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ABSTRACT

~ This report déscrihes a dynamic Quality of Service (QoS) - based call acimission
protoco} for distributed multimedia over ATM networks. The protocol incorporatés the

_innovative idea of an extended QoS. This is 3 composite term which takes account of not

only ¢lassic QoS multimedia reasures, but also of the human aspect of the interaction

 through human receptivity. For this scenario, different QoS negotiation strategies have
" been formulated and then simalated with 4 view towards the establishment of a profecol

knowledge base. Separately, a session pricing policy has been elaborated and its effect on

user behaviour and network resource silocation Studied,
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1. INTRODUCTION

The recent advent of fibre optic technology has provided a tremendous increase in
the bandwidrh available to applications as well as a drastic reduction in transnission error
rates. This increased bandwidth - to the tune of several gigabits per second - has offered
commiiication networks the potential to handle, in an integrated fashion, a heterogeneous
mix of network traffic including voice, data, and conference video in ohe transmission and
switching fabric technology. This would yield a single telecommunications infrastructure
offering a muititude of advantages, including vast economies of scale, ﬁbiquity of access,
and improved statistical multiplexing. The Asynchronous Transfer Mode (ATM) is a high-
speed networking technique being developed for both the public [Mce92] and local area
networks (LANs) [Knn92}, capable of supporting this vision. B

ATM networks are characterised by their switch-based architectﬁre. All computers
are connected to a switch, and the commmmnication between each pair of computers is
established through the switch., This is in contrast to the situation where all computers
share one cormnmunication medium, as in the case of traditional 1.ANs such as Ethernet, A
switched network is capable of supporting multiple connections and, within a predesigned

limit, the availabie bandwidth of ATM switches increases as the number of ports increases.

Multimedia, on the other hand, i§ an imterdisciplinary, application-oriented
technology that capitalises on the multisensory nature of humans and the ability of
coinputers {o store, manipulate and convey non-numerical information such as video,
graphics, and audio in addition to numerical and textual mformation. Multimedia has the
inrinsic goal of improving the bandwidth and effectiveness of computer-to-human

interaction and, ultimatety, of human-to-human communication.
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Distributed network cozaig\iuting offers great potential for increasing the amount of
computing power and communication resources available to applications, and part of the
success of multimedia will depend on the ability to support networked applications. Initial
muitimedia applications such as training, education, marketing and business presentations
were desktop applications: However, such stand-alone systems were soon found to be
wanting, especially as regards real-time access to and updatc of data. On the other hand,

desktop video conferencing, access to remote Libraries of mnltimedia materizl, access to

~ archived rouitimedia records, messaging, and downloading server-based multimedia
inéiruqzion {Cat92] are just a few example of desirable networked multimedia applications.

The economic advaniages in a transition to networked muitimedia are clear, particularly in

the context of mission-critical functions and productivity gains.

The connectivity associated with distributed multimedia requires readily available
and affordabie high-capacity networks. ATM is just such a technology that has the ability

‘to satisfy the commmunication and bandwidth needs required by distributed mmitimedia

applications. What further makes ATM an attractive prospect for distributed muitimedia is
the fact that local ATM networks are appearing in advance of long-haul ATM networks, .
which both makes them an appealing alternative to traditional LANs and enables major
synergies between the local area and public networks’ because both rely on the same

transport technology [MinKei94].

1.1. Problem Statement and Motivation

The focus of our research has been the development of a cost-effective, dynamic
call admission protocol which providss QoS management - inciuding fuman aspects of
QoS - in ATM switched networks running distributed multimedia. The emphasis has been
on the design of dynamic QoS management strategies for the protocol and the overall
evaluation of the protocol’s functionality through simulation. Separately, based on the
simulation results, a protocol knowledge base has been built which provides QoS

management recommendations during protocol execution.
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*There are several reasons whlch motivate this research : ﬁrstly, ATM is the

. envisioned transport mode of the near fature in the telecommumications ‘industry and,
copsequently, there is considerable research interest and scope in the field [TurB6],

[AhmDen89], [Cat92], [New92}], [Par% .}. [Siufai?5]; secondly, the majority of multimedia

systerns currently in operation are not stand-alone, but are distributed accurding\to the

client-server paradigm - this leads w a variety of traffic with massive bandwidth

- requirements which can, however, bc. efﬁcmntly %ppoﬂed by ATM-based networks;
thirdly, provisioning of QoS gunarantees i:: ATM networks, didtough extensively studied
remains an dctive interest area, espec:la]]y ._g:mce very few of the strai;_:gxes proposed thus
far in the literature can lay claim to ‘aaving provided simple solutions to this problem
{Go190], [DemKesShe90], [FerVer90], [LazPacWhid0] , {GueAhmNag91], [ZhaKes91],
[ClaSheZha%2), [ParGal92}, [Kur93], [\I..owVa:QS}; linked to this point is the fact that the

human element is an important part of the overall QoS picture which, is often neglectes in

QoS negotiation protocols - as such, atteation given to the human factor might result in
more economical resource allocation strategies being used; lastly, an investigatioh into the
effect of pncmg policies i in multimedia resource allocatlon protocels is also warranted -
this is becanse, altnowﬁ pricing policies exist fur non real-time networks (datagram
neiworks), as well as for conventional public utilities networks (such as the telephone
network) offering a single QoS [Cocetal91], ATM multimedia networks offering real-time
capabilities with multiple qualities of service are expensive and complex enough to justify

a ngw look at accounting in networks and the role that pricing plays in congestion control.

1.2. Hypothesis

Twe main facets corhprise the hypothesis of the research work undertaken. The

first is that the trade-off between the nuitimedia guality of service, as perceived by the

human subject, and the amount of network resources needed to deliver the respective
quality of service, leads to the possibility of accommodating a greater number of

multimedia sessions in the network at the expense of a much smallsr decrease, in

T

.t
A



proportiopal terms, of the human aspect of the quality of service. The second facet of the
hypothesis is that usage of a multimedia session pricing policy in conjunétion with the
designed call admission protocol results in more efficient r3source aflocation and a
consequent increase in the average quality of service experienced by those multimmedia

sessions which can afford to pay for the required network resources.

1.3. Assumptions

A few main assumptions le at the vasis of the design of the call admission
protecol. The first, and most important, is that the main measure of a network’s resources
is given by the bandwidth available on its links. This is a logical assumption to muke
hearing in mind the bandwidth-intensive nature of current multimedia applications and the
fact that the bandwidth available on communication links is the single most important

component in the delivery of a requested quality of service.

Secondly, although the protocol accommodates both variable and const i bit rate
applications, it has also been presumed that muitimedia sessions will .reserve bandwidth
according to their peak requiremerits for a particular level of urnan receptivity. Stemming
from this premise, it has further been assumed t'a¢ the whole of a network link’s
bandwidth is available to mmbtimedia sessions. This is in contrast to some traffic
management schemes where a portion of the bandwidth is reserved for peaks in network
traffic.

Lastly, it has been assumed that those multimedia sessions that cannot be
accoramodated by the available network resources are rejected owiright and not, for
irstance, queued for re-admission. This assurnption is wholly justifiable by observing ihat
it reduces protocol overhead, as well as by the fact that, from the point of view of session
call acceptance - the main focus of our research - a blocked session that is finally admitted
when sufficient network resources are released can always be viewed as being an instance

of a new session with the same characteristics as the blocked one being admitted.



1.4. Objectives of the Investigation o

The objectives of the research work undertaken are closesy linked to the

liypothesis under serutiny. Accordingly. one of the two main objectives of our research -

was to examine the impact on call adinission and QoS delivery. that sacrificing the human
aspéct o .he quality of service in exchange for bandwidth has Related to this goal, a
farther two ohjectives can be identified, The first is to investigate what the effect of 2 QoS
negotiation strategy’s complexity on its ability to deliver a consistently high average QoS
is. The other is to explore the effect that a negotiated and dﬁnauﬁcally varying QoS has on

link utilisation m an ATM switched environment,

The second main objective of our endeavour was to examine the conssquences of
mtmducmg a pricing policy in the overall framework of QoS negotiation. These
consequences were analysed with respect to user behaviour and resource allocation - call

adrmssmn, implicitly - as well as level of delivered QoS.

L'astly, a pmtocol knowledé& base was built using results obtuined exploring the

regarding QoS negm:ﬁf' on .md pncmg strategies to be used according to the current
network configuration (network topology and traffic load) as well as multimedia sessions’

priority and desired response timne,

1.5. Methodology

My __nediai‘-.\sessions were divided into those requiring a best-effort type of service
and those requiring a guaranteed QoS. Ouly best-effort multimedia sessions” QoS was
subject to negotiation. A total of seven different dynamic QoS negotiation strategies were

designed within the context of the protocol All of these strategies were based on



discretely varying the QoS of multimedia sessions according td'?-a predefined multi-stage
negotiation scenario. Within each s;\'jage of *he negotiation,':’?-best-eﬁort sessions reduced
their QoS according to their priority and time spent in the syst;am.

A tin;*eé-pron,- approach ée_m be porsued in order to examine protocol
performance:  analytical, simulation, and actual herdware testing, ‘Duz to a lack of
hardware faCL]ltlf'S, however, the choice of pmloc:ﬂ performance evaluatmn had to be

nade betwef.r the former two methods.

Analyucai techniques are thhl v desirable tm evaluate perfonnamcu w:th reasonable
computanonal requirements and accuracy. Howevqr, they do have lumtanons, such as the
imability to represent general inpur traffic flows or hetenoge'wous mputs and an analytmal
approach should be used only if it leads to approximatlons based on :ealxstic assumptions.
Moreover, the apphc:atnon of exact models is often too computationally complex to
provide QoS controls in real-time, an essential requirement for many multimedia

applications.

Simulation methods remain the most flexible for sxamining node operation and
performance under a variety of conditions,.and they will corstitute our main approach.
Through simmlation, it will be possible to  make genét'al observations about the
effectiveness of the designed protocol in dthering QoS guarantees under conditions of
ATM multiplexing. Furthermore, the fact that simulation can be achieved within a
reasonable time frame and without special computational requirements will facilitate a
thorough exarnination of the effect that variations and adjustments in protocol parameters
Lias on overﬁ_ll protocol performance. The results obtéined by simulating the différent QoS
negotiation étmtegies that have been formulated will then be examined on a comparative
basis, 1o see what is the best overall tactic that the protocol should use. The COMNET 1]
netw .k simmlation package will be used to examine protocol performance in an ATM
networking environment. while simmlation coding of the different QoS n‘egotiatioﬁ

sirategies will be done in C.



"%; The structzre of this slocumext is as follows. In C‘xaptex 2 an overvisw Is given on

L\TM nepworking issues. Tf!le actual protocol design is detaxlarl in Chapter 3, while the
l'=protf}col simulation is desc.nbed in Chapter 4. Chapter 5 cont;ams the presentation and

emalysls of the smmlatlon resuits obtained. Finally, in Chapter 6 conclusions are drawn

and pbssmle extensions 1o our work identified.
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A ATM - Concepts, Switches, QoS Issues and Pricing

ATM is based on pa.. <t switching and uses small, fixer-length packets called
cells, into which the original message to be r.rans;iﬁtted is broken. Such fixed-kength cells
simplify the design of an ATM switch at the Ligh .switching speeds involved, ensuring that
switching and muitiplexing is carried out quickly and easily. Additionally, they provide the
full advautage of the dynamic and fair allocaticn of bandwidth, even when messages vary
cunsiderébly in length, Packet-switching itself reduces the delay and jitter (variance of the

' .delay) of real-time applications such as voice and video. Furthermore, packet-switching

using short. fixed-length cells tends to require smaller storage capacities  at the
intermediate switches, because short packets are less likely to be rejected at a node than
full-sfzed messages. Because the ATM standards bodies chose to prohibit cell reordering
in ATM networks, low-cost attachments using simple forms of buffering can be used.
Lastly, cells of limited size are less prone to transmission értors than messages; however, if

an error does oceurin a packet; only that packet will have to be retransmittzd [Hal92].

ATM is a connection-oriented technology, all cells in such a network belonging to
a pre-established virtnal connection (circuit). A virtual circuit allows the capacity of each
link to be statistically inultiplexed {ie. shared on 4 demand basis) arpong connections,
rather than give each connection a fixed allocation. The sequence integrity of all cells on a
virtual connection is preserved across es_u:h ATM switch to simplify reconstruction of the
original traffic at the destination. ATM cells are 53 bytes.lbng, comprising a 5 byte header
and a 48 byte data (payload) field. Each cell's header contains a virtual channel identifier
(VCD) to identify the virtual connection to which the cell belongs. These VCls have only



local significance, to avoid problems associated with a uniQue global allocation. As sach
cell traverses a switch, a table is consulted and the VCI used to identify the channel onrthe
last hop is changed to the value idertifying the channel on the next hop. The connections
also enable the network to guarantee the (oS, by allowing a user to declare key service
requirements and traffic parameters at connection set-up time, with the added possibility

of dynamic conirol over these parameters.

2.1. ATM Protocol Reference Model

In modern communication systems, a layered approach is used for the organisation
of afi communication functions. The functions of the layers and the relations of the layers
with vespect to each other are '- ;fn“bed in a protocol reference model (PRM), The ATM
protocol architecture is based on the Broadband Integrated Services Digital Network (B-
ISDN) PRM, which consists oi three planes : the user plane, the control piane, and the

management plane fItn91].

Control plane User plane

higher layers | higher layers
ATM adaptation layer
ATM layer ' Management

Phyciral laver

Figure 1 ATM protacel architecturs

The management plane incorporates iwo types of functions namely the laver
management functions and plane management functions. All the management functions
that relate to the whole system are taken care of by plane management which is
responsible for providing co-ordin.ation between planes, Although no Iayered structure is
employed wititin plane management, such a structure is, however, ased within layer
management. Layer management performs the management functions relating to resources
and parameters residing in its protocol entities, It also handles the operation and -

management of information flows for each layer.
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The user plane provides for the transfer of user information. All associated
mechanisms like flow control and recovery from errors are included. A layered approach is

used within this plane.

A layered structure Is also used within the control plane. This plane is responsible
for the cail control and connection control fimctions. These are signalling functions which

are necessary to sct tip, supervise and release a call or connection.

The functions of the physica! layer (PL) and the ATM layer are the same for the
control plane and the user plane. Different functions may however occur in the ATM

adaptation layer (AAL) as well as in higher layers.

The physical layer is subdivided into the pky.;tcal medzmn (PM} v.ubiayer and the

"tmnmussmn _convergence (T C) sublayer The physical medium sublayer is the lowest

sublayer and includes only the physical medium dependent functions. It provides the bit
transmission capability, including bit alighment. Line coding and, # necessary,
electrical/optical conversion are also perforraed by this sublayer In many cases, the
physical medinm will be an optical fibre, aithough other media, such as coaxial and twisted
pair cgbles, are possible. The transmission furctions are medium specific. Over long
distances, such as within the telephone providers' backbones, it is envisiotied that the cells
will be encapsulated inside SONET (Syrchronous Optical Nevwork) frawes at 155 and
622 Megabits per second (Mbps).

The transmission convergence sublayer performs five functions. The lowest
function is the generation and recovery of the transmission frame. Transmission frame
adaptation, on the other hand, is responsible for all actions which are necessary to adapt
the cell flow according to the used payload structure of the transmission system in the
sending direction, These first two functions are specific to the transmission frame; the rest

of the functions are common to all transmission frames, Cell delineation is the mechanism

10



that enables the receiver to recover the cell boundasies. Header error control (HEC})
sequence generation is done in the transmit direction, with the HEC sequence being
inserted in its appropriate field within the header. In the sending direction, cell rate
decoupling inserts idle cells in order to adapt the rate of ATM cells to tﬁe payload
capacity of the transrnission system. Conversely, in the receiving direction, this mechanism

suppresses all idle cells.

