of the various
management and control problems in ISDN's. Finally, Section 1.3 outlines the
specific problems addressed in this dissertation along with a description of the
major contributions.

1.1 Basic Concepts of the ISDN

The basic structure of a typical ISDN realization is depicted in Fig. 1.1.
This structure is comprised of several switching centers, or nodes, that are interconnected by a transmission/switching network (or several parallel transmission/switching networks). The ISDN structure depicted in Fig. 1.1 demonstrates
a striking resemblence to the structure of the traditional commWlication network.
However, in contrast with the design philosophy for the latter which is based on the
deployment of separate dedicated networks for different applications, the design
approach adopted for the ISDNs context is one of sharing the available communications resources among several applications. The motivation for this strategy
stems from the desire to attain optimum network utilization.
One of the Wlderlying principles in the deployment of the ISDN concept is
that the transition into this new technology will result from a process of evolution
rather than revolution. Specifically, this refers to the economical infeasibility of replacing the existing dedicated networks altogether by a fully fWlctional integrated

8-CtwnII
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~
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network based on new technology. In other words, the initial versions of ISDN
will feature the cooperative coexistence of the existing dedicated networks with
an evolving full-fledged ISDN. In view of this requirement, compatibility with the
existing network standards has been one of the primary concerns in the design of
protocols for the ISDN. The scenario of multiple network environment is shown in
Fig. 1.1 which illustrates a dedicated telephone network, a dedicated data network
and the integrated network based on the SS7 protocol as distinct entities.
The fundamental driving force contributing to the development of reciISDNs is the notion of "integration", which is applicable in different ways to signify
the different aspects of the network. An ideal ISDN should involve integration at
the three major levels listed below and explained subsequently:
(i) Integration of Services,
(ii) Integration of Access Mechanisms,
(iii) Integration at the Tnmk Transport Level.
Service integration for the user pertains to the provision of different service capabilities and to the network usability. Specifically, this feature enables the user's
work terminals to access a fully coordinated and synchronized stream of information, that supports a diversity of applications such as voice, data and video.
The second component, namely, the integration of access mechanisms refers to the
specification of uniform procedures for the user to access the different physically
separate networks. This is realized by employing standard interface structures such
as the 2B+D for the user-to-network connection and the 23B+D for the inter-office
connecticns. These physical interface structures are supplemented by a logical interface protocol comprised of the Q.931 protocol for the user-to-network interface
and the Signalling System No.7 (SS7) for the inter-office signalling [84,85].
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It may be noted that the two levels of integration described above focus

basically on the provision of unified procedures for the end user to access a variety
of services, possibly supported by physically separate networks. It must be emphasized here that these protocols, by themselves, do not provide for the dynamic
sharing of the communications bandwidth among the various applications, which
forms the central theme of the ISDN concept. The third level of integration listed
above, namely, the integration at the trunk transport level is concerned with the
integration of different applications on a shared physical transmission medium, in
order to optimize the efficiency of bandwidth utilization. This objective is accomplished by combining the traffic emanating from the different applications, such
as voice telephony, data communication, video telephony, etc. into a common digital bit stream. An idealized network would feature integration at all the three
levels described above. However, the scope of the current proposals for ISDN standards are limited to the first two components exclusively, and the integration at
the trunk transport level remains a futuristic concept as of date. The relatively
slow progress in the implementation of this level of integration is attributable to
a number of technical problems related to the management and control of a \lllified network that supports digital bit streams with diverse characteristics. In this
sense, from the perspective of the researcher in communications engineering, the
topic of integration at the trunk transport level constitutes a rich area for further
investigation.
Information traffic may broadly be classified as being (i) correlated or
(ii) bursty. The distinctive attribute of a correlated traffic source is the relatively
constant rate of message generation over fairly long intervals of time. Some representative examples of correlated traffic are (a) voice and (b) video. The bursty
traffic class, on the other hand, is characterized by short periods of high information generation rate, interspersed by long intervals of inactivity. The typical
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example for this information class is the data traffic generated by computers and
terminals. In view of the goal of catering to a wide diversity of applications, it is
therefore clear that the ISDN control and management protocols should be designed

80

as to meet the requirements imposed by the correlated, as well as the

bursty traffic types.
Past experience in telephony and data communication indicates that the
correlated traffic types are well-suited for transmission by circuit-switching, and
that the bursty traffic types are well-suited for transmission using packet switching.
The basic idea involved in circuit-switching is the exclusive allocation of a physical
channel (a TDM or FDM slot in practice), or circuit, for the entire duration of
each communication session in progress. Accordingly, each end-user wishing to be
engaged in a session (or call) requests the network manager for the allocation of
an appropriate end-to-end channel. In response, the network manager attempts
to reserve a path within the network interconnecting the concerned end-users.

If such a path exists and is available, then the call is said to be complete, and
this path remains assigned for the exclusive service of the session until a request
for disconnection (hangup) is issued by one of the users engaged in the session.
This idea forms the basis of operation of the traditional telephone network. The
main advantage of the circuit-switched approach stems from the low end-to-end
transportation delay achievable by this method, being caused only by the switching
delays of the electronic components in the network. On the other hand, the circuitswitched approach has the disadvantage of a low reliability of the delivery of
information, due to the absence of mechanisms for the detection and correction of
bit errors. In addition, the relatively long intervals of time expended by the call
setup and disconnection procedures contributes to the wastage of bandwidth. In
view of these characteristics, it is clear that this mode of communication would be
sui table for real-time message transport applications (such as voice and interacti ve
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video), where the speed of delivery at the destination is the criterion of paramount
interest, and where an inherent robustness with regard to the partial corruption
of messages caused by occassional bit errors is generally present.
It is apparent that the transmission of bursty traffic classes in the circuit-

switched mode, characterized by the dedication of a physical channel for each
session, would lead to a tremendous wastage of the communication bandwidth,
and thereby affects the throughput performance of the network adversely. This
drawback is caused by the requirement of a relatively large bandwidth during the
occurrence of the information bursts which is forced to be idle and thereby wasted
during the periods of inactivity. The inadequacy of circuit switching to handle
bursty traffic stimulated the investigation for a novel switching and transmission
technique suitable for this traffic class in the early sixties, and the

packe~,

switching

technique emerged as the direct result of this effort.

In contrast with circuit-switching, the packet-switching approach does not
employ the reservation of physical channels between end-users engaged in communication sessions. Instead, each message bit stream entering the network at
a switching node is divided into small segments, or units, called packets [1]. A
packet consists of a block of message bits, combined with a header, which contains
control information, such as the source and destination user addresses, error control parity checksums, etc. Each packet is restricted to be of a certain maximum
length, and this size is a system parameter selected by the network manager. The
transmission of each packet across the network is based on a store-and-forwar .
policy. According to this policy, a packet received at a switching node is stored
in the memory buffer, or is put in a queue of packets, until the nodal processor
becomes available. When this particular packet reaches the head of its queue, it is
presented to the nodal processor which determines the next node to which it will
proceed en route to its destination. The packet is then placed in an output queue
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to await forwa.rdin& (or transmission) on the communication link to the next node
along the chain to the destination. This process gets repeated until the packet in
question is eventually delivered to the destination node.
The principal advantage of packet switching, and the store-and-forward
mechanism, is the realization of the dynamic sharing of bandwidth by several
packets, associated with different message streams. Such a sharing which enhances
the utilization of the bandwidth is facilitated by the fact that each packet occupies a particular communication link only for the duration of its transmission,
and is stored in memory for the rest of the time, thereby freeing the link for the
transmission of other unrelated packets. The other major advantage of the packetswitching approach is the higher reliability of information transport facilitated
by the acknowledgement/error recovery mechanisms realized by the parity checksum attached to each packet. In view of these characteristics, it is clear that the
packet-switching technology is ideally suited for bursty traffic conditions, where
the reliability of information transport, rather than the speed of delivery is of
primary interest.
Packet-switched networks in general offer one of two basic types of service,
referred to as (i) the datagram service and (ii) the virtual-circuit service. In a datagram network, each packet traverses the network as an independent entity. This
could cause packets belonging to the same session to travel along different paths
from the source to the destination. Consequently, it is possible for these packets
to be delivered at the destination node out of sequence, and this phenomenon
necessitates the reordering of packets before delivery to the destination-end user.
The datagram approach provides a great deal of flexibility in packet routing, and
enables the network to respond rapidly to congestion and link failures. The alternative to the datagram handling of packets is the virtual-circuit service where
each packet stream is associated with a particular logical source-destination pair.
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In virtual-circuit networks, a path (called a virtual circuit) is established across
the network between the source and the destination at the initiation of each communication session. All packets generated by this session follow the virtual circuit
for the entire duration of the session. Note that while the virtual-circuit service
appears to be similar to circuit-switching in that a call set up procedure is used
to establish a fixed path, the store and forward transmission technique continues
to be employed, and this ensures the allocation of the transmission bandwidth
only upon demand. The principal advantages of virtual-circuit routing are (i) the
reduction of the overhead incurred in the processing of packets at the switching
nodes, and (ii) the sequential delivery of packets at the destination.
In the context of the ISDN where the primary objective is the support of
dissimilar traffic classes on a single shared physical medium, it would therefore
be desirable to adopt a switching and transmission mechanism that combines the
desirable aspects of both of the existing techniques described above. Specifically,
the integrated network should feature two logical subnetworks, one based on the
circuit-switching technique in order to support the correlated types of traffic, and
the other based on the packet-switching technique in order to support the bursty
types of traffic. This requirement has led to the conceptualization of what has
come to be known as the hybrid-switching or the integrated circuit/packet switching technique. In this scheme, a portion of the bandwidth of each link in the
network is reserved for the transmission of the packet-switched traffic, and the
remaining portion is reserved for the transmission of the circuit-switched traffic.
A more sophisticated version of hybrid switching, known as hybrid switching with
moveable-boundary, greatly enhances the efficiency of network utilization by implementing the additional flexibility to reallocate the bandwidth unused by the
circuit-switched subsystem to provide additional capacity for packet transmission.
The details of the hybrid switching technique are further elaborated in Chapter 2.
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In view of the obvious advantages of employing a hybrid-switched approach in the
support of traffic types with dissimilar characteristics on a shared physical network, this switching scheme may be adopted

88

the foundation in the realization

of integration at the trunk transport level.
Apart from the switching and transmission techniques employed, a second
basis of categorizing communication networks is that of the geographical scope.
Accordingly, three principal types of networks have been identified, viz., wide area
networks (WAN's) or long-haul networks, metropolitan area networks (MAN's)
and local area networks (LAN's). Long-haul networks are typically characterized
by arbitrary mesh topologies comprised of point-t<rpoint links. In contrast, smaller
networks such as MAN's and LAN's are often characterized by more restricted
topologies, such as the well-known "bus" topology and the "ring" topology. Consequently, the analytical problems related to the management and control of the
former category of networks differ significantly from those of the latter categories.
The main focus of this dissertation is the design, analysis and performance
evaluation of control schemes for resource management in long-haul ISDN's which
employ the hybrid-switched multiplexing scheme. The specific measures employed
in the performance characterization of a particular control scheme depend on the
specific subsystem that the scheme is designed for, i.e., the circuit-switched subsystem, or the packet-switched subsystem. The typical figures of merit used in the context of the circuit-switched subsystem are (i) the call blocking probability, (ii) the
bandwidth utilization and (iii) the freezeout fraction (applicable only in systems
that employ the TASI protocol discussed in Chapter 2 and Chapter 4). For the
packet-switched subsystem, the representative figures of merit are (i) the packet
blocking probability (or equivalently the throughput), and (ii) the expected delay
of packets. Several additional performance measures, such as the network power [2],
have been proposed which essentially combine the basic parameters listed above.
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The principal mathematical tools employed in the analysis of communications networks are (i) Queueing theory, (ii) Optimization Techniques (iii) Optimal Control
Theory and (iv) Simulation. There is a large body of research available in the literature [3,4,23,24] which deals with the analysis of resource management schemes
in the context of circuit-switched networks and packet-switched networks considered in isolation. Additionally, several books have also been written [5-11] which
provide a lucid discussion of these concepts. The prime motivation for the investigations reported in this dissertation has been the need to explore the development
of novel control and management algorithms necessary in the realization of the
ISDN concept that integrates these two vastly different technologies.

1.2 Analytical Problems at the Trunk Transport Level

The integration of a wide variety of applications, with drastically different
statistical characteristics onto a single shared transmission medium, gives rise to a
myriad of analytical problems related to the design of efficient control schemes for
resource management in ISDN's. The specific nature of these analytical problems is
intimately related to the geographical scope of the network, as well as the switching
and transmission techniques employed. For eX8.I!!~!e, a major research topic in the
context of LAN's and MAN's based on the bus and the ring topologies which has
attained a great deal of attention is the Medium Access Control (MAC) problem.
Several effective MAC schemes have been proposed in the literature [12-16], many
of which include the provision for integrating voice and data applications [15,16].
Due to the topological restrictions imposed in the case of such small-scale networks.
the other analytic problems such as routing and flow control (discussed in the
following) do not attain a great deal of significance.
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On the other hand, the

point-t~point

nature of interconnections in terres-

trial WAN's underplays the significance of the mediwn access control problem,
since this scenario does not involve the sharing of a physical transmission medium
by geographically separated switching nodes. Nevertheless, it should be pointed
out here that several non-terrestrial networks, such as satellite networks, do employ
a technique similar to the MAC protocol in the scheduling of message transmission
to the satellite by geographically separated switching stations. The ALOHA

pr~

tocol [17], proposed for satellite networks is representative of such access control
schemes designed for non-terrestrial networks.
The arbitrary mesh structure of long-haul networks, on the other hand,
generates a whole new class of resource management problems that have attained
a great deal of importance within the communications community since the beginning of the century. With the advent of the ISDN era, one of the major problems
of interest has been the design and analysis of schemes for the integration of the
circuit switching and the packet switching technologies onto a single shared communication network. As described earlier, the first major step in this direction
has been the proposal of a hybrid-switched multiplexing scheme based on a time
division multiplexed (TOM) frame structure [SO,81].
The recognition of the existence of what has come to be known as the
"on-off" pattern exhibited by several classes of circuit-switched traffic leads to
the development of a more sophisticated version of hybrid-switching known as
hybrid-switching with moveable-boundary [95]. The basic idea involved in this
modification is the reallocation of the bandwidth unused by the circuit-switched
subsystem for the transmission of the packet-switched traffic, as will be explained
in greater detail in Chapter 2. In parallel with this development, researchers have
been interested in the design of a purely circuit-switched multiplexing scheme that
takes advantage of the on-oft' pattern in the traffic and attempts to fit several of
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circuit-switched channels into a smaller number of available circuit-switched slots.
These efforts have culminated in the development of the time assigned speech
interpolation TASI [70,71] technique.
The validity of the results of the studies reported above are, however, limited to the case of individual transmission links considered in isolation; there have
been very few attempts directed towards the integration of these diverse multiplexing techniques in the environment of an integrated network. This calls for a great
deal of further research in the design of control and resource management schemes
suitable for integrated networks based on such novel multiplexing and transmission
techniques, and which support traffic types with diverse characteristics.
One of the classical problems in the management of communication networks is the problem of traffic routing. In the context of circuit-switched networks, the routing problem involves the selection of the best possible paths, or
routes between the different source-destination pairs such that the probability of
call blocking in the network is minimized. Analogously, the routing problem as applied to the packet-switched networks is concerned with the selection of the best
possible routes, such that an appropriate performance criterion, such as the maximization of the average network throughput, or the minimization of the overall
network delay is satisfied. There are a large number of routing schemes suitable
for dedicated circuit-switched networks as well as dedicated packet-switched networks available in the literature [23,28,40,43]. However, the routing problem attains an entirely new dimension in the context of the ISDN where the interaction
between the fundamentally different multiplexing techniques that coexist render
the available schemes designed for dedicated networks rather inapplicable. This
shortcoming requires fresh efforts at the development of routing algorithms for
the circuit-switched as well as the packet-switched subsystems which could coexist in a shared physical network. The objective of these routing algoritluns should
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be the incorporation of an appropriate coordination mechanism to compensate for
the mutual interference between these subsystems.
Another important control problem in addition to routing in the context of
packet-switched networks is the problem of How- or congestion-control. The motivation for this type of control stems from the possibility of buffer overloads at
the various nodes of a network in the absence of such a control mechanism. The
occurrence of buffer overloads interferes with the acknowledgement/retransmission
protocols (included to ensure the reliable delivery of packets) of the packet network by causing the repeated retransmission of packets that are discarded upon
arrival at congested nodes. This latter phenomenon contributes to a tremendous
wastage of valuable communication resources, and adversely J!..f£ects the throughput
performance of the network. Flow-control in packet-switched networks is usually
implemented by restricting the traffic input levels at the various links to be less
than certain maximum limits, in order to reduce the levels of nodal congestion.
Accordingly, two basic forms of How control, referred to as (i) the link-level How
control and (ii) the end-to-end How control have been identified. There are several
proposals available in the literature [7,54] that address these two forms of Howcontrol. Further, in recognition of the important coupling that exists between the
routing and the How-control mechanisms, there have been several clever attempts
at integrating these two control schemes in packet networks [56-58,60]. Nevertheless, a substantial effort is necessary in the extension of some of these ideas into the
domain of the ISDN, where the characteristics of the packet-transport subsystem
tend to be modulated by the slow-varying statistical attributes of the circuitswitched subsystem, due to the employment of the hybrid-switched multiplexing
technique.
One of the crucial management problems of interest within the packetswitched subsystem of an ISDN node is the problem of buffer management. This
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problem is concerned with the allocation of the total packet buffer space available
at the node to the traffic components on the various outgoing links at the node, in
order to optimize an appropriate performance parameter (such as the packet blocking probability). A variety of schemes ranging from a completely partitioned (CP)
approach to a completely shared (CS) approach have been proposed for the buffer
management problem [63]. Some of the more recent developments are concerned
with the implementation of the buffer management policy on an adaptive basis,
80

as to tune the control parameters dynamically to the variations in the statistics

of the incoming traffic. A major shortcoming in the direct application of these
methodologies to the ISDN context is the non-availability of a closed-form expression relating the packet-blocking probability of a hybrid-switched multiplexer
to the buffer allocation. This in turn calls for the development of approximate
closed-form expressions for the packet blocking probability in such multiplexers,
and fresh efforts towards the development of a buffer management scheme suitable
for the ISDN environment.
The representative candidates for transmission in the circuit-switched mode
(such as voice, hi-fi audio and video) often impose drastically different bandwidth
requirements on the circuit-switched subsystem. As an example, the conventional
telephone quality speech requires a bandwidth of about 64 Kilobits per second,
whereas a video channel may require as much as about 512 Kilobits per second,
even with the employment of sophisticated compression techniques. This diversity
leads to a natural classification of the family of circuit-switched traffic types into
several distinct bandwidth classes. Alternately, one might employ another criterion
for classification, based on the different source-destination pairs, if one is required
to associate different priorities with these different source-destination types. A
very significant control problem that has emerged from such a multiple traffic class
environment within the circuit-switched subsystem is the problem of access control.
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Essentially, the access control problem is concerned with the control of access to
the circuit-switched portion of the transmission medium by the competing user
classes, in order that an appropriately chosen performance criterion is optimized.
This problem has been the focus of much research recently, d.Ild a few schemes
for implementing the access control protocol at an isolated link have emerged as
a consequence [107,108]. Nevertheless, a great deal of additional effort is required
in order to realize the access control policy on a network-wide basis to support a
vast diversity of user classes.
Thus far, we have provided an overview of the various control and management problems of interest with regard to the integration at the trunk transport
level. In the next section, we provide an outline of the dissertation and identify
our principal contributions.

1.3 An Overview of the Dissertation

In the last section, we discussed the various control and management problems related to the integration of a wide variety of applications withing the emerging ISDN. In particular, the principal analytical problems at the trunk transport level were identified as (i) the design and integration of various multiplexing
schemes such as the TASI and the moveable-boundary hybrid switching, (ii) the
design of routing schemes for the circuit- and the packet-switched subsystems,
(iii) the design of congestion control schemes for the packet-switched subsystem,
(iv) the design of buffer management schemes for the packet-switched subsystem, and (v) the design of access !"ontrol or bandwidth allocation strategies for
the circuit-switched subsystem. The objective of the investigations and results reported in this dissertation is the integration of the principal features of the different
switching and transmission technologies in the realization of the ISDN concept,
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and the design and performance evaluation of resource management schemes suitable for the integrated environment. Specifically, we address the following classes
of major problems in the subsequent chapters of the dissertation: (i) a closed-form
performance characterization of a hybrid-switched multiplexer, and the utilization
of this characterization in the development of an optimal, adaptive buffer management scheme for the packet-switched subsystem; (ii) integration of the conventional
moveable boundary and the conventional TASI protocols in order to implement
a scheme for the congestion control of the packet queue (at a link), realized at
the cost of a marginal increase in the freezeout probability of the circuit-switchpd
subsystem, and (iii) the design of optimal, adaptive schemes for access control and
routing in the circuit-switched subsystem, based on a hierarchical approach. The
dissertation is organized into five additional chapters as follows.
Chapter 2 provides a survey of the existing schemes for the control and
management of resources in conununication networks. In particular, we review the
existing control techniques proposed for the dedicated circuit- and the dedicated
packet-switched networks, and also discuss some of the recent developments related to the integration of the circuit and the packet switching technologies within
the emerging ISDN. The various design and architectural aspects of the hybridswitched multiplexer which constitutes the basic building block of the full-fledged
integrated network are presented in detail in Chapter 2, in order to lay the foundation for the discussion that follows in the subsequent chapters.
In Chapter 3, we present a novel methodology for the management of the

available buffer space for the packet-switched traffic at an ISDN node, each outgoing link of which has the basic structure of a hybrid-switched multiplexer. As the
first step in this direction, we plesent a new technique for the development of a
closed-form analytic approximation for the packet blocking probability in a hybridswitched multiplexer. This approach serves as a major bridge between the existing

30
numerical schemes for the performance characterization of the packet subsystems
in such multiplexers, and the development of strategies for the management of
resources in order to optimize the network performance. The arguments employed
in the development of the analytic approximation are based on the representation
of the tail regions of the blocking probability distributions by simple exponential
functions. The accuracy of the presented methodology is established using one of
the available numerical schemes for ISDN link analysis

88

a benchmark. Based

on the results of these studies, we formulate in the latter half of the chapter the
problem of buffer management at an ISDN node within an optimization framework. The solution of the resulting nonlinear-integer programming problem by a
direct branch-and-bound approach is cumbersome in the on-line adaptive implementation of the buffer management policy. In order to satisfy the stringent time
constraints imposed by an adaptive implementation, we propose a novel iterative
scheme with fast convergence, for the solution of the buffer management problem.
Finally, the application of our method is illustrated and its superiority over the
non-optimal, ad-hoc buffer management schemes is demonstrated through several
numerical examples.
Chapter 4 is concerned with the development of a new multiplexing scheme
based on the well-known TASI scheme used in the conventional circuit-switched
networks, and the Moveable-boundary version of the hybrid switching scheme proposed for ISDN's. The main objective of this new multiplexing scheme which we

call the "integrated MB/TASI" multiplexing scheme, is the control of congestion
in the packet queue of an ISDN link at the cost of a marginal increase in the
freezeout probability of the circuit-switched traffic on the link. We present a detailed queueing analysis of the new multiplexing scheme in this chapter in order
to compute several performance parameters of interest, such

88

the packet block-

ing probability, the freezeout probability of the circuit-switched subsystem, and
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the expected number of packets in the system. This is followed by a discussion of
several numerical examples in order to illustrate the tradeoffs between the packet
blocking probability and the circuit freezeout probability facilitated by the integrated MB/TASI multiplexing approach. Finally, we attempt to characterize the
relationship between the end-to-end freezeout probability and the link-level freezeout probability of the circuit-switched subsystem, in order to determine the design
parameters for the integrated MB/TASI multiplexer at each link of the network.

In particular, we present a methodology to transform a given upper bound on the
tolerance of the end-to-end freezeout probability into a set of equivalent constraints
on the freezeout probabilities of the different links, in order to satisfy the end-toend requirement. The application of this method is illustrated by an appropriate
network example.
In Chapter 5, we investigate the development of optimal adaptive access control and routing schemes for the circuit-switched subsystem. We identify
two fundamental classes of access control problems referred to as (i) the access
port (AP) problem, and (ii) the network access (NA) problem. The AP problem
is concerned with the control of access by a group of competing circuit-switched
classes of traffic into a single multiplexer considered in isolation. The simplest
case of Problem AP is one where all the different traffic classes impose identical
bandwidth requirements on the system. For the solution of this special case referred to as the access port problem with symmetric traffic (APST), we propose a
simple algorithm referred to as Algorithm A. The more general case of the access
port problem under unsymmetrical traffic conditions (APUT) tends to be highly
complex due to the non-differentiability of the objective function with respect to
the decision variables, and also due to the inapplicability of Algorithm A in the
solution of this problem. In order to circumvent this difficulty, we adopt a different
approach, and reformulate Problem APUT as an integer linear programming (ILP)
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problem. Followed by a discussion of the structural properties of this formulation,
we propose the sophisticated tool referred to as the ZOOM system for the solution of the ILP formulation. In the sequel, we demonstrate that the NA problem
may also be formulated within a similar ILP framework, based on the strategy of
the complete partitioning (CP) of the link capacities (among the set of distinct
bandwidth classes as well as the set of distinct source-destination types). It may
be noted that the routing problem in this specific case is implicit within the access control problem, due to the assumption of the complete partitioning of the
capacity of each link.
In order to remove the rather restrictive conditions imposed by the CP-

based solution for Problem NA, we investigate an alternative approach based on
the complete partitioning of the capacity of each link among the distinct bandwidth classes, and the complete sharing (CS) of the capacity allocated to each
bandwidth class among the different traffic types (distinguished by the different
source-destination pairs) belonging to this bandwidth class. As the first step in
accomplishing this goal, we consider in the latter half of Chapter 5, the (simplified) case of a network, the traffic classes supported by which require identical
bandwidths, and investigate the problem of traffic routing in order to minimize the
overall blocking probability. The methodology adopted is a modified version of the
distributed routing algorithm proposed by Gallager [43] for packet-switched networks. In order to ensure the mathematical tractability of this approach, we invoke
the assumption of independence of the blocking phenomena at the different links
of the network. We refer to this variation as the distributed minimum

I08S

rout-

ing algorithm. Finally, for the general case of networks with dissimilar bandwidth
classes (as well as distinct source-destination types), we propose in Chapter 5 an
integrated access control and routing scheme based on a hierarchical approach. In
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this scheme, the control of network access by the traffic types belonging to different bandwidth cl88se8 is implemented by the network supervisor periodically, from
solving of an appropriate ILP formulation. This procedure decomposes the circuitswitched subsystem into several subsystems with each subsystem corresponding
to a particular bandwidth el88S. Within each such subsystem, a complete sharing
policy is adopted in the allocation of the bandwidth to the traffic cl88se8 distinguished by different source-destination pairs. The routing of traffic within the
subnetwork corresponding to each bandwidth el88S is realized by the application
of the minimum loss routing algorithm described earlier, on a distributed b88is. In
this sense, the access control and routing functions are performed by the supervisor, and the individual nodes operating at two different hierarchical levels and on
two different time scales. The methodologies presented in Chapter 5 are validated
by appropriate numerical examples.
Finally, Chapter 6 sununarizes the results of the investigations reported in
this dissertation and suggests some possible extensions of this study.
The major contributions of this dissertation are:
(i) The development of an optimal adaptive buffer management scheme for the
packet-switched subsystem at an ISDN node,
(ii) The integration of the TASI multiplexing scheme, and the Moveableboundary hybrid-switching scheme in order to implement a mechanism for
the control of packet congestion at an ISDN link, at the cost of a marginal
increase ill the freezeout probability of the circuit-switched traffic,
and
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(iii) The investigation of the access control and routing problems in the circuitswitched subsystem of an ISDN, leading to the development of an integrated
access control and routing scheme based on a hierarchical approach.
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CHAPTER 2
PREVIOUS WORK IN THE DEVELOPMENT OF
RESOURCE MANAGEMENT SCHEMES
FOR COMMUNICATION NETWORKS

2.1 Introduction

In this chapter, we conduct a survey of the various schemes proposed for the

management and control of resources in communications networks. As discussed
in the previous chapter, a traditional classification of communications networks
can be made into two generic classes: circuit-switched and packet-switched. The
former class is comprised of networks which are ideally suited for the transmission
of the correlated traffic types and the latter class consists of networks which are
suitable for the transmission of the bursty traffic types. In view of the objective
of integrating a wide diversity of applications on a single shared physical network,
the switching and transmission scheme employed in the emerging ISDNs would
therefore be based on a hybridization of the circuit and the packet switching
technologies.
For the efficient utilization of the network resources in an integrated environment, appropriate protocols need to be adopted by the network management
module in order to exercise control over the allocation of these resources to the
competing users. The exact nature of these protocols depends on the switching and
transmission technique, as well as the geographical scope of the network. Some of
the principal forms of control relevant in the context of circuit-switched networks
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are (i) call routing and (ii) access control. Analogously, the typical control problems of interest at the network and transport layers of packet-switched networks
are (i) routing, (ii) flow control and (iii) buffer management. The significance of
these management problems attains a new dimension in the ISDN context, due to
the interaction between the circuit- and the packet-switched multiplexing schemes
coexisting on the same physical network.
The design of algorithms for the control of communications networks is
guided by the choice of appropriate performance objective functions. As discussed
earlier, the representative performance indices chosen in the context of circuitswitched networks are the call blocking probability and the bandwidth utilization, and those chosen in the context of packet-switched networks are the packet
throughput (or, equivalently, the packet blocking probability) and the expected
packet delay. With reference to the nature of the performance objective function, the family of optimal resource management algorithms may be divided into
(i) the class of individually optimal schemes and (ii) the class of socially optimal
schemes [18,19]. The design philosophy of "individually optimal" management
policies is based on the optimization of performance criteria for the individual
users considered independently, so as to arrive at a competitive equilibrium. The
"social optimization" criterion, on the other hand, is based on the management
and allocation of resources such that an aggregate system-wide objective function
is optimized. Additional details regarding these two classes of performance objective functions are available in [18]. It has been demonstrated in [20] that the
implications of the social and the individual criteria are equivalent under symmetric traffic loading conditions. However, in the more general case of unsymmetric
traffic conditions, the network performance realized by the employment of control
schemes based on these two criteria tend to differ significantly.
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A second feature in classifying the resource management schemes is based
on whether these schemes are centralized or decentralized. A centralized scheme
is implemented by means of a network control center that collects the global information of the network status periodically from the network nodes. The main
advantage of a centralized approach evolves from the simplicity of implementation facilitated by the concentration of all control functions at a central location.
Nevertheless, the centralized approach has the major drawback of vulnerability
to the failure of the network control center. An alternative to the centralized approach is the implementation of fully decentralized algorithms which require that
the individual nodes of the network implement the control functions in a fully
distributed fashion, with little coordination. Typically, the control decisions in
this case are based on the status information local to the node, and the partially
global information obtained from the neighbouring nodes (by a status information
exchange protocol). While the decentralized control schemes merit from their robustness with respect to the link and node failures, they suffer from an increased
information overhead, and furthermore, these schemes cannot in general attain the
optimum overall performance.
Control of large-scale systems, such as communications networks, with multiple performance criteria is a problem that has received considerable attention in
the literature, and one of the effective approaches proposed for developing satisfactory solutions is the hierarchical approach [59]. The major goal of the hierarchical
approach is the integration of the desirable features of both the centralized and the
decentralized methods in the control of the system (communication network). The
basic philosophy underlying a hierarchical control approach is the decomposition of
the large-scale problem at hand into several smaller lower-level subproblems, and
the modeling of the interactions between these subproblems in terms of a coordinator (or supervisor). Typically, the dynamics of the lower-level problems change
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on a time scale much faster than that of the coupling network between them, and
the slow trajectories of the latter network are controlled by the supervisor. There
are several interesting results available in the literature which have evolved from
the recent efforts in the design of control schemes for communication networks,
based on the hierarchical approach. The essential details of some of these results
are discussed in Section 2.3.
In addition to those discussed above, yet another basis for classifying network control schemes is according to how fast these schemes respond to fluctuations in the traffic demand and changes in the network topology. Specifically,
there are three types of network control algorithms distinguished as (i) static,
(ii) quasi-static, and (iii) dynamic algorithms. In a static resource management
policy, the control decisions are computed a-priori based on some average network
characteristics, and implemented at the initiation of network operation. These
decisions remain fixed throughout the course of network operation, regardless of
the traffic load variations and topological changes. It is evident that this strategy would be highly inefficient in networks subject to dynamical changes. In view
of this limitation, almost all WAN's employ some form of adaptive management
policy to compensate for the varations in load and topology. Depending on the
time scale of implementation, the class of adaptive schemes may be further divided into quasi-static schemes and dynamic schemes. In quasi-static algorithms,
the network status information is monitored and the control parameters updated
only at periodic time epochs. Typically, the interval between successive updating
epochs is much longer than the time constants of the dynamics of the network,
and these algorithms essentially assume that steady-state conditions are reached
between successive updates. In dynamic network management schemes, on the
other hand, the control parameters are updated continuously in order to follow
the instantaneous variations within the network. While the dynamic approach
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could theoretically provide the absolute optimum performance in an environment
of changing traffic loads and network topology, it is extremely difficult (if not impossible) to implement this scheme in practice due to the nodal processing time,
the convergence and stability aspects of computations, and the distributed nature
of the network status information.
The objective of this chapter is to conduct a review of some of the pertinent
modeling and control methodologies proposed for the circuit- and packet-switched
networks, and the recent developments in the modeling and control of integrated
communication systems. The remainder of the chapter is organized as follows. Section 2.2 discusses the various developments in the management of circuit-switched
networks. This is followed by Section 2.3 which focuses on the current status of
research in the management of the packet-switched networks. Section 2.4 is concerned with the various multiplexing techniques proposed for ISDN's. In particular, we provide a detailed description of the design and architectural aspects of the
hybrid-switched multiplexer which forms the basic building block of the emerging
ISDN. Finally, Section 2.5 presents a few relatively recent results in the design of
schemes for the management and control of integrated networks, and provides the
motivation for the investigations conducted in the subsequent chapters.

2.2 Resource Management Schemes for Circuit-Switched Networks

The interest in the problems of access control and routing in circuitswitched networks dates back to the advent of telephony. However, the conceptualization of the integrated network that caters to a wide variety of applications (such
as conventional telephony, hi-fi audio and video) with dissimilar characteristics has
added an entirely new dimension to the significance of these problems, and accentuated the need to design fast control algorithms that can be executed in real-time
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environments. The classical dynamical theory of telephone traffic was initiated by
Erlang [21,22] based on the assumptions of (i) negative exponential distributions
for mutually independent call holding-times and (ii) randomly originating traffic.
The initial work of Erlang resulted in a characterization of the blocking probability of a circuit-switched multiplexer considered in isolation based on Markovian
assumptions. Specifically, if we assume that the arrivals of calls (customers) to a
multiplexer (service facility) form a Poisson process with parameter A, and that the
service times of the stream of calls are exponentially distributed with parameter 1',
then this scenario may be modelled in the conventional Markovian framework, and
the parameters of interest can be computed using Queueing theoretic arguments.
The state transition diagram and the stochastic generator matrix [21] corresponding to the queueing model representation of the circuit-switched multiplexer facility
are given respectively by Fig. 3.2 and Eqn. 3.1. By a recursive solution of the set of
balance equations implicit in the state transition diagram (Fig. 3.2), it may easily
be shown that the blocking probability PB of the multiplexer is given by
(2.1 )
where m denotes the number of circuit-switched channels available at the multiplexer. The initial efforts in the performance characterization of telephone networks were based on an analysis of the individual links considered independently,
in the manner discussed above; however, it should be borne in mind that this approach disregards altogether the important coupling that exists between the traffic
components on the different links of the network.
The problem of choosing an appropriate strategy for the control of access to
a network (considered as a whole) by the different classes of customers, and that
of choosing "'good" routes for the flow of information within the network is vastly
complicated by the difficult questions surrounding the collection, updating, and
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relevance of infonnation about the aggregate state of the system [23]. Clearly, there
is a whole spectrum of possible choices for making available the state infonnation,
ranging from no information at all to the opposite extreme of full knowledge of the
exact state of the interconnection network. This in tum underscores the need for
a practical compromise between total ignorance and a rather expensive, complex
(and often Wlrealistic in dynamically changing environments) scheme based on
perfect information about the total network state. The methodology proposed by
Erlang could in theory be extended to the context of networks of links; however
the "curse of dimensionality" incurred by this approach renders it impractical even
for small networks.
One of the pioneering efforts in the development of control schemes for
circuit-switched networks has been due to Benes [23,24,25]. The approach suggested by Benes for the routing of telephone traffic is suitable for the case of
perfect information, in which the microscopic state of the interconnection network
is assumed to be available to the decision maker on an instantaneous basis. Accordingly, the "state" of the telephone network being controlled is represented by a
Markov stochastic process x t defined by some simple probabilistic and operational
assumptions. In this context, the term "state" refers to an abstract representation
of the instantaneous configuration of calls between the various tenninals across the
network (of arbitrary topology), along the various routes. To aid the description
that follows, let the exhaustive set of all possible states of the network be denoted
by 5. ruther, for each state x E 5, let 5 z denote the set of states reachable from
x by the addition (setup) of a single call, and let

Bz denote the set of states reach-

able from x by the removal (hangup) of a single call. Additionally, let the vector
of the steady-state probabilities of the states in 5 be denoted by p. Based on the
assumptions of Poisson call arrivals and exponentially distributed service times,
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and following the arguments given in [25], one may define the stochastic generator
matrix Q of the process x" the (xy)th element of which is given by

Qz, -

1',

Y E Bz;

-

'xr z "

-

-l'lxl- ,Xs{x),

-

0,

y E Az;
y = x;

otherwise;

(2.2)

where Ixl denotes the number of calls in progress in state x; r z , denotes the (xy)th
element of the matrix R of state-dependent routing probabilities; and s{ x) =

From the information representation scheme given above, the steady-state
probability vector p may be computed using the set of equations given by pQ = 0,
along with the normalization condition given by Ezes pz

= 1,

where pz denotes

the steady-state probability of the state x. In addition, the network-wide probability PB of call blocking may be computed by
(2.3)
where f3z denotes the number of idle inlet-outlet pairs that are blocked in state x
and

Oz

denotes the total number of idle inlet-outlet pairs in state x. Based on

certain algebraic, combinatory and probabilistic notions, Benes provides an elegant
scheme for the computation of the above parameters [25].
The results of the blocking probability analysis conducted by Benes in [25]
are utilized in the formulation of a routing problem in [23], the objective of which is
the computation of the routing parameters {r z,} in order to minimize the overall
blocking probability PB. The development in [23] leads to a conceptually simple linear programming formulation of the routing problem in circuit-switched
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net.works. This formulation, and the solution techniques are discussed in detail
in [23].
In spite of the mathematical precision of the methodology proposed by
Benes, it is evident that the enormity of the number of states to be considered
(and therefore the number of terms in the objective function, and the dimensionality of the constraint set) renders it infeasible in practical communication
networks. In addition, the state representation scheme used in this approach does
not take into account the case of multiple traffic types with heterogeneous bandwidth requirements, and is therefore inadequate to model the scenario encountered
in modern ISDN's.
The problem of dynamic routing in telephone networks has been addressed
by Ash et al. [26]. In this work, the authors have proposed a unified algoritlun (UA)
for implementing the routing function. Basically, three types of routing methods
have been considered, and these methods are referred to as (i) progressive routing,
(ii) multilink path routing, and (iii) two-link path routing. In progressive routing,
a call progresses through the network one switch at a time without retracing its
path, until it either reaches its destination or arrives at an intermediate switch
from which it has no outlet. In multilink path routing, a call blocked by a busy
trunk group on a path may use the capability of the network controller to 9JWk the
call ~ to the originating node, and attempt the next path in the route. Finally,
the two-link path routing scheme is identical to multilink routing, except that any
path from each origin node to the corresponding destination node may consist of
at the most two links. In [26], the authors examine the relationship between the
(nonlinear) network cost function (which is dependent on the blocking probability)
and the applied load. By a linearization of the objective function around the nominal operating point, the dynamic routing problem could be formulated as a linear
programming (LP) problem, the solution to which yields the routing pattern to be
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implemented during the different hours of the day. Additional details regarding the
design and implementation of this dynamic routing scheme are available in [26]. In
a subsequent paper, Ash, Kafker and Krishnan [27], also discuss the servicing and
real-time control of networks which employ the dynamic routing scheme proposed
in [26].
More recently, Narendra and coworkers [28-31] have proposed a very noteworthy routing algorithm for circuit-switched networks based on learning automata. The underlying operational policy of this scheme is the adaptive, probabilistic routing of incoming calls. In this approach, the routing probability associated with each type (designated by the source-destination pair) of calion each
outgoing link of an intermediate node in the network is updated according to a
learning algorithm based on rewards and penalties. To be specific, let the probability of routing a type-t calion the ph outgoing link of the kth node at the instant
of arrival of the nth call be denoted by p~j (n). Then, the call that arrives at node k
at the nth instant is routed along one of the set {I, 2, ... , r tit} of outgoing links,
say link j, in a probabilistic fashion, with the probability of routing the calion
link j being given by p~J (n). If this routing attempt is completed with success,
then the corresponding routing variable p~ is increased by a small amount (for
subsequent routing attempts) and the other routing variables (corresponding to
the other outgoing links at node k) are decreased proportionately so as to maintain
the conservation of the sums of probabilities. On the other hand, if the routing
attempt meets with failure, then p~j (n) is decreased by a small amount, with the
other variables ({p~'(n), I

:f: j}) being increased appropriately.