The ATM layer is the layer above the physical Jayer and operates on the A’I’M cell
header. Iis characteristic features are independent of the physical medium and it pecforms
the foliowing main functions : cell multiplexing and demudtiplexing, cell header
construction and verification, as well as cell routing, Cell routing is based on a two-level
addressing structure given by the virtual path and virtual channel identifiers (VPI and
VCI). ‘The VP! identifies the physical path, which is then used by a set of VCls. The
generic flow control (GFC) field of a cell’s header is used to implement crude congestion
control at the user network interface (UNI). The header itself is protected by one byte of

eyclic redundancy checksum (CRC) information.

The AAL lies between the ATM layer and higher layers. Its basic function is the
enhanced adaptation of services provided by the ATM layer to the requirements of the
higher iayer. Higher layer protecol data units (PDUs) are mapped into the information
field of an ATM cell. AAL entities exchange information with their peer AAL entities to
support AAL functions. AAL. functions are organised into the segmerzrarfon and
reassembly (SAR) sublayer and the convergence sublayer (CS) functions. The main
functions of the SAR sublayer are, at the iransmitting side, segmentation cf higher Jayer
PDUs into a suitable size for the information ficld of the ATM cell and, at the receiving
side, reassembly of the particular information fields into higher layer PDUs, The CS is
further composed of a common part (CPCS) und a service specific part (SSCS). The
CPCS provides services such as padding, CRC verification as well as flow management to
and from the SAR sublayer. It takes a SSCS PDU, adds padding if needed, and then adds
an eight byte trailer such that the total length of the resultant PDU is a muitiple of 48. The
irailer consists of two reserved bytes, two bytes of packet length, and four bytes of CRC

L



information. The SSCS is service dependent and is responsible for such services as

confirmed data transmission.

To minimise the number of -'ﬁAL"_'I;ratocols_. the International Consultative
Commiitte¢ for Telephony and Telegraphy (CCITT) has proposed a service classification
which is specific to the AAL [SivJai95] ' |

o Class 1 : constdnt bit-rate applications, such as pulse code modulation telephony and

some present video systems;

o C(lass 2 : variable bir-rate applications, such as compressed video - note that both

Class 1 and 2 services require delay bounds;

» Class 3 :connection-oriented data applications, intended to support applications that

had previously run over 2.25;

A

 Class 4 : connectionless data applications, which support datagram networking
protocols such as TCP-JP. . ) _

There are four AAI, protc%;}ls. AALI and AALZ support class | and class 2
applications; respectively. AAL! employs packetisazionfdepackeﬁsaﬁon at the UNI to
convcrtﬂ continuous bit-stream oriented (CBQ)} traffic into cell-based traffic and vice versa.
At the receiving side a fully synchronised (clocked) bit stream has to be delivered, which
requires tight delay control wit_:hin the network. AAL! and support for syachronous voice
and H.261 video are prerequisites for ATM/ISDN internetworking. Implementation of
AAL?2 is difficult becaunse the varjable bit rate makes it hard to reserve resources for this
kind of traffic. Either the peak bandwidth is reserved - which is not very efficient - or
guarantees cannot be held. The details of AAL2 are not yet defined, so products will not

be available in the near future.

~ When it was recognised that, in practice, there is little or no distinction between
framing for a connection-oriented protocol and framing for a connectionless protocol,
AAL3/ was specified to handle both class 3 and 4 services, Becanse ATM is inherently

12
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connection-oriented, counectionless service needs to be provided by conmectionless

servers, which themselves are accessed through connection-oriented commmnication, The
-main function of AAL3/4 is the segmentation and reassembly of large messages. AAL3/A
uses a message identifier (MID) field to allow interleaved transport of different essages

over the same virtual circuit.

Finally, because of concerns abaut AALBM perfonnance and complexity. the ATM
Fomm, a consortium of vendors, carners, and users, formed io expedite industry
agreements on ATM interfaces, proposed AALS (also known as the simple and efficient
adaptation layer or SEAL) instead, It is a substantially lean AAIL compared with AAL3/4
at the exjense Of error recovery and built in retransmission. This trade-off' provides a
smaller bandwidth overhead, simpler processing requirements, and reduced
iinplementation complexity It does not support interleaving, thus there is no need for a

-MID field per cell. Consequently, AALS provides for better utilisation of the available
‘bandwidth. AALS reduces AAL3/4’s 4-hyie-per-cell segmentation overhead to 8 bytes per
message. As such, larger messages use only a fraction of a byte per cell as segmentation
overhead, and the cell overhead drops from 17 peréfsnt to 11 percent for large packets.

The reassembly process itself is also slightly simplified, since each cel] requires less
checking. The drawback is that & corrupted cell will always lead to a discarded message in
AALS, wheieas AAL3/4 provides means {o localise bit errors to individual celis. This is
interesting in the context of multimedia communication, since some media streams might

be able to use partially correct messages [Par94].

While work has already been done on how to encapsulate existing protocols such
as IP over AALS [Hein93], [Atk94], [Laudd], the ATM Forum is ¢ rrently working on a
sixth AAL for supporting packetised multimedia streams, in partidular for MPEG and
MPEG-I video, Issues under discussion include the use of fomvard-error-correction
{FEC) techniques to raise link security to a level where no extra error recovery is needed,

and the support of MPEG-II synchronisation requirements.
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2.2. ATM Switches

v

Ever since ATM was selected as the mmitiplexing and switching technique for the
.B-ISDN, there have been nmﬁerous proposals for ATM switch architectures, The interest“ |
generated by them has resultéd in several books and surveys being published on the topic
[AbmDeng9], [fac90], [New92], [Pat93], [Paf%], [Tob90], [Zego3]. Tke first such
switch worthy of mention was the Starlite Switch {HuaKna84]. ‘Phis was followed in guick
succession by a host of other amhitectures: the Knoékoﬁtj switch {YehHluAca87], Hui and
Arthur’s switch [HuiArt87], the switches proposed by Turner [Tur88], Lee [Lee88], Kir:
and Leon-Garcia {KimLeo90], Pattavina [Pat91], Itoh [Ito91], and Chao [Cha91], the
Sunshine switch’ [Giaetalg_l],l as well as more recent efforts' [Karl92], {EngKarYeh92],
[KimD4], [LeeByn94], [ChaCho95]. Howaver, of the vast number of architectures put
 forward - and we have enumerated but a few above - only a scant minority has seen actual
commercial realisation, most anthors limiting themselves to a theoretical analysis of the
switch followed by a presentation of simulation results. This is in main due to the
switches” general poor scalability and reliability, inefficient utilisation of bandwidth, as
well as the diﬂ';cuiiies encountered in connecting with existing networking technologies
{RooCheGar94]. To compound these problems even more, testing of already implemented
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Figure 2 ATM Switch Model
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switches is extremely difficult, this being caused by the very features that make ATM such
an attractive prospect, namely its flexibility and high bandwidth [Rui943, {Milo4].

A general model of an ATM switch architecture is given in Figure 2. This consists
of a set of N input and N output ports, the ATM switeh jubric itself, and a management -
control processor. Each input and output port is managed by an inpur and owiput port
controver, fespectively. Typical functions ‘of the input port controller include buffering,
cell duplication for multicasting, cell processing, VCI transiation, multiplexing low-speed
traffic, as well as managing path connection requests and reservations through the switch
fabric. The output port controller carries out similar functions such as buffering, VCI
translation and demultiplexing [RooCheGard4]. ”

The management control processor incorporates high-level functions such as
connection establishment and relesse, bandwidth allocation, maintenance, and
management. It could for example be the host of a Simple Network Management Protocol
(SNMP) or au Open Systems Interconnection (OSI) management agent.

Input controllers are usually synchronised so that all cells arrive ‘with aligned
headers at the switch fabric. The effect of this is to simpiify the design of the switch fabric
and to allow cells to be accepted according to their priority. The switch fabric operates in
a synchronous manner and, generally, one cell is taken from an input port and sent through
the switch fabric. Cells have their VCI translated in the input controllers before being
submitted to the switch fabric. This is doné!by consulting a lookup table on the basis of the
incoming VCI's value. This table could, for a particulhr VCI, contain additionat data such
as routing and buffering information, priority and quality of service requirements, as well
as specify a particular output port to which the cell is o be directed. Muiticast operations
are usually supported in ATM switches through the replication of arriving cells by the
switch fabric followed by the routing of the multicast cells to the appropriate output port.
In these cases. the output port controllers must be able to allow the multicast copies to

exit the switch without any required vaiue of a VCI [Sch88].
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+ The ATM switch fabric is the most important componen: of the hardware design
of an ATM switch. It affects issues like cost, performance, scalability, capacity, as well as

complexity of switch design [New92]. As already remarked, many switch architectures

have been put forward in the literature, and a unique taxonomy is fard 1o find, for there o

are many criteria on which # could be ba | For example, Ahmadi and Denzel identify six
classes in their survey {Ai‘chnSQ], while Tobagi, by taking a more abstract view of a
switch fabrie, only singles out three such classeé [Tob90]. In Figure 3 we have t)reSented
Newman’s classification, based on the internal architecture of a switch towards the

application of ATM as a corporate backbone [New92l.

The switch fabric is the mechanism through which cells are routed from input to
output ports. In an ATM switch, cé]l arrivals are not scheduied, As a consequence,dcells
arriving at different input ports may have the same output port as their destination, a
situntion referred to as ouiput port contention. Since the output port can only accept one
cell at o time, this conflict is usually resolved by eithed Laving the fabric discard or buffer
the contentious cells. The location of buffers in an ATM switch thercfore impacts upon its

design complexity as well as overall performance.
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An ATM switch fabric Tonsists of hardware and software thar deal with a host of -

functions, among which : pat.l‘i éstablishment between input and output ports, input ports’
service discipline, contention resolution mechanisms and switch parallelism (the possibility
of having multiple input-to-output poit connections) {RooCheGar94], Usually, switching
fabrics are modular and are themselves constructed from basic switching components
calied switching elements (SEs). The hardware implementation of switching clements
comes in the form of integrated circuits, whils) the switch module is realised on one or

f

possibly more circuit cards [New92). P

The phyéical connection between the input and output ports of an ATM switch
fabric can be implemented using a time- or space-division technigue. The former can itself
he divided into two further classes, shared memory ot shared medium, In a shared
memory implementation, the switch consists of a single dual-ported memory shared by all
input and output lines, Packets arriving on all input lines are multiplexed into a single
stream which Is fed to the common memory for storage. In the memory itself, packets are
organised liite <eparate outptt queues, one for each output line, The outpui Stream is
fornr ' by retrieving packets from the output queues sequentially, one per queue; this
stream is then demultiplexed, and packets are transmitted on the ouiput iines.’ Two main
desigh counsiderations afise in this type of architecture : the first is that th% management
control processor rust be capable of selecting V incoming and outgoing packets in each
time slot; the second, and more important, is that memory bandwidth should be large
enough to simulraneously accommodate ali input and output traffic. The Prelude switch,
developed by the Centre National d’Etudes des Telecommmnications (CNET), is .an
example of a shared memoty swiich [DevCocSer881. |

In shared medium switches, all packets arriving on the input lines are
synchronously muitiplexed onto a common high-speed medium - typically 2 paraliel bus or
ring - of bandwidth equal to N times the rate of a single line. Each output line is connected
to the bus via an interfuce consisting of an address filter and an output firs-infirse-c.ont

(FIFQ) buffer. The role of the interface is. essentially, a demuiltiplexing one, namely to

17
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receive ail packets transmitted on the medium, to filter them according to their VCI, and
then write them into the FIFO buffer. Similarly to the suared memory type, this type of
switch is based upon multiplering alf arriving packets into a single streain, which is then
demuliiplexed into several output streams, one for each output line. The distinction
between the two types of time-division switches is that the shared medium tvpe has
complete partitioning of the memory among output quenes. The ATOM switch from NEC

renvesonts an cxample of a shared medium switch [Itoetal®1),

The main difference between time-division and space-di\;ision techniques is that,
whereas in the former a single communication highway is shared by all input and Sutput
ports, in a space-division switch, multiple concurrent paths are established from the inputs
ta the outputs, each with the same data rate as an individual line, The result of this is that
no memory component of the fabric has to run at a sped higher than the line speed, and
that control need not be centralised, but could be potentially distributed throughout the
switching fabric, The total capacity of the switch, being the product of each path’s
bandwidth and the number of paths that can, on average, transmit a cell concwrrently, has
a thecretical unfimited upper bound. This, however, is limited in practice by a set of
physical constraints such as device pinout, connector restrictions, and synchronisation
restrictions [New92]. Obviously, time- and space-division techniques can be combined in a
switch fabric. One could envision the case of clusters of time-division switches which are

intexcon'necied in a hierarchical fashion via a space-divisicn switch [RooCheGar%4].

There are two main routing procedures used in space-division swiiches : sefi-
routing and label-routing, In self routing, the input port controllers attach a routing tag to
incoming cells, basedﬁon the same process as in VCI transiation, and cells are then routed
according to this tag. The self-routing property prowes to be important as it reduces the
complexity of controlling the switch fabric by distributing the control function pver all
crosspoints. This mechanism relies on the regular interconnection of switching elements in
order to work and resuls in very fast switches, as the switching elements nced only

inspect a cell's tag to make the appropriate routing decision. In contrast, Iabei ~nting
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~ relies on the VCI in a cell’s header to index routing tables in the switching elements ol-the
fabric. This technique is independent of the reguiar interconnection of switching elemients
and can be used when switching efements are connected arbltrarﬂy. Although muiticasting
is efficiently implemented using 'label-routing, the major drawback of this scl:emﬁ is the
large number of translation and routing tables that noust be.maimained‘_,by the switch
fabric. It is not surprising then, that the muority of space-division sﬁ'itches use a self-

routing technique. However, hybrid implementations, where seif-routing is used for poini~

to-point connections and label-routing for multicast traffie, have been suggested [New9Z).,

Notwithstanding their advantages, space-division switches are beset by probléms
of their own. Depending on the particalar fabric nsed and the availabje resources for path

establishment, it may be possible for two or more cells to contend for the same internal

link, This characteristic, referred to as internal blocking, limits ihe tljjg/ughpul of the
switch and thus becomes a central issue in the architecture desxgq[ " space-division
swilches, Consequently, switches can be classified as blocking or nun-blocking. i the
former case, paths internal to the switch fabric can share some interstage links; thus the
control of packet loss requires the adoption of additional techmques, such as a packet
storage capability in the sthchmg elements, or defiection routmg (ie. routmg by a puth
not necessarily the shortcst) In the latter case, no storage capabilities are required as all
paths are guaranteed to'be disjoint and sﬁitchi_ng elements are much simpler to implement.
Neirénhcless, more interconnection stagres of switching elements are requised if the Switch

faﬁric is non-blocking, A closely related issue is biyfering. As already remarked, blocking
fabr‘lcs need some sort of internal buffering in order to hrmt potential cell Joss. Other .

buffermg strategies are also possible; however, we will /" ¢onr discussion of them and

other buffering-related issues to the next section.
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2.3. QoS issues

~ The ability of ATM-based networks to provide a guaranteed QoS, while still
taking advantagc of the statistically multiplexed transport mechanism provided by such
networks, is a decisive criterion for the acceptahce of this technology by both potential
users and network providers. This is a far from easy problem, since not only do service
gunarantees have to be provided for the wide spectrum of traffic carried by ATM, ranging
ﬁ:orﬁ bursty, varible rate sources to smooth, constant bit rate sources, but, for an
appreciable part of the envisaged applications (such as teleconferencing), it must be dons ’
within the confines of real-time constraints. This would mean, for instance, that the
corresponding procedures snust be éompmﬁtionally simple enough so that their overall

complexity is consistent with real-time requirements,

Kurose [Kur93} identifies three more reasons why providing QoSuguaranteeﬁ: in
high: speed networks is a potentially difficult problem. The first is that studies [Lelerai94]
- have shown that packetised traffic over ATM networks is highly correlated; self-similar
(fractal-like) and thus exhibits bebaviour which is much more complex than that associated
with traditional data sources. The second is that QoS guarantees cannot be given any
longer on an aggregated, network-wide, basis, but should be provided for at a much finer-
grairied, per-session level, Lastly, performance must be evaluated in « wulti-hop petwork
environment, taking into account the interactions between sessions as they pass throngh

the nodes of the network.

2.3.1, Quality of Service Guarantees

QoS guarantees may be broadly categorised into deterministic gnarantess and
statistical guarontees, In the former case, a bound is prdvided for the performance of cells
switched during a particular session, while the latter promises that cells that do not satisfy
a certain performance criterion will not exceed a specified fraction of the total number of
cells. Deterministic guarantees are necessary in hard real-time applications. Statistical

guarantees, on the other hand, can further be divided into “steady state” guarantees - ones
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that would hold with certainty over an infinite period of fime - and guarantees that hold
only over specific periods of time. It must be notzd, however, that if a session having
“steady state™ guarantees lasts oaly a finite amount of time, then there is some chance that
the gnarantees would not hold. In ca Atrast, if guarantec: arve (\mly given over time
interval$, then performande is assured ne:xer 1o go below a certain thréshold for more than

=« ceriain fraction of those intervals [Kur93].

Four approaches have been identified for providing QoS guarantees in B-ISDN
networks [Kur93] :

v
e the tightly controlled approach - th;ls approach ensures that an individual session’s

output traffic characteristics are the same as that session’s input characteristics;

* the approxim;}e approach - here relatively simple models are used to characterise the
traffic sources of the network; b
o the beunding approach - this approach gives guaranteed bounds (be they deterministic

or statistic) on a session’s performance, based on a worst case analysis, and

o the observation bused (or predictive) approach - here previously made neasurements

of certain traffic v wameters are used to characterise an incoming call and to determine

call acceptance.

Woodruff and Kositpaiboon propose a set of traffic management guidelines for
providing guaranteed QoS in ATM networks [WooKos90]. These ate :

o simplicity;

»  regsonable bandwidth wtilisation if statistical multipleking is used - the increased
complexity of statistical muitiplexiné should ohly be irnpiemented if the bandwidth

utitisation gain is important;
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* performance robustness to traffic uncertainties - this is because it will be difficult to

predict 2 connection’s exact traffic flow characteristics;

s component decoupling - a network-wide (re-janalysis of performance should not be

done each time the topology or counection routing of the network changes, and

® rnode architecture independence - traffic rules should be independent of the underlying

architecture of swiiching nodes.
2.3.2, Quallty of Service Attributes

At the user-level the service provided by the underlying network can be
categorised into two broad classes : besr-effort and guaranteed, With best-effort service,
the network provides a service that strives to perform its functions to the best of its

~ capability and tries to use the availuble resources as well as possible, but does mot

guarantee performance or resource availability. This is in contrast to the guaranteed type

-of service where system performance and resource usage are-2utified to meet agreed upon

requifements. However, when dealing with the heterogeneity of distributed mulimedia
applications supported by an integrated services communication network, quality of
service parameters must forther be provided for on at least rhree abstraction layers beneath
the human user. These are [NahS1e95] :

s the application izvel - here QoS parameters arg usually specified in terms of media
quality (such as media data-unit rate and end-to-end delay} and media relations (such

as media conversion and inter/intrastream synchrﬁnisaticn);

o the system level, including communication and operating system services ~ these can he

further subdivided into quantitative parameters (these typically inchide bi: rate, number
of errors, task processing time and data unit size) and qualitative parameters (such as
the types of interstteam communiration, schedﬁling and error-recovery imsthods

employed), and

i
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s the device level, inclading both network and multimedia devices - the parameiers
associated with multimedia devices usually specify timing and throughput demands,
while network devices’ parameters typically characterise nstwork load and

performance. -

In the case of ATM, network load parameters that need to be specifisd when

setting up a connection are [SiuJai9s) ;

¢ Pegk Cell Rare (PCR) ~ the maximum cell rate at which the user will transiit; it is the

inverse of the minimum cell inter-arrival time;

e Sustdinec___l Cell Rate (SCR) - this is the average cell rate measured over a long period

of time; .
o  Minimum Cell Rate (MCR), and

e Burst Tolerance (BT) - this determines the maximum number of back-to-back celis
(the meximum birst size or MBS) that can be sent at the peak cell rate. BT and MBS
are related through the formula :

BT =(MBS = 1 el )
= SCR " PCR;

Performance parameters which can be specified in an ATM context are :
o Cell Loss Rusio (CLR) - the ratio of lost cells to the total number of transmitted cefls;

o Cell Transfer Delay (CTD) - the end-to-end delay experienced by a cell in the

network;

s Cell Dé!ay Variarion (CDV), also known as jitter - a ldgh value implies Jarge buﬂ’eﬁng

requirzments for delay-sensitive applications;
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e Cell Misinsersion Rate (CMR) - the number of misinserted cells per connection

second, and
s Cell Error Ratio {CER) - ratio of ervored cells to the total number of delivered cslls.

A cell is deemed to be fost if it never reaches its destination, or if it does so, but
only after expiration of a tins-out period. A cell is also considered to be lost if there are
buffer overflows within the network, A cell is evrored if it arrives in time but there are
errors in the cell header that cannot be corrected. A cell is misinserted if it arrives at its
destmé.tion on a wrong virtual conﬁection. Undetected or erroneously corrected beader
errors can produce misinserted cells [HanHubSch94].

2.3.3. ATM Traffic Contract

Any user of dis;ributed multicedia applications such as muitimedia mail,
conferencing, video on dér;land, screen sharing and virtual desktops, expecis a certain
level of quality associated with these services. To provide this quality, a rraffic contract is
established during "ATM connection set-up. Here, user-defned requirements are
communicated in the form of QoS parameters to the resource management enlities of all
system constituents involved. A negotiation stage is then entered into, in which the final
values of the QoS parameters are agreed upon {(or not, in which case the connection is
refused). Depending upon the differing specifications between layers, the ﬁaegotiation
process can be preceded as well as followed by one of QoS parameter rransiation. Lastly,
the required resources must be admitted, reserved, and allocated for on the path beiween
sender(s) and receiver(s) (NahSte05].

The QoS parameters thus negotiated completely characterise the type of service.
Guaranteed services are required for if QoS parameters are specified with either
deterministic or statistical bounds [Fer90]. On the other hand, predictive service is aalled
for if QoS parameter values are estimated from past behaviour of a service
[ClaSheZha92). Lastly, unspecified QoS parameters in a contract can be provided forona

“best-effort™ basis,
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The following types of traffic are usually specified in an ATM traffic contract

[SiuJaigs]

Constant Bit Rate (CE?R) - used for circuit switching exmulation; i the cell loss priority

. (CLP) bit of the ATM cell header is zero (ie. high priority) then the CLR must be

specified: if CLP = 1 (low priority cells) the CLR may or may not be specified;

Variable Bir Rate (VBR) - this is further subdivided into real-time VBR (VBR-RT)
and non-real-time VBR (VBR-NRT) depending on whether or not the application is
sensitive to jitter; CTD} is specified in both categories, while CDV is only specified for

VBR-RT; :

Attribute CBR _ VEBR-RT VBR-NRT ABR UBR
CLR for CLP =0 '_ Specifiod Specified | Unspecified
CIR for CLP = 1 Dptional -~ Specificd | Unspecified

CTD Specified Specified Specified Unspecified Unspecified
Chv Specifiad Specified Unspmﬁtied Unspecified Unspecified
SCR and BT | Not applicable | Specified Specitied Not _applicable
PCR and c_:_mﬁ Specificd Specitied | Specified
. M(L"i_ ] ' Not applicable Specified Not applicable

“Table 1] ATM Layer Service Categories [Sinfi03)

Available Bit Rate (ABR) - this is usually provided for normal data traffic such as file
transfer and e-mail; MCR can be specified in the contract, while the CTD and CLR are
to be kept to a minimam possible, and "

Unspecified Bit Rate (UBR) - this class of traffic is designed for applications that are
insensitive to both cell loss and delay, with file transfer and e-mafl being typical
examples ABR and UBR are ihe types of traffic usually specified when a “best- effort

service is requlred of the ATM network.

In the context of QoS negotiation, two rain approaches can be distinguished

[NahSte 95] : peer-to-peer |e.g. application-to-application) or layer-to-layer (e.g. hurnan

25




N

user—td-appﬁcation or application-to-system). The aumber of parties participating in the
negotiation process is commonly limited to two or thres. Accordingly, bilateral peer-to-
peer negotiation takes place between the caller and calles of a specific service, with the
service provider not being allowed to change the parameter vaiues suggested by the users.
Bilateral layer-to-layer negotiation only takes piace between the user and provider of a
specific service. This type of Iﬁnegotiation involves two scenarios : (1) between service
users and providers locally, e.g. ‘between an application and the underlying cperating
system, and (2) between host and network, as happens in the case of multicast huﬁtirzl.edia
streams. Lastly, riangalar negotiation takes place between both the caller and callee as
well as the provider of the particular service. Here, the QoS parameter values are passed
from the caller to the service provider which, unlike the situation associated with bilateral- ",
peer-to-peer negotiation, can possibly modify them as long as thcy.;arc within a specified
range. The parametets are then passéd on to the callee, in whose power the final decjsion

of whether or niot to accept the cail rests.

2.3.4. Call Admission and Session Policing
3

Closely related to the problem of QoS is congestion control. The pnﬂ'tary fonction
of congestion control is to ensure good throughput and delay perforﬂ;ance while
maintaining a fair allocation of network resources. Because of the high ﬂexibili\‘y of ATM -
busid networks - needed for the §aried traffic types which they handle - special congestiox
conirol mechanisms need to be introduced. Two complermentary and refated functions, the
vall acceptance control (CAC) function and the policing fonction will implement this
control, The CAC function acts only during call set-up phase to decide whether & new
connection should be admitted or not and to determine how much virtual bandwidth
{resources) should be allocated to the call on acceptance. These decisions depend on the
traffic aiready supported by the network and on the declared parameters of the source
requesting access, The parameters themselves could at ope exireme be a fhll
characterisation of the source (unlikely), or, at the other extreme, be only its peak cell rate
or a partial ol rerisation such as peak and mean cell rates together with the mazimum



busst length. A cal&. once accepted, should respect its declared (or negotiated) parameters,

while the network muﬁjw”guarantee the negotiated QoS [FerY0].

.
In the contexf of call admhsmn procedures to guarantee a JoS, much attentzon

has been devated to the notion of P*j“ecme bandwidsh of sotrces. The notion of effective
bandwidth describes a parameter which Hies in bet weent the mean and peak rates of
sonrces, such that i the allocated bandwidth is lower than the effective bandwidth then the 1
QoS will te violated, whereas aliocating bandwidth greater than the effective bandwndth
will imply that the QoS will be met.

-Several network traific control functions such as flow and corgestion cont%‘ol, as
well as routing and ¢all admission policies depend on the characterisation of the sffective __
” bandwidth of individual connections and the resulting load on network links, These are .
essentially asymptotic results based on the transmission rate function associated with the
traffic source and the g;ueuei_ng buffer mechanism which models the destination. The
effective bandﬁbidth_ method can. by __vimie of ihe taxonoiny already . presented, be
categorised. 35 a bounding approach [CopDamMe!93]. Guerin, Hamadi and Naghshineh
have derived simple approximations for the effective bandwidth of both individual and
multiplexed connections, based on their statistical characteristics and desired QoS.
Denoting by Rpeux and p the peak rate and utilisation, resnectively, of a connection, wa\h b
the mear of the burst period, with x the avaiiable buffer space, and with ¢ = -In(g} the
natural logarithm of the inverse of the buffer overflow probability &, the equwalent

capacity of an individual connection is found to be :

_ ab{l= p)Ryw - x4 oflab(l~ PR, = xT +dabxp(i- PIR,,
2ab(1- p)




When N multiple connections are multiplexed, the equivalent capacity is given by:

. : T 1
C= min{im,. + ‘/[2a G, e, t 3)
=1 I

e |

Here m; and ¢; are the mean bit rate and standard deviation of an mdmdual commection,
while the ¢; for each connection are given by (2). The aunthors use both a fluk’ " Jw and a’
stationary todel to arrive at their approximations, whose computational simplicity make
them practical to be applied in real-time ‘metwork traffic control ag;;iications
[Gue AhmNag91]. |

Related to this work is the one dope by Low and Varaiya. They come up with an
iterative, decentralised algorithoi, where the network offers different services for rental to
the users, who, taking into consideration the resource (bandwidth and buffer) prices at .
nodes along their envisaged route, together with their own traffic and quality parameters,
decide, subject to budgetary constraints, how to best combine the available services 1o

meet their needs [LowVar93].

The function of the policing mechanism is then to ensure that each accepted source
conforms to-its parameters. Thus, the policing function could intervene when a sowce
input exceeds any of the aegotiated parameters in order to prevent a degradation in the
QoS of other connections. Al all tines, a connection should experience very low cell loss
rates, typically 10°°. Furthermore, the policing function must operate in real time, which
means that it must detect any contract violation fast emough to prevent any QoS
degradation. It is to be retnarked that the above requirements do not in any way specify
how the policing mechanism must intervene to attain che objectives, When a policing
mechanism detects that emitted cells from a source are in contravention of the contract,
three modes of intervention are possible : rejection, tagging. or smeothing [Rath91].
Rejection is the simplest strategy applicable and consists of outright discarding the
contravening cell. With tagging, a cell is marked (most commonly by having a bit statns

flag set) as having contravened the session's traffic contract, but is allowed to continue
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along the route tq;\thedestination. Ho:\;r'.'ever, at any subsequent ot :ﬂong this route, the
tagged cell cannot obtain network resources (such as buffers and bandwidth) ahead of
untagged cells - if resource contention does happen, the tagged cell is useally recirculated,
deflected or rejected. Using recirculation, contention is handled by possing viclating cells
through a recircalation nerwork (a set of simple delay units) at the output of which they
will contend for the require& resource again in the next time slot{s) with"uew'ly airiving
packets, The deflection strategy resul_fs in a cell being delivered to its desired destination,
but v/ "ug 8 path other than the shorfést available one. The taken path might either be a
recircui;ation path or an alternative, longer, forward path. Lastly, smoothing tries to
control bursty petwork traffic through various congestion management algorithms.

- A heuristic framework for the design and analysis of the source policing problem
was presented by Rosenberg and Lague [RosLag94]. They introdrnce two independent
functions to characterise the souirce and policing mechanisms, respectively, in ATM
networks, It is shcwn that the two functions, vsed in conjiriction. yieid a simple tool
ﬂfoviding good approximations of the response time (time to detect contract vi&latiﬁns) of

policing mechanisms.

BN ATM aetworks, there are two main congestion control algorithms used by the
policinz function : feaky bucket and token bucket. Inthe lsaky bucket scheme 2ll arriving
cells of a flow are put into a bucket of depth b and are drained out of the bucket and sent
on the network at a sustained rate ». If more cells arrive than the bucket caJn store, the
excess cells are discarded (or alternatively, are sent over the neiwork with the CLP bic set
to 1). The main effect of this scheme is that it converts a bursty stream into a more regular
pattern, but, although it works well for constan bit rate data flows, variable bit rate data
flows must request that r be set equal Lo the peak cell rate, This, however, is extremely
poor statistical multiplexing and, in consequence, a waste of system revources. The token *
bucket alleviates this shortcoming and is & variation of the leaky bucket scheme : here r is
thé rate at which tokens are placed in thé bucket, In th¢ general case, each tok~
TEPresents a single.bit, and sending a packet consumes as many tokens as there are bit¢

the packet - for cell networks such as ATM, this is extended so that each token represents
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a cell; sending a cell consumes one token. A flow is said to conform to its token bucket

filter if no cell departs when the token bucket is ¢mpty. When the flow i idle or
transmitting at a lower rate, tokens are accumulated up to b tokens, newly arriving tokens
being dz'scarded. Thus, flows that have been idle for a sufficiently long period of time can
iransinit a whele bucket full of_ data back-to-back, permitting burstiness, but bounding it
[Par94].