In this manner, the

controllers at the different nodes of the network functioning independently learn
the state of the network gradually and converge to a steady-state routing pattern
that minimizes the probability of call blocking. The adaptation of the routing variables is conducted by the following linear updating rule. To aid the description of
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this rule, let the increment p,J(n + 1) - p,J(n) be denoted by ~p,J(n). Assuming
°

°

°

that the link i is chosen for the routing of the call that arrived at the nth instant,
the increment ~p~j (n) is computed using
k
~p,J(n)
O

-

~p~i(n) -

-

k

O

-ap,J(n),

= O,j =I i;
kj
bp, (n), x(n) = l,j ¥- i;
x(n)

b
1 r'k a(1 - p~i(n)),
_bp~i(n),

x(n) = 0;

x(n)

= 1;

where the parameter x(n) functions as the ind:"ator of blocking (i.e. x(n)

(2.4)

= 1 if

the call is blocked, and x( n) = 0 otherwise), and a and b constitute the two design
parameters of the learning algorithm. Depending on the choices of a and b, two
special cases have been identified. The symmetric case of a = b leads to what is
known as the

LR-P

algorithm and the infinitesimal case of b = o(a) leads to what

is known as the L R -

fP

algorithm. Note that the fonner version corresponds to

maintaining the rewards (a) and penalties (b) equal, whereas the latter one corresponds to maintaining the penalties infinitesimally small compared to the rewards.
A rigorous mathematical treatment of these two versions of routing algorithms
based on learning automata, and a comparison of the respective performances are
available in [28].
The scheme proposed by Srikantakumar and Narendra [28] is of special interest due to the lack of inter-nodal infonnation exchange it requires, and due to its
suitability for decentralized implementation. However, the methodology proposed
by these authors is limited in its scope to the implementation of optimal routing
algorithms for traffic classes requiring identical number of slots (single bandwidth
type); it does not address the access control problem that is crucial in a network
that supports diverse types of traffic.
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Due to the inadequacies of the earlier proposals for resource management
in circuit-switched networks, there have been several additional efforts recently
in the development of novel methodologies. The routing algorithm reported by
Gersht and Shulman [32] attempts to maximize the residual link capacities over
the entire network subject to a set of circuit cost constraints. As the objective
function considered in [32] is not a smooth one, the routing problem is decomposed
into a sequence of smooth convex optimization problems, and the optimal routing
strategy corresponding to the original problem is obtained as the limiting case
of the sequence of optimal solutions for this sequence of smooth optimization
problems. Garcia, Gopinath and Varaiya [33] have attempted to formulate the
problem of routing in circuit-switched networks within the framework of optimal
control theory. The "myopically optimal policy" (MOP) that these authors have
proposed is dependent, however, on the (rather unrealistic) assumption that the
loss probability of each trunk-group in the network does not vary with the amount
of traffic assigned to it. Methods have also been suggested in [33] to circumvent
this limitation; nevertheless, the complexity of the resulting algorithms render
them unattractive with regard to implementation in realistic networks. In a recent
publication, Kelly [34] has proposed a distributed scheme for the routing of circuitswitched traffic in order to maximize the overall "revenue" over the entire network,
where the flows on the different links in the network are assigned weighting factors
in an arbitrary fashion. This strategy makes essential use of the assumption of
independence of the traffic conditions on the different links of the network. Even
though this assumption is not very realistic in the context of circuit-switched
networks, it could be justified in view of the computational advantage it provides
which is necessary in the development of effective control schemes. However, the
arguments employed in the design of the above routing scheme are of an ad-hoc
nature, and therefore this scheme does not lead to the optimization of any of
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the physical perfonnance criteria, such as the blocking probability or the network
utilization.
Based on the assumption of independence of traffic on the different links of
a circuit-switched network, Srikantakumar [35,36] has proposed an optimal flow
management scheme for call routing. In this work, the author has been able to
show that, subject to certain assumptions regarding the expressions for the blocking probabilities of the links of the network, the optimal routing scheme is one
that equalizes the biased blocking probabilities on all the outgoing links at each
node of the network. A very desirable feature of this approach is its feasibility
of implementation in a distributed fashion. Nevertheless, the basic methodology
relies heavily on certain unrealistic assumptions regarding the nature of the link
blocking probability fWlctions, and furthermore, it does not take into account the
aspect of access control in multiple bandwidth type environments. Very recently,
Maglaris et al. [106] have proposed a voice routing scheme for integrated networks
that employ burst switching (a fonn of fast circuit switching) for the transmission
of voice traffic. One of the major shortcomings of this scheme is the assumption
of the presence of a fixed number of connected circuit-switched calls. As a consequence of this assumption, the routing parameters will need to be updated at the
arrival and departure instants of each circuit-switched call, and this policy will be
impractical in a (realistic) network of large dimensionality.
Perhaps the most significant limitation associated with the development of
control schemes for circuit-switched networks is the difficulty in the computation
of the network end-to-end blocking probabilities. Subject to the assumptions of
Poisson distributed call arrivals and exponentially distributed service times at each
link in isolation, the well-known loss fonnula of Erlang [21] may be applied for the
direct computation of the link blocking probability. However, when the link is considered as part of a network, its blocking probability will be a fWlction of numerous
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other parameters, such as the traffic at other nodes, capacities of other links, network topology, etc. Therefore, an exact microscopic representation of the network
state, such as the one employed in [23] will be necessary for the precise computation
of the link and the end-to-end blocking probabilities [114]. Such a state representation strategy, however, would be formidable from a computational point of view
even for relatively small networks. This drawback is further accentuated by the
need for the adaptive implementation of the control algorithms, generated by the
non-stationary nature of the traffic conditions. However, if we employ the assumption of independence of blocking probabilities on the different links of the network
(similar to the commonly used independence assumption for packet delays on the
different links of a packet-switched network), then it would be possible to express
the end-to-end blocking probability as a linear combination of the link blocking
probabilities (which are computable using Erlang's formula). It may be noted that
the link independence assumption has been utilized as the basis of some of the
recent studies on circuit-switching [34-36, 115-117]. Furthermore, this assumption
will closely approximate the actual behaviour of tightly interconnected networks,
with several calls of diverse source-destination types sharing common paths [35].
In view of the aforementioned advantages, the link independence assumption will
be employed in the development of the routing scheme presented in Chapter 5.

2.3 Resource Management Schemes (or Packet-Switched Networks

In this section, we review the various techniques proposed in the literature
for the control of packet-switched networks. As pointed out earlier, some of the
major control problems of interest in the context of packet switched networks fall
into the categories of (i) routing, (ii) flow-control and (iii) buffer management.
In this section, we present the essential details of some of the more prominent
schemes proposed for the realization of these control functions.
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Perhaps, no aspect of the design of packet-switched networks has received as
much attention as the problem of routing. The selection of an appropriate routing
algorithm is a fundamental design choice in the operation of a packet-switched network, and therefore the routing protocol constitutes one of the principal functions
of the network layer within the OSI Reference Model [37]. As discussed earlier,
there are two distinct classes of routing referred to as the datagram routing and
the virtual-circuit routing.
One of the conceptually simple routing algorithms that is widely used in
practice is the shortest path routing algorithm. The principal idea behind the
shortest path routing scheme is to find the path through a network between a
given pair of nodes that has the minimum total length. The "length" metric to
be minimized in this context is normally chosen as the path distance, the link
delay, or some other appropriate function of network congestion and transport
cost, detennined on a link by link basis. One of the most efficient methods for the
determination of shortest paths in networks is due to Dijkstra [38]. The algorithm
proposed by Dijkstra identifies the set of shortest paths (i.e., the minimum weight
spanning tree) from a given source node to all other nodes of the network, using a
step by step procedure. The basic idea in this approach is to find the shortest paths
in the order of increasing path length. Accordingly, at each iterative step k, the
algorithm determines the k nodes that are "closest" to the source node, along with
the associated shortest paths. Let Nt denote the set of nodes that are closest to
the source node at the ph iteration. Further, let the length of the direct link from
node i to node i be denoted by l( i, j); it is understood that l( i, i)
link exists. Additionally, at the

kth

= +00 if no such

iterative step, let Dt(n) denote the distance

from the source node to node n along the shortest of the group of paths such that
these paths visit only the nodes included within the set Nt. Representing the nodes
by positive integers, with 1 denoting the source node, the algorithm proceeds as
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follows. At the initial step, the algorithm sets Nt

= {I}, and

D t (v)

= l( 1, v)

for

each node v that is not included in Nt. At each subsequent step k, the algorithm
finds a node w not included in Nit for which DIt( w) is a minimum, and adds

W

to Nit to form the set NIt+t. Further, the distances DIt( v) for the remaining nodes,
not in Nit, are updated according to the following rule:
DIt+t(v)

+-

min [DIt(v), DIt(w)

+ lew, v)]

This procedure is repeated until the set N K consists of all the nodes in the network,
and thus the shortest paths from the source node to all other nodes have been
identified. Based on these ideas, there has been a considerable amount of work
in the development of shortest path algorithms that are computationally efficient,

and which can be implemented in a decentralized fashion [39].
The first mathematical approach to solving the routing problem from a
"network optimization" point of view has been the flow deviation algorithm developed by Fratta, Gerla and Kleinrock [40]. The basic idea behind the flow deviation
algorithm is to deviate the link flows (i.e. traffic rates on the links) from the set of
congested paths to the set of lightly loaded paths, so as to optimize an appropriately chosen cost function which depends on the flows carried by the various links.
Accordingly, if we let C denote the set of links in the network, a cost function C
of the fonn shown below may be minimized in order to obtain the optimal flows:

C =

2:

Dij(Fij ),

(i-jlEC

where each tenn Dij constitutes a monotonically increasing function of the average
flow Fij on link (i - j) E C. Kleinrock [41] had earlier shown that a packet-switched
network could be modeled as a Jackson Network of queues, with each link being
represented as an independent M/M/1 queue. From this model, the total average
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network delay T can be expressed as a function of the link flows in the following
fashion:

T.!.
-

where

"y

"V

L

, (i-j)EC

Fij

C·· - F, .. '
IJ

IJ

denotes the total traffic load on the entire network and C ij denotes the

capacity of link (i - j). Based on the above delay expression, chosen as a suitable
performance objective function, Kleinrock et al. formulated a nonlinear programming (NLP) problem to determine the optimwn flow assignment on each link. The
constraints in this formulation ensure that the flow on each link does not exceed
the link capacity, and that the total flow into each intermediate node equals the
total flow out. Noting that the performance objective T is a convex function, and
that the constraints in the formulation of the problem are also convex, it is clear
that the global minimum of the above multicommodity flow problem is unique. In
view of this fact, it is evident that the NLP formulation lends itself to the steepest descent technique for the determination of the global minimwn. In particular,
the Frank-Wolfe method for solving general nonlinear programming problems with
convex constraint sets has been employed in [40] to solve the optimization problem.
The resulting iterative algoritlun, named the Flow Deviation algorithm, yields the
optimal solution (the set of optimal link flows Fij ); however, its convergence rate
near the optimum tends to be rather slow.
In a more recent development, Gallager [43] considered the problem of determining the optimal routes in a quasi-static fashion, to minimize the overall
network delay. The methodology developed by the author is comprised of an iterative decentralized solution technique for the optimal flow assignment problem,
and a strategy for the computation of the routing variables. Furthermore, this
routing algorithm ensures freedom from the "looping" phenomenon, given that
an initial loop-free assignment of the flow variables is effective. The key idea in
the development of Gallager's algorithm is the notion that the optimwn choice
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for the addition of new traffic to the network should be along that path which
causes the least increment in the overall delay, corresponding to a small increase
in the traffic intensity along this path. It is assumed that the delay at each link
is a convex function of the flow rate on that link, and this assumption has lately
been shown [45] to be tantamount to a representation of the network in terms of
the Jackson queueing network model, as suggested by Kleinrock.
In Gallager's scheme, it is assumed that each node i can measure, or compute, the value of the derivative D: j of the delay with respect to the flow Fij , on
each link (i - j) in the set of outgoing links from node i. FUrther, each node i
stores a matrix I DT( i), called the incremental delay table. The (k, j) th element of
this matrix, denoted by IDT(i)(k,j), represents the partial derivative of the total
delay with respect to the flow intensity of the k-type traffic (i.e., traffic with destination k) on link (i - j). In [43], this parameter is referred to as the estimate of
the "incremental delay" caused by routing a unit amount of k-type traffic through
the neighbor j. In addition to the incremental delay table, each node i maintains
a routing matrix (or routing table) R(i), the (k,j)th element of which (denoted
by r~j) represents the fraction of the k-type traffic at node i that is routed through
neighboring node j. From the matrix IDT(i) and the matrix R(i), a vector IDV(i)
(incremental delay vector at node i) is computed using the relation given by
IDV(i)(k)

=

L

r~IDT(i)(k,j),

jEE(i)

where E(i) denotes the set of nodes j such that (i - j) is a link in the network,
and IDV(i)(k) denotes the kth element of the vector IDV(i). It may be noted
that the parameter I DV( i) (k) has the physical significance of the increment in
the total delay caused by a unit increase in the input rate of the k-type traffic at
node i. One of the integral components of the routing algorithm of Gallager is a
periodic exchange of the I DV variables between adjacent nodes. Subsequent to
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the reception of the parameter I DV(i)( k) from each downstream node j at each
updating epoch, node i updates its local I DT parameters using the set of relations
given by

From the incremental delay table, the routing variables can be calculated
and the routing tables updated. According to the updating policy adopted,
for each pair (i, k), the value of the particular routing parameter r~j such
that IDT(i)(k,j)

= m;n IDT(i)(k, I)

is increased by a small amount, and the val-

ues of the other routing parameters (r~, 1 =F j) are decreased proportionately. This
strategy effectively implements in a distributed fashion, the basic philosophy of
deviating traffic Bows from congested paths to lightly loaded ones. It may be noted
that a few additional protocol functions must be incorporated into the basic scheme
in order to ensure the loop-freedom of the resulting flow assignments. These procedures, and other specific details of the distributed implementation are available
in [43). It has been shown in (43) that the distributed minimum delay routing algorithm of Gallager converges under stationary loading conditions. Based on this
characteristic, it is claimed that the minimwn delay algorithm can also adapt to
infrequent variations in the traffic loading conditions and the network topology.
There have been several extensions to Gallager's algorithm [7,44,45,46) with
the prime intention of speeding up the convergence rate by the employment of
gradient projection methods involving second derivatives. In fact, it may be noted
that the significance of Gallager's method emerges from the fact that it has inspired
several other pragmatic schemes [47) based on this fundamental idea, rather than
from the ease of its implementation in real networks.
An important class of schemes proposed for datagram routing is based on
a state model approach and optimal control theory. Of particular interest is the
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dynamic routing scheme proposed by Segall [48]. The majority of existing state
model approaches focus on dynamic routing, which is useful when congestion occurs either due to sudden changes in traffic loads or due to failures in network
components. It is well known that the precise modeling of such phenomena using
queueing theoretic techniques would be difficult, and there are only a very limited
number of results reported in the literature. The state variable approach is employed to circumvent the need for a detailed stochastic modeling of the network,
by using a macroscopic state model and the well known techniques of optimal
control theory. One of the limitations of the basic scheme proposed by Segall [48],
however, is that the determination of the explicit expressions for the optimal flows
is extremely difficult due to the computational complexity and convergence problems associated with the co-state equations in the optimal control formulation.
Several solution methods have been proposed for the determination of the optimal
feedback control, such as constructive dynamic programming, linear programming
and application of maximal flow algorithms. However, most of the results arising
from these methods are limited to congestion clearing under heavy deterministic
loads in single destination networks [49].
One of the first analytical approaches to the study of the virtual circuit
routing problem was undertaken by Segall [50] who adapted Gallager's distributed
routing algoritlun [43] to route virtual circuits in packet-switched networks. The
basic principle in the implementation of this scheme is similar to that of Gallager's
scheme in that the incremental delays from each node to the various destination
nodes is used to compute the routing variables of that node, with the purpose of
deviating flows from congested routes to lightly loaded routes. The main difference, however, stems from the nature of the decentralized updating of the routing
variables. In addition to the updating of routing variables, each node must (i) cancel a virtual channel on an outgoing link when the corresponding session is over,
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(ii) reroute a "portion" of the virtual circuit of an ongoing session along a different
outgoing link, if necessary, and (iii) update the local incremental delay vector. It
may be noted that the updating of the routing and the incremental delay vectors
propagates upstream from the various destination nodes to the respective source
nodes, while the rerouting of channels propagates downstream from the source
nodes to the destination nodes. From these characteristics, it is clear that Segall's
algorithm essentially treats the virtual circuits in a datagram fashion, since it requires rerouting of active circuits and the splitting of virtual circuit streams into
portions which can travel along different routes.
Other mathematical approaches to the virtual circuit routing problem focus, by and large, on shortest path algorithms, and methods for the efficient, distributed computation of the paths in a quasi-static fashion. For example, Baratz
and Jaffe [51] propose a method for clustering a large network in order to implement the shortest path routing on a hierarchical basis. A more theoretical study
was conducted by Tsitsiklis and Bertsekas [52], who proposed a distributed gradient projection method for asynchronously detennining the shortest paths in
virtual circuit networks. It was shown that the algorithm converges in the limit to
a neighborhood of the optimal network routing strategy, under stationary traffic
conditions. In similar studies, Tsw [53] employed the gradient projection method
to provide decentralized adaptive routing of virtual circuits in a quasi-static fashIon.

In a recent work, Tipper [67] has proposed a novel routing scheme for virtual
circuits based on a state model approach. In this work, a new state variable modeling approach is used to characterize the dynamics of a virtual circuit network in
terms of time-varying average queue lengths. The state model is derived from the
Bow conservation principle applied at each node of the network, and describes the
behaviour of the paths through the network between a given source-destination
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pair. Using this model, precise optimal control problems are fonnulated to determine the virtual circuit routing path that optimizes the network perfonnance. In
addition, this fonnulation explicitly accounts for the effect of including a window
flow control scheme (discussed later). A solution algorithm for this optimal control problem which is based on a combination of Hamilton-Jacobi arguments and
mathematical programming techniques is discussed in [67]. The routing schemes
thus obtained are adaptive in nature and can be implemented in a decentralized
fashion by a periodic exchange of state infonnation, with the individual nodes
perfonning the required computations.
The primary objective of implementing a flow control policy is the prevention of congestion within the packet-switched network. The occurrence of congestion, as described earlier, interferes with the error recovery mechanisms and causes
repeated and wasteful retransmissions of packets. In addition, a network congestion could lead to deadlocks, which in turn cause a degradation of the throughput
perfonnance. As mentioned earlier, there are primarily two levels of flow control,
namely, the link-level flow control and the end-to-end flow control, implemented
respectively within the Data Link layer and the Network layer of the OSI Reference
Model [37].
The principal objective of flow control at the data link layer is the maintenance of a smooth flow of packets across each link of the network. In the case of
point-to-point links, the data link flow control function involves speed matching
and the avoidance of buffer congestions. Flow control at the data link level is usually imbedded within a link level error control protocol. In point-to-point links,
the Automatic Repeat Request (ARQ) scheme has been adopted universally in the
implementation of this combined error control/flow control strategy. According
to the ARQ protocol, each node that transmits a packet (or a group of packets),
buffers a copy of the packet (packets) until it receives an acknowledgement (ACK)

57
of correct reception from the receiver, or a negative acknowledgement (NACK)
indicating the occurrence of an error. Upon the receipt of a NACK, or after the
expiration of a timeout period (used to prevent the deadlock situation that could
otherwise result from the corruption or loss of a N ACK message), the transmitting
node retransmits the packet in question. On the other hand, upon the receipt of
an ACK message, the buffer is cleared, and the transmitting node is free to send
new packets.
There are a number of different ways of implementing the retransmission of
packets, the

mo~t

cocunon procedures being (i) the stop-and-wait protocol, (ii) the

go-back-N protocol, and (iii) the selective repeat protocol [54]. In the stop-andwait strategy, each node is restricted to transmit at the most one packet before the
receipt of the corresponding acknowledgement. Upon either the receipt of aN ACK
or the expiry of a timeout period, the buffered packet is retransmitted; upon the
receipt of an ACK, the buffer is cleared and the node proceeds with the transmission of the next packet. In the go-back-N procedure, each node is permitted
to transmit up to N packets in succession without waiting for an ACK. There is
however an individual ACK/NACK expected for each packet, and upon the receipt of a N ACK or at the expiration of the corresponding timeout period, the
packet in question and all packets following this packet are retransmitted. The
selective repeat procedure is similar to the go-back-N method in that up to N
unacknowledged packets can be transmitted at a time. However, in the case of
the selective repeat policy, upon the receipt of a N ACK or the expiration of the
timeout period, only the packet that caused the negative acknowledgement (or
timeout) is retransmitted. This naturally improves the throughput performance of
the network, but it could cause the packets to arrive out of sequence at the destination. Note that the go-back-N protocol is the most widely used ARQ scheme;
however, both the selective repeat and the go-back-N strategies are supported by
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the ISO Higher Level Data Link Control (HDLC) protocol which fonns a part of
the OSI recommended standard for the data link layer.
Many of the principal functions of flow control are perfonned at the network
layer within the OSI Reference Model [37]. At the network layer, the flow control
function is necessary to provide a smooth and orderly flow of packets between
network nodes which are not necessarily adjacent. The most commonly used fonn
of flow control at the network level is the window flow control. A communication
process between a sender and a receiver is said to be window flow controlled if
there is an upper limit imposed on the number of packets that can be in transit
between the sender and the receiver. This limit, a positive integer, is called the
window size W or simply the window. In a window flow-controlled network, at
the establishment of a communication session, the sender initializes a window or
permit counter to the window size W chosen for the session. After the transmission of each packet, the sender decrements the counter by one. When the counter
decrements to zero, the transmission of additional packets is suspended as long as
this condition prevails. The window count at the sender node is incremented at the
receipt of each acknowledgement issued by the receiver. If the packets are individually acknowledged, then the scheme is called a sliding window scheme, since each
acknowledgement increments (slides) the window count by one, thereby allowing
a new packet to be sent. If, on the other hand, the packets are acknowledged in
groups, then the corresponding window flow control scheme is referred to as the
swapping window scheme. Typically, only the last unacknowledged packet in the
swapping window is acknowledged, and the sender upon receipt of the acknowledgement reinitializes the window counter, thereby allowing W new packets to be
transmitted. As is evident, the swapping window scheme entails a lower overhead,
but this scheme has been shown to provide a lower throughput in comparison with
the sliding window scheme, for the same window size.
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Historically, the routing and the flow control problems have been attacked
as two separate entities, disregarding the strong coupling that exists between the
two. In order to exploit the efficiency of the routing and the flow control schemes
to the full extent, it is necessary to have a clear understanding of the interrelations
and coupling that exist between them. However, these interrelations have begun
to be identified only recently [55,56]. The interaction between the routing and
flow control functions may directly be explained by recalling that most adaptive
routing policies are dependent on traffic levels (or link flows) which are in turn
determined by the flow control procedure. This dependence can be interpreted as
follows. Under light loads, all of the offered load is carried by the network, i.e.,
the network throughput equals the offered load, and the interaction between the
routing and flow control functions is rather insignificant. However, under moderate
to heavy loading conditions, a portion of the offered load will be rejected by the
flow control algorithm, i.e., the network throughput will be equal to the difference
between the offered traffic and the rejected traffic, and the flow control protocol will
interact with routing to a significant degree in the determination of the network
performance. Only recently have studies on the integration of the routing and
flow control schemes begun to appear in the literature [55-58,60], and thus far no
formal classification of these schemes has been given. In the following, we discuss
some of the representative schemes featuring combined routing and flow control.
One of the noteworthy at tempts at combining routing and flow control
has been due to Gallager and Golestani [56]. In the combined scheme intended
for decentralized quasi-static implementation proposed by these authors, the flow
control policy is determined as an integral component of the solution to the optimization formulation employed for selecting the routing parameters. The first step
in the formulation of this optimization problem is the development of a suitable
objective function which combines the effects of the routing and the flow control
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parameters. Accordingly, let Ifj denote the external traffic demand arriving at
the source node i to the destination node j, and let

lij

denote the corresponding

throughput. Under heavy loading conditions, the flow control policy rejects a portion of the offered load Ifj . The consequent difference between Ifj and

may

lij

be interpreted as the dissatisfaction to the customer caused by flow control. The
objective function should therefore include a measure of this dissatisfaction, and
an appropriate choice for this measure would be given by
P ij ( lij) =

where

aij

and bij are a pair of positive constants chosen for each origin-destination

pair (i,j). It is clear that the larger the values of these parameters, the more
sensitive the system will be to the control of flow. By defining Kij

= Ifj

-

II]

as the amount of overflow traffic and substituting in the objective function given
above, one may obtain

The user dissatisfaction as given above is a convex function of K ij , and furthermore, it is of a form similar to that of the terms in the network delay function T
given by Eqn. 2.7. This similarity suggests that Ifj could be interpreted as the
maximum allowable flow in a fictitious direct link between the origin and the destination. Controlling the flow into the network may therefore be viewed as diverting
flow into this fictitious link. In the light of these considerations, one may formulate
the objective function T' for the combined routing and flow control problem as
follows:
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where U denotes the set of source-destination pairs. Note that this optimization
problem may be solved by employing any of the techniques suggested for the
traditional routing problem, such as the flow deviation method.
Other significant schemes that integrate routing and flow control were proposed by Lam and Lien [57], and Kobayashi and Gerla [58]. In the scheme proposed
by Lam and Lien, the problem of how to route a new virtual circuit through a
network of existing virtual circuits (i.e. network flows), such that the resulting
incremental increase in the network flow is a minimum, is considered. A closed
queueing network model is used to obtain the throughputs of the existing virtual
circuits, and ther.e quantities are used to parameterize an open queueing network
model of the packet network. The new virtual circuit to be routed is added to this
open network model by considering the inclusion of its traffic within the closed
sequence of tandem queues corresponding to each candidate route. The routing
problem is then formulated as a constrained shortest path problem which seeks a
compromise between an unconstrained individual optimization objective and an
overall network optimization objective, based on a step-by-step algoritlunic procedure. Kobayashi and Gerla [58] used a closed queueing network to model a window
flow controlled single destination virtual circuit network. Subject to the normal
assumptions to ensure the tractability of the model, the authors were able to prove
the convexity of the network delay function. Note that the window sizes assigned
for the various virtual circuits are assumed to be predefined in this model. The
routing problem is solved in [57] by minimizing the (convex) network delay function using a modified version of the flow deviation algorithm. Extension of this
methodology to the multidestination case has been shown to be difficult, due to
the nonconvexity of the corresponding network delay measure.
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Very recently, a quasi-static hierarchical scheme based on a state model
approach was proposed by Muralidhar and Sundareshan [60]. The principal contribution of this scheme is the realization of network control in terms of a two-level
hierarchy, implemented by a set of local routing and flow control parameters computed at the network nodes (based on local information), and a set of combined
routing and flow control parameters computed by the network supervisor on a
slower time scale. To accomplish this end, starting with the set of flow conservation equations at a node, Muralidhar and Sundareshan developed the following
state model, with the state x~(t) denoting the amount of k-type traffic that has
accumulated at node i( i =F k) at time t:

L

f~iX~(t)

+ (jt,

mEJ(i)

where lei) denotes the set of nodes {j} such that (j - i) is a link in the network.
Note that, in the above model, the term

{jt /b~

signifies the input buffer limit

ratio for the k-type traffic at node i, the term f~j denotes the routing parameter
for link (i - j) corresponding to the traffic type k, and the term l1t denotes the
combined routing and flow control parameter corresponding to the type-k traffic
at node i. The lower level control which is a modified version of Gallager's routing
algorithm [43] computes the f~j parameters in a decentralized manner, while the
higher level of control implemented by a supervisor computes the l1t parameters
in a centralized fashion so as to minimize a combined routing and flow control objective function. The development of this objective function is based on heuristics
and stability considerations.
One of the principal management problems which has particular significance
at a packet-switched network node is the buffer management problem. Basically,
the buffer management protocol is concerned with the allocation of the finite buffer
space available at a communication node to the different outgoing communication
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links so as to optimize an appropriate performance objective function (such as
the overall nodal blocking probability). The buffer management problem has been
studied extensively by several researchers [61-61]. For a brief presentation of some
of the existing buffer management algorithms, let us consider a packet-switched
network node comprised of R outgoing links and B buffers. It is asswned that
the traffic arrival rate to the

ph

outgoing link is denoted by

.x j

and the average

transmission time of packets on this link by JJCj, where Cj denotes the transmission capacity of the link in question. Within this framework, it is evident that the
simplest buffer management policy would be one that permits a complete sharing (CS) of the available buffer space among the set of outgoing links. It has been
shown [61] that the CS policy performs acceptably well under symmetric traffic
conditions. However, under unsymmetrical operating conditions (caused by unequal packet arrival rates or queue service rates), the CS policy tends to favor
the output links which are highly utilized. This failure to recognize the output
links that are at or near saturation results in the buffer space being monopolized
by packets waiting for the highly congested channels, while the other channels are
starved, due to the non-availability of sufficient buffer space. The resulting average
nodal throughput tends to decrease with increasing load, as a result of the buffer
congestion. This limitation of the CS policy has motivated the development of
restricted buffer sharing policies, where an upper limit is imposed on the number
of buffers allocated to each output link (channel).
The simplest form of restricted buffer management policy is the complete
partitioning (CP) policy, where the entire buffer space is permanently partitioned
among the output link <lueues, and where no form of sharing is permitted. In
terms of the nodal framework presented earlier, this scenario corresponds to the
the reservation of a certain bj number of buffers for each output link j such
that

E:=l bJ

= B. Effectively, this constraint restricts the number of packets
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waiting to be served by the

ph

link to be less than or equal to bj . It has been

shown that the throughput performance of the CP policy under light to medium
loading conditions tends to be marginally inferior to that of the CS policy. This
behaviour is caused by the buffers allocated to the lightly loaded links being underutilized by the corresponding packet streams, while being inaccessible to the
other packets (due to the prevention of sharing imposed by the CP policy). However, the CP scheme performs significantly better than the CS scheme under heavy
loading conditions, since no particular link, or group of links, can monopolize the
buffer and thereby cause congestion under this scheme. Additionally, the CP policy merits from superior delay characteristics in comparison with the CS policy
and is also a fairer policy.
Since neither the CP scheme nor the CS scheme ensures the best performance under all loading conditions, various modifications of these employing additional constraints have been developed. Some of the more notable approaches are
(i) sharing with a maximum queue length (SMXQ), (ii) sharing with a minimum

allocation (SMA), and (iii) sharing with a maximum queue length and minimum
allocation (SMQMA). The SMXQ policy proposed by Irland [62] is based on imposing a limit M j on the maximum number of buffers that may be occupied by
the packets destined for each link j. In order to provide a partial degree of buffer
sharing among the competing traffic streams, these maxima are chosen such that
their sum is strictly greater than the total number of buffers (i.e.,
It may be noted that an SMXQ policy with M j

policy, and one with

E7=1 Mj = B

=B

E7=1 M j

> B).

Vj is equivalent to the CS

is equivalent to the CP policy. In a similar

fashion, the SMA policy proposed by Kamoun and Kleinrock [63] is based on restricting the minimum number of buffers reserved for each link j to be
that

E7=1 mj

mj

such

~ B, and the unrestricted sharing of the remaining buffers among

the set of outgoing packet streams. Finally, the SMQMA allocation policy combines

65
the desirable features of both the SMA policy and the SMXQ policy by imposing
a maximum limit on the nwnber of buffers that may be occuppied by packets of
a certain stream, as well as a minimum limit on the nwnber of buffers reserved
for this stream. In [63], Kamoun and Kleinrock conduct a detailed analysis of
the various allocation policies discussed so far, and propose elegant computational
schemes for the determination of the performance parameters of interest (blocking
probability, throughput etc.). The methodologies proposed for all these schemes
other than the CP scheme tend to be rather complex however, and this renders the
determination of the optimal values of the design parameters (such as M j and m j)
quite difficult.
It may be noted that all of the aforementioned studies related to buffer

management have been conducted under the rather unrealistic assumption of nonvarying traffic conditions. In particular, in the ISDN context, the capacities available for packet transmission on the different links of the network exhibit significant
and very rapid fluctuations due to the frequent changes caused by the arrivals and
departures and the on-off pattern of the circuit-switched calls. Some of the relatively recent attempts at the development of adaptive buffer management policies
are reported in [65].
One of the significant contributions to the development of adaptive schemes
for buffer management is the quasi-static CP scheme proposed by Tipper and Sundareshan [66,67]. In view of the demonstrated advantages of the CP approach over
the CS approach (high throughput under heavy loading conditions, lower average
delay and fairness), and due to the simplicity of the fonner, the CP approach has
been chosen as the basis of the scheme developed by Tipper and Sundareshan.
In this scheme, the nodal buffer controller monitors the variations in the traffic
environment and periodically updates the buffer allocation. At each updating instant, a nonlinear programming problem is solved so as to minimize the overall
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blocking probability chosen as the perfonnance objective function. Due to the need
to cope with the frequent variations in the traffic arrival pattern, it is necessary
to have a fast real-time solution of this nonlinear programming problem. To this
end, Tipper and Sundareshan have also developed an analytic approximation to
the solution of the buffer management problem. However, this solution approximates the blocking probability at each outgoing link by its value corresponding to
a utility factor of 1. It may be noted that this assumption ignores the possibility
of unsymmetric arrivals to the outgoing links and hence could result in allocations
that are far from being optimal. This characteristic is especially pronounced in the
ISDN context where the loading on the packet subsystems (of the different links)
could exhibit frequent variations over a wide range due to the rapid changes in
the circuit-switched subsystems.

In the next section, we review the current progress in the design and analysis
of multiplexing techniques proposed for ISDN's.

2.4 Modeling and Analysis of ISDN Multiplexers

In the move towards an integrated communications system which will support a multiplicity of applications with diverse characteristics, some of the early
efforts of researchers were directed to the development of an appropriate scheme
for multiplexing the traffic from diverse applications into a common digital bit
stream to be transmitted on the integrated network [80-83,91,70-72]. Since the
initial versions of ISDN were envisaged to support the conventional telephone and
the conventional data traffic classes on a shared transmission medium, the emphasis in these efforts has been on the integration of these traffic components
on a shared multiplexer with the goal of maximizing the efficiency of bandwidth
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utilization. One of the earliest discoveries in this quest for the economy of bandwidth utilization has been the realization of the existence of what have come to be
known as "talkspurts" and "silences" (or the "on-off" pattern) in normal conversations [68]. A talkspurt or "on" phase of a speech source is an interval of time during
which the talker is actually generating (audible) information whereas a "silence"
or "off" phase is an interval during which the speech source is idle. Subjective studies indicate that an average speaker is idle for nearly 60 % of the duration of the
speech [68,69]. Furthermore, the mean durations of the talkspurt and the silence
intervals lie in the range of about 200 milliseconds to a second, depending on the
threshold level of the speech activity detection scheme employed [69]. In view of
these characteristics, the multiplexing systems proposed for integrated networks
were based on the exploitation of this basic property in order to insert additional
information bits into each channel during the "off" phases of the associated speech
source so as to increase the throughput. These multiplexing schemes are generally
referred to as statistical multiplexing schemes.
The speech activity pattern of a talker is conventionally modelled in a
Markovian framework. Accordingly, the durations of the talkspurt and the silence
phases are assumed to be exponentially distributed with parameters a and /3 respectively. Further, the talkspurt-silence excursions of an individual talker (speech
source) may be represented in terms of the state transition diagram shown in
Fig. 2.1. It is clear that the mean durations of the talkspurt and the silence intervals are given respectively by l/a and 1//3. Therefore, the probability that, or
equivalently the fraction of time during which, the speech source in question is in
talkspurt is given by p

= fJ/Ca + fJ).