2.3.5. Resaurce Reservation and Allocation

Resource reservation and allocation are based on the results of ith~ cail admission
process and have as main ohjective the efficient utilisation of scarce resource capacities Ly
| -Feserving only the real (or best apj . -'aximatia;n thereof) demand at ary particular moment
ln time. The reservation can be donme according to one of two possible approaches :
pessimistic, in which resources are reserved assuming n worst-case situaiion, and
optz'misric; in which resources are reserved accordmg to an average-case Scenario
[Nah$ts95]. |

In general, resource reservation/aliocation protocols work according to the

followiug mechanism with “accept” response [NahSte95] :

» the initiator sends QoS parameter speciﬁcations in a reservation request;

e at each network entity along the path the reservation protocol passes a request to the

z'espective ICSOUTCS Matager;

¢ the resource manager then reserves the resources according to one of the two

modalities specified above and, if necessary, updates the QoS parameters;

e at the end of the path the last entity sends am allocation message (with an
accept/modify/reject primitive) together with - if the connection is not mjected - the
possibly new set of QoS parameters on the backward path towards the initiztor of the

connection;
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Figure 4 Resource reservation/allocation protorol with “ncceme” reepanse {(NahSeD3)

¢ along this path, the network entities’ resource manager allocates, relaxes or releases

resources according to the response primitive contained in the allocation message,

Resource reservation protocols can be further categorised according to direction
and style. Thus, as regards the first criterion, the protoeol can either be sender- or
receiver-initiated [NahSte95]. Widely used receiver-mitiated protocols include RSVP
[Zhaeal93] and the Tenet protocol suite [Banetal94], while Vérsion 2 of the Stream
Protocol, ST-II {Top90], is an example of a sender-initiated protocdl. Style differentiates
the reservation proiocols according to the number of receivers (single or multiple) and
senders (ulso single or multiple). For a sender-initiated reservation, the style might
comprise the sender creating a single reservat'on along the route to the receiver, or a

multicast reservation to severgl targets,

In a receiver-initiated reservation protocol, filters can specify which data sources
the recejver is prepared to accept : in the wildcard-filter style the receiver makes a single
resource reservation shared ameng all senders for the given session; fixed-filter reservation

allows the receiver to receive data only from a list of senders specified in the original
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request; lastly, a dynamic-filter reservation reserves resources for N senders but allows the
membership (but not the cardinality} of this list to change dynamicaily [ZhaeraiS3].

2.3.4, Quene and Buffer Management

- Queueing is a fandamental consequence of the staiistical sharing that occurs in cell
networks, Both queveing sizes and queveing delays deterriine the effective 2ell loss ratio
and network irafiic load. Accordingly, gueue management is very closely linked to the
problem of QoS [Par94).

Quene management policies can be distinguished according to whether or not they
are work conserving. If a policy is work conserving, I!han no work, is created or destroyed
within the system. This would mean, for ;example, thz!i’! a switch with a non-empty queue of
cells waiting to be transmitted would not be idle, and that o cell leaves ihe switch befofé
1t is corpletely serviced. 'I‘he simplest cases of work conserving queueing disciplines
would be FIFQ and LIT # (ast-in-first-ouf). An example of a discipline that is not work
conserving would be a switch that waits a random amount of time before serving the next

packet in the quene [Kle75b].

From a theoretical point of view, it has been shown that, as long as the queucing
discipline is work-conserving and selects cells to be serviced in a manner that is
independent of their service time, all such @zeueing disciplines will boast the same average
numbs - @ cells in the system and the same average cell waiting times [Kle75b]). Thus,
once one proves that a queueing discipline satisfies the above requirements, one has a
large body of theoretica] results fo draw upon.

In an ATM context, queue and i‘féffﬂr'maﬁﬁgenicnt are distingnished at two levels:
one is the end-to-end (session) level, the other is the switch level. They are now prcsentefl-’*""

according to this taXonomy.



A .f;‘;f{ssian-Level Quene and Buffer Management

FIFO+ is 2 queueing discipline which induces FIFQ-style sharing across all the
hops of path to reduce jitter. Cells are divided into classes, and each class computes its
average delay for any particular hop. For each cell, the difference between the average
delay of its class and its own particular delay is then added (or subtracted) from a field in
the cell’s header. This field then aflows each switch to scheduls the cell as if it had arrived

~ at its real arcival time plus this offset. The net result is that cells that have been “jumping

the queue” on one hop are pushed in the end of the queue at the next hop, while those that
have arrived behind schedule are pushed to the front of the queue [Clé%heZhaQZ}.

Demers, Keshav and Shenker have also proposed a slight variation on the classic )
FIFO queueing discipline [DemKesShe90]. Their fair gueneing algorithm tries to remedy
one of the major shortcomings of a FIFO discipline, namely that, 2lthough it providex a
fair allocation of cells, it does wot provide a fair allocation of bandwidth because .of
variations in cell sizes. Thus, instcad of basing their scheduling algorithm on a cell round-
robin scheme, they rely on bit-by-bit round-robin service, a scheme which is clearly fairer.
Although cefis are not transmaitted in a bit-wise manner, they are scheduled to be
transritted at the time when their 1ast bit was suppesed to have been sent if a bit-by-bit
round-robin discipline would have beer employed, an asymptotically equivalent scheme, A
limitation of this scheme is that each source gets the same fraction of bandwidth, which
would be discriminating against sources such as file servers which would need
considerably more bandwidth. To alleviate this problem, a weighted fai; gueneging
discipline has been suggested [DemKesShe90]. Heie, the bandwidth is partitioned as if
there were more queues in the system than there act lly ave, with the sources requirihg
extra bandwidth being allocated supplementary queues. Parekh and Gallager have
reintroduced the weighted fair queueing algorithm under the name of packerised
generalised processer sharing and have proven that, if token hucket flow control coﬁplec}
with weighted fair queueing is enforced throughout the network, strict upper bounds can
be given for the delay and buffering requirements needed by any class of traffic m the
network [ParGal921,
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;:*fhc Virtugl Clock algorithm involves an extremely similar underlying cell
schednling algorithin to weighted fair queveing [ZhaKes91]. Thus, it enwlates time

division multiplexing, allocating each cell a ransmission time as if the service provider

were really doing time division multiplexing, However, the algerithm was e:;ﬁrxx‘éksly_
designed for a context whereby resources were pre-apportioned and therefore h&d as a

fundamental part of its architecture the assumption that flow rates were arbitrary. '\\'-_.:__
_ §

In classic Earliest Due Date (EDD) scheduling, each packet is assigned a deadliné.
and the packets are sent int order of increasing deadlines. The Delay EDD [FerVer90}
service discipline is an extension where the server negotiates a service contract with each
source. The contract staies that if a source obeys a peak and average sending rate, then
the _scrver.will provide a delay bound. The key lies in the assignment of deadlines to
packets. The server sets a packet’s deadline to the time at which it should be sent had it
been received according to the contract. By reserving bandwidth at the peak rate, Delay

EDD can guargntes: a channel delay bound.

Jitter Ear{fesr Due Date (Jitter EDD} is one of the most widely used schemes for
jitter control It is an extensiern of Delay EDD and, similarly, is a non-work-conserving
policy. At each hop, any departmg cell is stamped with the difference between its deadline
and {ransmission time. At the next hop, this difference, call it ¢, is added onto’ the cell’s
earliest and latest transmission times (if the jitter bound for the switch is j and the latest
possible trapsmission time is 4, then the earliest possible transmission time is d-f), giving
the new time range between which the cell must be sent : [t+d-}, t+d]. Thus, a cell’s ..
transmission fime at any hop aiong its route is determined by and gﬁaranteed to'
compensate for the queuei:ig jitter of the previous hop. If this scheme is emp]o);ed at all
network hops, then network-wide jitter guarantees can be provided"tbr iVerZhaFer91].

The Stop-and ;s.--w._ queueing discipline {Gol90] is a non-work-conserving discipline |
which aims to preserve the *smoothness’ property of trafﬁc as it traverses the network.
Time is divided into frames. In each frame. only packets that arrived at the server in the
previous frame are sent. It can be shown that with this scheme, a packet receives both a



minirum and 4 maximum delay as it goes from a source io a destination. Since the delay -
‘ang jitter bounds are linked to the frame time, Stop-and-Go proposes multiple frame sizes.

The Hierarchical Round Robin (HRR) server has sevpral service levels, where

each level provides round-robin service to a fixed number of slots [KalKanKes?0]. Again
this is a non—work—cqnsewing discipline where a channel #s allocated soms number of
service slots at a seleg;ied level, and the server cycles through the slots at each level. The
time a server takes to service all the sicts at a Jevel is called the frame time at that level.
The key to HRR les in its ability to give each level a constant share of the bandwidth. |
‘Higher® levels get more bandwidth than ‘lower’ Jevels, so the frame time at a higher level-
is smaller than the frame time at a lower level. Since a server always completes one muudﬁ
through its slots once every frame time, it can provide a maxinqum delay bound ic the
channels allocated to that level.

Kroner describes different buffer management mechanisms for ATM networks,
according to the value of the CLP bit in each cells header {Kro907 :

o Common buffer with ;;;;t.s'hout mechanisms - here the buffer is shared among cells of
both priority classes, but if a cell with a high priority (CLP=0) arrives and finds the
buffer fisll, then a low priority cell (CLP=1) in th‘:u Luffer (if there is one) wiil he
discarded to make room for the cell with higher pfiority

» Buffer separation - a simple to implement strategy, with each priority class havieg its

own separate buffor -

o Partial buffer sharing - this is a threshold-based scheme, where although high priority
cells have access fo the whole buffer, Jow priority ones only gain access if the buffer’s
occupation does not exceed a certain threshold #; by varying ¢, differeﬁt load situations
can be catered for by the buffer, and this strategy v{vas' shown to be ﬂl,e best

compromise between performance and implementation complexity.
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In a distributed multimedia context, three main techniques for buffer management
design can be identified : data copying, offset management, and scatter/gather systems
[NakSte95]. '

d A buffer management technique based on data copying across protocol boundaries
allows for the perfect separation of different protocol layers, with each layer allocating
exactly the amount of memory needed to hold the packet currently being processed.
However, protocol processing normally needs little memory and CPU bandwidth
compared to the overhead incurred when copying the data twice - once when receiving
and once more when transmitting - and such a scheme is usually employed only for

comparison purposes,

In an offset management approach, a buffer is placed in one memiory segment and
the buffer must be large enough to contain all data to be transmitted, as well as all the
Protocol Control Information (PCI). In order to transmit, an application will place its data
into the buffer, leaving enough space for the PCL As the buffer is passed through the
communication syaterﬁ. each protocol entity will update the offset in the buffer so as to
reserve space in the same buffer for its PCL. The offset management technique is easy to
implement, with little processing overhead for each buffer, and pravents data copying. One
disadvantage is the fact that all buffers must be maximally-sized, so as to ensure enough
space for all protocol information. However, there exists a large class of protocol
requirements. such as segmentation and reassémbly, that cannot easily be solved by offset

management alons, unless the buffer management system resorts to data copying.

In a scatter/gather system, each request for space in a buffer is satisfied by linking
in 2 new memory segment. A control structure is used to keep frack of all the iﬁemory
segments for a particular buffer, The scatter/gather system prevents data copying, and also
allocates memory space only as it is needed, thereby not causing memory over-allocation.
This technique enables the efficient implementation of protocol requirements such as the
dyriamic expansion cf buffers, segmentation and reassembly, and concatenation and

separation, Furthermore, the support of logical copies of a buffer can only be efficiently
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implemented with & scatter/gather system. A scatter/gather buffer management system
needs only to mark the memory segments as having' multipie references to them, and to

create more control structures referencing the same memory segments, Although the

scatter/gather system has many positive properties, with some being indispensable for an

efficient implementation of a buffer nmnagemeht system, it still has the disadvantage of a

high overhead for control structures, especially for small memory segments.

B. Queue and Buffer Management - Switches

Buffer placement and congestion control are major issues in the design of ATM
switches. Both issuss lead to queteing and the standard reference on the subject still
remains Kleinrock's comprehensive two volume treatment [Kle75a], [Kle75b]. The main
buffering strategies used in ATM switches are to place buffers either at the input or cutput
ports, or to use a combination of the two.

With input buffering, a separate buffer is placed on each input to the switch. A
packet arriving at an input line first enters the buffer and, if it cannot proceed due to a
conflict, it remains in the buffer waiting to be switched at a later time. Placing the buffers
at the input of the switch separates the buffering and switching functions, which is very
desirable from the point of view of layout and circuit compactness. The simplest queue
discipline applicable from a control and implementation point of view is FIFO in which
only the head of the line (HOL) of each input guene may coniend for access to the
switch's outputs. If a packet is successfully switched, then it is rernoved from the input
buffir, and the next in line is considered in the following time slot; otherwise the packet
remains at the head of the queue and contends again in the following time slot. Although
very simple, the main problem with FIFO is HQL blocking : if there are k packets
contending for the same path, only one acket will be sérved in a time slot, and the
remaining k- 1 wait for the next time slot, This also implies the fact that k-1 output lines
wili remain idle in that time slot, despite the fact that there may be packets, queued »chind
the unsuccessfiul HOL packets and destined to idle output lines, which are nevertheless

being prevented from reaching their destinations, The starvation that thus results drives
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the switcl’s throughput below its nominal value, It has been shown that a large (i.e.
N-yeo, where N is the number of inputs) input buffered switch with a FIFQ queneing
policy, saturated with uniform random traffic, has a throughput of 2 - V2 =0.586, and

that this is the maxinum achievable for large N {KarHiuMorg871.

- It is possible to increase the throughput, however, with a technigue called input
quene bypass (or windowing). This relaxes the FTFQO queueing discipline and allows
packets behind the HOL to be considered for routing. Accordingly, each inpnt still seads
at most one packet into the switch fabric per tume:slot, but not necessarily the first packet
in its quene, such that no more than one packetﬂ is allowed to pass through the switch
fabric to each ontput in 2 time slot. The HOL packets contend first for access to the
switch outputs. Those inputgnot selected to transmit their first packets then contend with
their second packets for access to any remaining idie output porﬁs, and so on, .repeatedly,
up to a maximum window size w. Simulation resuits have shown that the throughput
increases with increasing values of w, but has diminishing improvements beyond w = 4
[HluKar88).

Two other technijues have been adopted to relieve the throughput degradation
due to HOL blocking. They are swirch expansion and channel grouping. In the former
case the number of output ports M is greater than the number of japut ports N, Having
M > N improves the tiroughput performance by i;educing .the numiber of output conflicts.
An expansion factor of M/N = 8 is enough to increase the switch capacity above 0.9, In
channel grouping, the switch’s output ports are subdivided into groups of size R each and
packets address these groups, and not individual members. The allocation network does
hecome more complex with this scheme, but a capacity of over 0,9 is provided by a group
size of R = 32 [Pat63]. '

With outpur buffering, all queueing is done at the outputs of the switch with a
separate FIFO queue provided for each output, One can think of the switch fabric as
operating N times as fast as the inpuis and outpuis so that if k (k= 1, . . ., N) packeis |
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arrive in the same time slot on different inputs all addressed to the same output, all & can
be routed through the switching fabric and into the proper output queue within the same
time slot, Only one packet, iowever, can be transmitted on the output line in any timme siot;
the remaining k - 1 packets must wait in the FIFO output queue for transmission during
subsequent time slots. Note that with output buffering, unlike input buffering, arriving
packets do not interfere with packets going to different .outputs. It is only at each output
port that ome could find the unavoidable coumgestion cansed by multiple packets
simultanecusly afriving;pn different inputs addressed to the same output. I can be shown
that the delay versus throughput performance in output buffered switches is optimal since
the packet delay is only determined by the congestion for access to the same output link
{HluKar88].