One may extend these ideas to the modeling

of a group of n independent speech sources sharing a multiplexer. In the corresponding model, it is assumed that the on-off pattern exhibited by the n connected
speakers are statistically independent.
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a

Fig. 2.1 State-transition diagram for the speech activity model
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Then the aggregate stochastic process representing the total number of speakers in
the "on" phase has the state transition diagram depicted in Fig. 3.3. Furthermore,
the probability of exactly i (i

~

n) sources being in talkspurt may be computed

by the following arguments. The probability that a particular selection of i (mutually independent) speakers are in talkspurt and that the remaining speakers are
in silence is given by pi (1 - p)D -i. Further, we know that there are (~) distinct
ways of making this selection. Therefore it is clear that the probability of exactly i
talkers being in talkspurt is given by (~) pi(1- p)n-i, for i

= 0,1, ... , n. It may be

noted that the determination of these probabilities is necessary in the performance
analysis of statistical multiplexing schemes that utilize the speech activity detection technique. Recent studies [88] have indicated that some of the other typical
traffic candidates for transmission in the circuit-switched mode, such as video, also
exhibit a slow variation in the intensity of information generation, as in the case
of the voice traffic. In particular, it was shown in [88] that a video source could
be modelled as an n-state Markov process the structure of which is identical to
that employed in the modelling of n-l independent voice sources sharing a speech
multiplexer, as discussed above. These results further underscore the advantages
of employing transmission schemes based on statistical multiplexing techniques in
the emerging ISDN.
The pioneering development in the exploitation of the on-off pattern exhibited in conversations for improving the efficiency of bandwidth utilization has
been that of the Time Assigned Speech Interpolation (TASI) technique [70-75].
The underlying principle of this speech multiplexing technique is the sharing of
a group of m circuit-switched channels by a larger number n of speech sources
by means of a voice-activated interpolation technique. Under this policy, each of
the n sources is assigned a separate channel for transmission as long as the total
number of sources simultaneously in talk spurt does not exceed the number m of
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channels. However, if the number i of sources in talkspurt exceeds the number m
of channels, then i - m of these sources are not assigned channels for the interval of
time during which this situation prevails. These talkspurts which are not assigned
channels are said to be ''frozen out", and must wait on a first-come-first-served basis for an available channel. Once a channel is assigned to a particular talkspurt,
that channel is held until the spurt ends. The occurrence of freezeout typically
causes the initial portions of one or more talkspurts to be clipped (front-end clipping). However, a talkspurt could be lost entirely if the waiting time turns out to
be longer than the duration of the spurt itself. The implementational aspects of
the TASI multiplexing technique are discussed in [70].
One of the useful figures of merit employed in the characterization of
the TASI multiplexing scheme is what is referred to as the TASI advantage A,
and this parameter is given by the ratio n/m. In principle, it is possible to attain
a TASI advantage of up to lip while maintaining the probability of freezeout arbitrarily close to zero. However, the number of speech channels to be multiplexed in
order to attain such high TASI advantages and low freezeout probabilities simultaneously tends to be rather large. The other significant figure of merit associated
with a TASI multiplexer is what is referred to as the cutoff fraction, or the freezeout probability C. The parameter C has the physical significance of the probability
that an arbitrary call transiting from a silence phase to a talkspurt phase is frozen
out, and this parameter is given by

One of the modifications of the basic TASI protocol described above to
improve the freezeout performance is the Digital Speech Interpolation technique
based on pa.cketized voice transmission. In this scheme, the speech pattern emanating from each talker in an on phase is digitized at a constant rate, and converted
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into packets. The stream of packets generated by the group of speech sources in
talkspurt enter a common packet queue, and are serviced by the common outgoing
digital channel. In this scenario, it is clear that the buffer occupancy never exceeds
unity as long as the number of sources in talkspurt does not exceed the number
of available channels. On the other hand, during periods when the number i of
talkspurts exceeds the number m of channels, the occupancy of the packet buffer
increases at a steady rate of (i -

m)~v,

where

~v

denotes the rate of genera-

tion of packets by each source. The number of buffers available for voice packets
is limited. Consequently, if the overload condition prevails beyond the instant at
which the buffer gets filled up, then all the packets generated subsequently by all
the sources will be blocked and discarded (until the congestion is cleared). This
phenomenon is equivalent to the occurrence a. freezeout in the conventional TASI
multiplexer. One of the main advantages of the OSI multiplexing scheme is that
the adverse effects of freezeout are distributed over all the calls in talkspurt, rather
than on the few calls that happen to be the last to enter the "on" phase. In addition, the buffering mechanism reduces the loss of information, by smoothening
out the effects of the statistical abnormalities in the talkspurt-silence patterns.
Therefore the cutoff fraction C incurred by the OSI scheme turns out to be less
than that incurred by the TASI technique. There have been several attempts at
the analysis of the OSI scheme, and a number of elegant results are available in
the literature [72,86].
One of the main disadvantages of the OSI approach is that the packets
buffered in the voice buffer during the periods of overload experience queueing
delays. On the other hand, the real-time nature of voice conversations imposes very
stringent constraints on the maximum
Typically, the

end-t~end

end-t~end

delay that could be tolerated.

delay of a speech packet should not exceed about 100

milliseconds for acceptable quality of the reproduced speech [76]. In view of this
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restriction, the network control scheme must incorporate a mechanism that locates
speech packets that have been delayed beyond a certain predefined threshold and
discards them. Another difficulty arising from the DSI mode of multiplexing stems
from the fact that the speech packets that traverse different routes in the network
may be subjected to different end-to-end delays, or even delivered out of sequence.
This phenomenon destroys the time synchronism of the voice packet stream which
is vital in the intelligibility of the reproduced speech. In order to remedy this
drawback, the network control protocol should incorporate appropriate "playout"
techniques [76]. The playout protocols are based on a time stamp mechanism
to recover the information regarding the time-interrelationship between successive
voice packets at the destination. Using this information, the incoming packets may
be delayed by varying amounts so as to compensate for the non-identical transit
delays experienced by these packets within the network.
There have been several extensions to the study of the TASI and the DSI
protocols. For example, the results reported in [73] characterize the freezeout probabilities subject to the random fluctuations in the number of calls caused by the
establishment and hangup of telephone sessions in the network. One of the noteworthy multiplexing schemes proposed recently which achieves the desirable features of the packet mode of speech transmission, without incurring the adverse
effects of queueing delays, is the Burst Switching scheme [77,78]. In this scheme,
a burst refers to a talkspurt that is sent through the transmission channel as a
variable length packet. Routing information is contained in the header of each
burst. This information is used to latch up an appropriate output channel at each
intermediate node for the duration of the burst; that is, once a channel is assigned to a burst, it is held continuously until the transmission of the burst ends.
The "message" portion of each burst is long enough to hold an entire talkspurt.
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A burst that finds a free output channel upon arrival at a node can be transmitted immediately without being buffered first within the node. The latter strategy
may be implemented based on the cut-through switching technique [79]. On the
other hand, a burst that cannot find a free output channel upon arrival at a node
will experience front-end clipping. As in the case of the TASI scheme, the group
of voice sessions that experience clipping will wait in a FCFS queue for channels
that become free. It may be noted that, from a queueing theoretic point of view,
the model representation of a burst-switched multiplexer is identical to that of
the TASI multiplexer, and the expressions for the corresponding performance indices are also identical. On the other hand, from an implementational point of
view, the burst switching scheme provides the flexibility of the packet-switched
transmission and control technique, without incurring the drawbacks of excessive
speech delays encountered in networks based on the DSI multiplexing technique.
It may be noted that the results of all the different analysis efforts discussed so far apply exclusively to the case of a single communication link (or
trunk group) considered in isolation. In view of this limitation, there have been
a few recent attempts at the characterization of the end-to-end freezeout fraction
in communication networks each link of which employ the TASI (or the burstswitched) multiplexing technique [74,75]. As pointed out in [74], the end-to-end
freezeout fraction cannot be determined accurately by a repeated application of
the freezeout fraction formula for a single-link TASI system. This limitation is
attributable to the statistical interdependence of the freezeout phenomena at the
different links of a circuit-switched network. Therefore the objective of the studies
conducted in [74] and [75] has been an accurate characterization of the end-toend freezeout probability without the employment of the aforementioned first-cut
approximation. The results reported in [74] and [75] provide some computational
schemes for the calculation of the end-to-end freezeout probability, in the special
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case of tandem networks. Extensions of this methodology to networks with other
types of restricted topologies, such as ring, tree etc. have also been suggested
in [74]. It may be noted, however, that apart from the rather high computational
complexity involved in the implementation of these schemes, the (rather unrealistic) restrictions imposed on the network topology limit their applicability in the
modeling of WAN's with arbitrary topologies.
One of the classical approaches towards the hybridization of the wellestablished circuit- and packet-switching technologies has been the Slotted Envelope Network (SENET) concept proposed by Coviello and Vena [81]. The basic
architecture of the SENET concept is illustrated in Fig. 2.2. Under the SENET
scheme, the transmission bandwidth is handled based on a Synchronous Time Division Multiplexed (STDM) frame structure where the link capacity is divided
into frames of fixed duration. A certain predefined portion of the frame capacity
is reserved for the transmission of the packet-switched traffic and the remaining
portion is reserved for the transmission of the circuit-switched traffic. The circuit
portion of each frame is further subdivided into slots, with each slot having a capacity equivalent to that required to carry a single circuit-switched channel. This
switching scheme is supplemented by a service policy that handles the circuitswitched traffic on a blocked-calls-cleared basis and the packet-switched traffic on
a queueing basis.
The SENET concept in its basic fonn as presented above is an example
of what is referred to as hybrid-switching with fixed boundary. A shortcoming of
this version is that the scope of the "integration" is limited only to a unification
of the transmission resources and the method as such does not provide for the
dynamic sharing of these resources between the two traffic types. To overcome
this drawback, later versions were based on a hybrid-switching scheme with a
movable boundary which enables the packet traffic to avail of the transmission
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capacity that is unused by the circuit traffic, in addition to the capacity reserved
for the former traffic type. This naturally increases the effective average capacity
available for transmitting packets and thereby optimizes the bandwidth utilization
through dynamic sharing. The movable-boundary hybrid-switching scheme may
be implemented in two different ways. In the slow-moving-boundary version, all
the connected circuit-type channels are allocated one slot each and the remaining
slots are allocated to the packet traffic; i.e. the bandwidth allocation (boundary)
is updated along with the arrival and departure of each circuit-switched call. The
fast-moving-boundary version, on the other hand, utilizes a variation of the Digital
Speech Interpolation (DSI) technique to take advantage of the on-off pattern exhibited by several typical candidates for circuit-switching such as voice [68,69] and
video [88]. Accordingly, each of the connected circuit-switched channels is assigned
a slot only for intervals during which it is active (or in "talkspurt") and all the
unused slots are assigned to the packet-switched traffic; i.e., the updating of the
bandwidth allocation (boundary) is executed along with variations in the on-off
pattern in the circuit-switched subsystem. The latter version of hybrid-switching,
apart from providing even more average capacity for packet transmission, reduces
the disparity between the time constants associated with the circuit- and the
packet-switched subsystems, and thereby alleviates the excessive buildups of the
packet-queue caused by this disparity, as will be discussed in greater detail in
Chapter 3.
It may be noted that the 24B+D channel structure proposed by the

CCITT [84,85] forms the ideal substrate for the implementation of the hybrid
switching scheme. A predefined number of B-channels could be reserved for the
transmission of the packet-switched traffic and the remaining B-channels could be
shared between the circuit- and the packet-switched types of traffic, with a preemptive priority assigned to the former. The control functions necessary to implement
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the hybrid-switching scheme can be handled using special control packets transmitted over the D-channel in conjunction with the Common Channel Interoffice
Signalling System (CCIS).
There have been several attempts in the past to analyse the performance of
hybrid-switching systems. In the case of the fixed-boundary version, the circuit and
the packet subsystems are essentially decoupled, and one may apply the standard

MIMlmlm

and

M/M/1

queueing techniques respectively to compute all parame-

ters of interest (m is the total number of circuit-switched channels available in the
multiplexer). The analysis of the movable-boundary version is substantially more
complex, however, owing to the interaction between the circuit and the packet
subsystems. Due to the preemptive priority assigned to the circuit-switched traffic, the behaviour of the circuit subsystem is independent of the packet subsystem
and therefore the former can be analysed by standard Markovian arguments, as
in the case of the fixed-boundary version. On the other hand, the effective capacity available to the packet-switched traffic in the movable boundary case is
modulated by the statistical fluctuations in the circuit subsystem that manifests
as

a slow-varying, highly correlated stochastic process. This phenomenon has ren-

dered the analysis of the packet subsystem to be a formidable task for several
years. The initial approaches in this direction [89,90,91] were very limited in their
applicability, due to the numerical difficulties caused by the vast difference between the time constants associated with the circuit and the packet subsystems.
The typical performance parameters of interest are (i) the probability of blocking
and the expected queue length in the case of a system with a finite packet buffer
space, and (ii) the expected queue length in the case of a system with infinite
buffer space. Several researchers have adopted a discrete-time analytic approach
supplemented by the Z-transform method to compute the expected queue length
in the infinite buffer case [92,93]. However, the elegance of the development is
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offset by the numerical difficulties encountered in the detennination of the roots
of the denominator polynomial of the Z-transfonn, which are accentuated by the
disparity in the system time constants mentioned earlier. The alternate approach
for the analysis of hybrid-switching systems is based on a continuous time fonnulation [89,95]. This method enables the integrated system to be modeled within
the powerful Matrix-Geometric framework proposed by Neuts [97]. N<::tts has proposed a recursive approach for the computation of system parameters, for the class
of queueing systems that can be represented within this framework (for the case
of an infinite buffer space). However, the convergence of Neuts' algorithm tends
to be slow in the present application due to the vast disparity in the system time
constants. To overcome this limitation, Williams and Leon-Garcia [95] have come
up with a modified version of Neuts' algorithm with fast convergence. One of the
accurate methods to compute the packet blocking probability in an integrated circuit/packet multiplexer with finite buffer space is the numerical method proposed
by Williams and Leon-Garcia [95]. By using a very clever argument, this method
overcomes the numerical problems associated with the analysis of the packet subsystem caused by the "time constant" disparity problem inherent to integrated
multiplexers. The details of the numerical algorithm in the computation of the
blocking probability are discussed in Chapter 3 and Chapter 4.
The aforementioned analysis efforts have provided significant insight into
the behaviour of packet queues in hybrid switching systems. One of the noteworthy results from these studies has been the realization of the existence of highly
magnified blocking rates (for finite buffer systems) and buffer occupancies (for
infinite and finite buffer systems) in integrated multiplexers in comparison with
the corresponding parameters for purely packet-switched systems under identical
loading conditions. In spite of the accuracy and numerical stability of the method
discussed in [95] (or any of the other existing methods), this approach, due to its
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complexity and the infeasibility of obtaining closed-form expressions, is not particularly useful in the formulation of optimization algorithms for the management
of resources in ISDN's. This situation should be contrasted with the ease with
which closed-form expressions for the expected value and the blocking probability
in conventional packet-switched networks can be developed. This naturally has
prompted fresh efforts at the development of simpler approaches that yield closed
form analytic formulas that accurately determine the packet subsystem performance characteristics. The method introduced by Anick, Mitra and Sondhi [98]
and later adapted to the ISDN context by Gaver and Lehoczky [99,100] is based on
a fluid flow approximation and is one of the approaches in simplifying the hybridswitching performance analysis task. By representing the packet arrival and service
processes as deterministic fluid flows and concentrating on the (relatively significant) effects of the statistics of the background phase process (constituted by the
circuit subsystem), this approach serves to reduce the complexity of the analysis task without compromising its accuracy by any appreciable level. However, in
spite of the reduction in the complexity of the model, the fluid-flow approximation
does not yield a closed form expression for any of the system parameters, and this
renders it unweildy for optimization applications as well. Perhaps the only existing
closed-form approximation for the packet blocking probability in a hybrid-switched
multiplexer is what is referred to as the quasi-static approximation [95]. Although
this method provides reasonably accurate results for small buffer sizes, it tends to
overestimate the blocking probability drastically for medium to large (and more
realistic, in practical networks) buffer sizes [95]. In addition, the number of terms
in the quasi-static blocking probability expression equals the number of states in
the circuit-switched process, and this would result in very large dimensionalities
of the objective functions based on the quasi-static formula.
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2.5 Resource Management Schemes for Integrated Networks

The complexity of the various statistical multiplexing techniques proposed
for ISDN's and the non-availability of simple schemes for the computation of the
performance measures have been a major stumbling block in the design of sophisticated control schemes for the management of resources in these networks. As a
consequence, there are very few results available in the literature as of date with
respect to this aspect of network design. In the following, we briefly review some
of the available methodologies for the design of resource management algorithms
for ISDN's.
As a preliminary step in the realization of a full-fledged ISDN system, the
problems of capacity partitioning and routing in a wide area network of arbitrary
topology have been addressed by Gerla and Pazos [101]. Specifically, the methodology proposed in [101] is concerned with the optimal partitioning of the capacity
of each integrated link in the network between the classes of the circuit-switched
and the packet-switched traffic, and the simultaneous detennination of the (fixed)
routing parameters. The objective function employed in this optimization algorithm is a weighted sum 0; the overall blocking probability of the circuit-switched
traffic, and the overall delay of the packet-switched traffic. An approximate expression for the network-wide blocking probability is obtained by employing the
assumption of the independence of blocking probabilities on the various links.
This strategy enables the determination of the overall blocking probability as a
weighted sum of link blocking probabilities, each of which is given by the Erlang B
formula. The overall delay of the packet-switched traffic, on the other hand, may
be obtained by the employment of Jackson's result, as discussed earlier in the case
of the conventional packet-switched networks. Based on the combined objective
function, and subject to the physical constraints of the network, Gerla and Pazos
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were able to formulate the capacity partitioning and routing problem within the
framework of a non-linear programming problem with a linear constraint set. One
of the fundamental difficulties associated with this formulation is that the terms in
the objective function arising from Erlang blocking probability expressions are not
differentiable with respect to the decision variables. This renders the direct application of the conventional solution techniques for nonlinear programming problem
formulations infeasible in this case. To circumvent this shortcoming, the authors
employ a piecewise-linear approximation of the blocking probability formula to
yield a modified objective function which is differentiable with respect to the decision variables. The details of this mathematical progre.mming formulation and
the solution methodology are discussed in [101].
One of the major issues in the study of networks comprised of hybridswitched multiplexers has been the statistical characterization of the packet arrival
processes at the intermediate nodes of the network. This task attains a high level
of complexity due to the fact that the packet traffic at an intermediate node is
comprised of the output streams of the hybrid-switched links at other nodes. In
view of the statistical dependance of the packet transmission process within each
hybrid-switched multiplexer on the highly-correlated circuit-switched background
process, it is clear that the output stream of packets in this case do not retain any
of the Markovian properties associated with the intermediate packet streams in
the conventional packet-switched networks. To gain a better understanding of the
statistical nature of the intermediate packet traffic stream, Li and Mark [102] conducted a simulation study of a network comprised of hybrid-switched multiplexers.
In particular, the authors focused on the stochastic behaviour of the intermediate
packet streams in the network. As a result of these investigations, it was shown
that the imposition of a Poisson assumption on each intermediate stream would
reflect the statistical behaviour of the actual stream acceptably well, and would
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also yield accurate values for the system parameters. This result is significant in
that it enables the performance characterization of networks of hybrid-switched
multiplexers in terms of the performance indices of the various links considered in
isolation.
The problem of flow control in the packet-switched subsystems of integrated networks has been addressed by several authors [103,104,105]. In [103],
Leon-Garcia and Kwong examine the flow control of the packet-switched traffic
in a hybrid-switched link considered in isolation. The basic idea involved in this
scheme is the regulation of the packet flow into the link so as to match the instantaneous packet transmission capacity of the link. In particular, the flow control
scheme operates such that the instantaneous load (ratio of offered packet load
to the available capacity) is maintained a constant. Thus the packet flow into
the system is increased when a circuit-switched call ends and is decreased when
a new circuit-switched call is set up. It turns out that closed form expressions
can be found for the several performance measures of interest in this system and
that the performance of the system is equivalent to that of a single server queue
of (fixed) capacity identical to the average packet transmission capacity of the
hybrid-switched link.
Vakil and Lazar [104] have investigated the data-link level flow control between a pair of adjacent ISDN nodes under partially observed voice traffic conditions. The class of admissible flow control policies analyzed maximizes the average
data link throughput subject to an average system time delay constraint on a
finite horizon. Further, the authors prove the validity of a separation principle
between the flow control policy and an estimate of the (partially observed) state
of the voice traffic. It is shown that the optimal control law is of the "bang-bang"
type, and the conditional mean estimate of the state of the voice traffic would be
a sufficient statistic for the optimal control strategy. In order to circumvent the
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prohibitive complexity of the analytic determination of the explicit control policy,
a suboptimal yet easily implement able adaptive window flow control mechanism
is also given in [104].
The problem of adaptive voice flow control in pa.cketized voice networks
has been examined by Bially, Gold and Seneff' [105]. The technique proposed by
these authors attempts to accommodate both new voice connections and the rapid
statistical variations in traffic volume (due to the on-off' pattern) via a graceful
system-wide degradation of voice quality. This protocol is implemented based on
the ability to encode speech at a variety of bit rates ranging from 1 or 2 Kbits/s
up to 64 or 96 Kbits/s, with the quality of voice being an increasing function of
the bit rate. This capability permits one to adapt the source rates to network
traffic conditions without incurring the undesirable cross-net transmission delays
detrimental to the quality of reproduced speech. The results presented in [105] are
based on simulation study of the technique in the context of a multilink wideband
packet speech network. Several control methodologies are discussed, leading to an
end-to-end feedback approach that achieves stable operation and efficient utilization of network resources by adaptively matching transmitted voice bit rates to
prevailing network conditions.
The main drawback of the resource management schemes proposed for
purely circuit-switched networks discussed earlier is the absence of any form of
explicit or implicit mechanism for the control of access to the network by the different classes of users. As explained earlier, this type of control is mandatory in an
integrated network environment to ensure a fair utilization of the network resources
by the competing user classes. Specifically, the access control problem (within the
circuit-switched subsystem of an integrated network) refers to the allocation of the
transmission bandwidth of the links of the network to the competing user types
in order to optimize an overall performance objective (such as the end-to-end
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blocking probability). This aspect of network management has started receiving
attention rather recently, and there have been only a few isolated attempts at the
development of optimal access control schemes.
Kraimeche and Schwartz [107-111] have conducted a detailed study of a
class of restricted access (RA) policies for the control of access by a group of user
types (with non-identical holding times and bandwidth requirements) into a common outgoing digital pipe at an integrated network node. The major contribution
of this study has been the development of efficient computational schemes for the
determination of certain key performance parameters (probability of blocking and
average bandwidth utilization) under various types of access restrictions. In the
methodology adopted in the study of the RA policies, it is assumed that there
are a total of K user classes, with class i requiring a bandwidth of bi units for
the service of each call. As a first step in the development of the restricted access policies, the set of all possible clusters formed from the set of K bandwidth
classes is identified. It is clear that this power set S will be comprised of 2K members, and we denote the

rth

cluster in S by Sr. The basic principle of the RA

policy is the restriction of the aggregate number of circuit-switched slots occupied by members of the cluster Sr (0 :5 r :5 2 K -

1)

to be less than or equal to a

predefined limit Fn 0 :5 Fr :5 F, where F denotes the total number of circuitswitched slots available at the multiplexer. If we denote the system state by the
vector!!

= [nl n2 ... nK] where ni denotes the number of slots occupied by calls of

bandwidth class i, then the state space

ORA

corresponding to a given RA policy

may be defined as
ORA

=

{n /

L nibi

:5 Fr , r

= 1, ... ,2 K - l }.

(2.5)

ieSp

A variety of specific access strategies are incorporated within the general framework of RA policies given above. In particular, the Completely Partitioned (CP)
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and the Completely Shared (CS) policies form special cases of the above formulation. Further, let PeS be a particular set of non-overlapping clusters, or
partitions, in S (i.e., each call type is included only within a single cluster in P),
and let L

~

K denote the cardinality of P. The selection of a specific partitioning

rule P and the vector of the corresponding access restriction parameters given
by FP = [Fi Fi ... F[] defines a simple RA policy. The parameters of interest
in this scenario, namely the system throughput and the bandwidth utilization,
may be obtained via the computation of the set of steady-state probabilities denoted by {P(nl ... n&:)}. This latter probability vector may be determined using
the following product form solution approach:

(2.6)
where Pi denotes the normalized load imposed by the type-i traffic component, and
where the value of the normalization constant G- 1 (ORA) depends on the particular
choice of the access restriction vector F P • The queueing theoretic treatment of this
model and the computation of the performance parameters are discussed in detail
in [107].
Note that the results reported in [107-111] form the first step in the modeling and analysis of circuit-switched multiplexers supporting heterogeneous traffic
classes, and this in tum lays the foundation for the development of control schemes
suitable for networks comprised of such multiplexers. Nevertheless, a great deal
of additional effort is needed to extend these concepts (that are applicable for a
single multiplexer in isolation) to the network context. Furthermore, additional
effort is required to achieve an integration of the access control and the routing
functions to ensure fairness in the distribution of network resources to the different
user classes and to optimize the network utilization, simultaneously.
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There have been some recent attempts at the development of access control
schemes for circuit-switched networks that support traffic types with non-identical
bandwidth requirements [112,113]. The scheme proposed by Ross and Tsang [112],
as well as the one proposed by Gopal and Stern [113], are based on an accurate
representation of the microscopic state of the network, similar to the state representation adopted in [23]. In the scheme proposed by Ross and Tsang, the circuitswitched network is modelled as an undirected graph G = (V, E), where V denotes
the set of switching offices and E denotes the set of links interconnecting these
offices. The class of each call is determined by its source and destination, and the
bandwidth requirement. It is assumed that a fixed routing policy is adopted in
the network, and that there are a total of K distinct traffic classes supported by
the network. FUrther, for each link nEE, it is assumed that the set

en denotes

the group of traffic classes such that the corresponding routes traverse link n. The
aggregate state of the network is represented by a vector x = [Xl
Xi

X2'"

X K]

where

denotes the number of type-i calls present in the network. It is clear that the

exhaustive set of all possible states is then given by

A

=

{x :

X

~ 0;

L

bkXk

~ m n , nEE}

keen

where mn denotes the number of circuit-switched slots supported by link n. A
specific (network-wide) access control policy A may then be defined as an appropriately chosen subset of the set A of all possible states. The objective of the
study undertaken in [112] is the identification of the particular policy

Aopt

such

that the overall utilization of the network is maximized. As shown in [112], this
latter problem may be formulated as a Linear Progranuning (LP) problem. The
details of the LP formulation and the solution techniques are available in [112].
One of the major shortcomings of the above approach is the use of explicit
representation of the microscopic state of the network that causes a very large number of terms in the objective function, and a large number of constraint equations
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in the mathematical programming formulation. In addition to the prohibitively
high computational complexity incurred by this latter strategy, the above schemes
are based on the assumption of a fixed routing policy chosen a-priori, a.nd therefore
do not yield a globally optimal solution, under cha.nging network conditions.
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CHAPTER 3
PERFORMANCE CHARACTERIZATION OF HYBRID-SWITCHED
MULTIPLEXERS WITH APPLICATION TO OPTIMAL
BUFFER MANAGEMENT AT AN INTEGRATED NETWORK NODE

3.1 Introduction

In Chapter 2, we discussed the salient features of the design and architecture of the hybrid-switched multiplexer (Fig. 3.1) which forms the basic building
block of the integrated network. In this multiplexing scheme, the hybridization
of the circuit and the packet switching technologies is accomplished by means of
a TDM frame structure. A predefined segment of each frame is reserved for the
transmission of the packet-switched traffic and the remaining portion is shared between the circuit- and the packet-switched traffic components with a preemptive
priority assigned to the former. As pointed out earlier, the analysis and performance characterization of the packet-switched subsystem is highly complex due to
the interaction with the (highly correlated) circuit-switched background process;
the accurate determination of the performance parameters would involve elaborate numerical procedures. The non-availability of closed form expressions for the
performance indices of the hybrid multiplexer has been a major stumbling block in
the development of optimal resource management schemes for integrated networks
comprised of such multiplexers. The only available closed-form approximation for
the packet blocking probability, namely the quasi-static approximation, tends to

be highly inaccurate for realistic buffer sizes, and furthermore, renders the formulation of optimization problems rather unweildy.
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As discussed in the previous chapter, one of the effective schemes for the
accurate determination of the packet blocking probability of a hybrid-switched
multiplexer is the numerical scheme proposed by Williams and Garcia [95]. By
the employment of a clever diagonalization argument, these authors have been
able to overcome the numerical difficulties associated with the computation of
this parameter. Nevertheless, the approach outlined in [95] entails a high level of
computational complexity, and due to its non-closed-form nature, is not useful in
optimization applications.
The desire to develop an optimal resource management scheme for integrated networks has stimulated us to explore new possibilities in the development
of an accurate and yet simple closed-form expression to approximate the packet
blocking probability in a hybrid switch. Our arguments will be based on the observation of the existence of a linear relationship between the actual buffer size
in a hybrid-switch and the size of the buffer assigned to an "equivalent M/M/1
queue" the average load level and the blocking probability of which are identical
to those of the former. This observation is consistent with the known property
that the blocking probabilities in a broad class of queueing systems exhibit exponential tails in their relationship with the buffer assignment. Based on these
arguments, the closed-form approximation that we have proposed for the packet
blocking probability has the form of the ratio of two exponential functions, as in
the case of the M/M/1 queue with finite buffer. The decay parameters associated
with these exponentials may easily be calculated in order to yield a good match
with the actual blocking probabilities given by the numerical scheme of Williams
and Leon-Garcia [95]. We have also been able to demonstrate the accuracy of our
approach and its superiority over the quasi-static formula as explained in Section
3.3. In view of the non-availability of an accurate and tractable expression for
the packet blocking probability in a hybrid-switched multiplexer, we claim that
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the methodology presented herein serves as a major breakthrough in furthering
studies related to the development of control algorithms for networks comprised
of hybrid-switched multiplexers. In particular, our closed-fonn approximation has
facilitated the development of an optimal adaptive buffer management scheme for
ISDN's presented in the latter half of this chapter.
One of the principal forms of control at an ISDN node is the management
of the packet buffer space. The objective of a buffer management scheme is the
allocation of the available buffer space to the competing packet streams seeking
access to the various outgoing links, such that an appropriate perfonnance criterion (e.g., the packet blocking probability) is optimized. In view of the dynamic
variations exhibited by the traffic pattern in practical networks, it would be desirable to implement the buffer management algorithm on an adaptive basis. This
requirement is further underscored in the ISDN context due to the relatively rapid
changes in the packet transmission capacity of the multiplexer caused by the arrivals and departures of circuit-switched calls. One of the noteworthy schemes
for buffer management suitable for implementation on an adaptive basis is the
quasi-static CP scheme proposed by Tipper and Sundareshan [66]. In this scheme,
the nodal buffer controller monitors the variations in the traffic environment and
periodically updates the buffer allocations. The detennination of the optimal partitions at each updating epoch is obtained through solving a nonlinear programming
problem which minimizes the overall blocking probability. These authors have also
proposed an analytic approximation for a simplified solution to this problem, on
the basis of approximating the normalized load level on each link by unity. Due
to this unrealistic assumption, the buffer arbitration algorithm obtained through
the analytic approximation fails to recognize the possibility of unsymmetric traffic
arrivals to the outgoing links. Consequently, the solution yielded by the analytic
approximation would be far from optimal.
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The buffer management scheme presented herein extends the methodology
proposed by Tipper and Sundareshan to the ISDN's. The formulation of the buffer
management problem in ISDN's within an optimization framework is obtained
through the development of a closed form blocking probability expression. Rather
than employing an analytic approximation such as that given in [67] for the realtime solution of the resulting nonlinear progranuning problem, we propose a novel
iterative technique based on a decomposition argument. The present scheme has
the adva.ntages of both fast convergence and a degree of optimality comparable to
that attained by employing the standard steepest gradient method. In particular,
the iterative solution is free from the limitations of the analytic solution mentioned
earlier.
The organization of this chapter is as follows. A brief review of the mathematical modeling of hybrid switches, and some of the essential details of the numerical technique for the computation of the packet blocking probability proposed
by Williams and Leon-Garcia [95] which will be used in the present development,
are given in Section 3.2. Section 3.3 presents the development of a closed form
expression for the blocking probability of the packet-switched traffic in a hybridswitched multiplexer. This development is based on the property that the blocking
probabilities of a broad class of queueing systems exhibit exponential tails in their
relationship with the buffer assigrunent, and in order to model this behaviour, our
approximation employs the form of the ratio of two exponential functions as in
the case of the blocking probability formula for the M/M/l/m queue (where m
is the number of buffers). To establish the accuracy of the proposed method and

to compare it with the quasi-static approximation, several numerical studies are
conducted in Section 3.3, using the numerical scheme of Williams and Leon-Garcia
given in [95] as a benchmark. As a representative application of the closed form
blocking probability expression developed in this chapter, we address the issue
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of optimal adaptive buffer management at an ISDN node in Section 3.4. In order to adapt to the changes in the packet transmission capacities of the various
outgoing hybrid-switched links brought about by the arrivals and departures of
circuit-switched calls, it is necessary to update the nodal buffers at the instants of
arrival and departure in the circuit-switched subsystem. This in turn imposes stringent real-time constraints on the technique employed for the solution of the buffer
management problem. To this end, following the formulation of the buffer management problem as a nonlinear-integer programming problem, a novel iterative
solution technique with fast convergence is presented based on a decomposition argument. The performance resulting from the optimal buffer mangement scheme is
illustrated and its superiority over the existing ad-hoc buffer management policies
is established by several numerical examples. In Section 3.5, we discuss some of
the issues associated with the implementation of the buffer management scheme.
Finally, Section 3.6 concludes the results presented in this chapter and suggests
some possible extensions to this study.

3.2 Modeling of Hybrid-Switched Multiplexers
In this section, we review briefly the modeling of hybrid-switched multiplexers and present the essential details of a numerical approach proposed by
Williams and Leon-Garcia [95] for the computation of the blocking probability of
the packet-switched subsystem. Due to the preemptive priority assigned, the statistical properties of the circuit-switched subsystem are independent of the packet
subsystem, and therefore the former can be modeled independently of the latter.
On the other hand, the instantaneous bandwidth available for packet transmission is directly related to the state of the circuit-switched process and therefore
the analysis of the packet subsystem must take into consideration the statistical
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nature of the circuit-switched subsystem. In the following sections, we discuss the
essentials of the modeling and analysis of these two subsystems.

3.2.1 The Circuit-Switched Subsystem
The circuit.-switched subsystem can be modeled in a straightforward manner in a Markovian framework. Following the standard approach in Communication Engineering, we assume that the circuit-switched call arrivals form a Poisson
process with parameter

.x

and that the corresponding service times are exponen-

tially distributed with parameter 1'. Further, it is assumed that each connected
circuit-switched call alternates between periods of "talkspurt" and "silence" (borrowing the terminology from telephony [68]). The durations of the talkspurt and
the silence intervals are asswned to be exponentially distributed with parameters
o and (3 respectively. Since the time constants associated with the circuit-switched
process are much larger than those associated with the packet-switched process in
practical situations, the former manifests itself as a slow-varying, highly-correlated
stochastic process from the perspective of the latter, and for this reason the circuitswitched subsystem is often referred to as the phase process [95]. It may be noted
that this terminology will be used extensively in the remainder of the chapter.
Considering the phase process in isolation, there are three possible scenarios referred to herein as type-J, type-2 and type-9 processes. In the following paragraphs,
we describe the essential details of the physical characterist.ics and the queueing
models of these three processes, and also provide expressions for the corresponding
generator matrices and steady-state probabilities. These parameters, in addition
to providing the key performance attributes of the circuit-switched subsystem,
are also necessary in the modeling of the packet-switched subsystem, as will be
explained subsequently.
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The :"pe-l process models a multiplexer that does not employ speech activity detection :., the allocation of bandwidth to connected circuits and in which
each connected call is assigned a channel throughout the duration of the call. The
maximwn nwnber of circuits that can be supported simultaneously by the multiplexer is denoted by m and a blocked-calls-cleared service policy is employed for
the circuit-switched subsystem. It may be noted that the fluctuations in the packet
transmission capacity in this case are due only to the arrivals and departures of
circuit-switched calls and the on-off pattern defined in terms of the a and fJ parameters have no effect. The state-transition diagram representing the t1lpe-l process
is depicted in Fig. 3.2 in which each state i signifies the presence of i circuitswitched calls in the system. The stochastic generator matrix Ql corresponding
to the t1lpe-l process has the following structure:

o
o
A

o

o

o

o
o
o

o
o
o

ml'

-ml'

(3.1 )

FUrther, if we denote the steady-state probability vector of the t1lpe-l process by
11"1,

then the

ith

component

11"1 i

(this component denotes the steady-state proba-

bility that there are i calls in the system at an arbitrary time) of this vector may
be computed using the Erlang-B formula given by

11"1 i

(3.2)
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and the expected nwnber No. of channels occupied by the circuit-switched subsystem is given by

(3.3)

The tllpe-! process models a system that has a fixed number n of calls that
are permanently connected, and which employs speech activity detection in the

allocation of bandwidth to these n circuits. The fluctuations in the packet transmission capacity in this case are exclusively due to the on-off pattern exhibited by
the fixed number of connected calls. This model is very useful in a buffer management application where the packet buffer allocation is updated at the instants of
arrival and departure of circuit-switched calls; i.e., the hybrid multiplexer can be
modeled as a tllpe-£ system between successive updating instants. The adaptive
buffer management scheme developed in this chapter is based on such a dynamic
control of the buffer allocations, and therefore the type-£ process is of special interest in the present development. The state-transition diagram corresponding to the
tllpe-! process is depicted in Fig. 3.3 in which each state i signifies the condition

of exactly i calls being in talkspurt. The stochastic generator matrix Q2(n) (note
that the number of connected calls n appears explicitly as a parameter here in
order to facilitate the representation later of the generator matrix for the tllpe-9
process in terms of that for the type-£ process as shown subsequently) representing
the tllpe-£ process has the following structure:
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3.3 State-transition diagram for the type-2 circuit-switched process
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Also, if we denote the steady-state probability vector of the type-£ process by
then the

ith

component

7r2i

7r2,

(this component denotes the steady-state probability

that exactly i among the total of n connected calls are in the "on" phase at an
arbitrary time) of this vector is given by

(3.5)

and the expected number N2 of channels occupied by the circuit-switched subsystem is given by

(3.6)

A situation where the number of connected calls and the number of calls in
talkspurt could both vary is captured under the category of type-9. In this case,
the packet transmission capacity is modulated by both the arrivals and departures
of circuit-switched calls and the on-off patterns of connected calls. As in the type-J
case, it is assumed that the maximum number of circuit-switched calls supported
by the system is m. The two-dimensional state-transition diagram representing
the type-9 process is shown in Fig.3.4. There are a total of (m+1)~(m+2) states
in the type-9 process. Let

k connected calls (k

~

Xk'

denote the steady-state probability that there are

m) out of which I are in talkspurt (l

~

k). If we arrange

the system states in the order of increasing I and denote the vector of steadystate probabilities of the type-9 process by
XII,7rJ3

7rJ

(i.e.,

7rJO

= XOO,7rJI

=

XlO,7rJ2

=

= X20, 7rJ4 = X21, 7rJ5 = X22, 7rJ6 = XJO, ... etc.), then the generator matrix

QJ corresponding to the type-9 process will have the structure shown below:
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Fig. 3.4 State-transition diagram for the type-3 circuit-switched process
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o
o
o
o

o

o

o
o
o

(3.7)

o

where
A·J E

r·J

~(j+l»«j+2)

E

~(j+l»(j

3

A·J -

[Alj + 1~ 0],

3

rJ -

[l1'Ji~-] ,

no
nJ

jE{O, ... ,m-l};
j E {1, ... ,m};

-A;

-

Q2(j) - (A + j/J)Ij + 1,

j E {1, ... ,m - I};

and

Note that in the above description, lie denotes an identity matrix of order k x k
and 0 denotes a matrix of zero elements with the appropriate dimension. An exact
determination of the steady-state probabilities of the type-9 process requires the
solution of the system of equations given by
condition given by

1f3 Q3

= 0 along with the normalization

E 1f3i = 1. However, in practical situations, the time constants

associated with the on-off process (1/0: and 1/13) are much smaller than those
associated with the call arrival-departure process (I/A and 1//J) and, Wlder these
conditions, the following quasi-static approximate formula may be employed to
determine the steady-state probabilities:

Based on the abstraction for the circuit-switched subsystem presented in this section, we now proceed to model the packet-switched subsystem in the next section.
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3.2.2 The Packet-Switched Subsystem
As mentioned earlier, the properties of the packet subsystem are intimately
related to the statistical nature of the phase process which is condensed in the
corresponding generator matrix Q. In addition, let us assume that the packet
arrivals form a Poisson process with parameter 11. Let the avera.ge service time
required to transmit a packet using the capacity reserved for the packet subsystem
be denoted by

l/e and the average service time for transmission using the capacity

of one circuit-switched channel by 1/6. Finally, the size of the buffer space available
for the packet queue is assumed to be b. In order to represent the packet-switched
subsystem in a Matrix Geometric Framework [97], two additional matrices, referred
to herein as the arrival process matrix and the service process matrix, need to be
defined. The arrival process matrix A is a diagonal matrix of the form A = 111 where
the dimension of the identity matrix 1 is dependent on the type and the dimension
of the circuit-switched phase process (i.e., m+1 for a type-l process, n+1 for a type£ process, etc.). In a similar fashion, the service process matrix also has a diagonal

form with dimension and values of the diagonal elements being dependent on the
type of the system under consideration. To be specific, the service process matrix SI

corresponding to the type-l system is of dimension (m + 1) x (m + 1), the matrix

Sa corresponding to the type-£ system is of dimension (n + 1) x (n + 1) and the
matrix S3 corresponding to the type-9 system is of dimension m2±~m±2

X

m2±~m±2

and are given respectively by

SI

-

Diag {e+mb,e+(m-1)b, ... , e}

S2 -

Diag U+nb,e+(n-1)b, ... , e}

S3 -

Diag {e+mb,S(1,e+(m-1)b),S(2,e+(m-2)b), ... ,S(m,e)}

where

S(k,x) -

Diag {x+kb,x+(k-1)b, ... ,x}
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is of dimension (k + 1) x (k + 1). It may be noted that the non-zero diagonal entries
of the service process matrix are the capacities available for packet transmission
during the different states of the circuit-switched phase process.
Without reference to the specific type of the phase process, let Pij denote
the steady-state joint probability that the circuit-switched process is in phase i
(that is, there are i circuit-switched calls present) and that there are j packets
queued in the system. Also, in order to be concise, let us define the row vector

Pj = [POj PIj ... Prj], j E {O, ... , b}, where r+l is the dimension of the phase
process in question (i.e., r=m for type-J, r=n for type-f and r=

m2

t 3m for type-9)

and where b is the size of the buffer space available for the packet subsystem.
In terms of the notation introduced above, the stochastic generator matrix G
corresponding to the packet-switched subsystem has the form given below:

A
0
Q-A
S
Q-A-S A

0
0

0
0

0
0

G=

(3.8)

0
0

0
0

0
0

S
0

A
Q-A-S
S
Q-S

Note that G is of dimension (b + 1) x (b + 1) and each element of G is
itself a smaller matrix of dimension (r + 1) x (r + 1). The basic step in the determination of the steady-state blocking probability of the packet queueing system
is the solution of the system of second-order matrix difference equations given by
[PI P2 ...
1f'

p,,]G = 0 along with the normalization condition E~=o Pj =

1f',

where

is the steady-state probability vector of the phase process discussed earlier. How-

ever, a direct attempt at solving these equations leads to a significant amount of
numerical difficulties due to the vast difference in the magnitudes of the system
parameters. In particular, accurate results by this direct method are possible only
for very small buffer sizes [95]. In order to circumvent these drawbacks and to
facilitate the computation of the packet blocking probability for large (and more
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realistic) buffer sizes, Williams and Leon-Garcia [95] have proposed a numerically
stable computational scheme to determine the steady-state probabilities for the
class of queueing systems described above. In the following, we briefly review the
essential points of their approach.
The basic philosophy of the approach suggested in [95] is the conversion
of the given system of second-order equations involving matrices of dimension
(r + 1) x (r + 1) into an equivalent system of first-order equations involving matrices of dimension 2(r + 1) x 2(r + 1). This is carried out by defining the set of row
vectors {Yi

= [Pi+l

Pi], 0:5 j :5 r - 1}. Then we have the system of equations

given by

where the matrix H, given by

_(-(Q -

A - S)S-1
-AS- 1

H -

is of dimension (r + 1) x (r + 1). This leads directly to the following relation:

[PI Po]

=

[11" - Po 11" -

Pb]F

where the matrix F is given by

F

= (~: ~:) = (I + H + H2 + H3 + ... + H"-1 )-1
= (I -

H,,)-l(l- H).

Note that each of the submatrices F 1 , F 2 , F3 and F. is of dimension (r + 1 x
r

+ 1).

The matrix F can be computed in a numerically stable fashion using a

straightforward eigenvalue decomposition, and this property is the major strength
of the computational scheme proposed by Williams and Leon-Garcia [95]. After
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applying the boundary condition PI = PoD (where D = -(Q - A)S-I) to the
above system of equations and after a few algebraic manipulations, we obtain the
following expressions for the boundary state probability vectors:
Po

= 7rC( C + F.- I -

Pb = 7r(I + F 2 F.- 1 )
where C

=F

2 F.-

1

-

F 1 F 3-

1

•

DF3-

1

)-1

Po(I + F 2 )F.- 1

-

From this result, the packet blocking probability

'P8(b) corresponding to a buffer size of b can be calculated in a straightforward
manner:
r

(3.9)

'P8(b) = LPib.
i=O

It is clear that the analysis of the type-9 system using the above method

attains a high degree of complexity due to the large dimensionality. Considering
the fact that the call-arrival-departure process occurs on a time scale much slower
than that of both the packet-arrival-departure process and the on-off' pattern of
the connected calls, one may reduce the complexity by employing a quasi-static
approach for the computation of the blocking probability in the t1lpe-9 situation.
In order to present the quasi-static approximation, let us denote the blocking probability of a t1lpe-2 system with b number of packet buffers, k number of connected
calls and a reserved capacity of

~

by

'P82(k,~,b).

Then the quasi-static formula

for the blocking probability 'PB3( b) of a t1lpe-9 system with a maximum of m
circuit-switched calls and b packet buffers is given by
m

'PB3(b) =

L 7rU'P82(k,~ + (m -

k)c5,b).

(3.10)

k=O

This approximation is very useful in the particular type of implementation of the
presented buffer management scheme as discussed in Section 3.5.
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In spite of the accuracy and numerical stability of the computational scheme
outlined in this section, it is evidently unsuitable for optimization applications due
to its complexity and the expression for the blocking probability not being in a
closed-form. In view of this fact, in the following section, we shall present a scheme
for the development of a closed form expression that approximates the packet
blocking probability in a hybrid-switched multiplexer with sufficient accuracy. This
closed-form approximation will be employed in Section 3.4 for the formulation of
the buffer management problem in ISDN's within an optimization framework.

3.3 A Closed-Form Expression for the Packet Blocking Probability
in ISDN Multiplexers

In the previous section, we provided an overview of the modeling and analysis of hybrid-switched multiplexers which form the fundamental building blocks
of the emerging ISDN's. In view of the unweildy nature of the numerical approaches available for the determination of the packet blocking probability in such
multiplexers, in this section we seek to develop a closed form approximation for
the blocking probability. Earlier studies in hybrid switching, in particular the ope
reported by Williams and Leon-Garcia [95], have shown that one of the most significant performance features of a hybrid-switched multiplexer is the magnified
packet blocking probabilities exhibited by such multiplexers in comparison with
those of an

MIMI 11m queue (used to model the conventional data links) operating

under identical loading conditions and buffer allocation (m). This observation has
stimulated the authors to visualise the excessive blocking in ISDN multiplexers as
the result of a virtual "buffer contraction", a term that will be used extensively
throughout the reminder of the chapter. An empirical study based on this premise
has yielded some significant results with a tremendous potential in practical applications as outlined in the following paragraphs.
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3.3.1 Development of Approximation A and Approximation B
Following the tenninology introduced in Section 3.2 and without reference
to the specific type of the circuit-switched background process, the average capacity

'6

available for packet transmission in a hybrid-switched multiplexer is given

by
r+l

6 =L

7rj-l S(i,

i)

(3.11)

i=l

where (r+1) is the dimension of the phase process under considertLtion and S(i, i)
is the

ith

diagonal entry of the service process matrix S (Section 3.2). Then the

nonnalized average load (or utility factor) p on the queueing system is given by

The physical significance of the parameter p in the context of hybrid-switched
multiplexers is identical to that of the utility factor in the context of the MIMl1
queue. To be specific, the condition p < 1 defines the stability criterion for infinite
buffer systems, and a value of 1 for p defines the limit on loading beyond which
it is impossible to bring the blocking probability arbitrarily close to zero by any
amount of buffer allocation in finite buffer systems. In order to develop an analytic approximation for the packet blocking probability, we begin by examining
an M/M/l/b et queue (referred to herein as the equivalent M/M/l queue) that
operates at a loading level identical to the average load p on the hybrid-switched
multiplexer and the size bet of the buffer allocated to which is such that both
queueing systems have identical blocking probabilities (for the specified value of
p). Presently we study the relationship between bet and the size b of the actual
buffer space available to the hybrid-switched multiplexer in the case of a specific
example. Our objective here is to characterize this relationship in terms of a simple mathematical function, which in turn will be used as the basis for obtaining a

108
closed-form approximation for the packet blocking probability. The requirement of
identical blocking probabilities of the hybrid-switched multiplexer and the equivalent MIMll queue translates into the following relation:
p

- beq

# 1;
(3.12)

p = 1,

+ l'

where the left-hand side denotes the packet blocking probability of the hybridswitched multiplexer, and the right-hand side is the expression for the blocking
probability of an M/M/1/b eq queue [21]. Inverting these relations, we therefore
have

beq -

In (

P8!b~

1-(l-P8(b»p

In(p)
1 - P8(b)
P8(b)

)

p

#

1;

(3.13)

p = 1.

It may be noted that the equivalent buffer size beq may attain non-integer values;

however this is not objectionable since the present objective is to obtain a closedform mathematical expression for the packet blocking probability.
Utilizing the teclmiques discussed in Section 3.2, an extensive numerical
study was conducted to compute the equivalent buffer sizes beq corresponding to
a wide range of actual buffer assigrunents b and for different

tllpe~

of the circuit-

switched subsystem. In order to illustrate the results of our studies in a representative case, let us consider a tllpe-£ hybrid-switching system with a total bandwidth
of 516 K bits per second, out of which a segment of 64 K bits per second has
been reserved for the transmission of the packet-switched traffic exclusively. The
remaining bandwidth of 512 K bits per second has been divided into eight slots
of 64 K bits per second each and is shared by both the circuit- and the packetswitched traffic, with a preemptive priority assigned to the former. Note that each
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of these slots is capable of supporting a single circuit-switched channel. The length
of each packet is assumed to be 1024 bits. In the Markovian framework defined
in Section 3.2, this scenario corresponds to the values of the parameters

e= 62.5

and 6' = 62.5. Each of the connected circuit-switched calls is assumed to exhibit
an on-off pattern, with the on and off phases being exponentially distributed with
mean durations of 272 and 360 milliseconds respectively. These figures are chosen
to correspond to the time constants associated with the talkspurt-silence pattern
exhibited in nonnal human conversations [69] (in this example, we consider an
application in which the circuit-switched subsystem is employed to support voice
traffic, and a fast-moving-boundary version (Section 3.1) of hybrid switching is
employed to support the packet-switched traffic).
Fig. 3.5 depicts the relationship between the actual buffer b and the equivalent buffer beq for the system described above when b is varied from 0 to 100
(this range would be typical for ISDN multiplexers). The four plots in this Figure
correspond to the cases where the number n of connected calls is set to 0, 1, 5 and
8 respectively with a capacity of (8 - n)6 +

e packets per second being reserved

for packet transmission. Specifically, Fig. 3.5 illustrates three possible quasi-static
phases of an ISDN link corresponding to three different levels of loading imposed
by the circuit-switched subsystem on the total transmission capacity. As is apparent, all the three cases exhibit a remarkable linear relationship between the real
and the equivalent buffer sizes, with the only exception being a narrow nonlinear
knee near b = O.
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This linear relationship between b and beq is not surprising in view of the well
known property according to which the blocking probabilities of a broad class of
queueing systems (of which the MIMI! queue with finite buffer and the hybridswitched multiplexer are members) with finite buffers exhibit exponential tails
in their relationships with buffer sizes. Note also that the slopes of the curves
depicted in Fig. 3.5 are less than unity, which indicates that for the same decrement
in blocking probability, the increment in buffer size for the MIMI! queue with
finite buffer is less than that for the hybrid-switched multiplexer. This is indeed
consistent with the magnified blocking probabilities observed in hybrid-switched
multiplexers [95] and is the basis for the term "buffer contraction" which we use
to designate the methodology presented in this section.
In order to substantiate the validity of our arguments for the cases of the
type-J and the type-9 hybrid-switched multiplexers as well, the relationship between b and beq for these cases was studied; the corresponding results are depicted in Fig. 3.6 and Fig. 3.7 respectively. In both cases, the maximum number
of circuit-switched calls that can be supported by the switch has been fixed at
8, with a capacity of

~

packets per second being reserved for packet transmis-

sion. As these figures indicate, the linear relationship between the actual and the
equivalent buffers is valid for the type-J and the type-9 cases as well. Fig. 3.6 illustrates the relationship between the actual and equivalent buffer sizes, with the
normalized load p chosen as a parameter. It is apparent from this figure that even
under moderate loading levels, the slope of the relation between the equivalent
and the actual buffer sizes in type-J systems tends to be quite small. Specifically,
this characteristic reflects the fact that an enormous buffer size would be required
in type-J systems to maintain the blocking probability at low levels, due to the
vast difference between the time constants of the packet- and the circuit-switched
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subsystems; in particular, the time constant disparity in the case of type-l systems
is one or two orders of magnitude greater than in type-! and type-9 multiplexers.
Note that the type-! situation is of special interest in this development because the adaptive buffer management algorithm presented in Section 3.4 updates
the nodal buffer allocations at the instants of arrivals and departures of circuitswitched calls. In order to develop this algorithm, we need a queueing model that
describes the behaviour of the packet-switched subsystem in-between the updating
instants, and the type-! model emerges as the appropriate representation of the
problem at hand.
Based on the insight gained from Fig. 3.5 - Fig. 3.7 and several other
similar studies, we propose the following method to develop a closed-fonn expression for the packet blocking probability in a hybrid-switched multiplexer. In the
description of our arguments, we will need to employ the exponential function
£(Wl,W2'U),(U < 0) defined as

Note that the function £( WI, W2, u) varies from an initial value of WI to a final value
of W2 exponentially as the variable b ( b denotes the buffer size in the discussion that
follows) increases from 0, with the decay constant being denoted by -u. Presently,
we propose the function F(K,un,Ud) defined as

as an appropriate candidate for closed-form approximations of the blocking probabilities for the class of queueing systems that exhibit exponential tails in the relationships between their blocking probabilities and buffer allocations. Our proposition has been motivated by the known fonn of the closed-fonn expression for
the blocking probability of the M/M/1 queue with finite buffer (Eqn. 3.12, [21]),
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which can be expressed as F(1 - p,ln(p),ln(p», where p is the normalized load
as defined earlier. Note that for large values of b, the value of the exponential in
the denominator of the fWlction F is very nearly equal to unity, and therefore
F degenerates into a simple exponential fWlction. For small values of b on the

other hand, the effect of the denominator term is significant, and in particular
the value of F equals unity when b = 0, a condition that must be satisfied by all
queueing systems. The parameters K, Un and

provide the flexibility to match

Ud

the characteristics of the particular general queueing system Wlder consideration.
Therefore our objective is to utilize two of the three degrees of freedom in order

f with that of the hybrid-switched multiplexer

to match the exponential tail of

under consideration, and to utilize the third one so as to provide a good match
for small buffer allocations. Considering two arbitrarily large buffer values bI and
b2 (b I =I

~),

we have the following relations:

bI

lim

PB(bd _

K exp(unbd;

'"B(J..)
r
"2

I\.

--+ 00

lim
~--+oo

l.'

exp ( Un b)
2 .

(3.14)

Inverting these relations, we obtain the following expressions for Un and K:
Un -

·b

1
_

K

-

b In [PB(b 2 )

-

PB( bI

(3.15 )

)]

I

2

(3.16)

PB(bd/ exp(unbd.

In addition, if we impose the condition that an exact match between the actual
blocking probability and the approximation holds for a specific buffer assignment
~

(where b3 is small), then we have the additional constraint given by

from which

Ud

can be calculated as

Ud

_

..!..l

-

b3 n

[K exp(u

n b3 ) - PB(b 3 )]
(K - 1)PB(b3 )

•

(3.17)
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Therefore, the strategy to be adopted is to choose two very large buffer
sizes bI and b-z (such that the corresponding actual blocking probabilities fallon
the exponential tail), compute the corresponding blocking probabilities 1'8(bd
and 1'8("'z) using Eqn. 3.9 and then compute the parameters

Un

and K using

Eqn. 3.15-3.16. Finally, select a small buffer size b3 , compute the actual blocking
probability 1'8(b3 ) using Eqn. 3.9 and then detennine the parameter

Ud

using

Eqn. 3.17. The choice of b3 has to be decided on a trial and error basis such
that the maximum deviation between the actual blocking probability and the
closed-form approximation attains a minimum. Combining all these ideas, we have
the following closed-fonn approximation for the packet blocking probability in a
hybrid-switched multiplexer, and we shall henceforth refer to this approximation
as Approximation A:
1'B(b) ~

K exp(unb)
1 - (1 - K)exp(ud b )

(3.18)

It may be noted that when the number of circuit-switched calls n equals 0, the

values of the parameters

Un

and

Ud

are both equal to log(p) and the value of the

parameter K is equal to (1 - p). Consequently, the expression given by the above
equation reduces to the blocking probability expression for an M/M/l/b queue as
expected.
In order to attain a certain level of simplification in the fonn of the closedform approximation, we may reduce the degrees of freedom to two by adding the
additional constraint given by

Ud

= Un, as in the case of the M/M/l queue. In this

case, the relation specified by Eqn. 3.17 is not valid. We shall henceforth refer to
the latter approximation as Approximation B. As will be described in Section 3.4,
Approximation B simplifies the development of the optimal buffer management
algorithm to be presented to a certain degree. Nevertheless the error introduced
by this approximation over the low buffer range is greater than that introduced
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by Approximation A; however, this discrepancy will have negligible effect on the
performance of the buffer management algorithms, since in practical ISDN nodes,
the total buffer space available will usually be adequate to ensure the operation
of the links on the exponential tails of the blocking probabilities.

3.3.2 Comparison of Approximation A and Approximation B with
Other Available Approaches
Aside from the buffer contraction approximation presented herein, one may
conceive of two other approaches for approximating the packet blocking probability in a hybrid switching system. The first of these is to ignore the background
phenomenon constituted by the slowly changing circuit subsystem altogether, and
to model the hybrid multiplexer as a conventional

M/M/l/b queue (the load level

and the buffer size of this M/M/1/b queue are assumed to be identical to those
of the hybrid switch). It is however apparent that this approach would cause the
packet blocking probability to be underestimated by several orders of magnitude
in practical situations. This is so because the

M/M/1/b queue approximation com-

putes the limiting value of the packet blocking probability as the time constants of
the circuit subsystem approach zero, while maintaining their relative values constant. The other available approach for the analytic approximation of the packet
blocking probability in a hybrid-switched multiplexer is what is referred to as the
quasi-static approximation [95] and is given by

'"8(b) '"
r

-

~
(1
~ 1r1

pdp~
6+1 '

i=O

Pi

1-

(3.19)

where
PI =

and where r and

1r

,.,

.

e+(r-i)c5'

are respectively the dimension and the steady-state probability

vector (Section 3.2) of the phase process under consideration. This approach is
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based on the assumption that the queueing system attains a steady state in between transitions in the phase process (circuit subsystem). In real networks, the
time constants associated with the call arrival-departure pattern are 4-5 orders
of magnitude larger than those asoc:ated with the packet subsystem. Therefore,
the assumption of the quasi-static property in between changes in the number of
connected calls indeed leads to accurate results for practical buffer sizes (0 '" 300).
However, the time constants associated with the on-off pattern of the connected
calls are only 1-2 orders of magnitude larger than those of the packet subsystem,
and therefore the assumption of the quasi-static property between the phase transitions of connected calls would lead to an unacceptable degree of error (except for
very small buffer sizes). This is due to the fact that the quasi-static approximation
takes an extremely "pessimistic" look at the on-off process in that this approximation provides the actual blocking probability as both
with the ratio

(l'

I {3

II

(l'

and

II {3 tend to infinity

being maintained constant. This property causes the quasi-

static approximation to ignore the ability of the buffering system to smoothen
out the adverse effects of the congestion during the overload phases of the circuit
subsystem, and predicts a non-zero blocking probability even for infinite buffer
allocation. Further, as is evident from Eqn. 3.19, the number of non-linear terms
in the quasi-static blocking probability expression equals the number of states in
the circuit-switched process, in contrast with the single non-linear term in the
buffer contraction approximation. For a standard 24B+D channel structure with

24 connected calls, this could yield 25 terms in the quasi-static blocking probability formula. Therefore a performance objective function based on the quasi-static
approximation is rather unsuitable in the formulation of optimal network resource
management problems, from a computational point of view.
It is apparent that the

M/M/l/b

approximation and the quasi-static ap-

proximation represent the two extremes in computing the packet blocking proba-
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bility (the former corresponding to the limiting case of the circuit subsystem time
constants approaching zero, and the latter corresponding to the limiting case of
the circuit subsystem time constants approaching infinity) and fail to describe the
dependence of this parameter on the transient nature of the circuit subsystem.
Consequently, if either of these approximations is employed in the formulation of
an objective function for optimal buffer management in a network node of multiplexers with circuit subsystems of dissimilar statistical characteristics, then it
could lead to an unacceptably large deviation from the optimal performance. In
order to compare the accuracy of the buffer contraction approximation presented
in this chapter to that of the

M/M/l/b

and the quasi-static approximations, and

to establish the superiority of the former on a quantitative basis, the logarithmic error of these three approximations has been plotted in Fig. 3.8, by using
the precise results of the numerical scheme of Section 3.2 as a bench-mark. The
substantially higher accuracy of the buffer-contraction approximation is apparent
from this figure.

3.3.3 Application of the Proposed Approximations in Optimal Buffer
Management
In the following sections, we investigate the optimal management of packet
buffers at ISDN nodes based on the results presented in this section. A few comments regarding the nature of the loading conditions under which a typical integrated network will be operated are worthwhile before we present schemes for the
buffer management. As has been discussed earlier in the chapter, the transitions
in the circuit subsystem are governed by two Markov processes, one corresponding
to the arrivals and departures of calls and the other corresponding to the on-off
pattern exhibited by the connected calls.
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In principle, it is possible to bring the packet blocking probability arbitrarily close
to zero by allocating a sufficient number of buffers, as long as the data loading is
maintained below the average service rate. In the most general case of a type-3
system, this maximum limit is given by
m

"

6 = ~ + L LX ",( m "=0'=0

1)6,

where m is the maximum number of circuit-switched calls that can be supported by
the hybrid-switched multiplexer, and the parameter

x"' is defined in Section 3.2.

Nevertheless, due to practical considerations, one must be very cautious in taking
full advantage of this long-term average capacity. This recommendation stems from
the fact that the time constants associated with the call-arrival-departure process
are so slow that unrealistically large buffers ('" 10·) will be required to maintain
the blocking probability at an acceptably low level. This in tum points to the need
for a flow control scheme that adapts the packet arrival rate in accordance with
the arrival and departure of voice calls. A particular form of such a flow control
scheme that maintains a constant loading level has been proposed by Leon-Garcia
and Kwong [94]. Since this proposal does not take advantage of the on-off pattern
of the active calls, the analysis of the flow-controlled multiplexer reduces to that
of a group of M/M/1 queueing systems with finite buffer spaces. On the other
hand, the models considered herein do take advantage of the on-off pattern and
consequently, the link loading level exhibits overload-underload fluctuations on a
short-term basis. Theoretically, one may conceive of a flow-control scheme that
adapts the packet arrival rates in accordance with the on-off pattern as well, but
owing to the extremely short durations of the associated time constants, such an
approach would be unrealistic, especially on a network-wide basis.

In view of these factors, in the remainder of the chapter we consider a system
in which the packet arrival rate '1 is dynamically adjusted in accordance with the
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arrival-departure pattern of the circuit subsystem so as to maintain loading level
below a certain maximum limit (as dependent on the availability of buffers and the
maximum blocking rate that can be tolerated) such as 0.95. Further, we view each
multiplexer as a t1lpe-! process between successive transitions in the call arrivaldeparture process, on a quasi-static basis. For the most effective implementation
of the buffer management scheme, the buffer allocation algorithm is executed at
each transition in the arrival-departure process and the buffer assignments are
updated (a call-dependent quasi-static updating approach). Further details on thp.
implementation of the dynamic buffer management scheme taking certain practical
aspects into account are given in Section 3.5.

3.4 Adaptive Management of Packet Buffers in ISDN Nodes
In the previous section, we presented a methodology for the development
of a closed form expression for the blocking probability in the packet subsystem
of a hybrid-switched multiplexer. In this section, we utilize the results of the last
section to formulate the problem of buffer management at an ISDN node as a
Nonlinear Progranuning problem. In view of the quasi-static nature of the circuit
subsystem at each hybrid-switched link, it would be desirable to implement the
buffer management scheme on an adaptive basis. In particular, we are interested
in a scheme that updates the buffer allocations at the instants of call arrival and
departure in the circuit subsystem, and thereby adapts in accordance with the
fluctuations in the packet transmission capacities due to the variations in the
number of connected circuits. This requirement in turn necessitates the periodic
solution of the nonlinear programming problem in real time, and therefore the
efficiency of the technique used for solution is of paramount interest. In view of this
fact, in this section, we also present a fast, iterative scheme for solving the buffer

123
management problem, using a decomposition argument. Finally, we substantiate
the validity of our arguments using several numerical examples.
Fig. 3.9 illustrates the structure of a typical ISDN node with R outgoing
links, each of which has the generic structure of a hybrid-switched multiplexer
shown in Fig. 3.1. It is assumed that the node in question has a total buffer space
of size B, and each buffer can store one packet. The problem of interest in this section is to allocate this buffer space among the R outgoing links such that a performance criterion of interest is optimized. From physical considerations, the natural
candidate for specifying this performance parameter is the overall packet blocking
probability for the entire node, with possible user-defined weighting parameters
attributed to the individual links. This problem has received a considerable attention in the past in the context of purely packet-switched networks [62,63,67].
Presently, we seek to extend some of the concepts employed in packet networks to
the domain of ISDN's.
As discussed in Chapter 2, the two fundamental approaches employed in the
management of buffers in packet networks are what are referred to as (i) Complete
Partitioning (CP) and (ii) Complete Sharing (CS). In the former approach, the
total buffer space is permanently partitioned among the R outgoing links whereas
in the latter approach, an unrestricted sharing of the total buffer space among the
outgoing links is permitted. In order to take advantage of the desirable features of
both approaches, other schemes which combine the CP and the CS schemes, such
as (iii) Sharing with Minimwn Allocation (SMA), (iv) Sharing with Maximwn
Queue Length (SMXQ) and (v) Sharing with Minimum Allocation and Maximum
Queue Length (SMQMA) have been proposed in the literature [63]. The basic
CP scheme has several advantages such as, high throughput under heavy loading
conditions, superior delay characteristics and fairness. In view of this fact, in a
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recent paper, Tipper and Sundareshan [66] proposed an adaptive buffer management scheme based on a quasi-static CP approach. Our primary aim in this section
is to extend the quasi-static CP approach for buffer management in the context
of the ISDN node. In order to meet the real-time constraints encountered in an
adaptive implementation of the scheme, an analytic approximate solution for the
buffer management problem has also been presented in [67]. A major drawback of
this approximation, however, is that it is based on approximating the (normalized)
loads on all the outgoing communication links by unity. This type of assumption
is rather unrealistic, especially in the ISDN context where the packet transmission
capacities exhibit drastic variatiolls due to the arrivals and departures of circuitswitched calls. Consequently, the solution approach of Tipper and Sundareshan
fails to recognize the vast differences in the loading on the various outgoing links
and therefore the resulting solution could be far from optimal. In view of these
facts, instead of adopting an analytic approximate solution similar to the one
in [67], we propose a novel iterative scheme for the solution of the buffer management problem using a decomposition argument. This scheme does not employ any
ad-hoc approximations of any of the nodal parameters and therefore leads to the
optimal solution. The superiority of the presented algorithm is demonstrated via
several numerical examples in Section 3.4.3.

3.4.1 Formulation of the Buffer Management Problem in an Optimization Framework
Presently, we formulate the buffer management problem at an ISDN node as
a nonlinear-integer programming problem. It may be noted that the overall nodal
blocking probability is given by a weighted sum of the link blocking probabilities,
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w, for the Ith link is the fraction of the total nodal
traffic that flows through this link; i.e. w, is given by
w, = 7J'
where the weighting factor

R

.

L:r=l7Jr

In addition, the relative significance of the various links may be altered (if, for
example, it is desired to give a higher priority to the traffic flowing on a subset
of the links) by a set of additional weighting factors {u,}, where u, is associated
with the Ith link. The physical constraints of the optimization problem are: (i) the
buffer allocated to each link should be a non-negative integer and (ii) the sum
of the buffer allocations over all links must be equal to B, the total buffer space
available at the node. Thus the buffer management problem may be formulated
as the following integer programming problem:
Problem PI
mID

Q J1

R

=

L u,w,B,(b,)
,=

(3.20)

1

R

s.t.

Lb,

B

'=1
b,

~

0, b, integer, IE {1, ... ,R}

where b, is the number of packet buffers assigned to the Ith link and B,( b,) is the
corresponding link blocking probability (note that the blocking probability B is
subscripted by the link number to distinguish the dissimilarities of the characteristics of the traffic - n, 7J etc. - on the different links at the node). In an adaptive
implementation of the buffer management algorithm, at each instant of arrival
or departure of a circuit-switched call, the modified nodal operation parameters
(such as load levels on the different links, packet transmission capacities etc.) are
determined and Problem PI is solved to yield the optimal buffer allocations under
the new operating conditions.
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Perhaps the most straightforward way to solve Problem PI is the employment of an exhaustive enumeration strategy. Assuming that the time required for
the execution of the numerical algorithm of Williams and Leon-Garcia [95] is

T

time units, it is clear that the evaluation of the total nodal blocking probability
corresponding to a given buffer assigrunent will require RT time units. Enumerating all the possible ways of partitioning B buffers among the R links, the total
time required for the solution of Problem PI by exhaustive enumeration can easily
be seen to be

(B~~~I) RT time units. Even though this approach yields optimal

partitions, it is obvious that it would be impossible to perform a computation
of this magnitude subject to the real-time constraints imposed by the adaptive
implementation.
In the previous section, we presented a scheme for approximating the ISDN
link blocking probability using a closed-form expression. Employing the approximation A given in Eqn. 3.18 to represent the link blocking probabilities, we may
reformulate Problem PI in the form of Problem P2 given below:
Problem P2

u,w, 1-(1-/\t}exp(ud,bt}
.
L
'=1

k

K, exp( U n,b,)

R

mID]
2

(3.21 )

R

s.t.

Lb, -

B

(3.22)

1=1

b,

~

where the parameters K,u n and

0, b, integer, IE {1, ... ,R}
Ud

have been subscripted by I to indicate the

dependence of their values on the loading conditions of the link in question. It is
assumed that the values of these parameters are known for each link and for each
state of the respective phase process (possibly computed a-priori using the methods discussed in Section 3.3 and stored in a table). Application of the closed-form
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approximate nodal blocking probability formula given in Problem P2 instead of
the numerical scheme of Williams and Leon-Garcia [95] simplifies the computation
of the objective function significantly for a given buffer assignment. However, even
with the availability of this powerful tool, the enormity of the number of distinct
cases to be considered in an exhaustive enwneration renders the solution technique
based on this latter enumeration infeasible. One of the effective schemes available
for the solution of integer programming problems is the branch-and-bound algorithm (with an appropriate technique such as the steepest descent method being
employed for the solution of the nonlinear-real programming problem at each node
of the branch-and-bound tree). In spite of the possible improvement in speed in
practice by employment of this approach, it is well known that the number of
nodes to be traversed in the branch-and-bound tree, in the worst case, equals the
total nwnber of distinct points in the feasible space of the problem. This drawback together with the complexity of the conventional steepest-descent algorithm
to be employed for the solution of the nonlinear programming problem at each
node causes the branch-and-bound approach to be unattractive in the real-time
solution of Problem P2. In view of these shortcomings of these solution techniques,
in the following section, we present a novel iterative scheme with relatively fast
convergence for the solution of Problem P2, based on a decomposition argument.

3.4.2 An Iterative Scheme for the Solution of Problem P2
Before we discuss the iterative technique for the solution of Problem P2,
the following lemma needs to be presented in order to substantiate the argwnents
that follow:

Lemma 9.1: The objective function J 2 in Problem P2 is convex in the region given
by
{-(l/u,j,) In(l - K,}

< b, <

00,

1= 1, ... , R}.
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Proof: The second derivative of the function J 2 (Eqn. 3.21) with respect to b, is
given by

(3.23)

Since we have 0 < K, < 1 and

Un', U d'

< 0 (Section 3.3), a sufficient condition for

the above expression to be strictly positive is given by the relation
(1 - K,)exp(ud,b,) < 1, and this condition is satisfied by all values of b, in the
interval (-(I/ud') In(I-K,), (0). Therefore the function J2 is convex in the domain

•

specified by {-(I/ud,)ln(l- /\,) < b, < 00,1 = 1, ... ,R}.

In Problem P2 (Eqn. 3.21-3.22), if we relax the integer constraints, modify
the inequality constraints on the buffer variables so as to include the entire domain
of convexity defined by Lemma 3.1, and incorporate the single equality constraint
into the objective function using a Lagrange multiplier s, then we obtain the
nonlinear programming problem (Problem P3) given below.
Problem P3:

-

~
L- u,w,
'=1
1-

K,

exp(un,b,)
.
(1 - /\,)exp(ud,b,)

+ s (~b
L-''=1

s.t. b, > -(I/uddln(l- K,), 1 E {I, ... ,R}

B)

(3.24)
(3.25 )

Corollary: Problem P3 has a unique minimum .

.f.r22f: This follows from Lemma 3.1 and the linearity of the equality constraint
given by Eqn. 3.22.

•
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Note that the solution of Problem P3 may yield non-integer and possibly negative
values for the optimum buffer variables. A negative value of one of the variables
indicates that the corresponding buffer assignment must be equal to zero, and the
non-integer values of buffer variables can easily be rowlded off to integer values by
employing a procedure such as the one proposed by Tipper and Sundareshan [66].
The validity of the iterative technique to be presented depends on the following additional results.
Lemma 3.:: The optimum solution for Problem P3

IS

an interior point of the

feasible space.
Proof: The objective function J 3 attains an infinite value if the value of one (or
more) of the buffer variables (b l ) equals its lower limit specified by Eqn. 3.25; but
there is at least one solution (e.g., b, = B / R, I = 1, ... , R) such that J 3 has a
finite value. Therefore the optimum of Problem P3 cannot coincide with any of
the bOWldaries specified in Eqn. 3.25.

•

TheQrem 3.1: The necessary and sufficient conditions to be satisfied by the global

optimum of Problem P3 are (i) that the gradient of J 3 at this point is zero and
(ii) that the constraint set of Problem P3 given by Eqn. 3.25 is not violated.
Proof: The proof follows as a direct consequence of Lemma 3.1 and Lemma 3.2 .•
We will now discuss the iterative solution methodology. As a first step,
based on the results of Theorem 3.1, we set the gradients of the objective function
J 3 with respect to the buffer variables b, and the Lagrange multiplier s to zero to
yield the following set of equations:
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(I·)

WIUIO'nl

K

I

( b)[I+(I-KI)(-;::;-I)eXP(O'fllbd]
exp O'nl I
2
(1 - (1 - K,) exp(O'dlb,»

-

-s{3.26)

[E{1, ... ,R};
R

Lb

( ii)

l

=

B.

(3.27)

1=1

One may attempt to obtain the optimal buffer allocations by a direct solution of the above system of equations, but as is evident, this approach will be
cumbersome and impractical in an adaptive implementation of the buffer management algorithm. In view of this fact, as an alternative to the direct solution
approach, we present the following iterative scheme for solving Problem P3. It
may be noted that both the numerator and the denominator of the term enclosed
within the brackets in the l.h.s. of Eqn. 3.26 have values very close to unity along
the exponential tails of the objective function (the amount of buffer space available
in practical network nodes is adequate to ensure that the blocking probability on
each link lies on the exponential tail of Eqn. 3.18) and are relatively insensitive
with respect to variations in the buffer allocation. In contrast, the term outside
the brackets in the l.h.s. of Eqn. 3.26 exhibits a high sensitivity (an exponential
dependence) with respect to variations in b, and therefore constitutes the dominating factor in the l.h.s. of Eqn. 3.26. Based on these characteristics, we present
the following decomposition argument that forms the foundation of the iterative
technique to be presented. Assume that the buffer of size B has been partitioned
arbitrarily (e.g., equipartitioning) among the R outgoing links, and that the allocation for the

[th

link is denoted by b~m). Note that the new superscript (m) will be

used to designate the iteration number in the presentation of the algorithm that
follows. Based on the sensitivity arguments given above, we assume that the value
of the tenn inside the brackets in Eqn. 3.26 does not change appreciably during
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a particular iteration. Accordingly, we fix the value of this tenn during the

mth

iteration equal to the parameter estimate v~m) given by

v,(m)

(3.28)

In terms of this parameter, the optimum buffer allocation

fl (at the (m + 1tt

iteration) may be computed as follows. Substituting v}m) and b, in Eqn. 3.26, we
have

-so

(3.29)

Solving for b" we obtain

(3.30)

Summing over all I, we arrive at
R

B =

Lb,
'=1
R

1

= L-In(s)

(3.31 )

'=1 Un'
Solving for the logarithm of the costate variable s, we have

In(s) -

B

(3.32)

Substituting Eqn. 3.32 in Eqn. 3.30, we finally arrive at the following closed form
expression for the variable b,:
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b, -

(3.33)

Note that the accuracy of the result provided by Eqn. 3.33 depends on
that of the estimates v~m) given by Eqn. 3.28. In view of this fact, we propose
an algorithmic procedure that iteratively improves the values of the

VI

and the b,

variables by successively updating these parameters using Eqn. 3.28 and Eqn. 3.33
respectively, until convergence takes place. In the course of execution of this procedure, it is possible for an intermediate solution to violate the constraint given
in Eqn. 3.25, which must be satisfied by the optimal solution according to Theorem 3.1. The algorithm used here incorporates a corrective procedure in order to
take care of this anomaly. The presentation of Algorithm A that follows makes use
of the following additional parameters:
f :

A specified tolerence on the optimality of the final solution; this param-

eter determines the condition for the termination of the algoritlun.

biiD == -(l/O'dl)ln(l-K,)+ K;

this parameter gives the minimum limit on

the value of b, such that the feasibility constraint specified by Eqn. 3.25 is
not violated (note that

K

is a small positive constant selected to exclude the

minimum limits given by Eqn. 3.25 where the objective function attains an
infinite value).
t lea : A scaling parameter used to adjust each intermediate solution if this

solution falls outside the range of feasibility given by Eqn. 3.25.
tvd :

A specified velocity control parameter; the value of this parameter

is initially set to unity, and after the completion of every multiple of a
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specified number of iterations, its value is decreased in order to improve
convergence.
~m :

~,

The specified number of iterations between successive updates of tvel.

: The specified scale factor for adjusting tvel; the value of this positive

parameter must be less than unity.
It may be noted that a notation of the form

Ilxll in the description of Algorithm A

refers to the Euclidian norm of a vector-valued argument x. Additional details
regarding the significance of the parameters listed above are provided in the discussion that follows the description of the algorithm given below.
AI&orithm A
1. Set b~m)

= B/R

2. Compute

v:

m

)

VI

= 1,2, ... ,R;m = O;tvel = 1.

using Eqn. 3.28.

3. Compute b, using Eqn. 3.33.
4. If there is an 1 such that b,

set tIe =
Q

[

< bi in , then

b~m) - biinj

-'-(-:-m....,)~~-

b,

- b,

.

min

else
set tlea

6. If IIb~m+l) - b~m)lIm&x
7. If m mod ~m

= 1.

<

f,

= 0, then set

then go to step 9.

tve' = tvel

X

~t.
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8. Set m = m

+ 1; Go to step 2.

9. Round off b(m+l) to integers and implement the new buffer allocations.

As an appropriate strategy for implementing the round-off procedure indicated in step 9 of above, we provide a brief description of the round-off rule suggested by Tipper and Sundareshan in the development of the buffer management
scheme proposed by these authors [66]. In this description, the notation INT(x)
refers to the non-negative integer that is nearest in value to the real valued argument x. The steps in the procedure are as follows:
(i) Determine I such that b,
(ii) Set bj

= INT(bj )

'V j

= m;x bJ •

= 1, ... , R, j:F l.