A hybrid approach that can be taken is to provide the switch with both input and
output buffers. The inherent complexity of such a queueing arrangement (called inpuz-
output buffering) geneially requires implementations based on mmitistage self-routing

| structures. Two variants are possible : the first allows up to & packets to be switched to
each output queve during any particular time slot. Hers, the hardware required to
guaranteé the absence of external conflicts is substantially the same as in input quevad
architectures with channel grouping, and z speed-up of & can be achieved. The second
approach assumes that only input (and not output) 'queues can overflow. Here snitable
hardware has to be designed to signal eventual saturation of the output quenes back to the
input gueues, and cells that would otherwise have been discarded at output gueues will be
retained in the input queuncs for transmission during the next time slot. Results obtained
using this variant of input-cutput queveing have shown that switch capacity grows with
increasing ontput buffer size, thus lending support to the idea that a prescribed switch
vapacity can be obtained acting on the output buffer size, given a Speed-uﬁ compatible
with the selected archirecture and current technology [PatGia94a], [PatGia94b}. The
switches suggested by Lee [Lee90] and Pattavina {Pat91] employ this kind of buffering.
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2.4. Pricing in ATM Networks

While pricing policies exist for non real-time networks (datagram networks), as

well as for conventional public utilities networks (such as the telephone network) offering

a single QoS. ATM neiworks offering real-time capabilities with multiple gualities of

service are complex enough to warrant a new look at accounting in networks.

The main objectives of a network pricing policy would be to [ParFer92) :

allow the service provider to colleet revenue commensurate with the QoS provided to

the client;

allow clients to predetermine the ¢charges for the services they need;
discourage client actions that will decrease the efficiency of the network;
allow the policy mechanism to be implemented with minin;a; overl;tead, and

allow a simple relationship between the performance characteristics of the network and

the revenue derived from the network.
To meet these objectives, prices could b2 made sensitive to [ParKesFer92] :

the amount of resources that are reserved;
the number of cells used;

the duration of the connection;

the timg of the day;

the priority of the connection, and

the quality of service.

Based on the above factors, different pricing péfic:‘es can be elaborated. These

policies have two main aims : to generate revenue to the provider commensurate with the

services rendered and to have a fair nature (e.g. a user requiting a short session should not

i
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end up subsidising already connected users with longet sessions). However, it must be

mentioned that, in the final instance, the choice of pricing policy does .depend on what can
be observed. measured, and accounted for, and realisation of a, “'sing policy that wouid
be fair 1o all users is extremely hard to achieve. Bearing this in IniIl‘l'tr.»:.r '}hree different pricing

. schemes that have been suggested for cell-based networks are [ParKesFer92];
) : h e ."’J{

* per packe: pricing, which charges users only on the basis of the n;.imber of packets
 tha they send, regardless of the reﬁdered_QOS;

s ser-up pricing, which éharges users for connection establishment, after which users are
'chargléd either according“to the per packet pricing scheme or to a pricing scheme

which takes into account delivered Qo8S, and

e peak period pricing, in which users are charged extra for requesting connections at -

peak times of network operation,

Invoicing the users hased on a diﬁ'efe:_ltiated pricing policy has however been
~ shown to be more Pareﬁo-efﬁcient than a comi_.'\__ ) :' flat rate sc}m__n_né and, furthsrmore,
can encourage users tortbehave in a certain mesiner beneficial t(r :u;e sharing of scarce
resources in a network [CoceralOt]. Thus, the choice of pricing schemes in ATM

networks lies between set-{lp and peak period pricing,

Parris and Ferrari have put forward a peak period pricing poﬁc?‘in which the
pricing equation is given by [ParFer92]:

Total_Charge; = QoSi*t;*%tod; R

Here QoS; is the type of service required by the clent for channel 7, #; is the lifetime

of channel i, while rod; represents the period (time of day) factor associated with channel i,
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Itis sugmested that Qo¥; be made a weighted average of the client’ s requn'e-d
bandmdth bu*fers, CP’E} time reserved, and session delay :

QoS.-»:{x*resewed _bandwidth:+5reserved_buffersi+ "/
£

yrreserved_cpu_time: + & dulay: o (5

% The values af the coefficients o, B, ~ and & are chosen to reflect expected traffic

lozdis and scarcity of resources, as well as geueral econmaic and political conditions. 1t is

_remmarked that, if users are to be encouraged to chose an appropriate type of service suited

to their needs, negti?tiating the time and price of a service can be incorporated as part of

the existing guality of service negotiations.

It must be mentioned_that (4} can easily be extendéd to a set-up pricing scheme
simply by additively including the $ii-up cost of the ccnﬁectionlf‘his is precisciy the .

approach taken by Parris, Keshav and Ferrari who also suggest- that 2 user be
characterised by the triplet {QoS_ c'a.s‘s, chnnection ,,dumtson, availabte budfre&!%- during
the negnnauon process [ParKesFer92). As the time of the day .factor can be
multiplicatively incorporated in the QoS class, the only new thing that this ifriplet

Jintroduces compared to (4) is the gvailable budger parameter. At the end of the

negotiation, the netsork will respond with either an (Accept, Price} or Reject message.

| The authors report that usage of a peak-load pricing scheme spreads network utilisation

more evenly and raises reveriie, while simultancously reducing the .call blocking
probability. However, it is also concluded inat. for the same revenue generated, a set-up

pricing policy is better than peak-load pricing since the cail bloéking probability of
sessions is reduced. W



3. PROTOCOL DESIGN

The advent «f distributed multimedia systems such as client/server multimedia
applications, conferencing, screcn sharing, and virtwal desktops has meant that new
network and resource management techniques reed be elabosated (o deal with their
specific bandwidth and Qo¥. requirements in an integraied fashion [WooKos90}, [Rath91],

 [NahSte95]. One aspect of this trend has been the perfection of protocols for QoS

negotiation, reservation, and resource administration, The best known of these are Version
2 of the Internet Stream Protocol {Top90] and the Tenet Protocol Suite developed at the
University of California, Berkeley [Baneral94], while an Internet protocol stack based on
the Resource Reservation protocol [Zhaeral03] is currently being developed

We have dereloped a call-admission protocol that provides dynamic QoS
management of distributed multimediz. The main objectives of the protocol design were to
incorporate the influence of the user in the overall QoS framewark and to formulate QoS
managenient strategies providing for the negotiation amd dynamic administration of
multimedia sessions’ QoS, Once this has been accomplished, the extent to which a
multimedia session’s QoS, as perceived Iy a human rubject, can be sacrificed in order to

accommaodate 2 greater number of sessions, may be studied.

Separately, two other objectives were studied in our research, The first was the
influence that the usage of a pricing policy in conjunction with the developed call-
admission protocol has on congestion control and QoS negotiation. Accordingly, a pricing
scheme, closely linked to the implemented QoS management strategies. kas been
elaborated. The second was fhe construction of a protocol knowledge base which the

protocol cun dynamically consult in order to ubtain QoS managzment recommandaiions.
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3.1. Human QoS and Extended QoS-

Resei:rch has been done {Aptetal94], [Aptetal95a], [Apteral95b) §va!uating the
QoS from a new perspective which takes into account the role of the user in the
nerception of multimedia data. The exzstmc, QoS parameters, as spc»;hed in ATM
documents, have a ‘purely technical aspect, and we shall refer to them as technical QoS (it
could, for instance, be made up of bandwidth reyuired, peak cell rale, sustained cell rate,
cell Yoss ratio, cell ervor ratio, csll transfer delny, jitter, burst tolerance, end minirmum cell
rate) In the ahove-mentmned research it has been suggested to-enhance existing technical
. QoS parameters with human receptivity, generating a new Amnan QoS measure. Human
re;:eptivity is & terra (expressed as a percentage measure, with [00% indicating complete
user satisfaction with the multimedia data) that encompasses diverse aspeets of user
accaptancg' of a video messags, such as clarity and acceptabilivy of audio signals,
c’onginuity' of visual inessages, lip synchr011§§ati5n during speech, and the general

"

relationship between visual and auditory message components,

Research in our department has derived a set of human receptivity versus regulred

. bandwidth curves for a total of eight differemt categofiés of data resulting from a common

Video C‘las.ry:carmfz Scheme (VCS) [Apteral95b). These VCS curves were obtained on
the basis of the temporal nature ot the dats (i.e. its dynamic nature) as well as the
imporiance of the audiory and visual compenents of the video message. Vacious video
clips were .fhﬁs classified intn cight main categories as detailed in Table 2 overfeaf.

The result most relevant to cur research which has been ubtained has been that the
dependancy between huan QoS and  techmical QoS is - non-lincar [Aptetal95h].

Consequently, for certain iuman Qo8 ranges, a small variation in the human QoS deads to
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Category Nu:-her Video Information Temporal Natuve of Data
I Logo/Test Pattern Low
2 Snooker Low
3 Talk Show Low
4 Stond-up Comedy Low
5 Station Break High
6 Sporting Highlights High
7 Advertisements ; High
8 . Music Clip High
"Table 2 Voo Clasification Examgls LAPtri36)
a much larger relative variation of the technical QoS (vequired bandwidth being the main
~ measure of technical QoS). This in twe leads to an imteresting trade-off raising the
possibility of sacrificing a sinail armount of human QoS in return for the release of a much
Jarger relative amount of bandwidth (we shall refer to this feature as the asymprotic
| praperty of the VC%curves), which could then be potentially used by future multimedia
sessions, Moreover, m\\{CouemIQS} additional parameters (such as cornmitment required -
guaranteed or bea.t-effd\t delivery type - isochronous or workahead -, and session
pnonty} which could sewe as session management parameters are proposed
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We use human receptivity as the main criteria of user acceptable QoS, and the
afore-mentioned curves to obtain an indication of the bandwidih needed for the session.
Furthermore, if so wished, the user can also modify other QoS parameters; if not,

recommended values will be used,

Extended QoS
{Tecinicat Qo8 | THuman QoS | {Session Mamagement |
Figure ¥ Extended QoS Componuats

In our research we have investigated the incorporation of an extended QoS
coupled with a pricing policy in a call admission protocol for distributed nmltimedia over
ATM networks. The extended QoS is made up of technical QoS, human QoS and our
upgraded set of session management parameters (we have added the VCS scheme to the
parameters proposed in [Coueralﬁﬂ). This represents our vision of QoS ‘which we have

‘implemented in the design of the protocol.

3.2. Session Characterisation

The developed protocol distinguishes two main classes of multimedia traffic :
guaranteed and besreffort. Sessions having-the former characteristic are accepted only if
their desired CoS can b= gnaranteed throughout their duration; best-effort multimedia
sessions, on the other hand, express their desired QoS through a range bounded by
minimum and maximurmn desired valies. When accepted, the QoS of such sessions will
tluctuate between these two bounding values, although every effort will be maué'mby the
protocol to try and run these sessions at their maximum desired QoS, It is here that the
dynamic nature of the protocol comes into play in that best-cffost sessions’ QobB varies in

response to changes in network traffic and load,
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We use human receptivity as the main criteria of user acceptable QoS, and the
afore-mentioned curves to obtain an indication of the bandwidth needed for the session.
Furthermore, if so wished, the user can also modify other QoS parameters; if not,

recommended values will be used.

Extended QoS
[rccjmical QoS | |Human QoS | ISeﬁ&im Management |
Figure 7 Extendad QoS Conponents

In our research we have imvestigated the incorporation of an extended QoS
coupled with a pricing policy in a call admission protocol for distributed mnltimedia over
ATM networks, The extended QoS is made up of techatical QoS, human Qo3 and our
upgraded set of session management parameters (we have vdded the VCS scheme to the
parameters proposed in [Couera/95]). This represents our vision of QoS which we have

implemented in the design of the protocol.

3.2. Sessiﬁn Chazacterisation ' ¢

The developed protocol distinguishes two main classes of muitimedia traffic .
guaranteed and best-¢ffors. Sessions having the former characteristic are accepted only if
their desired QoS can be guaranteed throughout their duration; best-effort mmitimedia
sessions, on the other hand, express their desiréd QoS through a range bounded by
minimum and maximum desired values. When accepted, the QoS of such sessions will
fluctuate between these two bounding values, although every effort will be imade by the
protocol to try and run these sessions at their maximum degired QoS. It is here that the
dynarnic nature of the protocol comes into piéy in that best-effort sessions® QoS varies in

response to changes in network traffic and load.
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Accordingly, a multimedia session is characterised by its ;
s identifier number;
® type {(guaranteed or best-effort);

» desired QoS (espressed either as a singular value or as a range, according fo the

session’s type);

» current Qo3 level (expressed in terms of the corresponding bandwidth currently being

utilised by the session);

» priprity (a number between | and 5, with | being the highest and 5 the lowest prioxity

level);
o category (a nnmber beiween ! and 8 corresponding to the. respective VCS?,
e source and destination nodes,
» duration (expressed in seconds}, and

s available budget (when pricing constraints are enforced)

3.3. QoS Management Strategies

The QoS management strategies of the protocol consist of two components : ag
interval division str:;tegy and 8 QoS negotiotion strategy. Both strategies are closaly
linked to the requested QoS interval of best-eifort sessions, as specified by the Sessions’
minimim and maximum acceptable QoS. Thus, before the actual negotiation begins, the
protocol divides the requested QoS interval of an incoming best-effort session into five
adjacent sub-intervals with six corresponding interval bounds. The interval division
strategy gives a modality to obtain the sub-intervals, while the QoS negotiation strategy
specifies the number of levels a best-effort session must drop its QoS at each stage of the

negotiation process.
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There are two interval:division strategies, both based on the VCS curves.
Accordingly, if the first strategy zs used, the tequired QoS imerval is split into five equal
sub-intervals and the corresponding bandwidth values are obiained from the curve in
question. This strategy attefupts to exploit the asymptotic property of VCS curves : the .
maximum required QoS is successively decremented in equal amounts in the hope that the
corresponding reduction in bandwidth is, in relative terms, much largerj._ The second
strategy splits the QoS interval in three equal parts; it then splits the bandwiﬁth interval
(corresponding to the original QoS interval} also in three equal parts, :1 the five final
sub-intervals being the intersection of these six along the bandwidth axis. This is a hybrid
strategy which, while exploiting the asymptotic property of VCS curves (through the
equal division along the QoS axjs), also attempts to deal with any portions of the VCS

_ cutves that might not obey the asymptotic property (by dividing the bandwidth interval in

equal parts and thus avoiding the narrower bandwidth subintervals ther  1ld have been
obtained had the first bandwidth division strategy been used).

Let a QoS sub-interval be called “higher” than another i the first has a greater
upper bound. Bearing in mind that QoS. sub-intervals are disjoint in our case, we have
assumed all along the design of" QoS negotiation strategies that the number of QoS sub-
intervals is equal to the number of different session priofities. An intuitive explanation
behind this choice would be that we would desire that high-priority best-sffort sessions

-~ have iheir average QoS situated somewhere on the highest subinterval, that second highest

priority best-effort sessions have their average QoS situated on the second highest
subinterval, and so on, till lowest priority sessions have their average QoS sitnated on the
lowest QoS subinterval. Accordingly, the following principles guided us when we

formulated the QoS negotiation "'étrategies :

» only best-effort sessions are susceptible to having their maximum required QoS

reduced;

¢ the QoS negotiation strategies willbe multi-stage processes at the end of which ali

'béét--effort sessions are enarunteed to have reached their lowest required Qo
; su Q
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during each stage of 2 QoS uegotiation strategy, best;eﬂ'ort sessions will lower their
QoS according to their priority - thus, Jower-order priority best-effort sessions will
reduce their QoS before higher-order priority best-eifort sessions, and by 2 number of
QoS levels af least 55 great as the number by which higher-order priority sessions

reduce their current QoS;

as the protocol has to meet real-time requirements, it is desired for a QoS negotiation

strategy to have as few stages as possible;

consequently, if there is scope for a best-effort session to lower its desired QoS (ie.
the session has not reached its desired minivmm level yer), this will always be done at

an eardier rather than a later stage;

a best-effort session will reduce its QoS in steps wlﬁch are larger mtlally. but which in
subsequent stages will grow progressively smaller, till the lowest requested QoS level

is reached, and
the number of session prioﬁ‘ty and QoS lgvéls are equal.