(iii) Set b, = B - E~_1
br
J ,.,
In this paragraph, we discuss some significant features of Algoritlun A. Note
that in the implementation of a scheme for the iterative improvement of the

VI

and

the b, parameters as suggested earlier, the following special cases need to be taken
into account: (i) In the course of execution of the iterative scheme, it is possible
for an intennediate solution to violate one or more of the constraints specified
by Eqn. 3.25, and this could cause the iterative loop to drift away from the optimal solution given by Theorem 3.1 (unless an appropriate corrective measure
is applied); (ii) In systems with small buffer sizes (B), it is possible for one or
more of the buffer variables to attain intermediate values close to zero thereby
affecting the accuracy of the estimates given in Eqn. 3.28 (the validity of the basic
decomposition argument depends on relatively large buffer assignments), and this
in turn could affect the convergence of the iterative procedure (in the absence of a
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suitable corrective procedure). Note that Algorithm A presented above as a specific methodology to implement the iterative solution technique takes care of both
these problems. Case (i) is handled by the corrective action applied in step 4 of
the algorithm, where the solution yielded by Eqn. 3.33 is checked for violation of
the constraints in Eqn. 3.25. If a constraint violation is detected, then the updated
solution

R(m+l)

is chosen to be the intersection of the line segment (ray) between

the previous solution

b.(m)

and the result Q yielded by Eqn. 3.33, and the violated

constraint in question (note that the infinitesimal constant

K.

is used to eliminate

solutions that coincide with the constraint boundaries, since the objective function
J 3 is singular along these boundaries). The second special case ( case (ii» is handled
by a "velocity control" variable tvel that improves the convergence of the algorithm
for small buffer sizes. The value of tvel is initially set to unity. If it is detected that
the number of iterations prior to termination exceeds the threshold 6

m,

then the

value of tvel is reduced to 6, x tvel, 0 < 6, < 1 (and this is repeated for each additional 6

m

iterations prior to termination). In step 5 of the algorithm, the linear

distance between the successive updates of the buffer variables is scaled by tvel'
Consequently, as the number of iterations tends to be large, the linear distances
between successive updates tend to be progressively small. This characteristic in
conjunction with the convexity of the objective function guarantees the convergence of Algorithm A in the limit. Nevertheless, it should be pointed out that a
progressive reduction in the value of tve' could affect the speed of convergence of
the algorithm. In the experimental studies that we have conducted, it has been
found that a choice of 6

t

= 0.5 (reduction factor for tvel) and 6 m = 10 (number of

iterations between successive adjustments of tile') substantially improves the convergence of the algorithm for very small buffer allocations. In practical networks,
however, the number of buffers available is large enough so that the special cases
listed above are seldom encountered, and the algorithm converges before the first
adjustment in the value of tvel. In particular, all the numerical examples reported

137
in Section 3.4.3 required only 3 to 4 iterations of Algoritlun A before convergence
occurred. This demonstrates the fast convergence of Algorithm A and emphasizes
its superiority over the existing solution techniques for nonlinear programming
problems in the implementation of the buffer management scheme on an adaptive
basis. In the next section, we illustrate the application of the technique presented
in this chapter in the context of some representative cases and demonstrate its
superiority over other existing approaches on a quantitative basis.

3.4.3 Performance Evaluation of the Buffer Management Scheme
In this section, we will conduct a performance evaluation of the buffer
management scheme presented in this chapter. To illustrate the application of
the closed-fonn blocking probability approximation presented in Section 3.3, we
depict in Table 3.1 the values of the parameters K,

Un

and

Ud

for three hybrid-

switched links operating Wlder three different packet loading conditions, and for
different numbers of connected circuit-switched calls on each link. Fig. 3.10 shows
an ISDN node with three outgoing hybrid-switched links whose characteristics
are specified in Table 3.1. This describes the scenario under consideration with
regard to the results presented in Table 3.2. In the latter table, we demonstrate
the effects of applying the optimal buffer allocation (given by Algorithm A) policy
when compared with applying an ad-hoc equipartitioning policy. The overall nodal
blocking probability values are compared for different configurations of the circuitswitched processes on the three links and for two different buffer sizes (B). The
reduction in the overall blocking probability facilitated by the optimal scheme is
apparent, but even more striking is the superiority of the optimal approach in a
fairer distribution of blocking on the various links. The "fairness" criterion in the
present context is intended as a qualitative measure of the ability of a given buffer
management scheme to distribute the nodal buffer space to the competing traffic
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t):pe-2: m.9:

a.3.B7: 8 .2.77

Link 1 ( I- a325;

P
.0.87)
max

n

an

K

ad

p

8

-0.0304

0.0594

-0.0761

0.87

7

-0.0358

0.0562

-0.0732

0.87

4

-0.1619

0.0434

-0.0576

0.72

0

-0.5486

0.4222

-0.5486

0.58

Link 2 ( I- .302;

Prna..0.87)

n

an

K

ad

P

7

-0.0546

0.0530

-0.0780

0.81

5

-0.1366

0.0362

-0.0546

0.71

3

-0.3063

0.0616

-0.0620

0.63

1

-0.5228

0.2404

-0.1591

0.56

0

-0.6232

0.4638

-0.6232

0.54

Link 3 ( 1-.261;

P .0.87)
max

n

an

K

ad

P

8

-0.0607

0.0423

-0.0667

0.75

6

-0.1417

0.0277

-0.0502

0.65

4

-0.3169

0.0369

-0.0469

0.57

2

-0.5542

0.1330

-0.0889

0.51

0

-0.7700

0.5370

-0.7700

0.46

Table 3.1 Buffer contraction paramete1"8 for the buffer management example
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Fig. 3.10 ISDN node example for Table 3.1
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Case 1 . 8.3' B.90

'of
voice
channels

optimal
butter
alloc

0-7-8

12-42-3E

8-5-0

59-22-9

8-0-0

69-11-10

block prob
(optimal) (%)
per link
0.06
0.56
0.59

overall
0.38

1.06
0.21
0.05

0.46

0.77
0.05
0.02

0.29

(fixed

DIOCK proD ~~.)
partitioning

per link

overall

0.00
1.13
0.87

0.64

2.91
0.06
0.00

1.04

2.91
0.00
0.00

1.02

Casa 2 . 8 • 3' B • 40

, of
voice
channels

optimal
butter
alloc

0-7-8

9-17-14

8-5-0

21-12-7

8-0-0

24-9-7

block prob (%)
(ODtimal)
per link
overall
0.30
2.68
2.88
4.22
1. 16
0.25
3.70
O. '7
o 25

1.87

1.95

1.43

block prob
%
(fixed partitioning~
per link
0.03
3.75
2.88
6.41
O.gS
0.00
6.41
0.01
0.00

overall
2.13

2.57

2.24

Table 3.2 Blocking probability performance of the ISDN node with three links
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streams, without any bias to a particular stream. To illustrate this point, consider
the third example in case 1 of Table 3.2. The equipartitioning strategy in this case
causes a high blocking probability on link I, while maintaining those on the other
two links at negligible levels, whereas the optimal approach maintains the blocking
probabilities on all the links at acceptably low levels «1%). Table 3.3 provides
similar results for the case of an ISDN node with seven outgoing links.

In Fig. 3.11-3.13, we present the results of a throughput-load analysis of
the optimal buffer management scheme (Algorithm A) compared with that of
the scheme proposed by Tipper and Sundareshan [66] and an equipartitioning
scheme. In these examples, we have chosen a node with 35 outgoing links which
are nonWliformly loaded and in which the voice activity on one of the links (link 1)
is much higher than on the other links (this example with non-uniform loading has
been chosen to illustrate the superiority of Algoritlun A with regard to its ability
to adapt to such situations). In particular, we maintain the normalized load on
links 2-35 at a fixed level (e.g., 0.6 in Fig. 3.11) and vary that on link 1 from a low
level (0.4) to a level beyond saturation (1.05). Fig. 3.11, Fig. 3.12 and Fig. 3.13
address respectively the cases of three, five, and eight (maximum) circuit-switched
calls being present on link 1 (i.e., n1 = 3,5,8), with no circuit-switched calls
being present on the other links. The superior throughput performance exhibited
by Algorithm A is apparent from these figures. The principal advantages of the
present scheme stem from its abili ty to recognize (i) the effect of the slow variations
in the circuit-switched process on the packet blocking probability of link 1 and
(ii) the larger relative volume of traffic flowing through link 1 (due to the nonuniformity of the loading conditions), and these two factors are not accounted for
by the suboptimal scheme proposed by Tipper and SWldareshan [66]. It should be
stated, however, that the suboptimal scheme discussed in [66] is designed for
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0.00
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0,15
2,70
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0,17
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0,16
0.11
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Dieck prOD
~/.
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per link
0.03
0.01
0.03
0.01
6.41
0.17
0,09
6.41
0.01
0.03
0.00
0.03
0.03
0.00

overall

0.97

0.99

Table 3.3 Blocking probability performance of the ISDN node with seven links
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buffer management in a purely packet-switched environment where the packet
transmission capacity of each link is assumed to be fixed. Therefore this scheme is
not designed to recognize the effects of the circuit-switched background traffic, and
this explains the superior throughput performance of Algorithm A which recognizes these effects by virtue of the buffer contraction approximation incorporated.
Fig. 3.14 and Fig. 3.15 illustrate the advantages of using an objective function based on the closed form blocking probability expression presented in Section 3.3, in contrast with one that ignores the transient effects of the circuitswitched background process altogether. The results depicted in these figures are
for a node with 20 outgoing links with the packet subsystems operating at identical
average loading levels. However, only one of the links (link 1) has a specific number
of circuit-switched connections present, and the other links have zero connected
circuit-switched calls (and hence are essentially equivalent to M/M/1 queues).

In these Figures, we demonstrate the superiority of Algorithm A in its ability to
adapt the buffer assignment in accordance with the intensity

c~

the "time constant

problem" (Section 3.1). Recall that if the time constants of the circuit-switched
subsystem are much smaller than those of the packet-switched subsystem, then
the packet transmission capacity may be treated as a constant, and therefore the
blocking probability is identical to that of an M/M/1 queue with a finite buffer.
However, if the converse situation prevails, then the packet blocking probability
tends to attain very large values due to the slow fluctuations in the packet transmission capacity. In recognition of these effects, in Fig. 3.14-3.15, we plot the link
blocking probabilities as a function of the ratio of time constants of the two subsystems

(,.,1 Q) and Wlder the aforementioned buffer allocation policies.

Note that

when the time constants of the circuit-switched process are comparable to or less
than that of the packet switched process, the buffer allocations, and consequently
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the blocking probabilities of the different links under the two buffer allocation
policies tend to be identical. However, as the time constants of the circuit-switched
process tend to be much larger than those of the packet-switched process, the
scheme of Tipper and Sundareshan [66] treats the links very unfairly. In contrast,
the optimal allocation policy realized by Algorithm A adapts to the variations
in the time constant ratio and maintains the blocking probability on link 1 at
acceptably low levels, without unduly penalizing the other links.
Fig. 3.16 illustrates the variation of the blocking probabilities of the different
links of an ISDN node with 20 outgoing links, as the number of circuit-switched
calls on one of the links changes from 0 to 10 (maximum). Both the cases of
Algorithm A and the scheme proposed by Tipper and Sundareshan are illustrated
in this figure. The superiority of our optimal scheme in regard to the fairness
criterion is apparent from the tighter control provided by Algorithm A on the
blocking probability experienced by link 1.
In the next section, we discuss some practical aspects associated with the
implementation of Algorithm A.

3.5 Implementational Considerations
In this section, we discuss some of the significant features of the application
of the optimal buffer management scheme presented in this chapter in practical
network nodes. Note that the adaptive implementation of the buffer management
scheme is based on the real-time solution of Algorithm A at the instants of arrival
and departure of each circuit-switched call, and the readjustment of the buffer
allocations to the various outgoing links. In general, each outgoing hybrid-switched
link that can support a maximum of m circuit-switched channels has m+l quasistatic states, with state i corresponding to the presence of i connected calls. If
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the actual number of circuit-switched calls connected at a certain instant of time
is n, then the expected duration of the corresponding state (state n) is given by
(nJl. + ,X)-l, and it is clear that the durations of states corresponding to larger
values of n become progressively smaller. On the other hand, in order for the
proposed buffer management scheme to be effective, the time duration of each
quasi-static phase must be much larger than that required for the real-time solution
of Algorithm A. Taking these constraints into account, it would be advif'lable to
divide the m+ 1 quasi-static states (or phases) into a smaller number p of aggregate
states (or aggregate phases) and perform the buffer adaptation only during state
transitions that occur across the boundaries of these aggregate phases. To give
an example, one may divide the circuit-switched phase process corresponding to
a multiplexer that can support a maximum of 24 circuit-switched calls into the
three aggregated phases referred to herein as Ch (few circuit-switched calls - high
packet transmission capacity), Cm (intermediate number of circuit-switched calls
- medium packet transmission capacity) and Cl (large number of circuit-switched
calls -low packet transmission capacity). Under this strategy, the buffer allocations
will remain unchanged for all states falling within the same aggregate phase and
the buffer readjustment is performed only during transitions between states falling
in adjacent classes. Such an aggregation, however, increases the suboptimality of
perfonnance.

It may be noted that, within each aggregate state, the circuit-switched
subsystem of the multiplexer appears as a type-:J process (as opposed to the type! model resulting from a consideration of each individual state in isolation) since
the number of connected circuit-switched calls corresponding to each aggregate
phase is no longer fixed. Therefore, the buffer contraction parameters (K, (Tn, (Ttl)
for each link need to be computed (using the methods presented in Section 3.3) for
each aggregate state of the link so as to provide a good match with the blocking
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probability of the corresponding type-S system. Once this task is accomplished,
the buffer adaptation may be performed in a manner identical to that discussed
in Section 3.4 , during each transition between the aggregate phases of each link.
In order to implement this approach, one of the basic issues to be resolved
is the choice of an appropriate criterion for the classification of the actual phase
process consisting of m+1 phases into p classes or aggregate phases. To accomplish this, let us begin by assuming that this classification has been performed
a-priori, according to some arbitrary criterion. Then the expected average packet
transmission capacity of a specific link, when it is in the aggregate phase Ck is
given by

(1/

L
IEC.

where

6i

71'al)

L

6

71'al i

(3.34)

iEC.

is the expected average packet transmission capacity in state i, and is

given by Eqn. 3.11 when applied in the context of a type-f system with i connected calls. A meaningful criterion that may be employed in the classification
of the phases into a smaller number of aggregate phases is the minimization of
the dispersion in the packet transmission capacities of phases grouped together
within each aggregate phase. This condition is equivalent to the requirement that
the error introduced by employing a buffer adaptation scheme based on the approximation of the transmission capacity during each actual state by the average
capacity during the

corrc~ponding

state aggregation based on

t~e

aggregate phase is minimal. To perform the

aforementioned criterion, let us define the m x p

matrix A such that Aij = 1 if phase i is included in class j and 0 otherwise. Our
objective here is to select the matrix A such that an appropriate measure of the
dispersion in capacities is minimized. In terms of the elements of the matrix A,
a suitable measure of the dispersion in the actual packet transmission capacities
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around the corresponding aggregate capacities (taken as a weighted sum over all
states) is given by
m

D -

L

p

L

7T a

i(h i - hCj)2 Aij.

(3.35)

i=O j=l

It is then possible to formulate the phase classification problem as the following
integer programming problem:
mm D
A

(3.36)
m

s.t. hCj

=

m

(l/L7TaiAij)L7TaihiAij, j=I, ... ,p;
i=O

i=O

P

LAij =

1, i = D, ... ,m;

j=l

Aij E {D, I}, i = D, ... , m, j = 1, ... ,po
Note that this a D-l integer programming problem with p nonlinear equality constraints and a convex nonlinear objective function, and may be solved by employing
the branch-and-bound algorithm. The complexity of this problem should not be
objectionable since it needs to be solved only once in the case of fixed traffic characteristics, or periodically on a very slow time scale to adapt to the time-of-the-day
variations in the traffic characteristics.
To illustrate the above method, let us consider a hybrid-switched multiplexer that can support a maximum of 10 circuit-switched calls with the characteristics presented in Section 3.4.3, and in addition, let ,\ = D.D556/sec, and Il

=

0.01667/sec. We are interested in grouping the resulting 11 circuit-switched states
into the three aggregate phases Ch,C m and C, as discussed earlier. By solving the
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integer programming problem given by Eqn. 3.36, using one of the available software packages called MPNOS (for the solution of general nonlinear programming
problems), we obtain the following partitions:

Ch
Cm

{O,1,2,3};
-

C, -

{4,5,6};
{7, 8, 9, 10}.

(3.37)

In order to illustrate the performance of Algorithm A when aggregate phases are
used in the computation of the contraction parameters, we have repeated the experiment conducted in Fig. 3.16 by employing this strategy and the results are
depicted in Fig. 3.17. It is apparent from this figure that the performance attained
by employing the above approach for buffer management is superior to that realizable by employing ad-hoc approaches, when fairness towards link 1 is taken into
account. However, it is also apparent that the performance provided by employing
aggregate states in the buffer management algorithm is inferior to that obtained
by the employment of the actual states. This characteristic is expected since the
aggregation process reduces the degree of adaptivity of the buffer management
scheme.
In summary, we can divide the set of circuit-switched states of each hybridswitched link into a smaller set of aggregate phases using the method discussed
above; this could be carried out off-line in a network with constant arrival and
departure rates, or periodically on a very slow time-scale to adapt to the time-ofthe-day variations in the arrival-departure statistics. The table of buffer contraction parameters is updated at the same frequency, for each link and corresponding
to each aggregate phase, by employing the techniques presented in Section 3.3.
Based on the information stored in these tables, the buffer allocations are adaptively adjusted at each transition between states belonging to different aggregate
phases
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on each link (on a faster time scale) by the exe :ution of Algorithm A presented in
Section 3.4.

3.6 Conclusions
In this chapter, we have been primarily concerned with the development
of an adaptive optimal buffer management scheme for the packet-switched subsystem of an ISDN node. The analysis of the hybrid-switched multiplexer that
forms the fundamental building block of the ISDN is highly complex and there are
no closed-fonn expressions currently available for the computation of the performance parameters of the packet-switched subsystem. This drawback has inhibited
the progress in the development of control schemes for the optimal utilization of
the network resources for several years. In particular, the objective function that
we have chosen in the fonnulation of the buffer management problem within an optimization framework is the total nodal blocking probability of the packet-switched
traffic, and there is no closed-fonn expression available for this parameter in the
ISDN context. In view of this fact, in the first half of the chapter, we have described
a novel scheme to approximate the packet blocking probability using exponential
functions. Our arguments are based on the property that a broad class of queueing
systems exhibit exponential tails in the relationships between their blocking probabilities and the buffer assignments. Using the closed-form approximation for the
packet blocking probability that we have developed, we fonnulate the problem of
optimal buffer management at an ISDN node as a nonlinear-integer programming
problem. In order to adapt to the characteristics of the circuit-switched background
process, it is desirable to execute this buffer management algorithm on an adaptive
basis, at the instants of arrival and departure of each circuit-switched call. The
stringent time constraints imposed by the adaptive implementation demands a
very fast convergence of the technique to be employed for the (real-time) solution
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of the buffer management problem. In view of this fact, we have also developed
an iterative scheme with fast convergence for the solution of the buffer management problem, based on a decomposition argument. Finally, we have demonstrated
the superiority of the buffer management scheme presented in this chapter over
the existing ad-hoc methodologies by means of several numerical examples, and
also have discussed some specific issues associated with the implementation of the
proposed scheme in practical ISDN nodes.
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CHAPTER 4
INTEGRATION OF THE TASI AND
THE MOVEABLE BOUNDARY MULTIPLEXING SCHEMES

4.1 Introduction

In the previous chapter, we addressed the problem of optimal, adaptive

buffer management at an ISDN node. The underlying principle of this scheme is the
adaptation of the buffer allocations (to the various outgoing links) at the instants
of arrival and departure of the circuit-switched calls at the node. Consequently,
each of the outgoing links at the node has the characteristics of a type-! hybridswitched multiplexer, in between the successive updating instants. Note that a
type-! multiplexer is comprised of a fixed number of connected circuit-switched

calls, and a fixed buffer size for the packet-switched subsystem. The on-off pattern
exhibited by the connected calls causes slow variations in the packet transmission
capacities of each multiplexer, and therefore the packet blocking probability of this
multiplexer tends to be rather high even with the adaptive buffer management in
place. In particular, the optimal buffer partitioning policy reduces essentially to
an equipartitioning policy during intervals when all the links at the node carry the
maximum number of circuit-switched calls. This could cause the buffer allocation
for each link to be inadequate to meet the constraints on the blocking probability.
The above limitation calls for fresh efforts in the development of more localized, link level control mechanisms for the reduction of the packet blocking probability in between the buffer updating instants. This objective forms the central
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theme of this chapter. In the subsequent sections of the chapter, we present a novel
multiplexing scheme based on the integration of the conventional Moveable Boundary (MB) Hybrid Switching scheme with the well-known Time Assigned Speech
Interpolation (TASI) technique used in the conventional circuit-switched networks.
This new scheme will henceforth be referred to as the integrated MB /TASI scheme.
The fundamental principles involved in the design of the TASI protocol
were discussed in Chapter 2. Presently, we review briefly some of the more technical aspects of the TASI methodology. Assume that, in a particular implementation
of TASI, a total of n circuit-switched channels share a bandwidth of 0 (0 < n)
slots. Then the TASI advantage A of the multiplexer is defined as the ratio (n/o).
As pointed out earlier in Chapter 2, the motivation for the TASI approach stems
from the presence of "talkspurt" and "silence" patterns in the connected circuitswitched connections. As in Chapter 2, if we denote the mean duration of a talkspurt by (1/0) and that of a silence period by (1//3), then the probability
a given call is in talkspurt is given by q = /3/(0

+ (3).

q

that

Based on this parameter,

the cutoff fraction (or freezeout probability) C is defined as
(4.1)

The parameter C has the physical interpretation of the probability that an arbitrary call transiting from an off-state to an on-state finds 0 calls already in service
and, consequently experiences front-end clipping. It may be noted that as long as
the TASI advantage A is maintained to be less than l/q, it is possible to reduce
the freezeout probability C arbitrarily close to 0 by making n sufficiently large.
Subjective studies have shown that cutoff fractions of 0.5% to 1.0% are acceptable
in circuit-switched networks that support voice traffic [72J. However, these values
of C can be achieved only in systems with the number of connected calls (n) being
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as large as about 40, for practical values of q (about 0.4) encountered in voice
applications.
The development in this chapter is based on the incorporation of the TAS!
protocol within the framework of the hybrid-switched multiplexer with moveable
boundary. The direct application of TAS! to the circuit-switched subsystem of
a hybrid-switched multiplexer has been addressed by Leon-Garcia and coworkers [95,96]. In this approach, the authors realize TASI by setting the number of
connected circuit-switched calls to be greater than the number of available slots. It
is clear that this scenario is identical to the conventional TASI scheme with regard
to the behaviour of the circuit-switched subsystem. In contrast with the method
adopted in [95], our approach is based on the application of TAS! only during periods of congestion within the packet queue of the multiplexer. More specifically,
under the nominal (low packet congestion) operating conditions, we set the number of slots available for the transmission of the circuit-switched traffic equal to the
number of connected calls n. If the number of packets in the buffer exceeds a certain control threshold, then the multiplexer enters the TASI mode. In this mode,
the number of slots allocated for the circuit-switched traffic is decreased to ii (ii
n), in order to provide additional capacity for packet transmission

80

<

as to clear

the congestion. This mode prevails until the degree of packet congestion decreases
to an acceptable level when the multiplexer returns to the normal (non-TAS!)
mode of operation. It is intuitively evident that the freezeout fraction in this case
will be less than that of the conventional TASI system. This latter observation is
due to the fact that the freezeout phenomenon can take place in our scheme only
during the (unusual) epochs of packet congestion. On the other hand, in return
for the (small) price of a non-zero, yet acceptably low, freezeout probability, we
are able to maintain the packet blocking probability within the limits of tolerance.
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The organization of the chapter is as follows. In Section 4.2, we conduct a
detailed analysis of the queueing model representation of the integrated MB /TASI
multiplexer, in order to extract the performance parameters of interest. The performance indices of interest in the present context are (i) the blocking probability
for the packet-switched traffic, (ii) the cutofl' fraction for the circuit-switched traffic
and (iii) the expected number of packets in the packet queue. The methodologies
for the determination of these parameters are presented in Section 4.2.1, Section 4.2.2 and Section 4.2.3 respectively. Section 4.3 presents a few numerical examples to demonstrate the performance of the integrated MB/TASI multiplexing
scheme. This is followed by a characterization in Section 4.4 of the relationship between the end-to-end and the link level freezeout probabilities. Finally, Section 4.5
concludes the results presented in this chapter.

4.2 Modeling and Analysis of the Integrated MB/TASI Multiplexer

In Chapter 3 and the previous section, we presented the fundamental concepts underlying the design of the Moveable-Boundary and the TASI multiplexing
schemes. In the present section, we propose a modification of the ba.sic moveableboundary hybrid-switched multiplexer in order to incorporate a packet queue size
dependent TASI mechanism. The main objective of this approach is to improve the
performance of the packet-switched subsystem at the cost of a marginal increase
in the probability of freezeout in the circuit-switched subsystem.
The specific details of the integration mechanism which is built as a functionallayer over the basic hybrid-switched multiplexer structure are as follows. In
conformity with the discussion in Chapter 3, it is assumed here that a portion of
the bandwidth of the multiplexer is reserved for the transmission of the packetswitched traffic, and the remaining portion is divided into n slots, with the capacity
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of each slot being equivalent to that required to support one circuit-switched channel. In the development that follows, we restrict ourselves to a multiplexing system
that supports a fixed number n of connected circuit-switched calls. In terms of the
classification presented in Chapter 3, this scenario translates into a tflpe-! system.
The packet arrivals are assumed to form a Poisson process with parameter ,.,. In
addition, the average service time required for the transmission of each packet using the reserved portion of the capacity is denoted by 1/

e, and the average service

time for transmission using the capacity of one circuit-switched channel is denoted
by 1/6. Furthermore, the size of the available packet buffer is assumed to be b.
The most distinctive feature of the integrated MB/TASI scheme is that this
scheme allocates a total of n slots for the service of the n number of connected
circuit-switched calls, under "nominal" operating conditions. Consequently, the
probability of freezeout remains at zero, and the behaviour of the packet queue
tends to be identical to that in the conventional hybrid-switched multiplexer, during such "nominal" phases of operation. As discussed in Chapter 3, the packet
blocking probability of the original hybrid-switched multiplexer tends to be rather
high even for relatively large values of the buffer allocation b. Our objective in the
design of the modified scheme is to incorporate an additional level of control that
reduces the blocking probability of the packet-switched subsystem to acceptable
levels, for a given buffer assignment. This goal is accomplished as follows. The
packet queue of each outgoing link at an ISDN node is assumed to be monitored
continuously by an associated level detection mechanism. We determine a-priori,
two levels of control I and h such that 0 < I < h < b. The parameters I and h
will be referred to henceforth as the lower and the upper control thresholds respectively. As long as the number of packets present in the packet queue is less
than I, the multiplexer is considered to operate in the nominal (or normal) mode.
Once the buffer occupancy exceeds h-1, the multiplexer enters a new TASI mode.
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Under this mode, the capacity reserved for packet transmission is increased from
the normal assignment of

eto a higher value of e+ (n -

ii)6, and the number of

slots available for sharing between the circuit-switched and the packet-switched
types of traffic is decreased to ii. This naturally increases the service rate of the
packet-switched subsystem, and hence facilitates the fast clearance of congestion
in the packet queue. On the other hand, it is al.ao apparent that a number n of
connected circuit-switched calls is required to share a smaller number ii of slots in
the new mode of operation, and this situation is managed in accordance with the
TASI protocol. Therefore it is clear that one or more of the circuit-switched calls
can experience freezeout (or front end clipping) in this mode, whenever the number of connected calls in the "on" phase exceeds ii. The TASI mode of operation
is maintained until the number of packets in the bufFer reduces below the lower
control threshold of I.
Note that 1 is chosen to be less than h in order to incorporate a hysteresislike mechanism that eliminates the possibility of the multiplexer "thrashing" too
frequently between the normal and the TASI modes of operation. Specifically, the
time required to transmit each packet would be fairly small, of the order of a millisecond. Further, it is clear that if the upper and lower control thresholds were
chosen to be identical, then a steady-overload condition would cause the multiplexer to switch between the TASI and the normal modes of operation at regular
intervals equal to the transmission time of a packet. From pragmatic considerations on the other hand, it would be unrealistic and even undesirable to engineer
such fast oscillations of the multiplexer between these two modes of operation. By
selecting the lower control threshold 1 to be less than the upper control threshold h,
we are ensuring that the interval between succe88ive transitions in the modes of
operation is at least as long as the transmission time of h - 1 packets. This behaviour of the multiplexer under this policy of operation is qualitatively similar
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to the hysteresis mechanism encountered in several electronic circuits, and this
explains the motivation for the choice of this terminology. This hysteresis feature
is necessary in the implementation of the integrated MB/TASI scheme in practical
environments.

In the following, we present a queueing analysis of the integrated multiplexing system presented above. The major goal of this analysis is the computation of
the performance parameters of interest, such as the packet blocking probability, the
freezeout probability of the circuit-switched subsystem, and the expected number
of packets in the system. The state transition diagram representing the integrated
MB/TASI multiplexer is depicted in Fig. 4.1. The states in the queueing model
have the following physical significance. For {i
and {i

= 0,1, ... ,nj

j

= h,h + 1, ... ,b},

= 0, 1, ... , nj

j

= 0, 1, ... , 1 -

1},

state (ij) signifies the presence of j

packets in the buffer and i calls being in talkspurt. It is clear that the set of
states {(ij) :

°

~ j ~ 1-

1} will find the multiplexer being in the normal (non-

TASI) mode exclusively, and the set of states {(ij) : h

~

j ~ b} will find the

multiplexer in the TASI mode exclusively. When the number of packets in the
system is greater than or equal to 1 and less than or equal to h -1, however, there
are two distinct cases to be taken into account, (corresponding to each value of the
pair (i,j)) depending on whether the system is in the normal or the TASI mode
of operation. We distinguish these two cases by appending a superscript u (abbreviation for "up" states) to denote the states in the normal (non-TASI) mode and
a superscript d (abbreviation for "down" states) to denote the states in the TASI
mode. Specifically, for {i = 0,1, ... , nj j = 1,1+ 1, ... , h - 1} state (ij)- signifies
the presence of j packets in the buffer, i calls being in talkspurt, and the system
being in the normal (non-TASI) mode. This set of states will henceforth be referred
to as the set of "up" states. Analogously, for {i

= 0,1, ... , nj

j

= 1,1+ 1, ... , h-1},

state (ij)1I signifies the presence of j packets in the buffer, i calls being talkspurt,
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Fig. 4.1 State-transition diagram of the integrated MB/TASI multiplexer
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and the system being in the TASI mode. This set of states will henceforth be
referred to as the set of "down" states. Note that the above state representation
sroeme is consistent with the scenario depicted in Fig. 4.1.
As in the case of the conventional hybrid-switroed multiplexer discussed in
the previous roapter, the state transition diagram corresponding to the circuitswitched process considered in isolation has the form shown in Fig. 4.3. Additionally, the corresponding stochastic generator matrix Q is given by Eqn. 3.4 (the
subscript b and the parameter n have been omitted here for simplicity). We denote the steady-state probability vector of the circuit-switroed process by
this parameter is given by Eqn. 3.5. FUrther, the parameter

Pij

(0

~

11',

and

i ~ n; 0 ~

j ~ I - 1j and h ~ j ~ b) represents the steady-state probability that there are

i calls in talkspurt and that there are j packets in the buffer. In addition, the

set of parameters {P:j : 0 ~ i ~ n; I ~ j ~ h - 1} is roosen to represent the
set of probabilities that there are i calls in talkspurt and j packets in the buffer,
and that the system is in the nominal mode of operation. Similarly, the set of
parameters {ptj

:

0 ~ i ~ n; I ~ j ~ h - 1} designate the set of probabilities that

there are i calls in talkspurt and j packets in the buffer, and that the system is in
the TAS! mode of operation. In terms of these parameters, we define the following
sets of probability vectors:
Pj

-

[poj Plj ... ])nj), 0~j~I-1

pj - [p-OJ Plj"
-

- ),
'PDj

I

eI
p1 - [pelOJ Plj"

eI )
,PDj ,

l~j~h-1.

~ j ~

and h

~ j ~

b;

h - 1;

(4.2)

The arrival process is represented as before by the diagonal matrix A =
,.,1 where 1 is an identity matrix of dimension n+ 1. Note that in the following

development, the symbol 1 denotes an identity matrix of appropriate dimension
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which will be obvious from the context. There are two types of service process
matrices in the present case, however, corresponding to the normal and the TASI
modes of operation of the multiplexer. These matrices, referred to as S, and Sit
respectively have the following structure:

S, -

Diag U+n6, e+(n-1)6, ... ,e}j

Sit -

Diag

{e + n6, e+ (n -

e+ (n -

ii + 1)6,

1)6, ... ,

e+ (n -

ii)6, ... ,

e+ (n -

ii)6}.

(4.3)

Note that the diagonal elements of these matrices denote the packet transmission
capacities of the multiplexer during the different states of the circuit-switched process. In particular, the first diagonal element denotes the capacity corresponding
to no calls being in talkspurt, and the last one denotes the capacity corresponding
to n calls being in talkspurt. Under the normal mode of operation, as evidenced by
the diagonal elements of the matrix S" the packet transmission capacity decreases
from a maximum of

e+ n6 to a minimum fo eas the number of calls in talkspurt

increases from 0 to n. On the other hand, under the TASI mode as demonstrated
by the elements of the matrix Sit, the packet-switched capacity decreases from a

e

e

maximum of +n6 to a minimum of +(n-ii)6 as the number of calls in talkspurt
increases from 0 to ii. For further increases in the number of talkspurts (i.e., from
ii to n), the packet carrying capacity is maintained constant at

e+ (n - ii)6 by the

application of the TASI protocol within the circuit-switched subsystem.

In order to present the stochastic generator matrix corresponding to the
integrated MB/TASI multiplexer, we define the following matrices:

.0 -

Q-Aj

., -

Q - A - S,j

." - Q - A - S"j
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~.

- Q - 5,.;

AI -

Diag {A,A};

51

-

Diag {S" SIa};

~I

-

Diag {~" ~ Ia };

A,,.

- [AIO];

Ala,

-

5,,. -

1·1] ;
1-%:] ;

and

5,.,

- [0 ~S,.].

(4.4)

FUrther, let the steady state probability vector of the integrated system be denoted
by 1', where
'"
r

=

r.....
• II.
II
•
II
]
lJ'U PI ... P'-I p, p, PHI PHI' .. P"-I P,.-I PIa P,.+I ... P•.

(4.5)

Then, in order to obtain the performance parameters of interest discussed earlier,
we need to solve the following equation along with the normalization condition on
the vector of steady-state probabilities:
1'A -

0,

(4.6)
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where the the stochastic generator matrix A of the system has the following form:
~o

A

S,

~,

0
A

S,

~,

A

S,

~,

A,.

S,.

~I

SI
A

-

.1
AI

AI

(4.7)
SI

~I

AI

SI

~I

Ala,

SIal

~"
S"

A

~"

A

The consistency of the form of the generator matrix given above with the statetransition diagram shown in Fig. 4.1 may easily be verified. It may be noted that
,
in the description of the matrix structure, the subscripts 1 and h respectively designate the set of states in which the number of packets in the buffer is less than I (the
set of "low" states) and the states in which the number of packets in the buffer
is greater than or equal to h (the set of "high" states). Additionally, the group
of submatrices that are subscripted by I correspond to the set of "intermediate"
states in which the multiplexer could either be in the normal (non-TASI) mode
or in the TASI mode. Each "intermediate" state in the matrix structure given
by Eqn. 4.7 is a concatenation of the corresponding "up" and "down" states, and
for this reason, each matrix subscripted by an I is of a dimension twice as that of
the matrices subscripted by an h or an I. Finally, the set of matrices subscripted
by hi and Ih constitute the boundary matrices which provide the coupling between
the different operational modes of the multiplexer.
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It may be noted that the tridiagonal form of the generator matrix A makes
it particularly convenient to employ the matrix-geometric technique [97] for the
determination of the blocking probability and other parameters of interest. We
proceed to obtain these parameters following the logic presented below. The normalization condition to be satisfied by the steady-state probabilities requires that
the following relation holds:
I-I
11"

= LPj

A-I

+

j=O

•

L(pj
j=I

+ p1) +

(4.8)

LPj,
j=A

where the components of the steady-state probability vector

11"

of the circuit-

switched process may be computed using the following set of relations as discussed
in Chapter 3:
..(i) -

(7) C,!IJ C,:pf'

iE {O,l, ... ,nj.

(4.9)

In order to support the arguments to be presented in the sequel, we define
the following partial sums:
I-I
11"1

-

LPji
j=O
A-I

11".

-

LPji
j=I
A-I

11""

-

LP1i
j=I

1I"A

-

LPj.
j-A

and

•

(4.10)

Note that the above parameters denote the steady-state probability vectors of the
circuit-switched process intersected with the conditions given by (i) the number
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of packets in the buffer being less than I; (ii) the number of packets in the buffer
being greater than I - 1 but less than h, and the multiplexer being in the normal
mode, (iii) the number of packets in the buffer being greater than 1-1 but less
than h, and the multiplexer being in the TASI mode, and (iv) the number of
packets in the buffer being greater than h - 1, respectively. Therefore, it is clear
that the unconditional steady-state vector'" must satisfy the relation given by

The behaviour of the queueing system undergoes changes at the four queue boundaries specified by {O, 1-1, h -1, b}. These boundaries give rise to the following set
of boundary conditions that must be satisfied in the computation of the steadystate probabilities of the queueing system:
PIS,

Po

+ P;~' + P;+IS,
+ P'-l ~, + piS, + ptS,.
pt~,. + ptH S,.
Pl-2 A + Pl-I ~,
p~_2A + P~-l~" + PIaS"
p,-IA

P'-2 A

+

-

0;

(4.11)

- 0;

(4.12)

-

0;

(4.13)

- 0;

(4.14)

-

0;

(4.15)

0;

(4.16)

and

(4.17)
In between these boundaries, the relationship among the various states may be
expressed in terms of sets of second order matrix recursive equations

&8

in the

case of the conventional hybrid-switched multiplexer. In the 8ubsequent sections,
we utilize the queueing model presented above in the computation of the typical
performance parameters of interest, viz., the packet blocking probability, the cutoff
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fraction of the circuit-switched subsystem, and the expected delay of (or equivalently the expected number of customers in) the packet-switched subsystem.

4.2.1 Computation of the Packet Blocking Probability

Define G~, j = 0, 1, ... , I - 1j Gj, j = I, I
1, ... , h - 1; and G~, j = h, h

+ I, ... , b as

+ 1, ... , h -

1j G1, j = I, I

+

a set of non-singular matrices of

dimension (n + 1) x (n + 1) which satisfy the following relations:
Pi -

1rIG~,jE{O,l, ... ,I-l};

P'J -

1r.G'J,jE{I,I+1, ... ,h-1};

p1 -

1rtlG1, jE{I,I+l, ... ,h-l};

and
Pi

=

1rhGJ,jE{h,h+l, ... ,b}.