~ Formally, a QoS negotiation strategy will be denoted by a sequence of l-uples,

where / is the number of session priority levels defined :

CTTR 2T 173 (!lfa,n_z;g,---,Ilfz) oo = {Rap P2y, 7pp) {6)

Here :

» each l-tuple represents a stage of the QoS negotiation strategy;
e nye N, OSny SLije N, 1Sigh15j%p;

o ny represents the number of QoS ievels that a session with priority /+1-f will drop at

a

stage j of the negotiation process: N

A

¢ p (the number of stages) is the least positive integer such that :

p
Yo, =1, Vi, 1gi! 0

J=1
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where / is the number of QoS levels - this ties in strongly with our strategy-design

- principles in that we have as few negotiations as possible but are guaranteed that, after
the last negotiation stage, all best-effort sessions have lowered thgir QoS to the
minimum level possible (4 session cannot lower .ité QoS by more than the available
ﬁumber of levels, I; furthermore, if a session is currently on QoS level m and
negotiations dictate that it should decrease its current level by » levels, the session will
simply switch to its lowest level if i -n <0);

o n; zngforj2kand m; >0, Vi, 1 €751 - this again conforms to our design strategy,
in that, within the same negotiation stage, it is sessions with lower priority that reduce
their QoS levels bv a greater amount;

¢ ny 2agforj2k Vi 1 £i<[- which, for any particular category of best-effort
sessions, amounis to a Coarser decrease in QoS levels i the initial stages of
negotiation, followed by refinements in the QoS-reduction level in subsequent stages -
moreover, this condition, caupled with the relation in (7), ensures that if a best-effort
session has, at any particular stage of the Qos negotiation, not reached its lowest level,
then that particular session’s QoS will belﬂdecreased af that stage;

e lastly, we mention the fact that, notwithstanding cur last strategy design principle, it
does not make sense for the total number of different priorities to be greater than the
total number of QoS levels - if this is the case, then the relation n; 2 ny (made two
points previoﬁsly) used with strict inequality, would ensure that, in any particular
negotiation stage, high priority best-effori sessions with priority immediately greater
than the number of QoS levels would only start decreasing their QoS levels after all
other lower-priority sessions have reached their lowest QoS, which is contzary to our
abjective of having a best-effort session always decrease its QoS level if there is scope

to do so.

Seven QoS negotiation straite_gies have been tested in the context of the protocol.
If the first strategy is used, the Jowest priority sessions drop their QoS by three levels; if
this does not resnlt in sufficient bandwidth being freed, then sessions with the next lowest

priority drop their QoS by three levels, and so on, till sessions with highest priority drop
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their current QoS by three levels in an effort to accommodate the pew session, From the
pooi of sessions bearing equal priority, it is those sessions that have been active the
longest that drop their QoS first. Furthermore, an incoming session will be accepted as
soon as enough bandwidth becomes available, irrespective of whé!her ot ot all sessions of
equal priority have, for the current negotiation stage, reduced their QoS. In the next stage
of the negotiation process, all sessions drop their QoS by two levels, in ascending order of
priority, as before, until either the new call is accepted, or rejected, in the case of which all
sessions have lowered their QoS to the minimum level (there are only six available QoS
levels so a reduction of five levels guar‘mtees that the lowest possible level has been

reached), Using formal notation. this approach will be referred to as (3,3,3,33) - =

(2,2,2,2,2). Using the same notation the other six strategies are :

o A
(1) (44444} - (1,1,1.1,1} : this is a slmﬂar strategy to the one just descr1be¢ thc only

difference being that the current one uses a much coarser QoS negotiation level

inisiatly;

{ii} (2,2,2,22) - (2,2,22,2) - (1,1,1,1,1) : this is a variant of th¢ previous strategy, in
which the initial negotiation stage has been broken down into two identical stages ;

(i)(Z,5,LL1)- (1,1,1L1) - (11,111} - (I;{E',I,I,I) - (L1.1,1,1) : thi§ is the finest- "

giained negotiation spproach, where, at each stage, each best-effort session reduces its
QoS by a single level: : .

(iv)(5,5,5,5,5) - this is the coarsest-grained appirdach, where best-effort sessions try to
free up as much bandwidth as possible by dropping their QoS to the minimum level in

one go;

™) (54,321} - (0,1,1,1,1} - (0,0,1,1,1} - (0.0.0,1,1) - (0,0,0,0,1) - this is a hybrid of the

previous fwo strategies, and

(vi}(3,3,3,2,2) - (22,2,1.1) - (0,0,0,1,1) - {0,0,0.4,1) : this is our only four stage QoS

negotiation strategy, in which lower-priority best effort sessions reduce their QoS
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avcording to the first strategy defined, while higher-priority (the top two pnoqli
levels) best-effort sessions use the only negotiation sequence possible for a four stdge

strategy.

In the context of traffic manugement of our protocol, we have also experimeni%ed
with a tuneable threshold for guarameed waffic. This threshold essentially reserves a
fraction of the total carvying capacity for guaranteed traffic, thus blocking access of hépt-
effort sessions to a portion of the bandwidth. Its usefulness would come into play wl:éien
traffic management requirements dictate that a certain fraction of overall scssions need to

run at their maximom requested QoS.
3.4. Protocol Description -

The protocol that has been developed by us sits atup the ATM Adaptation Layéf 3
{AALD3), the highest such layer in the ATM protocol refereni.e model. We do not use LAN
protocol enulation because ATM QoS parameters are hidde;i at this level, and are fmjﬁltly
accessible only at the AALS level, It rums in an ATM switching environment and has bﬂen
develo;:ed within the framewmk of the client-server paradigm. :i!

An ATM switching anvironmerit has been chosen because it is ideally suited for *he
multimedia client/server scenario, as it increases performance by facilitating LAl'lh
segmentasion, ATM switching aiso provides the scalable bandwidth (through the addition
of more switched ports) and flexibility needed for future growth, favouring perfomiancé
and technology migration, while ar the same rime preserving the considerable current
desktop investment. Furthermore, such an cnvironment is attractive from another
viewpoini, namely that i facilitates the creation and management of virfual LANs (a
Iogit.;.al group of users, independent of their physical location). Here, network
performance, security concerns as well as workgroup modifications can all be addressed
and managed by software rather than by actual hardwiring, resufting in much simplified

processes.

n
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Figure 8 Locatign of aur protocol in an ATM context

The iplmtocol relies heavily on the cenriralisation of complexii:j} and the distribution
of simplicity. As such, the client side interfaces and interacts ‘with the user and
communicates with the scrvér for the establishment of the final values of the raultimedia
session’s QoS parameters, If the session is accepted. the client then receives the

mulkimedia data and is responsible for its visualisation, -

The server side of the protocol, on the other hand, is responsible for session
management. To this end, it maintains a Network Information Base, a Session QoS Base

«md a Session Knowledge Base.

The Network Information Base holds information regarding the topology of the
network. As sucl it contains details regarding the number and types of switches and links,

as well as client and server workstations. Furthermore, it details the existing inter-



connections among the nodes pf the network. At any pargicular moseetit in time, the |

Network Information Base glso records information pertinent to the dynamic functi:ming
of the protecel. This'is comprised of current available bandwidth along each link, available
switch ports, as well as the current state (up or dowm) of links and switches in the

network. v ,

The Session QoS Base of a server contains' information concerning the
characterisiics of sessions (as given in Section 312) which are currehtly inter-acting With
the respective server. The Session QoS Base also cs. fains, in equivalent tabular form, the
VCS curves correspondmg to the eight caiegones of mukimedia data e:onsiﬁ‘e‘mfi i pur

research.

The Session .Knowiedge Base is buill on previous experience and contains

suggestions regarding protocol negotiation and pricing strategies, ag well as recoramendest

values for session QoS parameters, ali on the basis of wnn:h OoS negotiation with tie
client is handied. If this negotiatioa is su..c:r stul, the server then selects the appropriately
characterised multimedia data from its library of copies to the client. Furthermore, during
the session itself, the server can receive user interaction from the client side (requests such
as repeat, next/previous, stop,. activate screen aree, pull menus down) and acts

accordingly.

T

The protocol consists of three main parts :
o route estublishment,
o call admission, and

©  renegotiation.

Route establishment ancl call admission take place when deciding whether or noti¢o
adimit a new multimedia se¢ .on, whﬂe renegotiation is a process that takes place whena”
session currently being accommodatbd by the network finishes. (o

;1

A

54



Wh.,n a f 2w multimedia session must be dccommodated by the ATM network, the
protocol firstly tries to establish a route between the client and server nodes based on
Dijkstra’s Shortest Path Algorithm [Ban92]. Accordingly. the server consults its Network
Information: Base and apples the algorithin in order to find out the shortest route between
client and seyver, The distance metric used is tic number of hops between nodes. This
particular choice of metric ties in strongly with the pricing policy used (see Section 3.5,
below), where the session would pay a smaller start-up cost if less fixed Tesources (ports
and switches) are reserved for the session along its route. If the available capacity on a fink
is less than the seasmn s required bandwidth, that particular link is assigned (dy-amically)
#2 infinite welght t,thermse it has, by convention, a weight equal to 11n,’1ty The protocol
then tries to accommodat_\f: the new session, opplying the coll admission process along the
shortest route found beg:sreen the client and the server. Obviously, if there is no route

between the client and the server, the session is blocked from the start.

It must he meationed that we considered finding all routes between the client and
server vorkstations, ordering them according to increasing length, and then have the
prctocdl apply the call admission process successively on these routes; till eitlier the
session was admitted, c;r the protocol exhausted all routes. However, the process of
finding all routes between two nodes of a graph is NP-complete, as it contains the prg}::_lem
of ﬁndiilg the longest path between two vertices, which is known to be NP-complete
[GarJoh79]. Since the protocol will, in many cases, have to meet stringent real-time
requirements, finding 2'l rontes between the client and server workstations was thus not
considered 1o be a feasible solution. In contrast, Dijkstra’s shortest path algorithm is
polynomial [Baa92], being Ofn°) in the worst cese (1 is ‘b number of nodes in the graphy,

and can consequently be used in a real-time environmy nt.

The call admission process of the protocol determines if the session’s maximum
Qo8 can be provided for. If not, the protocol then consuits the Session QoS Base, and all
currently running best-effort QoS sessions (pus the incoming session, if it is also best-
effort) will drop their current QoS requiremens according to the multi-stage negotiation

strategy in use. If, at any stage of the negotiation. the best-effort sessions have dropped
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their QoS requirements sufﬁciently for the ﬁe,v; -session to be accepted  then thei Cd

negotiation stops and network. parameters are correspondingly updatad to reflect the newsl
situation (an extra session). Conversely, the session is blocked if the sﬂl. of tht‘ negotiation

process is reached and network resources cannot accommodate the new se§§10n.
L i : f‘ °
Lastly, when a session finishes, a process of Handwidth rencgquaf}ffn takes place. -
During this stage, the protocol again/consults the Session QoS B 3345 and attempts to
increase ‘the current QoS levels of best-effort sessions, prof’ iting from the relinguished
resources made available by the just-fnﬁs};éd session. At the end of tlis process, the

Session QoS Base is correspondingly updated.
3.5, Pricing

There are several reasons why pricing is difficult in networks, The first is that the
peiishable nature of the service offered by a computsr network makes it very difficalt to
manage. Bandwidth cannot be stored for later use. A cell in an ATM network occupies a
real-time slot and, if not filled with data, cannot be used at a later stage. If the cells canunt
be ‘sold’ in time, they are lost and the service does not run s fill capacity. If it were
possible to sell all cells, profits would be moximised and prices possibly dropped.
Secondly, the unpredictabilicy _ani:l burstiness of computer traffic makes the situation
diﬁ';:ult to manage. Whereas the service provider has a pre. table (ignoring down-time)
and steady supply of trahsport cells availahle on a link, the deniands of the users are highly
unpredictable and bursty, which make it very difficult to run the network at full capacity.
Lastly, an even greater problem is the service provider’s difficulty to meet QoS
requirements, while still trying to maximise the aumber of cells sold. This is especially so

in routers and switches, where large numbers of irafﬁc flows intersect [Smu94].

In our protocol, we follow the approach of Parrs, Keshav and Ferrari and
characterise a uscr by the triplet (QoS_class, connection_duration, available budget)
[ParKesFer92). If there are enough network resources to accommodate the session, the

network will respond with either an (Accept, Price) or Reject message. The Price
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parameter represents an estimate of the cost of the connection as computed by the

protocol; the call will be accepted if :
Price 5 ( I +ihr)* available_budget (%)

. Here dir is a tuneable threshold that can be modified according to traffic
requirements. If the cost of the connection exceeds the available budget, but is accepted,
then the duration of the connection will be proportionately reduced. If condition (3) is not
satisfied, then the call will be rejected. |

Strongly linked with the design of the protocol is the elaboration of a pricing
strategy for estimating the cost of multimedia sessions set up with the protocol, The
pricing strategy formulated by us is:

: bw_regd 1, bw_reqd . . .
= E ~ z oSt vl F
Cqst (m' e bw) [ﬂm avail b duration + Fixed_Cost 9)

In analogy with (4), the first term between brackets represents the QoS cost,
expressed as the fraction of the total bandwidth along the route from start to destination
node that the session’s required _bandwidth represents; the second term tries to model the
impact the getwork load (time of day in (4)) has on a new session, by expressing the
required bax;dwidm as a fraction of the available bandwidth along the session’s route,
while the duration term has the same significance in both (4) and (9). Lastly, the
Fixed_Cost component reflects leasing and maintenance costs of switch resources stch as

ports and buffers,

It must be mentioned that the pricing policy of (9) incorporates aspects of both
peak load pricing - through the second bracketed term in (9) - as well as set-up pricing -
through the Fixed Cost component. Thus, it attempts to combine the reported

{ParKesFerQZ}v benefits of both pricing schemes : an increase in revenue and better .

resource utilisation due to the effect of peak load pricing, coupled with a decrease in cali

blocking probability caused by the set-up pricing component.
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Since the bandwidth required by 2 sessigr ‘. determined by the minirum
bandwidih available on the Hnks along the route from «he session’s source to destination,
five price regimes (curves) ave distinguished which correspond to the five bandwidth
intervals which could possibly contain the minimura available bandwidth, The first four-of
these intervals correspond to the . . four baﬁc!width sub-intervals oltained through the
particular bandwidth division strategy in use, while the last interval represents the
complement of the first four relative to the bandwidth interval having as lower and upper
bounds, respectively, the minimum requested bandwidth of the session and the total
capacity of the link with the minimum available bandwidth. Remarking that, according to
the implemented QoS negotiation strategies, the required bandwidth (bw_reqd) parameter
of (9) does not vary continuously, bt discretely, taking a total of six differéxif :iraiues, each
of the pricing policy regimes also cori‘espond to the bandwidth currently being used by a
session, with the first regime corresponding to the two highest bandwidth levels required,
the secod regime corresponding to the third highest requested bandwidth and so on, up
to the last r.-;-gime which corresponds to the lowest requeste-’ii bandwidth of a session.
Thus, each regime is only defined for available bandwidths '. greater than the currently
requested one. Moreover, during the life-time of a session, the regime which gives the
session cost will vary dynamically in wune with the session’s required bandwidth. _

. - : - t
There are two ’Ifurther rematks which must be made as regards the choice of

pricing policy. The first is that the price paid for a particular reqliaestcd bandwidth (regime)
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decreases as more bandwidth becomes available on the links. This is evident from the
prizing equation of (9), where the price puid is inversely proporticnal to "the amount of

free baandwidth on the links. The second is that, for any given available link bandwidth, the

price paid along any particular regnnc is lower than that paid on the regime corresponding
to the immediately higher requested bandwidth. This 15 again evident from (9), where the
price paid is directly proportional to the bandwidth used by a session. Both remarks can

also be nbserved graphicaily in Figare 9,

“The pricing policy of (9) will now be stndied i more detail, Let us denote by:rég,-
= 1..6) the six requested bandwidth levels of the protocol. To do an analysis that is

mdepe*ldcnt of a session’s duration, it can be assumed without any loss of generality that )

ey

the calcﬂated price as well as the awaslablc budget of a aessxon are givep per unit of fime,
‘The pricing regime corresponding to each such requested bandw idth is tien given by :

v, L

‘ - req: | * * reqi _. a Na
Cost{i,avail_bw) = anb rotal bw} (ﬁ%avaﬂ_‘ P }3— leed_?:,glqs_\_t. {10}

since the start-up cost is independent of the duration of the call.

We are interested in the highest and lowest prices that could possibly be paid on a
regime, The highest cnsi_paid on a particular regime occurs when the available bandwidth

_ is the same across all links along a session’s route and equal 1o the requested bandwidth,

req;, for that regime. Ths, the highest cost puid on a regime is given by :

{ . {
. - req; « §T 7Y , -
Costi,avail _bw) nighose LE foral._ wa I\ﬂ% req, }1- Fixed _Cost (an
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decraases as more bandwidth becomes available on the links. This is evident from the
pricing eguation of (9), where ihe price paid is inversely proportional to the amount of
fmé bandwid:ﬁ rn the Iinks. The second is that, for any given available link bandwidth, the
price paid along any particalar regime is lower than that paid on the regime corresponding
to the Mdiatel)'. higher requestéd bandwidth, This is again evident from (9), where the
price paid is directly"-'pmporticnai.m the bandwidth used by a session. Both remarks can
also be obscrved graphically in Figure 9. R

) The pricing policy of (9) will now be studied in more detail. Let us denote by reg;
(i = 1..6) the six requested bandwidth levels of the protocol. To do an analysis that is
mdcpendeat of a session’s duration, it can be assumed without any loss of generality that

the calculated price as well as the available budget of a session are given per unit of time.

The pricing regime corresponding to each such requested bandwidth is then given by :

3

| req 3 req |
" ; - i & i .
Cost{i,avail_bw} (;zh rotal wa LZ il B J+ Fixed Cost {10)

since the start-up cost is independent of the duration of the cail.

We are interested in the highest and lowest prices that conld possibly be paid o a
‘regime. The highest cost paid on a particular regime occurs when the available bandwidth
is the same across all links along a session’s route and equai to the requested han:j_width,

req, for that regime. Thus, the highest cost paid on a regime is given by :

Cosi(i,avail_bw) ;,,-gm - (Z =% } (z = ]-i- Fixed _Cost (11)

i f0tal_bw ) \ i req;
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or, equivalently, . ter somne simple manipulation, by :

| 1
Cosi(i,avail_bw) pghes = (no_of _links)*(req;) { Z il g}:)-%— Fixed _Cost (12)
liks — .

where no_ of_iinks is the number of links (hops) along the session’s route

Since we are especially interested in the usage of a pricing policy o impleinsnt
congestion control, for the purposes of our analysis we shall assume that the maximum
available bandvridth on links can never be higher than regs (i.e. the highest bandwidth level
requested by a session). Thus, the lowest cost paid on a regime corf. Jjonding to reg:
occurs when a single link has an available bandwidth of *equy1. While all others have an
available bandwidth of regs, We must make the remark that this scenario is a limiting cree
one since the minimnm available bandwidth on the regime cdrresponding to reg; is always
strictly less than regi,.; and can only equal reg.; if limit behaviour is taken into
consideration {an actual minium available bandwidth of reqi.; would imply that the
session cost should be given by the regime correcponding to this bandwidth, and not by
the one corresponding to reg;). The lowest cost paid on a regime cog’}espondiug to reg; is

therefore given by : p

Iy
i

2 1 17
v tf ¥ wIT 3 b - td 2 y
Cost(i.avail_Pw)iwes (ref{f ) (E; roral_ b ) (}% il o )-i- Fixed  Cost (13)

which, bearing in mind the considerations siated above, becomes ;

: ) { 1 l inks —
Cost(i,avail_bwlimwes = (reqi) :RLZ g + Ho_of . links ~1 +

i FORAL bhw req;,, reg,

Fixed_Cost {14}

It is our intention to study the effect that the choice of bandwidth division scheme
(i.e. the form that reg; might actually take) has on the pricing policy. Thus, we will
examine comparative prices on two consecutive bandwidth regimes, To this end we are

interested in the difference between the lowest price paid on a regime with a higher

60

P,



41

bandwidsis and the highest pricé paid on the regime comming to the immediately

lower requested bandwidth. This difference is given by :

Cost(i+1,avaii_bW e ~ Cosii,avail_bwWlrignes =

e s 213
(P€Qi+1)2${z 1 ]al L +n0*af-_[mks lj-

s t0tal_bw ) \ req,,; redy
1
L Ay [ ——
(no_-g&_!m&s} (req;) (;,%mm!_f v] {15}

After factoring out common terms (15) becomes :

. N . 4 LT ,-,"::!:
( 1 (/) | req;, ‘“i.f"”
L% — bw) [(uo of _ links —1}* [reqﬁ - req, — req, (416,

Since the first multlphcatwe term of {16) is a pomzve number, the sign of the

el

dlffere Fe in (15) is given by the term between square brackets in (16) -
4

\ eq? -
v (no_of _links- 1)-*[':’;;‘ ~req, H L ] an

3 fedy,.,

We are now in a position to comment on the impact that the bandwidth division
strategy has on the pricing policy. If the expression given by (17) is a positive number,
then this would imply that all prices paid on the regime corresponding to a requested
bardwidth of regi.; are higher than the prices paid -on the regime corresponding o a
requested bandwidth of req;, thuz encouraging low-budget sessions to request less
bandwidth,

Conversely, if the bandwidth division strategy is such that the expression given by
(17) is a negative number. then the highest pr:ce paid cn the regime corresponding to a
requested bandwidth of reg; is higher than “the lowest price paid on the regime
corresponding to a requested handwidth of reqw... This highlights the strong effect that the
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loading factor has on the pricing policy in that a aess:on "even if it has, due to lack of
available bandwidth, dropped its bandwidth reqmrements, may atill have to pay a higher
price than if it were requesting a higher bandwidth (which caanot “Be granted becauss of
thz heayy network load). Consequently, the pricing policy is expscted to Smoqlth"“'out

peaks in m iwork utilisation by discriminating against sessions with a iow budget.
th :

2

3.6. Protocol Knewledge Base

A knowledge base is “a collection of simple facts and general m!es representing
some universe of discourse™ {Fro87, pp.3] and constitutes the cenﬂral component of
knowledge-based systems (or agenis). The g}ther component of %qpn systems is an
inference unit, on the basis of which the agent reaches its conclusions and provides
recommendations. It is now a generally accepted fact in the artificial intelligence (AI)
éomunity that the real power of knowledge-based agents comes from the knowledge
they possess rather than the particular inference sc_hemes and other formalisms that they
might employ. There has consequently been mnéh- work done on the application of
know_ledge—based systems ir various domains such as vision, learning, medical diagnosis,

general problem solving, and natural language understanding [RusNor95].

The designed protocol contains and can consuit a Session Kaowledge Base (SKB),
the main purpose of whick is to provide, if needed,l recommendations regarding QoS
negotiation and pricintT strategies according to curremt network configuration (topoiogy
and traffic load). Although the emphasis of the protocol design lies not in the SK«, the
decision to creatg the SKB bas been motivated by pragmatic considerations, in order o

provide a foundation for a practical implementation of the protocol.

Knowledge gathered through the protocol’s. “*mulstion is encoded in the SKB by

the way of production rules of the form :

ifC then A : (18)



-4 SR

where C is some condition which has to be satisfied by a multimedia sessicn in order for
“the rule to be applied and the action A taken. Furthermere, the information in the SKB can

be refined and added onto, as new knowledge becomes avatlable and is fed back.

Filialiy, it must be mentioned that knowledge-based systeras 'do have a big
disadvantage in their relatively slow executior: time. As the designed protocol has io meet
strict real-time requiren.ents, it was decided to overcome this drawback by insisting that
the siz of the created SKB be smali, holding no more than a hundred rules. The full

details regarding the construction and composition of the SKB are given in Chapter 5.

e
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4. PROTOCOL SIMULATION

Generally speaking, simulation is a technique thal reproduces actual events and
processes under test conditions., In computer simulation, a computer is used to
numerically evaluate a modei and collect data In order to estimate the model's true

characteristics [LawKel91],

4.1. Justification and Purposes

The advent of computational power has lead to computer simulation becoming an
increasingly important tool in the analysis of communication sysiems. This development
has further been spurred by an increase in both the number and complexity of existing

communication networks [LawMcc94].

Protocol performance was examined through sirmulation {this term shali henceforth
be used to actually denote compuier simulation). The justification for this is three-fold ;
firstly, through simulation it was possible to make general observations about the
effectiveness of our protocol in delivering QoS guarantees under conditions of statistical
multiplexing, with these observations constituting the foundation on which the protocol
knowledge base was built; secondly, simulation is highly usefil as it allows the fine tuning
and measurerent of protocol parameters, as well as the estimation and validation of
protocol peffonnance. within a reasonable time frame, and without special computational

tequirements; lastly, simulation methods remain the most flexible (compared with
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approaches involving, say, analytic methods or actual bardware im;i!ementation} for

examining node operation and pérfo’rmance under a variety of conditions [LawKel91].

4.2. Development and Methodology

W

Since simulation is essentially sofiware, for the purposes of simulation
development we have chosen to use the waterfall life cycle paradigm [SomS2]. Although
there are numerous variations in this model, five stages were actually considered by us :

& , _
requirements’ analysis and definision {here, for instance, the actual data to be gathered by

‘the simulation process was determined), design (the sumulation development

environments, the simulation blocks and their associared interfaces, as well as the type of
simutlation to be used were decided uﬁon at this stage), coding, testing, and integration
(here all simulation blocks were combined into one entity, the simulator). In the model

used in the simulation, reviews and testing are peﬂbmcd after each stage and, wnen faults_

are found, they are referred back to the requiremerhs’ analysis and definition stage to
determine the source of the fault. Thus, requi2ments were rechecked to ensure their

correcmess, then the design is checked, and so on, up to the very last stage, integration.

S

Requiremenis’
Analysis and

_L cbding -L '
Testing

Intepration

I

¥Figure 10 The waterfall model



SEMULATION
RESULTS

n@l&m‘ develuped for evaluatmg the demgned promcal consisis of:

* a proro:.o. pre-simulator block Much simulates the axtended QoS negotlanon
strategies implemented in the protocol _

v a network simulation block whish sinulates the network environment (ATM layer

* protocol, network topology and A\TM switches), and N

& a parameter evaluation block which takes a subset of the network simulation resulis
and builds the protocol SKB. | B
Pmtd}:ol performance was examined 1011 a tofal_:oﬁaight different topologies. These
topulogies wers obtained from two basic cnnﬁgtlrmions by varying the number of clients
(for our purposes, a client is a non-switched network component such. as a mainframe ér a
group of networked workstations) and the swm:h iypes. Accordingly, Topologles 1-4 and
5-8 use ATM swiiches wsth 2.5 Gigabits per second (Gbps) and 1\2 Gbps switching

Cl  =client
MMe=multimedia
=Y ‘i l_uz o ] Cln . MM Server |
L

Figurs 11 Topologias .4.5.8
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1 =cliemt ,
MM = rmultimedia

Cla]  [MMServeri]  [MM Server 2}

Flgaro 12 Topologies 23.5.6
capacities respectively; both switches have 236K outpui buffers. The number of clients
varies acqording to the switch and line types nsed. For example, if a 2.5 Gbps switch is
nsed and the lines have a 622 Mbus carrying capacity, there are four clients in the
configuration. Thus. there are 4 clients in Topologies 1 and 2 (622 Mbps lines) and 25 in
Topolegies 3 and 4 (100 Mbps Fast Ethernst lines); in Topologies 5 and 6 there are 8
clients (155 Mbps lines), while in 7 and 8 there are 12 clieits (100 Ml;ps Fast Ethsroet

lines).

An extremely congested scenario was simulated in order to test the limdiing
performance of the protocol. The video resolution of the multimedia sessions was assumed
to be 640*480 pixels - as opposed to the 160%120 pn.ls used in [Apteral95b] to obtain
the original 8 VCSs - thus resulting in much higher bandwidth requirements. The duration
of a multimedia session is taken from an exponential distribution with a mean of 1200
seconds, but is assumead to be at least 10 seconds and at most sn hour long, while the
starting time of new multimedia sossions was given by a Poisson distribution with rate

A = 0.4, A total of 1000 accepted sessions were simulated for each run of the simulation,

Finally, when the effect of pricing on user behaviour and petwork resource
wllocation was studied, it was decided to factor out the duration parameter in (4) and {9);
thus the available budget parameter used in the simulation represented the price per unit of
rime that the user was prepared to pay. Since, for any accepted multimedia session, the
negotiated bandwidth wifl be kess than the avaiiable bandwidth, the summation terms of (9)
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are all sub-unitary fractions. It was therefore decided to alss assume a sub-unitary set-up

cost for all the switch resources alung the session’s path.

4.3. Pre-Simulation

2

The entire pre-simulation process is event-diiven. Each event represents either the
stazt or < .apletion of 2 multimedia session. When a new multimedia session is created, it
is assigned an. identifier number. & type, priority, category, duration, an originating client
and destination server, as well as a minimum and maximum desired QoS. A minimum of
50% desired QoS has heen assurned for all sessions, while for guaranteed sessions only the
maximum desired QoS was taken into consideration. When pncmg concerns whare
simulated, a session was further characterised by its available budget. Al these
characteristics (except the duration) of a session are obtained through the use of % normai

random number generator.

After a multimedia session is created, the pre-sinulation program -ﬁrs;_\.‘ tries to
accommodate the session with its maximuni desired QoS. if this cannot be tiong", then a
process of QoS negotiation is entered into, If this negotiation is unsuccessfal, the blocked
sessions’ count is correspondingly increased. After the call admittance stage, the pre-
simulation clock is mc%m reflect the starting time of the next multimedia session.
The pre-sirulator then checks the completion times quene - the ounly 'vent...(‘\;ueue of the
program, ordered according to increasing completion time values - to see if any existing
muitimedia sessions have finished in the meantime, If this 18 the case, a process of QoS
renegotiation is entered into, during which network bandwidth is released. ABer all
completed events have thus been processed, the program terminating condition is tested. If
the conditira dod,!; not hold & new session is created, after which the whole admittance
process is mistmtéd: otherwise, all renmaining seséien éomplgtion evenis are processed, the

required reports are generated and the pre-simulation ends.
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Figure 13 Pre-Simtitation Flow Cleart

The pre-sixnuihtion block gathered statistics on the nuinber of best-cﬁ'ort. sessions
and of blocked calls, Furthermore, data on the average QoS . best-effori sessions was
reported - both globally as weil as on the basis of the sessions’ priot:ty. The average QoS
was expressed in two ways, as a percentage of both the session’s minimum and maximum
desired QoS. Lasily, the interface between the pre-simulation and the network simulation

blocks was accomptished through an ASCII text file generated by the former block. This

69



file was used as an external traffic input file to COMNET Il and conformed to a pre-
defined format accepted by COMNET II1.