(4.18)

Let us, for the moment, assume that the set of G matrices exist and that there is
a numerically stable procedure to compute them. It is then clear that a solution
for the set of boundary equations given by Eqn. 4.11-4.17 may be determined in
terms of the boundary matrices GL2' G~_l' Gi, Gi+l' Gt, G~_2' G~_l and G~.
The specific technique for the computation of these matrices will be described in
the sequel. In the interim, we may restate Eqn. 4.12 in terms of the relations given
by Eqn. 4.18 as follows:

From this relation, we have

where
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(4.19)
From Eqn. 4.13, we further have

From this relation, we obtain

where
(4.20)
From Eqn. 4.16, we also have

After rearranging this relation, we arrive at

where
( 4.21)
Finally, from Eqn. 4.19-4.21 and Eqn. 4.10, we have
(4.22)
It may be noted that the non-singularity of the intermediate matrices obtained

in Eqn. 4.19-4.22 ensures the feasibility of the computations indicated by these
equations. From Eqn. 4.18, Eqn. 4.21 and Eqn. 4.22, the blocking probability of
the packet-switched subsystem may now be computed to be

where
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( 4.23)
All that remains to complete the derivation of the packet blocking probability is the
computation of the G matrices, which we undertake in the following paragraphs.
The determination of the G matrices introduced in Eqn. 4.18 may be carried out by employing a technique similar to the one proposed by Williams and
Leon-Garcia [95]. The distinguishing feature of this technique ensues from the
numerical stability of the resulting solutions. In the following, we employ the numerical algorithm of Williams and Leon-Garcia to obtain the G matrices required
in Eqn. 4.19-4.21. Accordingly, by an expansion of Eqn. 4.6, we obtain the following sets of second order matrix recursive equations describing the behaviour of the
queueing system in between the boundary states of 0, 1- I, h - 1 and b:
Pi-I A

+

Pi~'

+

Pi+l S, -

0, i E {1,2, ... ,1- 2};

p:-IA

+

pr~,

+

pr+l S, -

0, i E {I + 1, 1 + 2, ... , h - 2};

pt-1A

+ pt~" +

pt+l S" -

0, i E {I

Pi-IA

+

Pi+IS" = 0, i E {h+ l,h +2, ... ,b-l}.

+ I, 1 + 2, ... , h -

2};

and
Pi~"

+

(4.24)

The basic idea behind the computational scheme proposed by Williams and LeonGarcia is the conversion of a system of second order matrix recursive equations into
an equivalent system of first order recursive equations of twice the dimensionality.
In order to accomplish this, let us define the following !lets of vectors and matrices:

Yj - [PHIPj], jE{O,I, ... ,1-2, h,h+l, ... ,b-l};

y7

-

[Pj'+l Pj'], jE{I,I+l, ... ,h-l};

Y1 - [P1+1 p1], j E {I,I+ l, ... ,h-l};
K, and

( _~,S,l
_AS,l

~);
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(4.25)
It may easily be verified that the system of second order equations given in

Eqn. 4.24 may now be restated as the following system of first order equations, by
employing the parameters introduced in Eqn. 4.25.

IIj+!

-

IIjK" j e {O,1, ... ,1-2}i

•
IIj+!
tl
IIj+l

-

II; K" je{I,I+1, ... ,h-2}i

-

lit K la,

Ia

-

II: K", je{h,h+l, ... ,b-l}.

IIj+!

j e {1,1+1, ... ,h-2}i

( 4.26)

In order to compute the boundary probability vectors, let us define the following
matrices which are needed in the development that follows:

F,

=

=

(E(K,)j) -1

(1 _ Kf- 1)-1(1 - K,)i

J=O

R, _

(E(K,1

)j)

-1 _ (1 _ (K,1 )'-1 )-1(1 _ K,I)i

J=O

It

F. _

(

'E

2
(K,)j) -1 _ (1 _ Kt-'-I)-I(1 _ K,)i

J=O

R. _

It-'-2
(

~ (K,-I)j

(

L

Fit _

(

~ (K. 1)j

-1

=

(1 - K:-'-l)-I(1 - KIt)i

)

-1

= (1 - (K. 1)Ia-'-1 )-1(1 - K.l)i

J"O

('f\KIa)j)
J=O

and

)
(K,,)j

J=O

Ia-'-2
Rtl _

= (1 - (K,-1 )"-'-1 )-1(1 - K,-I)i

J=O

Ia-'-2
Ftl -

)-1

-1

_

(1 - K:- la )-I(1 - KIa)i
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(4.27)

It may be noted that the computation of the above matrices by a direct application

of Eqn. 4.27 may lead to numerical instabilities. This is due to the fact that the argument matrices (K, and K A) have a subset of their eigenvalues being greater than
unity, one of their eigenvalues being equal to unity, and the remaining eigenvalues
being less than unity. One may, however, apply a clever diagonalization argument
in order to perform the computation indicated in Eqn. 4.27, and we illustrate this
procedure for the specific case of the matrix F,. Accordingly, let the matrix K, be
spectrally decomposed in order to obtain
K,

=

VDW

where D is a diagonal matrix, the diagonal elements of which constitute the eigenvalues of K" and V and W are respectively the left and the right modal matrices
of K,. Then, we may compute the matrix F, as the product given by
F,

=

VDW

where the diagonal matrix D is obtained using the following procedure:
For i:=1 to n+1 do
Begin
IT D( i, i)= 1 then
set D( i, i)

= 1/( I -

1)

Else IT D(i, i) > exp(
set 15(i, i) = 0

f-r log(max)

then
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Else
· .) set D( I, I -

I-D(i,i)
I-D(i,i)'-l

End.
It may be noted that the parameter "max" refers to the maximum positive real

number that can be represented within the memory of the computing system. From
Eqn. 4.11, Eqn. 4.14, Eqn. 4.15 and Eqn. 4.17, we have the following relations:

PI
d.
PHI

=PoD"

- pt Dd.,

• P,.-2
P6-1

where D, -

-41 0 5,- 1 ;

(4.28)

where Dd.

- -41,.5;;1 ;

( 4.29)

4I,A -I;

( 4.30)

-4I,.A -I.

( 4.31)

Ph-I D., where D. -

- P6D,.,

where D,. -

Additionally, from Eqn. 4.26-4.28, it may easily be shown that
(4.32)
If we partition F, in the fonn given by

F1 I

-

(Fu
F12)
F'3 F,. '

where

then Eqn. 4.32 may be decomposed into the following set of equations:

PoD, -

(71"1 -

Po)Fll

+

(71"1 -

pl-dF,3;

Po

(71"1 -

Po)F12

+

(71"1 -

PI-dF'4·

-

(4.33)
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After a few algebraic manipulations, it may be shown that
Po --

w, G'0'

where

with
( 4.34)
Further, it is clear from Eqn. 4.33 that
P'-I

--

7r, G''-I

where
(4.35)
In a similar fashion, if we partition the matrix R, in the form
from Eqn. 4.26-4.28, we also have

(~::

R'2)
R,. ' then

This equation directly translates into the relation given by

where
( 4.36)

In an analogous fashion, it may be shown that
Gt -

Gt_1 and

C~(C~

+ F~-,l

- D~Fnl)-li

1+ F42Ftl-.1 - Gf(1 + F42)F~li

(4.37)
( 4.38)
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G~_2 -

(1 - Gt)Rtl2

+ (1- G~_I )R.t4;

(4.39)

where

Next, from Eqn. 4.26, Eqn. 4.27 and Eqn. 4.30, and by a partitioning of the
matrix R", it may be shown that

and
(4.40)
After a few algebraic manipulations, the above two equations yield

"
PIa-l

=

1r" G"
la-I'

where
(4.41 )
with

Additionally, from Eqn. 4.40, we have
PI"

=

1rl"G"
I,

where
(4.42)
By a partition of the matrix F", we obtain
"
PHI
where

=

11"" G"
HI
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(4.43)

In an analogous fashion, we arrive at
(4.44)
and
(4.45)
where

Swnmarizing the above derivations, the blocking probability of the packet subsystem is given by 4.23 with the expressions for the G-matrices given by 4.34-4.45.

4.2.2 Computation of the CutofF Fraction of the Circuit-Switched Subsystem

The formula for the determination of the cutoff fraction in a circuit-switched
multiplexer that employs the conventional TASI scheme was given in Section 4.1.
Presently we discuss the methodology for the determination of this performance
parameter in the context of the integrated MB/TASI multiplexing system. In the
last section, we presented the techniques for the computation of the partial swns

?r" ?r." 7rtl and

7rla.

It is clear that the i Ua component of the vector

7rtl

+ 7r" gives the

probability that there are i circuit-switched calls in tal.kspurt and that the system
is operating in the TASI mode. In view of this fact, it is evident that the TASI
cutoff fraction C for the integrated multiplexing system may be obtained using the
following formula:
Il

C -

L (i - 0)
nq. _
1

1=_+1

(7rtl(i)

+

,,",,(i)).

( 4.46)
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It may be noted that, in the above relation, the variable i in the parentheses is

used to designate the i,h component of the corresponding

7r

vector.

4.2.3 Computation of the Expected Number of Packet. in the Sy.tem

In this section, we present the methodology for the computation of the
expected number of packets in the system. It is clear that the expected number of
packets E is given by

E

('-I

A-I

= ~ ~iPij + Li(prj + ptj) +
D

j='

t iPij ).
j-A

In order to perform the summation given by the above equation, let us define the
following partial sums:
'-I

N, -

LiPj;
j=O

A-I

N.

- LiP;;
je'

A-I

N~

- Lip1;
je'

and
NA

•

- LiPj.

(4.47)

j=A

It is clear that the expected number of packets is given by the sum of the components of the vector formed by the addition of N" N ., N ~ and N A. The vector N A
specified by Eqn. 4.47 may be computed

&8

follows. (Note that the determination
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of the vectors N" N. and N tl may be carried out in an identical fashion). It may
be verified easily that
6-1

Lhli
j=1t

- [~jPj+l
=

[Nit -

~jPi]
(4.48)

(h - l)PIt - "'It

Further, it may also be verified that
6-1
"",,
K(j-It)
L-,JYIt It
j=1t
6-1-1t

-

Yla

L

(h

+ j)K{

(4.49)

j=O

By applying Eqn. 4.27 into the above equation, we further have
6-1

~jYj

6-1-1a

=

[7I'1a -

Pia 71'1a - P6]

bI
{

J=1a

+

(

~ K~
J=O

6-1-1t
-1 (
)

~ jK~ ) } (.4.50)
J=1

After a few algebraic manipulations, it may be shown that
6-1

LjYj =

[7r1t - Pia 7r1a -

P6](bI

+

HIa),

(4.51)

j=1a

where

From Eqn. 4.48 and Eqn. 4.51, and by a partition of the matrix Hla in the form
given by

where
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we have
[1I"Ia - Pia

1I"Ia - P. ]

(

1a2)

bl Hu
+ H ublH
+ Hu

ro
lHl

=

-

( h -l)p~ -11"~ ]
N~ - bp •.

From the above relation, we may obtain the following expression for the vector N Ia:

Substituting from Eqn. 4.18, we finally have

In an analogous fashion, it may be shown that

{(I- G~)(I + Hu)

N,

-

11",

N"

-

11"" { ( / -

+

(4.53)

(1- GLI)H,3};

Gi)«l + 1)/ + H"I)

+

(1- G%_dHf1.3

+

lGD ; (4.54)

+ 1)/ + H.u) +

(1- G~_t>Hd3

+

lGf}; (4.55)

and
Nd -

1I"d {(I- Gf)«(l

H, -

K,(1- K,)-I

(l-l)(K,-<'-l) - I)-I;

(4.56)

H" -

K,(/- K,)-I

(h - 1 -1)(K,-<~-I-') _1)-1;

(4.57)

where

and
(4.58)
Note that, as in the case of the F and the R matrices discussed in Section 4.2.1, a
direct computation of any of the H matrices using one of the formulas given above
could lead to numerical difficulties. Therefore, one needs to employ an eigenvalue
decomposition approach similar to the one employed in the computation of the F
and the R matrices, in the computation of the H matrices as well. This is illustrated
below for the specific case of the determination of the matrix H 1 ~ chosen as an
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example. Accordingly, let a spectral decomposition be performed on the matrix K"
so as to yield K" = V DW where D is a diagonal matrix, the diagonal elements
of which equal the eigenvalues of K", and the matrices V and W are respectively
the left and the right modal matrices of K". Then the matrix H" is given by the
product V DW where the diagonal matrix

D may be computed using the following

procedure:
Begin
For i:=1 to n+1 do
H D( i, i) = 1 then
Set D(i, i) = 1/(b - 1 - h)

Else if D(i,i) > exp(610g(max)) then

Dl;

~ (. 0)
i)
Se t D
1,1 = l-ii,i)

+ (b -

h)

Else

End.
Note that, as before, the parameter "max" refers to the maximum positive real
number that can be represented within the computer.
Once the above parameters are computed, the expected number of packets

C in the system may directly be obtained using the relation given by

•

C = 2)N,(i) + N .(i) + N .,(i) + N ,,(i)).
i-O

(4.59)
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Further, a direct application of Little's Theorem [21] yields the expected value of
the packet delay

1)

in the queueing system:
1)

= £/(1.

(4.60)

In the next section, we conduct a performance evaluation of the integrated
MB/TASI multiplexing scheme, based on the techniques presented in this section.

4.3 Performance Evaluation of the Integrated MB/TASI Multiplexing
Scheme

In this section, we conduct a performance evaluation of the integrated
MB/TASI multiplexing scheme presented in the last section. The quantities of
prime interest in the performance characterization of the multiplexing scheme are
(i) the probability of blocking in the packet-switched subsystem, (ii) the cut-

off fraction of the circuit-switched subsystem, and (iii) the expected number of
packets in the packet queue. The techniques for the determination of these parameters were discussed in Section 4.2.1-4.2.3. Presently we apply these techniques
for quantitatively evaluating the parameters in a few specific examples.

In Fig. 4.2, we have depicted the variation of the blocking probability of a
typical multiplexer with respect to the applied load. It may be noted that the load
level has been normalized with respect to the average capacity of the multiplexer
while operating in the normal (non-TASI) mode. We have considered a multiplexer
that supports a total of 16 connected ca.lls (i.e., n=16), and haa a capacity of 62.5
packets per second reserved for the transmission of the packet-switched traffic. It
is assumed that each of the circuit-switched slots can provide an additional packet
transmission capacity of 62.5 packets per second, when not used by the
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Fig. 4.2 Blocking probability as a function of packet load

0.85

187
circuit-switched subsystem. In addition, the total number of packet buffers (b)
available (possibly allocated by the nodal buffer management module at the last
transition in the call arrival-departure process) is assumed to be 20. FUrther, the
time constants associated with the talkspurt and silence periods (I/o and l/fJ) of
each circuit-switched call are assumed to be 270 milliseconds and 405 milliseconds
respectively. These figures correspond to a speech activity ratio (q) of 0.4.
Curve a in Fig. 4.2 shows the variation of the blocking probability with
respect to the applied load, for the case of the pure moveable-boundary scheme.
The variation of this parameter with respect to load, for the case of the integrated
MB/TASI multiplexer is illustrated by the curves b and c of Fig. 4.2. In both
cases, we have assumed the number of slots available for the circuit-switched subsystem (comprised of 16 active calls) when the multiplexer is in the TASI mode
to be 8 (i.e., ii=8). This corresponds to a TASI advantage of 2.0. FUrther, in both
cases, we have fixed the difference between the upper and the lower control thresholds (h -1) to be 5 packets (it is assumed that the transmission time of 5 packets
would be adequate for the system to switch between the TASI and the non-TASI
modes of operation). Curve b of Fig. 4.2 corresponds to the case where the upper
control threshold (h) is fixed at 17 packets while curve c corresponds to the case
where this parameter is fixed at 12 packets. It is apparent from Fig. 4.2 that the
blocking probability performance of the integrated MB/TASI multiplexer is superior to that of the conventional moveable-boundary multiplexer. In addition, it is
also evident from this figure that any decrease in the upper control threshold (h)
brings about a decrease in the blocking probability. These observations are consistent with our intuitive understanding of the properties of the integrated MB/TASI
multiplexer.

In Fig. 4.3 and Fig. 4.4, we have repeated the above experiment for the
parameter combinations of {n = 16, ii = 7} and {n = 16, ii = 10} respectively.
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The results of these figures are similar to those of Fig. 4.2. In particular, the
improvement in the blocking probability performance facilitated by the modified
scheme is more pronounced in the case depicted in Fig. 4.3 (than in the case
depicted in 4.2), due to the choice of a lower value of
expected, a lower value of

n leads

n.

However, as might be

to a higher value of the freezeout fraction.

On the other hand, the choice of a larger value of n, considered in Fig. 4.4, does
not provide sufficient packet transmission to contain the overload during periods of
high voice activity. As a consequence, the improvement in the blocking probability
perfonnance demonstrated in Fig. 4.4 is not as evident as in the other figures.

In Fig. 4.5, we have illustrated the variation of the cutoff fraction of the
circuit-switched subsystem as a function of the normalized load on the packetswitched subsystem. The system parameters selected for this figure are identical
to those of Fig. 4.2 (curves b and c). Curve a of Fig. 4.5 depicts the cutoff fraction
of a multiplexer in which the number of slots for circuit switching (n) is fixed at 8
irrespective of the packet queue size. In other words, the TASI and the moveable
boundary techniques are applied independent of each other, in the conventional
fashion (this example corresponds to the incorporation of TASI into the moveableboundary framework in the manner considered by Williams and Leon-Garcia [95]).
As is evident, the cutoff fraction corresponding to this approach is identical to
that of a conventional TASI multiplexing system with 8 slots and 16 connected
calls (.4=2.0).
Curves b and c contrast the above scenario with the cutoff fraction of the
integrated MB/TASI multiplexing scheme, where the application of the TASI protocol is dependent on the packet queue size. Curve b corresponds to the caae where
the upper control threshold (h) is fixed at 11, and curve c corresponds to the case
where this parameter is fixed at 12. It is clear from Fig. 4.5 that the cutoff fraction (freezeout probability) of the integrated MB/TASI multiplexer is
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significantly less than that of the conventional TASI multiplexer. Further, it is also
apparent that the cutoff fraction corresponding to any given load level increases
with decreasing values of h (it equals the cutoff' fraction of the conventional TASI
multiplexer when h=O). In Fig. 4.6 and Fig. 4.7, we have repeated this experiment for the parameter combinations of {n = 16, ii = 7} and {n = 16, ii = to}
respectively, and the corresponding results are consistent with those of Fig. 4.5.
In particular we note that (i) the freezeout fraction for a given load in the scenario considered in Fig. 4.6 is higher than that considered in Fig. 4.5, and (ii) the
freezeout fraction for a given load in the scenario shown in Fig. 4.7 is lower than
in Fig. 4.5. The reasons for these observations are analogous to the parallel observations made earlier with regard to the blocking probability performance.
Fig. 4.8, Fig. 4.9 and Fig. 4.10 depict the variation of the expected number
of packets in the system with the applied normalized load, for the choices of
the system parameters being identical to those of Fig. 4.2, Fig. 4.3 and Fig. 4.4
respectively. It is apparent from these figures that the expected number of packets
in the system decreases only marginally with the employment of the integrated
MB/TASI multiplexing technique. This is due to the fact that the reduction in the
blocking probability brought about by this multiplexing scheme introduces several
additional packets with high delays to be considered in the computation of the
mean number of packets (these packets would be blocked, should the conventional
moveable boundary scheme be employed). This phenomenon tends to offset the
reduction in the average delay provided by the integrated scheme, and this explains
the rather insensitive nature of the expected number parameter with respect to
the specific switching technique employed.
In Fig. 4.11, we depict the variation of the packet blocking probability with
respect to the available packet buffer size (b) for a fixed normalized load p
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of 0.8. Curve a of this figure corresponds to the case of a conventional hybridswitched multiplexer, and curve b and curve c correspond to two cases of an integrated MB/TASI multiplexer where the values of the upper control threshold h
are fixed at b-5, and at b-1O respectively. It is evident from these figures that the
blocking probability of the packet-switched subsystem decreases significantly by
decreasing the parameter h. In particular, the blocking probability corresponding
to the limiting case of h = b is identical to that in the hybrid-lIWitched multiplexer,
and the blocking probability corresponding to the limiting case of h=O is equal to
that of an

M/M/1/b queue with a capacity of (n-ii)c5+e.

Fig. 4.12 and Fig. 4.13 illustrate the variation of the packet blocking probability and the circuit freezeout fraction with the value of the upper control threshold h, for two different loading conditions. It is evident from Fig. 4.12 that lowering
the value of h amOlmts to a tighter control of the packet blocking probability. On
the other hand, the results of Fig. 4.13 indicate that the the circuit freezeout
fraction tends to increase with any decrease in the upper control threshold. These
results are consistent with our intuitive understanding of the behaviour of the integrated MB/TASI multiplexer. Finally, we depict in Fig. 4.14 the tradeoff between
the packet blocking probability and the circuit freezeout fraction for two different
loading conditions.
This concludes the performance evaluation of the proposed integrated
MB/TASI multiplexing scheme. In the next section, we discuss briefly the relationship between the end-to-end cutoff fraction and the link-level cutoff fraction
in circuit-switched subsystems.

199

..

~~-------------------------------------------------=3.871; fJ =2.775; p =0.8;
Q

n = 18; ii = 8; Ia -I = 5
- Conventional moveable boundU'y
- - Intell'ated MB/TASI : Ia = • - 5
- - - Intell'a&ed MB/TASI : Ia = • - 10

----

. ... ... ... ...
C!

------------ -

--

--- ---------------

- ---

- ... -------------~-----

1&.0
2&.0
4&.0
3&.0
o~----------~----------~~----------~---------...&&.0

Buffer size

Fig. 4.11 Blocking probability as a function of bufFer size

200

~~--------------------------------~
e=6 =82.5; =3.871; {J =2.775;
0

D

= 16; ii =8; Ia -I =5; 6 =55
- p=0.8; - - p=0.85

-=

e-

GJIO

Q,.-

....c::
b
........

-

~
~O
.-8
Q,.

~

a5

.

53.0
1.0
13.0
21.0
28.0
37.0
45.0
'2~------~----~------~------~------~----~

Upper control threshold - h

Fig. 4.12 Variation of blocking probabability with h

201

o

.~----------------------------------------------~
e=6 =82.5; =3.671; {J =2.775;
= 16; ii = 8; h -I =5; 6 =55
Q

D

- p=0.8; - - p=0.85
\

\

\

,

o

o~

________..______

6.0

15.0

~~

25.0

______

~

________

36.0

~

________

45.0

Upper control threshold - h

Fig. 4.13 Variation of cutoff fraction with h

~

56.0

202

~~----------------------------------------~
e=6 =62.5; =3.671; fJ =2.775;

\,

0

D

= 16;ii =8;h -I =5;6 = 55
- p=O.8; - - p=O.85

---- --•'0

..

-~------~----~~----~------~-----0.00
0.88
1.32
1.811
2.114
3.30----~
3.88
Circuit freezeout fraction in percent

Fig. 4.14 Tradeoff' between blocking probability and cutoff' fraction

203
4.4 Relationship Between the Link-level and the End-to-end Cutoff
Fractions
One of the major limitations of the TASI cutoff fraction formula given
by Eqn. 4.1 is that it applies exclusively to a single transmission link, considered in isolation. As discussed in Chapter 2, this parameter differs significantly
from the overall design parameter of the end-to-end cutoff fraction. On the other
hand, the attempts in [74J and [75J to determine the

end-~end

cutoff fraction

in the more general case of tandem networks are rather restrictive with regard to
the associated topological assumptions. In the case of the integrated MB /TASI
multiplexer, additionally, the probability of freezeout is heavily dependent on the
statistical characteristics of the packet-switched process, instead of exclusively on
the circuit-switched process, and this feature renders the direct extension of the
methodology presented in [74J to the present context invalid. The objective of this
section is a characterization of the relationship between the end-to-end and the
link-level freezeout fractions in order to provide the guidelines in the selection of
the design parameters (ii, I, and h) of the various links of the network employing
the integrated MB/TASI scheme.
Previous results on the performance of purely packet-switched networks,
based on the assumption of statistical independence among the traffic components
at the different links of the network, have been demonstrated to tally very well
with experimental data. In view of the rather heavy dependence of the freezeout
probability on the packet-switched traffic, in a network comprised of integrated
MB/TASI multiplexers, it would therefore also be meaningful to express the endto-end freezeout probability in terms of the individual link freezeout probabilities,
on the basis of a similar independence argument. The specific problem of interest
in this regard is the following:
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Given an upper bound on the tolerance of the end-to-end freezeout probability, is there a way to impose equivalent restrictions on the freezeout
probabilities of the individual links, such that the end-to-end constraint is
satisfied?
We proceed to accomplish this goal as follows. Let the tolerable limit on the endto-end freezeout probability be denoted by Cu , and the corresponding limit on the
freezeout probability of link k be denoted by Ct. Let c be the circuit-switched call
that traverses the maximum number of hops, among the set of calls that passes
through link k. Let the number of hops traversed by this call be denoted by r.
Subject to the assumption that the freezeout phenomena at the different links are
mutually independent, it may easily be shown that a sufficient condition for the
call c to meet the end-to-end requirement on the freezeout probability is given by
(4.61)
It may be noted that in the more realistic case of partial dependence among the

freezeout phenomena at the different links, the constraint given by the above equation serves as a conservative estimate in ensuring that the end-to-end constraint
on the average freezeout fraction is satisfied. Since Ct <: 1 in practice, the condition given by Eqn. 4.61 may be approximated to the first order by the following
equivalent condition:
(4.62)

As an example, consider the network depicted in Fig. 4.15. The different
links of the network are identified by the associated indices. The different classes
of circuit-switched traffic (identified by the respective source-destination pairs),
and the associated routes are listed in Table 4.1. The limits to be imposed on
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Node 1

Node 6

Node 4

Fit;. 4.15 Example for the determination of C,
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Traffic Class
(s-d pair)

Routes
(1-3).(3-5).(5-6)

(1 ,6)

(1-4).(4-6)

(2,4)

(2-3),(3-4)

(2,6)

(2-6)

(5,4)

(5-4)

Table 4.1 Traffic pattern in the example of Fig. 4.15
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the freezeout probabilities of the various links, by the method discussed above are
given in Table 4.2.
Once the bounds on the link freezeout probabilities are determined, one
needs to enforce an adaptive routing and flow control policy on the packet switched
subsystem in order that the link freezeout constraints are satisfied. The determination of the limit C" on the link-level freezeout fraction facilitates the determination
of the design parameters of the integrated MB/TASI multiplexer. In particular,
the value obtained for C" may be interpolated with performance curves similar to
the one depicted in Fig. 4.14 to select the values of the parameters h and

n.

This

topic constitutes an important problem for further investigation.

4.5 Conclusions

In this chapter, we address the hybridization of the well-known TASI multiplexing scheme proposed for circuit-switched networks and the moveable-boundary
scheme proposed for the packet-switched subsystems of ISDN's, to develop a novel
integrated MB/TASI multiplexing scheme. A detailed queueing analysis ofthe new
multiplexer was presented which enabled the determination of the performance
parameters of interest, such as the blocking probability of the packet-switched
subsystem, the freezeout probability of the circuit-switched subsystem, and the
expected number of packets in the packet queue. This was followed by a numerical
study to demonstrate the trade-off between the freezeout probability performance
of the circuit-switched subsystem and the blocking probability performance of the
packet-switched subsystem provided by the integrated MB/TASI multiplexer. Finally, we examined the relationship between the

end-t~nd

freezeout probability,

and the link-level freezeout probabilities of the circuit-switched subsystem. In particular, we presented a methodology to transform a given bound on the end-to-end
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Link 1

C

(1-2)

C

(2-3 )

C /2

( 2-6)

C

(1-4)

C /2

(3-4)

C /2

(5-4)

C

(4 - 6)

C /2

(1-3)

C /3

(3-5)

C /3

( 5-6)

C /3

k

ee
ee
ee
ee

ee

ee

ee

ee

ee
ee

Table 4.2 Bounds on the link-level freezeout fractions
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freezeout fraction into a set of sufficient constraints on the freezeout probabilities
of the different links, in order to satisfy the end-t<>-end requirement.
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CHAPTER 5
OPTIMAL ACCESS CONTROL AND ROUTING SCHEMES
FOR THE CIRCUIT-SWITCHED SUBSYSTEM

5.1 Introduction
In Chapter 3, we discussed the various functional aspects in the design of

the Slotted Envelope Network (SENET) multiplexer that forms the basic building
block of the modern integrated services digital network (ISDN). In particular it was
pointed out that a certain predefined portion of the capacity of each SENET link
in the network is reserved for the transmission of the packet-switched traffic exclusively, and the remaining portion is shared by the circuit- and the packet-switched
types of traffic, with a preemptive priority assigned to the former. FUrthermore,
the shared portion of the capacity of each link is divided into slots, or basic bandwidth units (BBU's), of equal size. Due to the higher priority assigned to the
circuit-switched traffic component, the instantaneous bandwidth available for this
component is essentially independent of the load imposed by the packet-switched
traffic. Consequently, the modeling and analysis of the circuit-switched subsystem
may be carried out by disregarding the packet-switched subsystem altogether, and
this flexibility provides for a substantial reduction of the effort in the development
of optimal control schemes for the former subsystem.
As mentioned earlier, the typical candidates for circuit-switching in an
ISDN environment are voice traffic and video traffic. However, the deployment
of the ISDN technology on a global scale leads to the incorporation of several new
classes of information traffic (which exhibit high correlation properties) within the
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realm of the circuit-switched subsystem (e.g., hi-fi audio). The coexistence of such
a diversity of traffic classes, in twn imposes the demands of non-identical service
characteristics and application-dependent grades of service on this subsystem. One
of the specific features of this multi-customer-type environment which has a significant impact on the design and control aspects of the network, is the requirement
to provide non-identical transmission bandwidths (different numbers of slots) for
calls belonging to different service classes. As an example, the conventional "voiceband" quality telephone channel occupies a bandwidth corresponding to a single
BBU (64 Kilobits/sec.), whereas a Hi-Fi audio channel, or a video connection, may
occupy several BBU's for the duration of the call, and the network manager will
be required to meet these diverse service requirements simultaneously. As another
example, the communications system may be required to satisfy simultaneously
the different tolerances on the call blocking probabilities for the different classes of
applications. These factors underscore the need to employ an effective scheme for
the control of access to the circuit-switched network by the competing user classes,
and for the management of the transmission links and other network resources in
order to optimize the performance of this subsystem. In view of this fact, in this
chapter, we address the development of optimal control algorithms for the efficient
utilization of the circuit-switched subsystem.
The principal forms of control in the context of the circuit-switched subsystem are (i) Control of access to the subsystem by the different "types" of
customers, and (ii) Routing of the circuit-switched calls over the different links
of the network. In the case of the former category, the term "type" refers to the
different classes of traffic distinguished (i) by the different bandwidth requirements
and (ii) by the different source-destination pairs. Throughout this chapter, the set
of distinct traffic classes spanned by the number of distinct bandwidth requirements, will be referred to as the set of bw-types (or bw-classes), and that spanned
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by the number of distinct source-destination pairs will be referred to as the set of
sd-types (or sd-classes). FUrther, the exhaustive set of distinct classes, spanned by
the number of distinct bandwidth requirements as well as the number of distinct
source-destination pairs will be referred to as the set of bed-types (or bad-classes).
It is evident that the latter set is the Cartesian product of the sets of bw-types

and sd-types. In the development of specific algorithms to implement the aforementioned types of control, the representative performance criteria to be employed
are (i) Maximization of the average utilization of the total network bandwidth,
(ii) Minimization of the overall probability of call blocking and (iii) Fairness in

resource allocation to the competing user classes. As will be shown in Section 5.3,
the first two criteria are equivalent for a communication system in which all the
traffic classes demand identical bandwidths (single bw-type). However, in the general case of non-identical bandwidth requirements (multiple bw-types), these two
criteria have different implications with regard to the overall performance of the
network. In particular, the maximization of the bandwidth utilization (maximization of the revenue) is a system (or vendor) objective whereas the minimization
of the blocking probability (minimization of the chances of a call being rejected)
is a customer objective. The distinction between these objective functions in the
multiple bw-type environment stems from the tendency of management schemes
that maximize the bandwidth utilization to favor customer classes of larger bandwidth requirements. Apart from the fact that this strategy does not, in general,
lead to the minimization of the overall blocking probability, it is at variance with
the third objective listed above, namely, the fairness objective. In this chapter, we
will focus on the maximum bandwidth utilization criterion as well as the minimum
blocking probability criterion in the design of network control schemes, and study
their effects on the overall network performance.
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Based on the experience gained from the previous studies on the control of
circuit-switched networks, two fundamental types of problems may be identified:
(i) how to optimally divide the end-to-end traffic intensity, from each source node
to the corresponding destination node, among the different paths available for this
source-destination pair (routing problem); (ii) how to regulate the network access
by the diverse types (identified by virtue of the different bandwidth requirements,
and the distinct source-destination pairs) of customers in order to ensure fairness.
FUrthermore, it is evident that, similar to the well-recognized coupling that exists
between the routing and flow control problems in conventional packet-switched
networks, there exists a strong interdependence between the routing and access
control problems in circuit-switched networks [35]. In view of this fact, the ideal
strategy to develop a control scheme to optimize the network performance will
be one that combines these two sub-problems into one and generates the optimum access control and routing parameters for the unified problem. However, the
solution of the unified problem is extremely complex [35], and this renders the
development of an effective control algorithm infeasible by the employment of existing analytical tools. Due to this reason, the access control and routing problems
have traditionally been studied in isolation, i.e., the schemes for access control
assume the existence of a priori determined routing strategies, and the schemes
for routing are either limited to networks that support traffic with homogeneous
characteristics, or make ad-hoc assumptions regarding the access control policy
adopted.
Control of large-scale systems with multiple performance objectives is a
problem that has received considerable attention in the literature, and one of
the effective approaches proposed for developing satisfactory solutions is the hierarchical approach [59]. The basic philosophy underlying the hierarchical control approach is the decomposition of the large-scale problem into several smaller
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lower-level subproblems, and the modeling of the intera.ctions between these subproblems in terms of a coordinator (or supervisor). Typically, the dynamics of
the lower-level problems change on a time scale much faster than those of the
coupling network between the them, and the slow trajectories of the latter network are realized by the supervisor. There have been several attempts recently to
extend the concept of hierarchical control to the realm of large-scale communication networks. Several noteworthy network management schemes based on the
hierarchical approach were discussed in Chapter 2. The a.ccess control and routing
problems within the circuit-switched subsystem of an integrated network present
an ideal scenario for the implementation of a hierarchical control structure. To
be specific, it may be noted that an appropriately chosen performance objective
function (blocking probability, or bandwidth utilization) exhibits a high degree of
sensitivity with respect to small variations in the traffic intensities on the different
links. Consequently, there is a need for the rapid adjustment of the (real-valued)
routing variables at the different nodes to compensate for such variations. On the
other hand, the traffic a.ccess control needs to be exercised only at a relatively
slower rate, considering the fa.ct that a relatively coarser variation in the traffic
pattern is required to bring about changes in the (integer-valued) optimum bandwidth allocations. In view of these chara.cteristics, in this chapter, we envisage a
two-level adaptive control scheme for the circuit-switched subsystem, where the
lower-level local controllers at the network nodes update the routing variables on
a fast time-scale in a distributed fashion, while the network supervisor computes
at a higher level the a.ccess control parameters periodically on a slower time scale.
One of the powerful routing algorithms proposed for distributed implementation in packet-switched networks is the Minimum Delay Routing Algorithm due
to Gallager [43,44]. In this algorithm, the control of routing is carried out in a
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totally distributed fashion at the nodes of network, by an exchange of status information between the nodes. It has been shown that Gallager's algoritlun converges
under stationary loading conditions, and this property has been extended to validate the ability of the scheme to adapt to changes in the traffic environment that
take place on a slow time scale (such as the time-of-the-day variations prevalent
in real networks). The fundamental arguments underlying the Gallager algoritlun
may be extended to implement a distributed routing scheme in circuit-switched
networks, where the minimization of the blocking probability, and the maximization of the bandwidth utilization form the representative criteria for optimization.

In order to accomplish this, it is necessary to employ the link independence asswnption that facilitates the decomposition of the overall network objective function into a linear combination of the link blocking probabilities. One of the major
contributions of this chapter is the development of a distributed routing scheme
for the

circu,t-b\'!lt('~ed

subsystem based on the extension of Gallager's method-

ology. Within the hierarchical framework discussed earlier, this routing algoritlun
operates in conjunction with an access control algoritlun executed by the network supervisor periodically on a slower time scale. Further details on the specific
aspects of the control schemes are presented in the subsequent sections of this
chapter.
The organization of the chapter is as follows. In Section 5.2, we present the
notation and terminology that will be adopted in the remainder of the chapter, and
also discuss some of the basic issues governing the choice of the objective functions
employed in the development of the proposed network control algorithms. As the
first step in the development of a scheme for the control of network access by competing user classes, we address in Section 5.3 the case of the Access Port problem
under Symmetric Traffic conditions (APST). This problem is concerned with the
optimal control of access into a circuit-switched multiplexer by a group of incoming
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traffic types with identical bandwidth requirements, and it constitutes the simplest
of the class of access control problems considered in this chapter. We propose a
simple iterative algorithm for the solution of the APST problem, and provide the
proofs for the convergence and optimality of this algorithm. Furthermore, the performance of the algorithmic solution to the APST problem is demonstrated by a
few relevant numerical examples. In Section 5.4, we consicl.er the case of the Access
Port problem Wlder Unsymmetric Traffic conditions (APUT) which deals with the
control of access into a multiplexer by a group of traffic classes with non-identical
bandwidth requirements. It is shown that the resulting formulation is rather complex, and that the iterative scheme presented in Section 5.3 for the solution of the
APST problem would be inadequate for the solution of the APUT problem. For
the sake of developing an alternate solution technique, we obtain in Section 5.4 the
formulation of the APUT problem within the framework of an Integer Linear Programming problem (ILP). In addition, we elicit some of the structural properties
of this ILP formulation in order to transform it into an equivalent Mixed Integer
Linear Progranuning

pro~lem

(MIP). This MIP formulation has the advantages

of a smaller number of integer variables in comparison with the ILP formulation,
and hence is amenable to a faster computation of the optimal channel assignments.
One of the powerful software packages available for the solution of MIP's (such as
the one formulated in Section 5.4) is the ZOOM system [121,122] recently developed by Marsten. In view of the sophisticated search techniques adopted by the
ZOOM system that leads to a fast convergence of the algorithm, we propose the
employment of this system in the solution of the Problem APUT as well as that of
the Network Access control problem considered in Section 5.5. Finally, Section 5.4
presents some numerical examples which establish the superiority of the proposed
optimal strategy over the ad-hoc partitioning schemes.
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In Section 5.5, we consider the access control problem at the network
level (NA problem). Our arguments will be based on the Complete Partitioning (CP) of the capacity of each link among the set of bed-classes of traffic that
traverse this link, with the resulting bandwidth partitions being updated adaptively by the network supervisor (in accordance with the fluctuations in the traffic
pattern). As a consequence of the restrictions imposed by the CP approach, the
routing problem in this case is implicit within the access control problem, and
hence there is no need to implement a separate routing protocol. It is shown in
Section 5.5 that by an extension of the arguments used in Section 5.4, the NA
problem can also be formulated within the framework of an integer programming
problem. We conduct numerical studies in this section to demonstrate the performance of the optimal strategy proposed for the network-level access control.
Section 5.6 deals with an extension of Gallager's routing algorithm to the context
of a circuit-switched system that caters to a user community of identical bandwidth requirements. It may be noted that the routing scheme presented in this
section is based on the absence of any form of access restrictions; the capacity
of each link is assumed to be Completely Shared (CS) by the group of ad-classes
traversing this link. In Section 5.7, we consider the most general form of a network that supports traffic types of differing bandwidth requirements. In this case,
the capacity of each link is completely partitioned among the group of distinct
bw-types of traffic traversing the link (by enforcing the access control protocol).
However, traffic classes with identical bw-type but different sd-types are permitted
to share the slots on each link allocated to this bw-type. Consequently, the communication network gets divided into a number of subnetworks with one subnetwork
corresponding to each bandwidth-type. We employ the routing scheme presented
in Section 5.6 for the control of flows within the subnetworks in a parallel fashion, and this control is implemented at the nodes of the network in a distributed
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form. The adaptive decomposition of the aggregate network into several subsystems supporting traffic classes of different bandwidth requirements constitutes a
higher level of control, and this control is implemented by the periodic execution
of the access control algorithm by the network supervisor. The results presented
in Section S.7 are substantiated by appropriate numerical examples. Finally, Section S.8 concludes the results presented in this chapter and suggests some possible
extensions to this study.

5.2 Notations and Terminology

In this section, we introduce the notation and terminology that will be
adopted, and discuss some of the basic principles underlying the design of the
resource management algorithms to be presented. The access control schemes
currently available in the literature were developed with the goal of identifying
the optimal member from among the entire class of state-dependent access policies (of which the Completely Partitioned (CP) policy and the Completely Shared
(CS) policy are specific members). In order to accomplish this idealistic goal,
rather elaborate schemes for the precise representation of the microscopic state of
the network [23,112] were developed. Notwithstanding the optimality of network
operation achievable under such access disciplines, the computational burden imposed by the policy identification process renders them impractical in real network
environments. In addition, the on-line implementation of such state-dependent
control policies requires a precise knowledge of the exact state of the network on
an instantaneous basis, and this would be infeasible in networks of even moderate
sizes. In view of these limitations, in this chapter, we restrict ourselves to the subclass of bandwidth allocation strategies spanned by a Completely Partitioned (CP)
approach. One of the key features of a CP-based approach, apart from those discussed in Chapter 3, is that this approach facilitates the formulation of the access
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control problem within the framework of mathematical programming problems of
manageable sizes which can be solved using the existing techniques. In addition,
the implementation of the resulting control algorithm does not require a precise
knowledge of the state of the entire network, and this characteristic provides for
a fast execution of the algorithm in real-time. These features of the CP-based
approach are especially attractive in view of the fact that the modern communication networks are characterized by an abundance of resources, and that the
emphasis would be on the development of an "effective" control scheme suitable
for implementation in real-time environments, rather than on the development of a
scheme that implements the absolutely optimal policy at the cost of a high degree
of computational complexity.
There are basically two kinds of access control problems encountered in
circuit-switched networks and we refer to these problems here as the Access Port
(AP) problem and the Network Access (NA) problem respectively. The former is
concerned with the situation where there are K classes of traffic seeking access into
a circuit-switched multiplexer (or link) comprised of m slots in isolation (Fig. 5.1).
Our goal here is the partitioning of the total of m slots among the K traffic classes
(also referred to herein as types) in order to optimize a suitable performance
objective function. The type-i (i E {I, ... , K}) traffic is assumed to have a Poisson
arrival rate A" an experimentally distributed service time with parameter IJi and a
bandwidth requirement of IIi slots per call. We make a distinction here between the
term "slot" and the term "channel" in that the former refers to the bandwidth of
a single BBU, whereas, the latter refers to the bandwidth required to support one
circuit-switched call, and could be equivalent to more than one slot. Let Pi =
denote the normalized load in Erlangs offered by the type-i traffic. Let

Wi

Ad IJi
be a

weighting constant associated with the type-i traffic, the value of which depends
on the nature of the objective function. We designate the channel
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Fig. 5.1 The acceaa port problem

1

2

•
•

•

m

m slots

221

allocation by the non-negative and integer-valued vector n = [nl n2 ... nK]Tj
n;

denotes the number of channels allocated to the type-i traffic. It is understood

that E~=1

v;n;

~ m, for all feasible access-control policies (m - E~=l

v;n;

consti-

tutes the wasted link capacity). Note that for a given partition n, the queueing
model representation of the circuit-switched multiplexer decomposes into K parallel M/M/1/ni/n; queueing systems, and furthermore, the blocking probability
PB;(n;) of the ith queue is given by the well known Erlang formula:

R'j ,

PB."(n.") =

p;' n;.

~Ri

L.J~=O

~

PI

/k'. '

i E {1 , ... , K} .

(5.1)

Within this framework, the Access Port (AP) problem in its basic form may be
formulated as
Problem AP:
(5.2)

Optimize JAP(n)
K

L

s.t.

v;n;

~m

;=1
n; ~

0,

n;

The exact form of the objective function

integer, i E {1, ... ,K}.
JAP

depends on the performance criterion

to be employed, and the two alternatives considered in this chapter are the minimization of the overall blocking probability and the maximization of the average
bandwidth utilization. In the former case, the optimization criterion is given by

(5.3)
In the latter case, the optimization criterion is given by
max

n

K

JAP(n)

- L v;E;( n;),
;=1
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where Ei(nd denotes the expected number of type-i calls present in the system.
This parameter is given by

Therefore the optimization problem for the maximization of the bandwidth utilization may be stated as
K

- L "iPi(1 - 'PBi(ni)),
i=l

and this maximization problem is equivalent to the following minimization problem:
K

- L "iPi'PBi( ni).

(5.4)

i=l

Combining the results of 5.3 and 5.4, it is clear that the objective function for
both cases has the general fonn given by
(5.5)

where

Wi

= ).d E~=l ).j for the minimum blocking probability objective and Wi =

"iPi for the maximum bandwidth utilization objective.
With regard to the second problem, namely, the Network Access (N A)
problem, we adopt the following notation. The circuit-switched network Wider
consideration is represented by the directed graph fi = {N, .c}, where N denotes
the set of switching nodes and

.c denotes the set of directed links interconnecting

the switching nodes. It may be noted that the physical connection between a pair
of switching stations that supports the flow of call requests in both directions is
represented in fi by a pair of distinct unidirectional links. Let the cardinality of
the link set

.c be denoted by L, and let the links be indexed by p = 1, ... ,L. The
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capacity (number of BBU's available) of link p is denoted by mp. We denote the
set of source-destination pairs by U, and the set of bandwidth classes by T, the
cardinalities of which are denoted respectively by Ku and K T . It is clear that
the aggregate set of distinct traffic classes in the system, regardless of the basis
of classification, is given by the cartesian product U x T. The cardinality of this
product set, given by Ku x K T, is denoted by K. It is assumed herein that, based on
a preliminary topological analysis and feasibility considerations, the set of feasible
routes has been identified for each traffic class. Accordingly, let us denote the set of
rou tes available to the

ith

traffic class by Xi, i = 1, ... K, and let the cardinali ty

of this set be denoted by rio Further, the ph member of the set of routes Xi will be
denoted by

It may be noted that each route

V ij.

of links Pl,P2,'"

,P1ij

V ij

is constituted by a sequence

where lij denotes the the number of tandem links in this

route. We fonnalize this characteristic by the set equality given by V ij
k

= 1, ... , lij}.

route

V ij

= {Pk

:

The condition of a certain link P being encountered in a certain

will be denoted by the relation

P E Vij'

We denote the exhaustive set

= Uf:l (U~!..1 V ij). Furthermore, for
: nf:l (n~~1 V ij ) = pl. In terms of this

of all possible routes in the network by W
each P

E

£, let Wp ~ W :3 Wp =

{Vij

notation, the condition of a certain route

Vij

being a member of the set of routes

traversing a certain link p, will be denoted by the relation

Vij E

Wp. As in the case

of the Access Port (AP) problem, we restrict ourselves to the class of CP-based
access policies, and therefore the optimization problem reduces to a minimization
of the weighted sum of the individual blocking probabilities of the different traffic
classes. In other words, the optimization criterion for the N A problem also has the
general fonn given by
mIn

n

K

JNA(n) -

LWi'PBi(ni).
i=1
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However, the set of constraints in the case of the network-level problem is different
from those of Problem AP stated earlier, and these details will be discussed in
Section 5.5.
It should be mentioned that the routing schemes discussed in Section 5.6
and Section 5.7 permit the Complete Sharing (CS) of the bandwidth allocated
to traffic classes of identical bw-type, but different sd-types, and in this case, the
objective function given above in its exact form will not be applicable. In this,
case we employ the link independence assumption discussed earlier, and formulate
the routing problem in an alternate fashion. These distinctions will be clarified in
the respective sections.
Finally, a few remarks are in order with regard to the qualitative similarity
between the buffer management problems considered in Chapter 3, and the bandwidth management problems considered in this chapter. In this context, it must
be emphasized that in spite of the apparent similarity, it is impossible to directly
extend the techniques of Chapter 3 for the solution of the access control and routing problems in circuit-switched networks. The objective function considered in
Chapter 3 (weighted sum of ratios of exponential functions) has the advantages of
being smooth and being differentiable with respect to the decision variables, and
these features facilitate a direct application of the Kulm-Tucker conditions to arrive at the optimum solution. In the present case, however, the objective function
is comprised of a weighted sum of expressions of the form given in Eqn. 5.1 (Erlang
formula), and it is evident that this function does not enjoy the aforementioned
properties; in particular, the integer-valued decision variables appear as limits of
summations, and it is impossible to conceive of a relaxation of the objective function which is continuous in the decision variables. These observations underscore
the need to develop fundamentally different methodologies for the solution of the
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optimization problems considered in this chapter. In particular, the solution approaches presented herein are based on integer programming techniques. Note that
the algorithms that we present for the solution of the access control and routing
problems in circuit-switched networks do not exhibit the fast-convergence property of Algorithm A presented in Chapter 3. This limitation does not, however,
adversely affect the adaptivity of the present algorithms with respect to the timeof-the-day variations in the circuit-switched traffic pattern. The latter argument
stems from the fact that the time constants of the variations in tl}e traffic arrival
statistics are much larger (several hours) than those of the fluctuations in the
packet transmission capacities caused by the arrivals and departures of individual
circuit-switched calls (several minutes). This feature eliminates the need for a very
fast algorithm (such as the one developed for buffer management) in the control
of access and routing in circuit-switched networks.

In the next section, we examine the simplest of access control problems,
namely, the Access Port problem under Symmetric Traffic (APST) conditions,
and present an elegant iterative solution scheme.

5.3 The Access Port Problem under Symmetric Trame Conditions

In this section, we consider the optimal control of access into a circuitswitched multiplexer by a group of incoming traffic classes which require identical
amounts of bandwidth (number of slots) for the service of each call, and the holding
times of which are also identical. Without 1088 of generality, it is assumed herein
that the bandwidth requirement of each traffic class is one slot per call. We refer
to this scenario as the Access Port problem under Symmetric Traffic conditions
(APST). Following the terminology presented in the previous section, and based
on a CP approach as discussed earlier, the APST problem can be formulated as
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follows:
Problem APST: Given m and {Wi, pd for i
K
~

nun

n

JAPST

-

L'=1

= 1,2, ... , K,

P,nIl n,.'

W, "n, (p,jl)..')

(5.6)

LJj=O

K

S.t.

Ln, -

m

'=1

and

n,

~

0,

n, integer,

I E {I, ... , K}.

Note that the distinction between the minimum blocking probability criterion
and the maximum bandwidth utilization criterion is absent in this scenario, and
therefore, the weighting constant

Wi

is set equal to

Ad E~=1 A, for both cases.

A SOLUTION PROCEDURE:
As discussed earlier, this class of problems cannot be solved directly by
applying the techniques used in Chapter 3, due to the unweildy nature of the objective function. Instead, some form of enumeration strategy needs to be employed
in this case to arrive at the optimal solution. The most simple-minded form of enumeration would be an exhaustive enumeration within the entire decision space of
the solutions that satisfy the constraints of the optimization problem. However,
this approach requires 88 many 88 (K!~~I) computational steps, and for this
reason, the exhaustive enumeration strategy would be unattractive even in moderately sized Access Port problems. For this class of Access Port problems, we have
identified a very simple algorithmic technique, the number of steps in which h88
an upper bound of m. The underlying idea behind this technique is the iterative
improvement of the value of the objective function (until the optimum solution is
reached). This is accomplished by imposing at each iterative step, the additional
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constraint that each of the decision variables be restricted to (i) remain the same,
(ii) be incremented by unity or (iii) be decremented by unity.
In the description of the above algorithm, referred to herein as Algoritlun B,
we make use of the following definitions. Let
P, -

p~' In,!

;

(5.7)

n,

Q,

- L(pfh!)

(5.8)

j=O

Yi -

w, [ Q,P, -

z,

-

WI [

-

00,

P,(nrtr)

Q, + P,{n::h)

P,t ~) - P,

Q, - P,

n, =

1

(5.9)

1 n, > 0

Q,'

0 ;

(5.1O)

1 E {I, 2, ... , K}.
It may be noted that the ratio PdQ, gives the blocking probability oftraffic class 1,

and the parameters

Yi

and Z" respectively, give the decrement and increment of

this probability for unit variations in the corresponding slot assignment. Further,
it is asswned that, prior to the execution of Algoritlun B, the available bandwidth
of the multiplexer is partitioned in an arbitrary fashion (possibly equipartitioning)
among the contending traffic classes, thereby assigning arbitrary initial values to
the

ni

variables. In the following, we give a precise description of Algoritlun B.

AI,oritlun B:
1. Initialization: Compute P, and Q, for 1 E {1, ... ,K} using Eqn. 5.7-5.8.
Compute

Yi

and Z, for 1 E {I, ... , K} using Eqn. 5.9-5.10.

3. Branch: If 11 :5 Z1., then go to step 5; else continue.
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4. Update the slot allocations: Set

QI

= QI -

PI; PI

n; =

n, +

= PI( nIl PI); nI = nI -

1.

P; = P;(1r,1n;); Q; = Q; + P;;
Z; = Y;; 11 = ZI; Update Y; and

1;

ZI using Eqn. 5.9-5.10. Go to step 2.
5. Termination: Implement n as the new buffer allocations; Stop.

PROPERTIES OF THE SOLUTION:
Presently, we provide a few fundamental results concerning the Algorithm B
and prove their validity in order to establish the optimality and efficiency of this
algorithm. We begin with a description of Theorem 5.1a, which establishes the
local optimality properties of the solution generated by Algorithm B.
Theorem 5.1a:
H Algorithm B terminates, then the resulting solution is at least a local minimum
of Problem APST.

£m2f:
Assume to the contrary. Then, subsequent to the termination of Algorithm B, there
must exist a traffic class

t!

and a traffic class f

(t!

=F f) such that it is possible to

improve the value of the objective function by transferring one slot allocated to
class

f

to class

t!.

This condition is equivalent to the relation given by

H this were to be the case, then

Y; >

ZI in the (assumed) final iteration of Algo-

rithm B, and according to step 3, the algorithm would not have terminated at the
current iteration. This is a contradiction, and therefore Theorem 5.1a has to be

valid.

•
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As the next step, we present Theorem 5.1 b to 888ert the convergence of Algorithm B.
Theorem 5.1b:
Algorithm B terminates in a finite number of iterations.

£mm:
Case a: The algorithm encounters an iteration during which

1 = 1.

In this case,

due to the convexity of the function 1'B,(n,), it is true that

or, equivalently,

Therefore, by step 3, the algorithm tenninates at the current iteration.
Case b: The algorithm is in an iteration where 1 =F 1. Then, at the next iteration,
the value of the objective function decreases by a strictly positive amount of Y;-Zl'
Hence the value of the objective function at this iteration has to be one that has
never been encountered before. However, the set of feasible solutions is count ably
finite and consists of (K!~~l) members. Therefore Algorithm B has to terminate
in less than or equal to

(K!~~l) iterations.

•

Theorem 5.1c presented below states the global optimality of the solution provided
by Algorithm B.
Theorem 5.1c:
The local minimum reached by Algorithm B is a global minimum.
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fu2f:
The blocking probability expression 'PB,(n,) is a convex function. Therefore the
objective function

JAPST

which is a weighted sum of blocking probabilities is also

convex, and hence is unimodal within the feasible space defined by the constraint

•

relations. Therefore Problem APST has a unique minimum.

Finally, we present a much stronger result regarding the speed of convergence of
Algorithm B, in the form of Theorem S.ld. Note that in this presentation, we
designate the iteration in question explicitly by using an additional superscript
appended to the parameters (such as, e.g.,

11 parameters respectively, at the ph

l(j)

and ~H? to denote the

1

and the

iteration).

Theorem 5.1d:
Algorithm B terminates in at most m iterations.

fu2f:
Assume that each of the m available slots is distinctly identifiable by an identification number. Let j be the index of a non-terminal iteration. Then, according to
Step 3 of Algorithm B, the following condition holds:
(j)

lj<i) >

(j)

Zl(i)·

(5.11)

At the end of the ph iteration, one of the slots, say slot i, will be transferred from
( ')

W<j)

the traffic class 11 to traffic class I

. By step 4 for Algorithm B, among the

sets of the Y and Z variables, only those corresponding to the traffic classes
and L(j) will be altered for the j

r

j

)

+ 1 & iteration. Further, by step 4 of Algorithm B,
8

we have
(j+l)
Ypi)

-

Z(j)
!(i)

and by the convexity of the objective function, we have

(5.12)
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(5.13)
From Eqn. 5.11-5.13, and by a recursive application of these arguments, it is clear
that
y'(j)
;<i)

>

yJ!»
,
,\

+ 1,j + 2, ...

/r. = j

(5.14)

In addition, by step 4 of Algorithm B, it is also true that
(j+l)

_

Z;(j)

-

v(j)

zr

i )·

(5.15)

From Eqn. 5.14 and Eqn. 5.15, and the conditions imposed by steps 2-3 of Algorithm B, it is clear that

>

,

k

v(k)

Z7('P

. + 1·
2
,J + , ...

=)

(5.16)

From the above equation, and the rules of Algorithm B, it is evident that the
slot i transferred to the traffic class

r
i

) will never be chosen for further transfer

to any other class. This is equivalent to stating that each of the distinct slots
will be chosen at most once for transfer during the entire course of execution of
Algorithm B. Therefore, the number of slot transfers, or equivalently, the number
of iterations of Algorithm B has an upper bound of m.

•

PERFORMANCE EVALUATION
Finally, we present a few numerical examples to demonstrate the performance of the methodology presented in this section. We consider a circuit-switched
multiplexer that has a total capacity of 24 slots and which supports 5 traffic classes
of identical bandwidth requirements. In Fig. 5.2, we have depicted the variation
of the overall blocking probability as the traffic imposed by traffic class 1 is varied
from zero to 40 Erlangs, while maintaining the loads on the other links at a constant level of 1 Erlang. This figure compares the blocking probability performance
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of the proposed optimal access control strategy with an ad-hoc equipartitioning
strategy. Fig. 5.3 illustrates the variation of the average buffer utilization under
the optimal and ad-hoc access control strategies. The superiority of the optimal
control scheme is evident from these figures. In order to illustrate the savings in
computation afforded by Algorithm B as opposed to an exhaustive enumeration
strategy, we have shown in Table 5.1 the number of iterations required in the worst
case for convergence under these two schemes, for different configurations of the
circuit-switched multiplexer under consideration. It may be noted that the number
of iterations required by Algorithm B in real examples would be significantly less
than the limits shown in Table 5.1. For the example considered in Fig. 5.2, Algorithm B would have required 24 iterations in the worst case. However, starting
with an equipartitioned initial assignment, the algorithm terminated in less than
or equal to 9 steps for all the loading conditions considered.
In the next section, we examine the more general case of Access Port problems under Unsymmetric Traffic conditions.

5.4 The Access Port Problem under UJUlymmetric Traffic Conditions

The Access Port problem under Unsymmetric Traffic conditions (APUT)
has the following fonnulation:
Problem APUT: Given m and
nun J
!l

_
APUT

-

{IIi, Wi,

pd for i =

'K"

P,n'l'
",.

'-I

LJi-O Pi ).

~w' ~n,

1,2, ... , K,

(..il.')

K

s.t.

L II,",

~m

' ... 1

", ~ 0, ", integer, I E {I, ... , K}.

(5.17)
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Exhaustive
Enumeration

Algorithm B

K

m

2

10

55

10

3

24

2600

24

3

48

19600

48

3

96

152096

96

5

48

2.60E6

48

5

96

7.S3E7

96

10

96

2.88E13

96

10

192

2.36E16

192

Table 5.1 Comparison of computational complexities
between Algorithm B and exhaustive enumeration
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A few significant distinctions between the above formulation and that of
the Problem APST discussed in the last section are noteworthy. Aside from the
fact that the channel allocation ni to the traffic class i is no longer identical to
the corresponding slot allocation (which is given by lIini), the constraint enforcing
the conservation of the total number of slots in the link has been modified into an
inequality constraint in the present problem. This modification is incorporated to
include the possibility of the optimal partition being such that a few of the slots are
unassigned (unless the value of the smallest of the

II

parameters is equal to unity).

As pointed out earlier, it is impossible to extend the technique (Algorithm B) for
solving the Problem APST presented in the previous section to the solution of
Problem APUT. The reason underlying this contention is that according to the
basic principle of Algorithm B, which develops the optimal solution in an iterative
fashion, the number of channels corresponding to each class is restricted to change
at most by unity during each iteration, and evidently this is not applicable in the
present case. To illustrate this point, let us consider a specific example, in which
the total number of available slots is 24 and where there are two traffic classes
with respective bandwidth requirements of one slot and two slots contending for
the available slots. Further, the normalized loads imposed by these two classes are
assumed to be five Erlangs each. Let the initial channel assignment n be equal
to [12,6] (i.e., equipartitioning of the available slots). Assume that the criterion
for optimization is the minimization of the overall blocking probability. It may
easily be shown that the optimum channel assignments are given by n = [10,7].
On the other hand, it is clear that the transition from the initial assignment to the
optimal one cannot be implemented by the methodology adopted in Algorithm B
where the number of slots transferred between two traffic classes at each iteration
is restricted to unity. This is so because each slot is equivalent to a full channel
of traffic class 1 whereas it is equivalent to only half a channel of traffic class 2.
Due to this inadequacy of Algorithm B, we need to adopt a different strategy in
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the design, resulting in a new technique for the solution of Problem APUT. We
undertake this task in the following paragraphs.
In the discussion that follows, the notation l x J refers to the largest integer
less than or equal to the value of the expression specified by x. Analogously, the
notation rx 1 refers to the smallest integer greater than or equal to the value of the
expression specified by x. According to these conventions, let

ni

= lm/vd. Note

that this parameter specifies the upper limit on the number of channels that may
be assigned to the traffic class i. Assume that the set of parameters {Cij} where
Cij

= w;'PBi(j), j E

to, 1, ... , nil,

i E {I, 2, ... ,K} has been computed a-priori.

Define a set of indicator variables {Xij} such that a value of unity assigned to the
variable Xij signifies the allocation of j channels to the traffic type i. Subject to
the restrictions specified by ~;~o Xij

=1

Vi, and Xij E

to, I}

Vi,j, it is clear

that the objective function of the Problem APUT may be restated as J APUT =

~~=l ~;~o CijXij· As before, we denote the number of channels assigned to the
traffic class i by the variable ni, in terms of which the conservation of the number of
slots is enforced as in the formulation given above (Eqn. 5.17). Then, the need for
consistency between the set of n variables and the set of x variables generates the
additional constraint given by ~;~o jXij = ni. Combining these ideas, we have the
following Integer-Linear-Programming (ILP) formulation for the Problem APUT.
Problem APUT-ILP: Given m, {Vi, nil, i = 1,2, ... , K and {Cij}, j

= 0,1, ... , ni

and i = 1,2, ... , K,

(5.18)
i=1 j-O

ni

s.t.

Cl:

2: Xij

-

1, i E {I, ... , K},

j=O

n,

C2:

2:jxij j=O

ni, i E {I, ... , K},

238
K

C3: LVini :5 m,
i=l

C4: ni

~

0, ni integer, Xij E

to, I},

and j E {O, ... nd, i E {I, ... K}.
For the determination of the optima of ILP formulations similar to the one
given above, there are several efficient enumeration techniques available, based on
the generalized Branch and Bound method and its specialized versions such as the
Balas' algorithm [118,119] and the Land-Doig algorithm [120]. In addition, several other approaches based on the cutting plane algorithm have been proposed
in the literature [119]. Recently, Marsten has developed a powerful software tool
referred to as the ZOOM system [121,122] for the solution of Mixed Integer Programming (MIP) problems (the class of ILP problems forms a subset of the class
of MIP problems). This tool features several sophisticated search techniques such
as the fixed-order branching, multilevel expansion, resource space tour, and certain "cheating" strategies which speed up the search process substantially. Further
details regarding the implementation of the ZOOM system are available in [121]
and [122]. In view of the desirable characteristics of the ZOOM system discussed
above, we recoIlUIlend the employment of this tool in the real-time implementation
of the Port access control scheme presented in this section, as well as that of the
Network access control scheme presented in the next section. It may be noted that
the solutions to the numerical examples given in this chapter have been obtained
by running the ZOOM system in a VAX/VMS environment.
One of the restrictions imposed by the ZOOM software package stipulates that the integer variables should be of the

~1

type. This, however, does

not limit the applicability of the ZOOM system, since any given ILP problem can be converted into an equivalent

~1

programming problem. In partic-

ular, the Problem APUT given above can be converted into an equivalent

~1
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programming problem in the following fashion. Define the set of 0-1 variables

{Yik, k = O, ... ,Si -1; i = 1, ... ,K}, where Si = rlog2(ni

+ 1)1.

Note that the

vector 11. is used to denote the binary representation of the variable ni. Then the

-.

Problem APUT may be formulated as the following 0-1 programming problem:
Problem APUT~I: Given m, {vi,nd, i = 1,2, ... ,K and {Cij}, j = O,l, ... ,ni
and i = 1,2, ... , K,
(5.19)
i=1 j=O
ni

s.t.

C1:

L Xij

-

1, i

e {I, ... , K}

j=O
ni

'i-I

C2: Ljxij j=O
K

L

2kYik, i

e {I, ... , K}

k=O

'i-l

C3: LVi L 2kYik :::; m
i=1
k=O
C4: Xij, Yik e to, I}

je{O, ... ,nd, ke{0, ... ,Si-1}, ie{l, ... ,K}.

Note that there are a total of ~~1 [(ni

+ 1) + Si] 0-1 variables in the above

formulation. To demonstrate the size of the problem in a representative application, let us consider an APUT example where m=24, K=3 and l! = [VI

V2

V3]T

=

[1 2 3]T. It is easy to verify that the resulting formulation will involve 60 variables. This figure may be contrasted with the number of variables in the optimization problem resulting from the representation of this example by following the
methodology presented in [112]. A careful enumeration will reveal that this latter
problem consists of as many as 3624 variables (the z variables discussed in [112]).
The substantial amount of computational savings provided by the access control
methodologies presented in this chapter is apparent from these figures.
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In the following, we present a significant result that leads to a substantial
reduction in the complexity of the ILP formulation of Problem APUT presented
above. Consider the Mixed Integer Programming Problem (MIP) obtained by relaxing the integer constraints on the x variables in the ILP formulation (or the
0-1 programming formulation) of Problem APUT. Specifically, we replace the constraint C4 in Eqn. 5.19 by the new constraint C4' given by
C4' :

Xij

j

~ OJ !lit E

to, I},

E {O, ... , nd, k E {O, ... , Si

-

I}, i E {I, ... , K}.

to generate the following MIP problem:
Problem APUT--QIMIP

xrun
JAPUT

(5.20)

s.t. C1, C2, C3, C4'.
It may be noted that the upper limit of unity on the x variables is implicit in the

constraint C1, and hence is not duplicated in the constraint C4'. The above MIP
problem has E~l

Si

0-1 variables and E~=l (ni + 1) real variables. Considering the

fact that any reduction in the number of integer variables leads to a corresponding
reduction in the computational complexity, it is evident that the search process for
the determination of the minimum of the MIP would be significantly faster than
that for the determination of the minimum of the ILP. The following theorem
establishes the equivalence of the MIP formulation APUT--QIMIP given above
and the ILP formulation of the Problem APUT.
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Theorem 5.2
The minimum of the MIP fonnulation APUT-01MIP is identical to the rr.inimum
of the ILP fonnulation of Problem APUT .
.frQQf:

Let the optimal solution for the MIP problem APUT-OlMIP be denoted by
{x:j'Y:~'

'v'i,j,k}. It is clear that the II· variables are all integer-valued, and it

is our task to prove that the x· variables are all integer-valued as well. By the constraint C2 of the MIP fonnulation (Eqn. 5.19), the following relations are valid:
'iii

.i-l

LjX;j = L
j=O

2~Y:1: =

n;,

i E {I, ... , K}.

(5.21)

1:=0

It may be noted that the variable

n: is an integer. The argument that follows

is based on treating the set of variables {x;j' j

= 0, ... , ni}

as the probability

distribution of a discrete random variable .•t that takes on values from the set
given by {O, ... , nd. From this perspective,

n:

= L~:"o

jX:j

gives the expected

value of Xi, and this parameter would be denoted by E(Xd. Let Fi(Xd be a
mapping function defined on the domain of Xi such that Fi(i) = Cij, j = 0, ... , ni'
Then it is clear that the optimum value of the objective function of the MIP
problem APUT -OlMIP can be expressed as
K

J APUT =

L E(Fi(Xi»,

(5.22)

i=1

Note that Fi(Xd = 'PBi(Xi) is convex U in {O, ... , nd. Then, by Jensen's inequality [123], we have
(5.23)
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Further, by the optimality of the solution {xij' II:,} for the MIP problem APUT01MIP it is true that each term in the summation given by Eqn. 5.22 is at its
minimum. From Eqn. 5.22 and Eqn. 5.23, we therefore have
K

J APUT -

LFi(E(Xi»
i=1
K

- LFi(nn
i=1
K

- LCini·

(5.24)

i=1
From a comparison of Eqn. 5.19 and Eqn. 5.24, and the property that the function

Fi(X;) is convex

U, it is clear that
Xij

= fI:;

-

1, j

-

0, j f; fI:;

iE{l, ... K}.
This proves that the minimum of the MIP relaxation APUT-D1MIP is integervalued. Since we know that the minimum of an IP problem has to be greater
than or equal to the minimum of the corresponding MIP relaxation, it is true that
the minimum of the MIP problem APUT-D1MIP given by {Xij,fI;,} is also the
minimum of the IP formulation of Problem APUT. This proves Theorem 5.2.

•

For the solution of Problem APUT-D1MIP, we propose the employment of
the powerful software tool referred to as the ZOOM system developed by Marsten
and coworkers [121,122]. The ZOOM system is designed for the solution of general
01 - Mixed Integer Programming problems. ZOOM begins by solving the MIP
problem as a linear programming problem, and then uses the Pivot & Complement Heuristic [121] to find an initial integer feasible solution. It then uses the
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branch-and-bound search technique to find improved solutions and to verify optimality. The branch-and-bound procedure uses linear programming to compute the
bounds. It also incorporates several novel techniques such as fixed order branching, multi-level expansion, resource space tour and "cheating" strategies [122] to
improve the rate of convergence of the search process. Additional details of the
ZOOM system are available in [121,122]. It may be noted that the solutions for
the numerical examples discussed in this chapter were obtained by the application
of the ZOOM system.
Presently, we discuss a few numerical examples to demonstrate the performance of the access control algorithm presented in this section. In Fig. 5.4, we
have considered an example in which m=60 slots, K=3, J! = [1 2 5]T, and the normalized loads imposed by the traffic classes 1 and 2 are equal to 5 and 1 Er1angs
respectively. The normalized load P3 imposed by the traffic cl88S 3 is increased
from 0 to 15 Erlangs, and we depict the corresponding variation of the overall
blocking probability in Fig. 5.4. Note that the variation of the blocking probability is shown, under an equipartitioning policy, and under two optimal access
control schemes in which the criteria for optimization are (i) the minimization of
the blocking probability, and (ii) the maximization of the bandwidth utilization,
respectively. The superiority of the optimal allocation schemes over the ad-hoc policy is readily apparent from this figure, by virtue of the lower blocking probability
characteristic exhibited under heavy and highly non-uniform loading conditions
(such as is prevalent in practical communication networks). It is also evident that
the blocking probability performance provided by the optimal scheme based on
the maximum bandwidth utilization criterion is inferior to that provided by the
scheme based on the minimum blocking probability criterion. This characteristic
clearly demonstrates the distinction between these two criteria for optimization.
As discussed earlier, the above disparity is due to the tendency of the maximum
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bandwidth utilization criterion to give preference to traffic classes of higher bandwidths, and this may not be in conformity with the objective of minimum blocking
probability. Note that the blocking probability curve corresponding to the maximum bandwidth utilization criterion shows abrupt changes of slope at a few fixed
points. These points correspond to the threshold loading levels at which the buffer
allocations are updated (80 as to cause a smooth increase in the buffer utilization
characteristic). In the case of the minimum blocking probability criterion, these
points are not visible since the buffer updating takes place in a manner that results
in a smoother variation of the blocking probability characteristic.
Fig. 5.5 illustrates the variation of the bandwidth utilization in the above
example, corresponding to the variation in P3, and under the equipartitioning policy and the two optimal policies. The superior bandwidth utilization characteristics
facilitated by the optimal schemes, and further, the superior bandwidth utilization
of the optimal scheme based on the maximum bandwidth utilization criterion as
compared to the scheme based on the minimum blocking probability criterion are
apparent from this figure. The abrupt changes in the slope of the bandwidth utilization curve corresponding to the minimum blocking probability criterion may be
explained along lines similar to those given for the case of the blocking probability
curve in Fig. 5.4 corresponding to the maximum bandwidth utilization criterion.

In the next section, we generalize the concepts introduced in this section to present
an access control scheme suitable for the network environment (Problem NA), and
discuss the relevant performance issues.

5.5 The Network Acceu Control Problem

In this section, we formulate the Network Access (NA) control problem in
a mixed integer programming framework by an extension of the ideas presented in
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the previous section. In particular, we assume that the number of slots m, available
on each link p E C, is completely partitioned among the set of routes traversing this
link (i.e., among the members of the set W,). This strategy ensures the reservation
of a fixed number of slots on each link of each route corresponding to each traffic
class. Consequently, it is possible to model the K traffic classes as K independent
M/M/m/m queueing systems and one may employ the Erlang-B formula for the
computation of the corresponding probabilities. The flexibility provided by the
complete partitioning strategy enables the modeling of the network access control
problem within the context of a mixed integer programming problem by employing
a few arguments similar to those employed in the case of the problem APUT. As
before, there are two types of optimization criteria namely the minimum blocking
probability criterion and the maximum bandwidth utilization criterion both of
which have the generic form given by Eqn. 5.5.
We will employ the same notations used in Section 5.2 to model a circuitswitched network of arbitrary topology. A few additional variables need to be
introduced in this section before we formulate the Network Access (NA) control
problem within the framework of a Mixed Integer Programming (MIP) problem.
Let

nij

(j = 1, ... , ri.) denote the numLer of channels allocated to the traffic class i

on the route V ij. A necessary condition to be satisfied by the variable

nij

is that

the corresponding number of slots must not exceed the capacity of the link with
the minimum number of slots, among all the links forming the route V ij. This
constraint gives the following upper limit (ni) on the total number of channels
(among all the possible routes) that may be allocated for the traffic type i:

In terms of these variables, it may easily be seen that the MIP formulation of the
NA problem has the following form:
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Problem NA-MIP: Given m, 'tip E C, {ri,ni,vi} for i = 1,2, ... ,K and {Cij} for
j

= 0,1, ... , ni

and i

= 1,2, ... , K
K ni

n
s.t.

(5.25)

-

LLCijXij
i=1 j=O
ni
CI: LXij - 1, iE{l, ... ,K}
j=O
ni
ri
C2: Ljxij - Lnit, iE{l, ... ,K}
j=O
t=1

L

C3:

Vinit < m" pEC

i,'
Vi.EW"

C4: Xij > O', nij > O', nij integer;
jE{O, ... nil; kE{I, ... ,ril; iE{I, ... ,K}.
It may be noted that, as in the case of the MIP formulation of Problem APUT, the
x variables function here as indicator variables, and the c parameters constitute

the contributions of the corresponding x variables in the objective function.
In the constraint C3 of the above formulation, the relation given by V it E
W, signifies, as described earlier, that link p is one of the seqence of links traversed
by the route Vito As before, we may replace each variable nit in the above formulation by the corresponding binary representation denoted by
(where Sit =

[Y?t, Y!t, ... Y:~' -1],

rlog2[,~~. (m,/Vi) + Ill) in order to yield the following MIP for-

mulation where each integer variable is of the 0-1 type:
Problem NA -OlMIP

(5.26)

1l
ni

s.t.

C1:

L Xij
j=O

-

1, i E {I, ... , K}
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r. _•• -1

ii.

C2: ~jXij

-

j=O

~ ~

i=1 '=0

2'11:,,, i E {I, ... ,K}

_ •• -1

C3 :

~

'0.
" •• EW,.
C4:

Xij

IIi

~ 2'II:i :5

'=0

m"

pEe

~ OJ Y!i E {O,I}j

IE {O, ... , Sii

-

I}j k E {I, ... Fdj j E to, ... , nd

i E {I, ... , K}.

It may be noted that the number of 0-1 variables in the above formulation is given
by E~=1 E;~l

Sil:

and the number of real variables are given by E~=1 (ni

+ 1).

Furthermore, there are a total of L+2K constraints in the formulation, in addition
to those on the limits of the variables. Note that the solution of the 0-1 mixed
integer progranuning formulation given above may be obtained by the employment
of the versatile ZOOM system as in the case of the problem APUT.
The network level access control algorithm outlined above may be implemented in a centralized fashion by the network supervisor. Accordingly, the supervisor is assumed to maintain a data base of the network topology which is updated
to reflect any failures and repairs of the links in the network. Further, the different
source nodes in the network are assumed to transmit to the supervisor at regular
intervals of T up , the measured average value of the traffic arrival rate .Ai corresponding to each traffic class i. Based on this information, the supervisor solves
the MIP given in Eqn. 5.26 to obtain the optimum channel allocations on the various links. These optimal partitions are transmitted to the different nodes of the
network (from which the respective links emanate) where they are implemented
at regular intervals of T up' In view of the rather gradual variations in the traffic
load pattern, it may be noted that the updating interval T up can be fairly large,
of the order of several minutes to a few hours.
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We have chosen the network shown in Fig. 5.6 as an example to demonstrate
the performance of the optimal network access control scheme presented in this
section. There are 12 traffic classes in the system with the characteristics stated
in Table 5.2. The bandwidth of each (directed) link in the network is assumed to
be 30 slots. It is clear that the MIP formulation corresponding to this access control scenario will involve 96 0-1 variables, 432 real variables, and 30 constraints,
in addition to the limits on the values of the variables. We have employed the
ZOOM system to generate the optimal solutions corresponding to the different
loading conditions considered. The results of the study of the blocking probability performance, under the three different access control policies considered are
tabulated in Table 5.3. Table 5.4 shows the corresponding results for the case of
the bandwidth utilization performance. These tables contrast the performance of
the optimal partitioning schemes based on the two optimization criteria with that
of an ad-hoc scheme based on a shortest-path routing. In the ad-hoc scheme, the
traffic between each source-destination pair is assumed to be routed in its entirity
along the single link path between this pair (i.e., I-to-2 traffic on link 4, 2-to-3
traffic on link 5, I-to-3 traffic on link 1 etc.). Furthermore, the number of slots on
each link is assumed to be equally partitioned among the two bandwidth classes
of traffic traversing this link. Similar to the results in the example of the APUT
problem given earlier, Tables 5.3 and 5.4 demonstrate the superiority of the optimal algorithms, with regard to the blocking probability performance as well as
the bandwidth utilization performance. As an example, the loading pattern considered in the third entry (row) of Table 5.3 results in a blocking probability of
about 30 % under the ad-hoc scheme whereas the optimal schemes based on the
minimum blocking probability and the maximum bandwidth utilization maintain
the value of this parameter at values as low as 12 % and 18 % respectively. From
Table 5.4 on the other hand, it is clear that the bandwidth utilization provided by
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type-id

bw-type

sd-pair

routes

(11 )

1 slot

(1,2)

(1 -2)
(1-3),(3-2)

(12)

1 slot

( 1,3)

(1-3 )
(1-2).(2-3)

( 13)

1 slot

(2,1 )

(2-1 )
(2-3).(3-1 )

(14)

1 slot

(2,3)

(2-3)
(2-1),(1-3)

(15)

1 slot

(3,1 )

(3-1)
(3-2),(2-1 )

( 16)

1 slot

(3,2)

(3-2)
(3-1 ),(1-2)

(21 )

5 slots

(1,2)

(1-2)
(1-3).(3-2)

(22)

5 slots

(1.3)

(1 -3)
(1-2).(2-3)

(23)

5 slots

(2,1 )

(2-1 )
(2-3),(3-1 )

(24)

5 slots

(2,3)

(2-3)
(2-1),(1-3)

(25)

5 slots

(3,1)

(26)

5 slots

(3.2)

(3-1)
(3-2),(2-1 )
(3-2)
(3-1),(1-2)

Capacity of each link - 30 slots

Table 5.2a Configuration of the network access example
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[A,(11)"'A,(26)] -

[325351021070.52137]

Optimization criterion : Minimization of blocking probability
Optimum blocking probability - 0.16
Optimum bandwidth utilization - 113.77
Optimum bandwidth partitions

type-id
(11 )

route-id
1
2

allocated
channels
1

5

1
2
1
2

30
2
30

(14 )

1
2

17
0

( 15)

1
2
1
2
1
2
1
2

6
0
0
15

(23)

1
2

0
0

(24)

1
2

2
0

1
2
1
2

2
0
0
0

( 12)
(13)

( 16)
(21 )
(22)

(25)
(26)

13

0
5
0
0

Table lS.2b Optimal bandwidth partitions for a representative load pattern
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shortest
path
routi ng

optimal
minimum
blocking
criterion

scheme
maximum
utilization
criterion

551530515223123

30.00

9.09

14.43

15 40 5 3 20 5 1 1 3 2 6 1

39.46

11.57

18.77

1035101510107110.523

29.54

11.99

17.55

151535201050.540.5321

32.76

9.47

14.21

5153052010350.5331

31.17

11.96

18.20

325351021070.521 37

40.68

15.82

24.20

20 152835 5150.20.30.1 0.1 0.51

38.80

6.30

8.19

load pattern
A( 11) ... A( 26)

Table 5.3 Blocking probability (%) performance of the optimal
network access control scheme
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load pattern
A(11) ... A.(26)

shortest
path
routing

optimal
minimum
blocking
crite rio n

scheme
maximum
utilization
criterion

551530515223123

101.76

104.56

112.86

15 40 5 3 20 5 1 1 3 2 6 1

97.22

107.82

116.63

10 35 10 15 10 10 7 1 1 0.5 2 3

107.42

114.64

121.52

151535201050.540.5321

105.29

109.98

120.06

5 15 30 5 20 10 3 5 0.5 3 3 1

107.85

116.02

123.30

32535 102 107 0.52 1 37

102.76

113.76

129.83

82.08

114.48

116.45

20 15 28355150.20.30.1 0.1 0.5 1

Table 5.4 Bandwidth utilization performance of the optimal
network access control scheme
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the ad-hoc scheme, under the same loading pattern, is only about 107 slots while
the optimal schemes provide average utilizations of about 115 slots (minimum
blocking probability criterion) and 122 slots (maximum bandwidth utilization criterion) respectively.
The network access control scheme discussed in this section has been based
on the complete partitioning of the capacity of each link among the set of traffic
classes spanned by the number of distinct source-destination pairs as well as the
number of distinct bandwidth requirements. One of the direct consequences of this
approach is that the traffic routing problem turns out to be implicit within the
access control problem, and thereby eliminates the need for the development of a
separate routing strategy. In other words, the solution of the MIP formulation given
earlier reserves a fixed number of slots on each possible route for the transmission
of each traffic class, and these slots may be utilized for the transmission of this
traffic class without any particular ordering. The major attraction of a completely
partitioned approach stems from the analytic and implementational simplicity
provided by this approach. Nevertheless, it should be borne in mind that the
rather restrictive nature of the completely partitioned policy precludes the perfect
sharing of resources among the competing user classes. For example, during a time
period when the portion of the capacity of a certain link reserved for a certain
route is not being utilized by this route, the CP scheme prevents the reallocation
of this portion for the transmission of a different (and possibly overloaded) user
class of identical bandwidth requirement. This restriction obviously amounts to
the underutilization of the link bandwidth.
In view of the above limitation, we are interested in the study of access and
routing control schemes that provide for the Complete Sharing (CS) of the capacity
of each link by traffic classes of identical bandwidth requirements. In other words,
we are interested in a scheme that divides the capacity of each link among the set
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of distinct bandwidth cl888es, and provides for the complete sharing of the capacity
segement on each link reserved for each bandwidth class by the different sourcedestination classes belonging to this bandwidth class. As the first step in this
direction, we consider in the next section, the (simpler) problem of traffic routing in
a network that supports traffic classes of identical bandwidth requirements (single
bw-type) and in which the number of slots on each link is completely shared
by the competing user classes (distinguished by the respective source-destination
pairs). Note that, since we do not employ the complete partitioning strategy, the
methods of the present section based on the direct application of Erlang's formula
for each traffic class do not apply in the computation of the blocking probabilities.
Additionally, the routing problem is no longer implicit within the access control
problem.

5.6 A Distributed Routing Algorithm for Circuit-switched Networks
with Symmetric Traffic Types
In this section, we address the problem of traffic routing in a circuitswitched network that supports symmetric traffic types, i.e., traffic types that
require identical bandwidth allocations for the service of each call. In this development, we do not employ any form of restrictions on the resource utilization by
the different traffic types distinguished by the respective source-destination pairs;
specifically, we implement a Completely Shared (CS) service policy in the management of the bandwidth of each link. It may be noted that the present development
based on a CS policy is facilitated by the characteristic of all the traffic classes
being of identical bandwidth-type. The particular routing approach that we have
adopted for this scenario is a probabilistic routing approach [28]. In this scheme,
each node that receives an incoming call request attempts to transmit, or route,
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this request on one of the outgoing links in a probabilistic fashion. The probability of routing a calIon a particular link is determined by the routing parameter
associated with that link. The objective of this section is the development of a
distributed scheme for the determination of the optimal routing parameters, and
their adaptation in accordance with the time-of-the-day variations in the traffic
pattern. It may be noted that a call routed successfully along one of the links Illay
be blocked subsequently at some other link downstream along the path to the
destination node. However, the scheme proposed here does not attempt to search
for alternate paths if this situation occurs. On the other hand, if a call is successfully routed until the destination, then the call is said to have been completed,
and a channel is reserved for the service of this call along the routing path for the
duration of the call. Without loss of generality, it is assumed here that the number
of slots in each ch&IUlel (number of slots required for the service of each call) is
one.
One of the powerful distributed algorithms developed for routing in packetswitched networks is the Minimum Delay Routing Scheme proposed by Gallager [43], based on a methodology suggested by Agnew [42]. It is our goal in this
section to extend the underlying concepts of the Gallager routing algorithm in
the development of a distributed routing algorithm for circuit-switched networks.
However, this task is significantly more difficult due to the statistical interdependence of the traffic flows on the different segments of the circuit-switched network,
which renders some of the basic assumptions employed in [43], such as Jackson's
theorem for networks of queues, invalid in the present scenario. In order to circumvent these difficulties, we have employed the following assumptions regarding
the statistical characteristics of the circuit-switched traffic, in the development of
the distributed routing scheme presented:

259
(i) The traffic arrivals at the different nodes of the network form independent
Poisson processes.
(ii) The mean arrival rate of the independent Poisson stream at each intermediate node is equal to the sum of the mean departure rates of the (unblocked)
traffic flows out of the set of links that are directed towards the node in
question.
Even though these assumptions are not in perfect agreement with the behaviour
of actual circuit-switched networks, they are required in order to arrive at analytically tractable results. It should be noted that these are not unrealistic since the
properties of tightly coupled networks with several traffic classes (distinguished by
the respective source-destination pairs) do approximate these assumptions very
closely. Some of the recent results on the development of routing algorithms for
circuit-switched networks have indeed employed the above assumptions in the design of the control schemes [34-36].
Before we present the specific details of the distributed routing algorithm,
we need to introduce some additional notation. In particular, the terminology
adopted in this section to represent the links of the network will be different from
that introduced in Section 5.2. Specifically, the link that emanates from node i and
terminates in node j will be denoted as (i - j). As mentioned earlier, the only basis
of the classification of traffic considered in this section is the source-destination
type (sd-type). Accordingly, let £11 denote the intensity of the normalized traffic
in Erlangs arriving at node i (from the outside), and destined for node j. The
set of destination nodes is denoted by 'D (i.e., 'D = {j : (i,j) E U} where U is
the set of all source-destination pairs). Further, let the intensity of the aggregate
traffic at node i (which includes the external component as well as those routed
by the adjacent upstream nodes towards node i) destined for node j be denoted
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by

81. As in the case of the network access control problem considered in the last

section, it is assumed here that the sets of possible routing paths for the various
traffic classes have been identified a-priori, by a topological analysis conducted in
advance, coupled with feasibility considerations. For each node i EN, let Ii denote
the set of nodes given by {j EN 3 (j - i) E C}, and let Oi denote the set of nodes
given by {j EN 3 (i- j) E .c}. Further, let It = {k : (k-i) E Ii and (k-i) carries
the j-type traffic}. Analogously, let

of

= {k : (i - k) E Oi and (i - k) carries

the i-type traffic}. In physical tenns, the set

Il

and

of denote respectively the

sets of upstream and downstream neighbors of node i with respect to the traffic
typ~i. The aggregate type-j traffic

be split among the links in
by

{4>1k : (ik)

E Of}; the

81 entering node i and destined for node i will

01 according to the probability distribution specified
4>

variables constitute the routing parameters of the

network. We represent the total traffic on link (il) by the parameter Pi', and the
component of this traffic destined for node

i

by the parameter

p1,.

FUrther, we

assume that there are mij slots (or BBU's) available on each link (ij) E C, and
denote the traffic blocking probability of this link (as a function of the total link
flow) by the parameter

7r ij.

In tenns of this terminology, the Bow constraints to

be satisfied by the circuit-switched network may be expressed as follows:
Cl:

C2:

81

=

Pi' -

L 8L4>t(1 j E'D,
kExt
L 4>1,81, (il) E C.
7rki),

i EN;

(5.27)
(5.28)

iEf)

IE~

The perfonnance criterion employed in the development of the optimal
routing scheme presented is the minimization of the overall blocking probability,
or equivalently, the minimization of the aggregate rate of rejected traffic (note that
the maximum bandwidth utilization criterion is functionally identical to the minimum blocking probability criterion in this case, as we are considering traffic classes
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of identical bandwidth requirements). The objective function to be considered for
minimizing the rejected traffic rate can be evaluated as

JR =

L

Pij 7r ij·

(5.29)

(ij)e~

Therefore, the goal of the distributed routing scheme to be presented is the minimization of JR subject to the constraints Cl and C2 given by Eqn. 5.27 and
Eqn. 5.28 respectively.
Following the arguments adopted in [43], we may proceed to obtain the
incremental loss function which is the counterpart of the incremental delay parameter considered in [43]. We begin by noting that the blocking probability 1I'il
of the link (il) is given by 1I'il = (pr:;i' /mil!)/C'£r:::'o p~';k!). The validity of the
following relations which facilitate the subsequent development may be readily
verified:
07ril
OPil
O[pil7r il]

m'l
1I'il[-1

-

Pil

+ 7ril -

1];

(5.30)
(5.31)

°Pil

Presently, we compute the partial derivative of the objective function Ja with
respect to the traffic intensity

91

at node i due to the type j traffic, and the

derivative of Ja with respect to the routing variable 4>1, as follows:
(5.32)

(5.33)

The parameter

oJa/op1, in the above equations may be obtained as follows:
O[pil7r il]
°Pil

where

(5.34)
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o9{

.
OPi,

. O1ril
1 - 1f'il - ~,~.
VPil

=

From Eqn. 5.30-Eqn. 5.35, and noting that P1,

= sf 4>1"

(5.35)
we arrive at the following

final relations:
OJR
86~,

-

L ~, [A., (p.,)
81 [A.,(P;.) +

Ail(Pil)

-

1f'il[l

Bil(8{)

-

1-

04>1,

1

B·,(IH), , aJa
86 . .'

(5.36)

1,

(5.37)

1
I

le~

-

OJR

+

. aJa
Bil(Bf) 86{

where

+ mil -

and
7ril

(5.38)

Pil(l - 1f'il)],

..
+ <fJ:,9f1f'i,

[1 - m·,' Pil

1

7ril

.

(5.39)

In terms of the above relations, the optimal values of the routing parameters may be determined in a fully distributed fashion as described below. The
underlying principle of this distributed scheme is the successive updating of the
routing parameters by the network nodes, making use of the status information
exchanged between adjacent nodes. Accordingly, at each updating epoch, each
node i in the network maps the set
node) into a new set

4>:P,

4>i of the current routing variables (local to the

in an attempt to attain a reduction in the value of the

objective function. Following the strategy presented in [43], each node i incrementally decreases those routing variables 4>1, for which the marginal delay given by
Ail(Pil) + B i l(81)oJR/86{ is large, and increases those for which this parameter is
small. The realization of this decentralized technique depends on the following two
entities: (i) a protocol for the exchange of control information (the marginal delays) between the nodes, and (ii) an algorithm that updates the routing variables
at each node, under the guidance of the relations given above.
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The protocol employed for the exchange of control information between the
nodes of the network has the following structure. It is asswned that each node i
can measure the time average value of the aggregate nodal traffic

81 correspond-

ing to each traffic class j. Further, each node i is assumed to have available at
the nth updating instant, the value of the parameter 8JR/lJ81 at the (n _ l)th
instant, corresponding to each traffic class j, and each downstream node I E

of.

Note that the possibility of loops in the routing paths has been eliminated altogether, by the strategy of pre-selecting the loop-free routing paths via a topological analysis conducted a-priori. Based on the above information furnished by
the downstream neighbors, and Eqn. 5.36-5.39, node i computes the set of parameters {8JR/ 88f, j E 1)}, and broadcasts them to the respective upstream
neighbors (If, j E 1). In this fashion, the routing control information gets propagated from the set of destination nodes to the set of source nodes in a sequential
fashion, and aids in the adjustment of the routing parameters at the intermediate
nodes.

In the following, we present Algorithm C which performs the updating of the
routing parameters at the various nodes based on the control information received
from the downstream neighbors. Note that the description of the algorithm given
below is with reference to its implementation at node i.
AI&orithm C:
1. Compute Pil,

7ril,

Ail(Pil) and Bil(81} from the measured values of 8f and

the existing values of 4>1" VI, j (Eqn. 5.28, 5.38-5.39).
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2. Let

a:, - [Ai/(PiI) + B iI(1/;; ):,]
k

~!,

~i~ [A;,(P;') + B;,(II{)~] ;

- min[<I>!"

3. Compute the updated values
..J,.j,up

Y'il

-

'1 a!,J8f], k E

of,

j E V.

<l>1t p of the routing parameters 88 follows:

_..J,.j
Aj
- Y'il - L.)il'

<I>!, +

L

~!,'

I

= lmin(i, j).

1~lmin( i,j)

It may be noted that the parameter '1 in step 2 of the algorithm is a "velocity

parameter" in that it determines the tradeoff between the guarantee of convergence
of the routing variables, and the speed of convergence. In particular, the choice of 8
small value of '1 leads to a relatively slow response of the algorithm to the changes
in the load pattern. On the other hand, the choice of a large '1 causes each node to
overcompensate for the discrepancies in the incremental delays at each iterative
step. This in tum leads to the instability of the distributed control algorithm which
causes the routing parameters to follow a cyclic pattern between a extremes values,
and convergence to the optimum operating point is never attained. In view of
these considerations, it is clear that there is an optimum choice of the parameter '1
such that the algorithm follows a "dead-beat" response where the sensitivity of
the algorithm is a maximum with the system remaining stable simultaneously.
The optimal value of '1 is however dependent on the topology, load pattern and
several other factors specific to the network example under consideration. These
characteristics are illustrated by the numerical results shown in Fig. 5.8. Note that
the parameter 'min(i,j) in step 3 of Algorithm C signifies the index of the node
that achieves the minimum indicated in step 2. The convergence of Algorithm C
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under stationary loading conditions may be proved along the same lines of logic
as employed in the proof of the minimum delay routing scheme presented in [43].
FUrther, in view of the rather slow time constants associated with the time-ofthe-day variations in the traffic arrival statistics, we claim that Algorithm C is
capable of dynamically adjusting the routing parameters to compensate for such
traffic fluctuations.
Finally, we conduct a performance evaluation of the distributed routing
algorithm presented in this section. To illustrate the adaptivity of the algorithm,
we have chosen the specific network example depicted in Fig. 5.1, the traffic load
characteristics of which are summarized in Table 5.5a. Table 5.5b lists the initial
assignments for the routing variables

~.

Fig. 5.8 illustrates the convergence of the

overall blocking probability from an initial non-optimal value to the final optimal
value for different selections of T/. It is evident from this figure that for a selection
of T/ = 0.05, the convergence rate of the distributed algorithm to the optimal
routing pattern is rather slow. At the other extreme, a choice of T/ = 10 leads to
unstable oscillations of the routing assignments and the network never converges
to the optimal routing pattern. For the particular example considered in Fig. 5.8,
a choice of T/ = 1 yields the best performance. The optimal values of the routing
variables in this example are listed in Table 5.5b.
In the next section, we address the implementation of a combined access
control and routing scheme based on a hierarchical approach, in a network that
supports multiple classes of traffic with diverse bandwidth requirements.
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node A

link A-B (10 slots)

nodeB

link C-B
(25 slots)
O-B (25

node 0

link D-C (10 slots)

nodeC

Fig. li.7 Example for the minimum lou distributed routing algorithm
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traffic
type
(s-d pair)

routing
paths

load
(Erlangs)

(A,B)

(A-B)
(A-C),(C-B)

15.0

(A,C)

(A-C)
(A-B),(B-C)

15.0

(O,B)

(O-B)
(O-C),(C-B)

19.0

(O,C)

(O-C)
(O-B) ,(B-C)

12.0

(B,C)

(B-C)

8.0

(C,B)

(C-B)

8.0

Table 5.5& Traffic characteristics of the minimum 1081 routing example
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initial
value

final
value

( B)
AB

1.0

0.547

(B)
AC

0.0

0.453

(C)

1.0

0.0

(C)
AC

0.0

1.0

(B)
DB

0.0

1.0

<P

(B)
DC

1.0

0.0

<P

(C)

0.0

0.298

(C)
DC

1.0

0.702

<P

(C)
BC

1.0

1.0

<P

(B)
CB

1.0

1.0

routing
variable

<P

cp
<P
<P

cp

AB

DB

cp

Table 5.5b Initial and final routing aaeignments in the
minimum 1088 routing example
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Fig. 5.8 Adaption of the distributed routing algorithm
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5.7 A Combined Accea Control and Routing Scheme for the CircuitSwitched Subsystem based on A Hierarchical Approach

The distributed routing scheme presented in the last section, based on the
unrestricted sharing of the transmission capacity of each link, would be feasible
only if the different classes of traffic in the network require identical bandwidths.
In the more general case of networks with heterogeneous bandwidth requirements,

one needs to exercise a control over the access of each link by traffic classes of
differing bandwidth requirements. On the other hand, in order to realize a better
sharing of the available transmission resources, it would be advisible to implement
a complete sharing of the number of channels allocated on each link for each
group of bsd-classes that share a common bandwidth requirement. In view of these
considerations, the combined scheme presented herein is based on the realization
of the following objectives:
(i) The Complete Partitioning of the number of slots on each link among the
set of distinct bw-types, based on an appropriately chosen Access Control
criterion.
(ii) The implementation of a distributed routing algorithm corresponding to
each bw-class, the members of which (distinguished by the different sourcedestination pairs) share the portion of the capacity of each link allocated to
this class; the design of the routing scheme will be based on the optimization
of an appropriately chosen Routing criterion.
The realization of the former function, namely the Access Control, may
be carried out in a fashion similar to that presented in Section 5.5. A natural
candidate in the choice of an objective function in the implementation of this
centralized type of control would be a system optimization criterion, such as the
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maximization of the average bandwidth utilization. We are however faced with
the distinction that the methodology presented in Section 5.5 is based on the
partitioning of the capacity of each link among the set of bsd-types, and this
is at variance with the philosophy of complete sharing among the different bsdtypes belonging to the same bw-class. As a pragmatic strategy in implementing
the access control, we partition the number of slots on each link among the set
of bsd-classes by employing the method proposed in Section 5.5, and allocate the
aggregate number of slots on each link assigned to each group of bad-classes of
identical bandwidth requirement for complete sharing by members of this group.
In recognition of the relatively low sensitivity of the optimal partitions to small
changes in the traffic load pattern, we stress here that the access control function
needs to be performed on a rather slow time scale in order to compensate for the
relatively coarse variations in the traffic pattern.
As was suggested in Section 5.5, the access control function may be implemented by the network supervisor that &cumulates information from the different
nodes of the network at regular intervals ofT up , performs the capacity partitioning
by employing the techniques discussed in Section 5.5, and transmits the updated
capacity partitions to the different nodes of the network, where they are implemented. In the partitioning algoritlun employed in the present context, we do
not, however, enforce the condition that the end-to-end capacity allocated to each
bsd-type on each route be an integer. Instead, the only integer constraints in the
present case are due to the requirement that the aggregate capacity (number of
channels) allocated to each bw-class on each link be an integer. In the following, we
have reformulated the MIP of Section 5.5 with the incorporation of this alternate
requirement. Note that in the following presentation, the index of each bsd-class
is denoted by the 2-tuple (1m) where I refers to the particular bw-type in question
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and m refers to the particular sd-type in question.
Problem UNA:

"('''' )
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n

JHNA

- L L
j=O

(5.40)
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L
.....
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C4:

L, v,h,p

C5:

x('m)j

< mp, pEl

> 0; n(lm)i > 0; h,p > 0; h,p integer;

jE{O, ... ,n(lm)}; kE{1, ... ,r(lm)}; lET; mEU; pEl.
In the above fonnulation, the new variable h,p refers to the aggregate number of
channels allocated for the bw-class I on the link p. Note that there are a total
of KT x L integer variables (or, equivalently, E~~ E7=1 flog2(mi!Vj
variables) and E~~ E~~l(r'm

+ n'm)

+ 1)1 0-1

real variables in Problem UNA. Further,

this formulation may be converted into an equivalent fonnulation in which all the
integer variables are of the 0-1 type by the techniques discussed in Section 5.5.
Upon the execution of the above access control algorithm, the circuitswitched network gets divided functionally into K T subnetworks, each of which
services the calls of a particular bw-type. In view of the policy of implementing the
complete sharing of the capacity allocated for each bw-class, we need to employ
an effective scheme for the routing traffic within each subnetwork. An appropriate
criterion in the design of this routing scheme would be a user criterion such as
the minimization of the overall blocking probability. This latter objective can be
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accomplished by the employment of the distributed routing algorithm proposed
in Section 5.6 within each subnetwork. Accordingly, each node in the network has
a local routing controller corresponding to each bw-class. Further, the controllers
corresponding to a particular bw-class that are distributed over the different nodes
of the network exchange control information in the manner discussed in Section 5.6,
and update the routing parameters in order to arrive at the optimum values in an
incremental fashion.
As described above, the hierarchical approach implements a two-level adaptive scheme, where the local controllers adjust the routing variables in a distributed
fashion to minimize the overall blocking probability (a user objective function),
and the network supervisor enforces the control of network access by the different
bw-classes to maximize the bandwidth utilization (a system objective function).
In order to illustrate the application of the hierarchical scheme presented in this
section, we have considered the example depicted in Fig. 5.9, the traffic load characteristics of which are described in Table 5.6. We have presented in Table 5.7 the
results of this performance study that includes the blocking probabilities experienced by the different traffic classes, as well as the overall blocking probability.
Specifically, Table 5.7 contrasts the blocking probability performance of the hierarchical management scheme with that of an ad-hoc partitioning scheme according
to which the nwnber of slots on each link is equally divided among the two bandwidth classes. The superior performance (lower blocking probability) provided by
the hierarchical scheme is apparent from the results shown in this table. It may be
noted that the blocking probabilities shown in Table 5.7 are subject to the assumption of independence among the blocking phenomena at the different nodes, and
hence serve as conservative estimates of these parameters. Therefore the blocking
probability performance of the actual network would be even better than that
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node A

link A-B (50 slots)

node B

link C-B
(50 slots)
D-B (50

node D

link D-C (50 slots)

nodeC

(50 slots)

Fig. 5.9 Network example for the hierarchical controllcheme
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bw
type

sd
pair

routing
paths

load
(Erlangs)

1 slot

(A,B)

(A-B)
(A-C).(C-B)

14.0

1 slot

(A.C)

(A-C)
(A-B) .(B-C)

18.0

1 slot

(O,B)

(O-B)
(O-C) .(C-B)

25.0

1 slot

(O.C)

(O-C)
(O-B).(B-C)

35.0

1 slot

(B.C)

(B-C)

25.0

1 slot

(C.B)

(C-B)

20.0

3 slots

(A,B)

(A-B)
(A-C).(C-B)

16.0

3 slots

(A.C)

(A-C)
(A-B),(B-C)

3.0

3 slots

(O.B)

(O-B)
(O-C).(C-B)

5.0

3 slots

(D,C)

(O-C)
(O-B).(B-C)

6.0

3 slots

(B.C>

(B-C)

6.0

3 slots

(C.B)

(C-B)

3.0

Table 5.6 Traffic characteristics of the hierarchical control example
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Blocking probability (%)
Bandwidth
class

type-1 (1 slot)
type-2 (3 slots)
overall

Hierarchical
scheme

Equipartitioning
of slots

7.48

13.14

21.41

23.08

10.57

15.34

Table 5.7 Blocking probabilities under the hierarchical management acheme
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indicated by Table 5.7, when the effects of the traffic interdependence are taken
into account.

In the next section, we conclude the results of this chapter.

5.S Conclusions

In this chapter, we conducted a detailed study of the problems of access
control and routing within the circuit-switched subsystem of an integrated network. The access control schemes presented were based on the Complete Partitioning (CP) of the Basic Bandwidth Units (BBU's), or slots, available on each
link of the network among the competing traffic classes. We identified two differ-

ent criteria for the classification of the traffic types, one based on the bandwidth
requirement (the bw-type), and one based on the source-destination pair (the sdtype). The exhaustive set of distinct types (bsd-types), regardless of bandwidth
requirements and source-destination pairs, is given by the cartesian product of the
sets of bw-types and sd-types. Following the notation and terminology presented
in Section 5.2, we analyzed in Section 5.3 the access control problem in a single multiplexer considered in isolation, which supports traffic classes of identical
bandwidth requirements (single bw-type). With regard to this problem, referred
to as Problem APST, we proposed an elegant iterative scheme (Algorithm B) for
the detennination of the optimal channel allocations. In Section 5.4, we studied
the more general problem of access control in a single port, under unsymmetric
(multiple bw-type) traffic conditions (Problem APUT). In view of the inadequacy
of Algorithm B in the solution of Problem APUT, the latter problem was refomlUlated within the framework of a Mixed Integer Programming (MIP) problem. The
ZOOM system developed by Marsten was proposed as an appropriate tool for the
solution of the MIP formulation of Problem APUT, as well as those of the network
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access control problems discussed in the subsequent sections. In Section 5.5, we
extended the techniques of the previous section to implement the access control in
a network environment (Problem N A). In Section 5.6, we proposed a distributed
routing algorithm suitable for an environment that has a single bw-type, but where
the capacity of each link is Completely Shared (CS) by the different sd-classes.
This distributed routing scheme emerged
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an extension of the Distributed Min-

imum Delay Routing algorithm proposed by Gallager, for packet-switched networks. Finally, in Section 5.7, we addressed the most general case of a network
with multiple bw-types of traffic, where the capacity of each link is completely
partitioned among the different bw-types, with the bandwidth segments assigned
for each bw-type being Completely Shared (CS) by the different bsd-classes which
fall under this bw-type. The control strategy proposed for this scenario is based
on a hierarchical approach, where the network supervisor implements the access
control over the set of distinct bw-types by an extension of the scheme proposed
in Section 5.5, and where the local controllers at the nodes implement the routing
function for each bw-type by employing the techniques presented in Section 5.6.
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CHAPTER 6
CONCLUSIONS

6.1 Introduction
Integrated Services Digital Networks (ISDN's) have emerged of late as the
forefront of modern communications technology. The primary objective of the evolution towards ISDN's is the support of a wide variety of applications on a shared
physical network. In view of the demonstrated advantages of employing the circuit
switching technique in the transmission of correlated traffic types, and the packet
switching technique in the transmission of bursty traffic types, the emerging ISDN
would be based on a hybridization of these generic switching schemes. The development of the Slotted Envelope Network (SENET) multiplexer has been one
of the major milestones in the integration of the circuit and the packet switching schemes. In view of this fact, the communication links employed in a wide
range of integrated wide area networks are expected to be based on this switching
technique.
The coexistence of the circuit and the packet switching schemes, by virtue of
the vast differences in their operational and statistical characteristics, has opened
up a myriad of control problems in the efficient management of resources in integrated networks. In Chapter 1, some of the principal control problems of interest
in the ISDN context were identified as (i) routing, flow-control and buffer management for the packet switched subsystem, and (ii) routing and access control
for the circuit-switched subsystem. The major focus of this dissertation has been
the design and performance evaluation of resource management algorithms suitable for the circuit- and the packet-switched subsystems of the integrated network
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based on the hybrid switching technology. In particular we addressed the performance characterization of integrated links and the application of this to the
management of an ISDN node in order to optimize the blocking probability of the
packet-switched subsystem, and the freezeout probability of the circuit-switched
subsystem. Further, we investigated the access control and routing problems in
the context of the circuit-switched subsystem, on a network-wide basis, and developed specific management algorithms for the optimal utilization of the network
resources.
This chapter concludes the results presented in this dissertation and suggests some possible extensions to this study. The remainder of this chapter is
divided into two sections, with Section 6.2 summarizing the major contributions
of this dissertation, and Section 6.3 discussing the future directions in the extension of the methodologies presented in this dissertation.
6.2 Contributions of this Dissertation
In this section, we summarize the significant results presented in this dissertation.
Chapter 3 is primarily concerned with the development of an adaptive optimal buffer management scheme for the packet-switched subsystem of an ISDN
node. One of the major difficulties in the development of a solution for this problem
has been the complexity of the performance characterization of the hybrid-switched
multiplexing scheme that forms the foundation of the integrated node design. In
particular, there are no closed form solutions available for the determination of
the blocking probability of the packet-switched traffic in a hybrid-switched multiplexer. In view of this fact, in the first half of Chapter 3, we have described
a novel scheme to approximate the packet blocking probability using exponential functions. Our arguments are based on the observation that a broad class
of queueing systems exhibit exponential tails in the relationships between their
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blocking probabilities and the buffer assignments. The accuracy of the presented
methodology is established using one of the available numerical schemes for ISDN
link analysis as a benchmark. Based on our studies, we claim that the methodology presented serves as a major bridge between the existing numerical schemes
for the performance characterization of hybrid multiplexers, and the analytical
development of optimal strategies for the management of resources in networks
that employ these multiplexers.
Using the closed-form approximation for the packet blocking probability
that we have developed, we have formulated the problem of optimal buffer management at an ISDN node as a nonlinear-integer programming problem. In order
to adapt to the variations in the circuit-switched background process, it is desirable to execute this buffer management algorithm for suitable updating at the
instants of arrival and departure of each circuit-switched call. The stringent time
constraints imposed by the adaptive implementation demands a very fast convergence of the technique to be employed for the (real-time) solution of the buffer
management problem. In view of this fact, we have also developed an iterative
scheme with fast convergence for the solution of this problem, based on a decomposition argument. Finally, we have demonstrated the superiority of the proposed
buffer management scheme over the existing ad-hoc methodologies by means of
several numerical examples, and also have discussed some specific issues associated
with the implementation of the proposed scheme in practical ISDN nodes.
In Chapter 4, we have developed a novel multiplexing scheme based on
the well-known Time Assigned Speech Interpolation technique used in the conventional circuit-switched networks, and the moveable-boundary version of the hybrid
switching scheme proposed for ISDN's. The major objective of this new multiplexing scheme which we refer to as the "integrated MB/TASI" multiplexing scheme,
is the control of congestion in the packet queue of an ISDN link at the cost of
a marginal increase in the freezeout probability of the circuit-switched traffic on
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the link. In contrast with the conventional schemes, our method is based on the
application of TASI only during periods of congestion experienced by the packet
queue of the multiplexer. This mechanism is implemented by specifying an upper
level control threshold and a lower level control threshold for the packet queue.
A detailed queueing analysis of the integrated MB/TASI scheme was presented in
this chapter which enabled the determination of the key performance parameters,
namely, the blocking probability of the packet-switched traffic, the cutoff fraction
of the circuit-switched traffic, and the expected occupancy of the packet buffer.
This analysis was based on the representation of the queueing model within the
matrix geometric framework, and the employment of a diagonalization argument
to circumvent the numerical difficulties associated with the formulation. Several
specific numerical examples were considered to obtain insight into the performance
of the new multiplexing scheme. The results of these studies have established that
the freezeout performance of the integrated MB/TASI scheme is superior to that
of the conventional TASI scheme, and that the packet blocking probability performance of the new scheme is superior to that of the conventional hybrid switching
scheme. In particular, the tradeoff between the circuit freezeout fraction and the
packet blocking probability was demonstrated in this study.
In order to serve as a guide in the proper selection of the design parameters of the integrated MB/TASI scheme, the relationship between the end-to-end
freezeout probability and the link-level freezeout probability of the circuit-switched
subsystem was investigated in Chapter 4. Based on the (conservative) assumption
of the independence of the freezeout phenomena at the different links of the network, we were able to provide upper bounds on the link-level blocking probabilities
such that a specified end-to-end requirement is satisfied. These upper bounds may
be employed in the selection of the control thresholds of the integrated MB/TASI
multiplexers such that the local freezeout probabilities do not exceed these upper
bounds.
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In Chapter 5, we have addressed the issue of resource management within
the context of the circuit-switched subsystem of ISDN's, and propose a few effective control schemes to implement this function. As described in Chapters 1 and 2,
two significant control problems relevant in the context of the circuit-switched subsystem are the problem of access control and the problem of routing. There are two
fundamentally different classes of access control problems referred to as the Access
Port (AP) problem and the Network Access (NA) problem. The development in
Chapter 5 commenced with a consideration of the simplest case of the AP problem namely the Access Port problem with Symmetric Traffic (APST). The APST
problem is concerned with the control of access into an isolated circuit-switched
multiplexer by a group of competing circuit-switched classes of traffic with identical bandwidth requirments. For this scenario, we proposed a simple iterative
scheme referred to as Algorithm B, and provided the proofs for the convergence
and the optimality of this solution. The more general case of the Access Port
problem under Unsymmetric Traffic conditions (APUT) tends to be more complex due to the non-differentiability of the objective function with respect to thf'
decision variables, and also due to the inapplicability of the enumeration technique
of Algorithm B in this more general case. In order to circumvent this difficulty, we
have adopted a different approach and have reformulated Problem APUT as an
integer linear programming problem (ILP). Followed by a discussion of the structural properties of the ILP formulation, we have proposed the sophisticated ZOOM
system for the solution of the ILP formulation.
It may be noted that the access control policies employed in the case of
the APST and the APUT scenarios were based on a Complete Partitioning (CP)
of the available bandwidth among the competing traffic streams. By an extension
of this principle to the context of a network, we have demonstrated that the NA
problem may also be formulated within a similar ILP framework. It may be noted
that the notion of complete partitioning in this case refers to a partitioning of the
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bandwidth of each network link among the distinct bandwidth types as well as the
source-destination types of traffic that traverse this link. Such a perfect division of
link capacities ensures that each traffic class, identified by the source-destination
pair and the bandwidth requirement of the class has a portion of the capacity of
each link reserved for the transmission of its traffic. It may be noted that the issue
of routing in this specific case is implicit within the access control problem, due
to the assumption of complete partitioning of the capacity of each link.
In order to remove the rather restrictive conditions imposed by the CPbased solution, we have investigated an alternate approach based on the complete
partitioning of the capacity of each link among the distinct bandwidth classes, and
the Complete Sharing (CS) of the portion allocated to each bandwidth class among
the different traffic types (distinguished by the different source-destination pairs)
belonging to this bandwidth class. As the first step in this direction, we have considered a network that supports traffic classes of identical bandwidth requirements
which share the capacity of each link according to a CS policy. Specifically, we proposed a distributed adaptive algorithm for the routing of circuit-switched traffic,
based on an extension of the Gallager routing algorithm proposed for packetswitched networks. The policy of completely partitioning the link bandwidths
among the different bandwidth classes and the complete sharing of the portion allocated to each bandwidth class by the different source-destination classes may be
implemented on a two-level hierarchical basis. Specifically, a higher level of control
implemented by the network supervisor implements the CP-based access control
algorithm to partition the various link capacities among the different bandwidth
classes; this function effectively partitions the circuit-switched system into several
logical subsystems, with each subsystem supporting a particular bandwidth class.
Within each such subnetwork, a complete sharing of the capacity by the different
traffic classes (distinguished by the different source-destination pairs) is employed.
The routing of the traffic in this completely shared environment is implemented
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by employing the minimum loss distributed routing algorithm discussed above. In
this sense, the combined access control and routing functions are performed by the
supervisor and the individual nodes operating at two different hierarchical levels
and at two different time scales. The methodologies presented in Chapter 5 are
validated by appropriate numerical examples.

6.3 Some Possible Directions for Further Research
The results presented in this dissertation for the design of resource management schemes for ISDN's may be extended in several directions. One of the
useful extensions of the techniques presented in Chapter 3 would be an attempt
in the development of a closed-form approximation for the characterization of the
relationship between the delay of a hybrid-switched multiplexer with infinite buffer
and the applied load. Such a result would facilitate the applications of several of
the management schemes proposed for packet-switched networks to the ISDN context. As a specific example, the availability of a closed form relation between the
applied load and the delay could be employed in the design of an optimal routing
scheme for the packet-switched subsystem based on the flow deviation method.
Another important issue that needs to be addressed is the design of an
adaptive routing and flow control scheme for the circuit-switched subsystem.
This aspect of control attains a great significance in view of the fact that the
packet-transmission capacities of the different links employing the hybrid switching scheme tend to be modulated by the circuit-switched background process on a
slow time scale. Therefore, the deployment of an adaptive packet routing scheme
will attempt to adjust the packet routing pattern in the network in accordance
with the connection pattern of the circuit-switched calls thereby minimizing the
expected packet delay. Nevertheless, this problem attains a high level of complexity due to the communication overhead involved in the dissemination of network
status information to the distributed decision makers on a time scale much slower
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than that of the circuit-switched subsystem. Therefore a great deal of additional
work is necessary before an adaptive routing scheme for the packet-switched subsystem could be designed.
A third direction for further research would be in the accurate characterization of the relationship between the end-to-end and the link level blocking probabilities and utilization of this mapping in the selection of the design of link-level
multiplexers featuring the integrated MB/TASI scheme. This problem constitutes
an interesting topic for further research and development.
It may be noted that the various resource management schemes presented

in this dissertation were developed in isolation, based on certain assumptions regarding the effects of the interactions between them. Therefore an interesting
problem for further investigation would be the integration of these algorithms by
taking into account the mutual interactions explicitly. In view of the complexity of
the combined resource management problem, an appropriate strategy in realizing
this level of integration would be the adoption of a hierarchical approach.
Lately, Neural Network based algorithms are increasingly being applied in
the solution of large optimization problems. In view of the rather large dimensionality of the optimization fonnulations encountered in communication network
resource management schemes, there is an attractive possibility for the application of the Neural Network technology to the domain of communication networks.
The development of specific methodologies for employing Neural Networks for
the solution of the resource management problems presented in this dissertation
constitutes a significant topic for further research.
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