4.4. ATM Network Simulation

The actual ATM network environmer: was simulated with the beip of the
COMNET Il simmiaticon package. COMNET IIT is a graphical, event-driven, object-
oriented simulator for networks ranging from simple LANs to enterprise-wide systerns.
COMNET III is integrated into a simple windowed package which performs all fonctions
of model design, model execution and presentation of results, To build a network
simulation model, the user inputs, via a graphical user interface, the topology of the
network (by connecting together node and link icons in the display window - see Figure
14 below), the workload placed on the network (this is specified through dialogue
windows obtained by double-clicking the workload icons attached to the appropriate
network nodes) and the protocols for scheduling applications and routing traffic (again

i
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Figure 14 Topolopy 5 - COMNET 1M madel
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specified ihrough dialogue windows obtained by double clicking the medel’s link icons).
Lastly, COMNET Il produces standard eutput reports from which the user can obtain an

estimate of the expected performance of theé real network,

CCMNET T was used in order to gather specific, ATM-related data about the

. s“ﬂecutmn of the designed protocol To this s end, the varxous simulate topologies and their
saramsters (link capacity, ATM switch buffer size), as well as the associated ATM .

transport protocol were speci™ d with the aid of COMNET {II's graphical user interface.
Although COMNEY T does not have ATM as an available library transport protocol, it

does have the capability to create one. Accordingly, ATM was defined as a transport |

protocol in which the maximum packst size and packet ovirhead are 48 and 5 bytes,
respectively, thus ensuring that the ATM cell and the COMNET III packet are

SYnORYNous. .

The actual workload of the network was given by an external iraffic filé generated
by the pre-simmlator, This file contained, in column form, the identifier, sta&ing time
(specified in seconds, relative to. the previous session’s 'stming tivne), destimation and
source hodes, along with the size (in bytes) of all accepted sessions. The traffic file formut
- field startmg positions, field lengths, what lnes of the ﬁle to 1gnore, the time units used,
as weil as whether the txme field of the file contained a‘tbsoh;te or relutive values - was
specified using COMNET III’s Traific File Configuration Form,

Finally, for eacl_i tested topology and QoS negetiation scenario, the COMNET Il

simulation gathered statistics on lik and buffer utilisation, as well as end-to-end session

delsy.
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5. SIMULATION RESULTS AND IMPLICATIONS

The pre-simulation stage of the protocol was coded in € and the progrmn rmona
SGI worl{statlon witha M.IPS W‘JOO processor, The C‘OMNET IIT simulation package set
up on a 486 DX2/66 machine vl 16 MB of memory was used for the realisation of the
ATM network simulation stage. For a particular negotiation strategy and topology, 10
iterations of both the pre-simuiation and the corresponding siomiation were run. All results
were then averaged out with a view towards eliminating simulation inconsistencies, Where
average QoS results are reported, they represent the average relative QoS (reported to the
maximum desired QoS) of best-effort sessions. Where results are given on an unitary
scale, it is to be assumed that the O - 100% interval has been scaled to the unit interval.
Lastly, although all our resnlts are regorted, we usually fllustrate them graphically with

findings only from a particuiar topology and negotiation scenario.
5.1. The Case for QoS Negotiation

In our research we have tried to satisfy two opposing desiderata : to accommodate
a session at an average QoS close to its maximal desired value and, at the same time, to
accept as many sessions as possible, To see the effect that QoS negotiation has on these
goals, three situations were firstly simulated : (i) the first was one where there was no QoS
negotiation (all sessions were of gnaranteed type); (i) the second was one in which there

was a traffic mix of both guaranteed and best-effori sessions with corresponding QoS



negotiation, and (iii) the last was one in which all sessions were best-effort and therefore

* subject to QoS negotiation.

Topology 1
1
1 .
2.8
871
m::’ os == Average QoS
0.2t
c.1 e
G5 GS+8ES  BLY
(S = Guaranteed Session
BES = Best-Etfort Sessjon
~ Figure 15 Effect of QoS Negotiation

The resuits obtained have shown that there is an interesting trade-off betWeéh the

sessions’ average QoS and their call blocking probability. Accordingly, when the traffic

consisted of only guaranteed sessions, although, as expected, the required maximal GoS
was always roet, the call blocking probability was unacceptably high (a figure slightly
above 50% in the majority of cases). When the traffic mix c%mprised both best-effort and
guaranteed sessions, although the sessions’ average QoS decreased (by roughly 25-30% in
all cases), there was a dramatic drop in the call blocking probability (by between 25-40%
in the rnajority of cases, which represents a relative decrease of roughly 50-80%). Finally,
when the traffic consisted of only best-effort sessions, the trade-off was further evinced by
a decline in both the sessions’ average QoS and cail blocking probability (a relative drop
of approximately 3-10% in the average QoS lead to a relative drop of between 15-23% in
the call blocking probability). These results are shown in Figure 15 for the particular case
of Topelogy | (the first VCS interval division strategy was used: there was also no traffic

threshold employed).

There are a few further interesting points to note here. The first is that, even in the
case where all the sessions’ QoS is negotiated, there still ave sessions that ave blocked due

to insutficient bandwidth being available, The second is that, in this same case, the average
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delivered QoS is quite close to the requested minimum (this is illustrated in Figur }6 for
the case of Topelogy 1, where the QoS is only 15% above the minirnum requésted).
Conseguently two further obsecvations arise - the first s that the protocol functions as
expected, getting close to the minimum requested QoS in an efiort to accommodate as
| many sessions as possible, whils the second, and more important, js that the relative
difference between the delivered QoS and its requested minitoum is greater than the cail
blocking probability, This shows the effectiveness of the negotiation strategies employed
in that the gain in QoS due to insufficient bandwidth is greater than the probability of a

~ session being blocked due to the same cause.

Finally, it must be mentioned that, all along our sirulations, there was no big
difference, in absolute terms, between the protocol’s performance (average delivered QoS
and call blocking probability) in the cases where only best-effort sessions were allowed
and where both best-effort and guaranteed sessions constituted the traffic mix. Thus, if
traffic management requirements dictate that some sessions must be run with maximam
desired QoS, then this situation can be accommodated with negligible performance impact
(a slight increase in both the QoS as well as the call blocking probability).“

5.2. The Effect of A Traffic Threshold
Two scenarios were simulated for all topolagies and associated negotiation

strategies @ with and without a traffic threshotd ¢ for guaranteed traffic. When such a -
threshold was in fact used. the actual chosen value was 30%.
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Figure 17 Topoiogy 2 va. & : Nuaber of Best-Effore Sessions
‘Our sinmilation results show that, on average, the imposition of this threchoid
results in denying access to an average of 15% Cg)r roughly balf the threshold value) of
best-effort sessions that would otherwme ba:re ‘neen accepted had the threshold not been
enforced. Thus, use of such a threshold would ensure that a rﬁmmm percentagg of traffic
(say n%) would run at 180% desired QoS, prov:ded that the wrre§pondmg decreasc of

ol ——% in the number of hest-effort sessions is consistent with cverall traffic
Y3

requirements.

Conversely, if use of such a teaffic threshold is in place and an increase of m% in
the number of best-effort sessions is required, then the traffic threshold should be reduced
by 2m%. Although the cost of implementing such a policy can be seen in the higher
number of overall blocked calls (both best-effort and guaranteed), the difference in link

utiiisation hetween the two policies is negligible.

5.3. Bandwidth Division Strategies
-

A

Two bandwidth division strategies were simulated in order to see which one took
better advantage ofthe asymptctic performance of VCS curves. The first, simpler,
strategy just divided the requested QoS interval into five sub-intervals of equal size and
took the corresponding sub-intervels on the bandwidth axis. The second strategy involved
dividing both the requested QoS and the cetresponding requested bandwidth intervals into
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three sub-intervals of equal size, and then taking the intersection of these sub-intervals
along the bandwidth axis to obtain the final five sub-intervals on the basis of which Qo3
negotiation is handled. This iatter strategy is more complex and will be referred to as the

axis-adaptive strategy.

IR Mor-Pdapiives Siralmyy (ta0.3)
ol Attty Siretegy (tn0.3)

. —tp—Hon-Adsptive Susiecy (1s0)
I || =l e ddzptive Strategy (ta0)

Stl’ai Sh'at Strat Sﬂ'ﬂt Sfl‘at Stﬂit Shrat
7

Averags Relative 0*3
QoS

'l'opnlogy i

Figure #{“Randwidth Division Choice

Although, on average, usage of an axis-adaptive bandwidth division does result in
‘better relative (to the maximum desired) Qof being delivered to sessions, the
improvemenf géjned is not significant, being in the ‘tsrder of at most 5 percentage points.
These results have been obtained irrespective of the simulated topologies and the usage of
a traffm._-l}t:bxesh(’j‘ld for guaranteed traffic (see Figure 18 for an example} and indicate that
the extré‘i":‘complexity involved in the adaptive scheme does not take significantly better
advaﬁtage of the asymptotic property of the VCS curves. Thus, if the protocol
management goal is to obtain good average QoS results fairly fast, then the sitmpler, non-
adaptive bandwidth division scheme should be used instead. |

5.4. Choice of QoS Negotiation Strategies
Qur simulation results show that, even though we have an extremely congested
scenario (in terms of flow, bandwidth available on links, as well as session-call frequency),

the protocol ensures an average QoS for its best-effort se-sions above 66% in all cases
and above 70% in 92.8% of cases - firespective of the bandwidth division and QoS
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~ negotiation strategies employed and the topology used. Furthermore, for any particular
(topology, bandwidth division, Mc threshold} triplet employed, the seven Qo3
negotiation strategies offer remarkably similar average QoS, the maximum difference in
delivered QoS between best and worst strategies being at most 8.4% (for Topology 2 with
an adaptive bandwidth division scheme and no traffic threshold) and in most cases being
less than 4%.

Tims, there is a shift in emphasis from secking a strategy which delivers best
average QoS to looking for a strutegy that delivers a bettar-than-average QoS fast. Ta this
end, two approaches were pursued : firstly, in order to better appreciate the complexity
associated with each QoS negotiation strategy, complexity points were awarded to each
scheme according to how many st2ges it comprised (one point for each stage), while,
within the negotiation stage itself, poinis were awarded on the basis of how many non-

zero elements the respective 5-tuple contained. The results are shown in Figure 19.

WStrategy 1
XStratagy 2
W Stratagy 3] ;
JIStrateny 4
M Strategy 5

QoS Reduction Strateglas - Osteategy 6
Complexity WStrateny 7

Figure 19 Qof Negotistion Strategies - Complexity Classtfication i

Sgcondly, what was done was that, for each (topology, bandwidth division, traffic
threshold) triplet, integer weights between 1 and 7 were cofrespondingly assigned to the
QoS negotiation strategies in order of increasing delivered average QoS. Tie strategies’
weights were then added across all possible scenarios and the results averaged out (Figure

20).
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Figure 20 (o Negotistion Stexezgies - QoS Classification

From the above figure, 1t can be seen that, although usage of the ﬁiwst—grained
negotiation policy (Strategy 4) does ensure the highest average QoS for best-effort
sessions, this must be put in perspective considering the extra time overhead incurred by
the negotiation process. On the other hand, usage of the coarsest-grained - and fastest -
negotiation policy (Strategy 5) yields an average QoS which overall places 'it in the median
position among QoS negofiation strategies. Therefore, if time is of the essence, this policy
can be relied upon to quickly provide a median-valued Qo8 for its best-efiort sessions,
which. taking into account the usually smalt difference between maximal and minimal QoS
delivered by the negotiation strategies, is a totally acceptable compromise.

Lastly, two more observations arise for strategies having equal complexity : from
the fact that Strategy 2 delivers better avéfage QoS than Strategy 1, with both having the
same number of stages and complexity points, & wounld seem that better approach to
follow would be to have a drastic reduction in QoS in the first stage followed by a finer
reduction in later stages, rather than a more balanced reduction across the negotiation
stages; aiso, itom the fact that S'trategy 3 delivers better (second-best overall, in fact)
average QoS than Strategy 7, alihough they both have the same number of complexity
points, the conclusion to be drawn would be that a batter QoS negotiation strategy would
have as few non-zero elements in any 5-tuple of its negotiation stages as possible - this
concli;s'&on is also borne out by the fact that the only simulated strategies having zero

78



elements in their S-tuple - Strategies » and 7 - are located fith and last in the overall

classification of average delivered QoS.

5.5. Effect of Session Priority on QoS

The &nplemented QoS negotiation sirategies attempt to favour.higher priority best-
effort sessions in two ways : firstly, by insisting that, within the same stage, lower priority
sessions reduce their QoS before higher priority sessions, and secondly, by having lower
priority sessions reduce their QoS by a greater humber of QoS levels than higher priority

sessions, again within the same stage of a QoS negotiation strategy. Of course, priority

plays no part in guaranteed sessions’ QoS, as their QoS is never negotiated and ensured of

being the maximum desired.

Our expectations have been confirmed by our results. Thus, across all topologies
| and bandwidth division strategics, all the seven QoS negotiatiofi strategiés lead to a direct
pmportionél dependency between a best-effort session’s priovity and its delivered QoS
(see Figure 21), with sessions of highest _ brity boasting an average delivered QoS of
above §6% (of the requested maximum) in all cases, while, at the opposite end, lowest-
priority sessions have a delivered QoS which can sink as low as 58% of their requested
maximum. Bearing in mind that a session’s miniimum desired QoS is, in absolute terms,
always above 50%, this means that lowest-priority sessions are almost constahtly on their
lowest desired QoS levels.

1 4

0.9+ [==E 0 Priority 1
. I Friovity 2

Average Relative 02 | B C=1Fricrity 3
Qo8 074§ SN Priority 4
8 [=——IPrlerity 5

0.6 ; ~—i-— Average
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Thers is also a strong dependency between the standard deviation of the QoS
delivered by a strategy and how fine-grained the strategy actually is. It is to be expected
that the more coarser (j,c. having a greater nunber of stages and/or a greater reduction in
the QoS levels within a stage) a negotiation strategy is, the higher the standard deviation
of the delivered QoS. Thus, the coarsest-grained strategy, Strategy 5, aiways has the
highest QoS standard deviation and inl_g_’ﬁably its lowest-priority sessiors have a lowest
average QoS, while the f'mest-graingf"'stmtegy, Strategy 4, always has the lowsst QoS
standard de\}iation. These results arg: shown in Table 3 for the first simulated scepario of
Topology 3 (a traffic threshold of 0.3 and the first bandwidth division scheme were nsed)
which will now be analysed. The standard deviation calculated is the "sample” standard
deviation, that iz it is no_mmlise_d by n-1, where n is the sequence length.

Sirategy QeS Standard Deviation
0.1163
0.1300
0.1184
a.010

- 0.1618
0.1287
0.1290

=3 o] Ur| da] TR DI e

Table 3 208 Standard Deviotion - Topology 3

The coarseness’ effect of the Qob negoiiation strategy can also be seen when
studying strategies having an equai number of stages. Strategies 1 and 2 have the same
number of stages. the only difference between them being that, in the first stage of
Strategy 1, all best-effort sessions drop their QoS by 3 levels, whereas in Strategy 2, they
drop their QoS by 4 levels, As expccted, the more drastic {coarse) strategy, Strategy 2,

delivers an average QoS with a higher standard deviation.
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The effect that the number of stages of a QoS negotiation strategy has on the
standard deviation of the deliv....d QoS can aiso be seen in a comparison between
Strategies 2 and 3. Strategy 3 can ﬁe considered as being derived from Strategy 2, with
the only difference being that the first stage of Strategy 2 is split in two identical stages in
Strategy 3. Again, the finer-grained Strategy, Strategy 3, delivers an average QoS with a

lower standard deviation.

We now examine the i~"luence the priority of a session has (via the QoS reduction
size within the same stage of & strategy), on the delivered QoS of sessions. To this end, it
is interesting to compare besi-effort sessions having the topmost two priority levels in
Strategies 6 and 7. In both stratégies, lower priority sessions are always reduced by
amounts strictly greater than those by which sessions of the topmost two priority levels
are reduced. The only difference as far as the QoS negotiation goes is that Strategy 6 is
tiner grained, sinc.e highest priority sessions take the maximum number of stages (five) to
get to their lowest QoS level Both strategies deliver almost identical average QoS but
Strategy 6 gives higher QoS for its two topmost priority levels than Strategy 7 does,
showing the influence that even a slight bias in negotiation strategy towards sessiohs of a

particular priority has on those sessions’ QoS.

It is to be remarked that although best-effort sessions of second highest priority
have the same pegotiation sequence in both Strategies 6 and 7, their average delivered
208 is higher in Strategy 6. This is most probohly due to first stage of Strategy 6 which is
much more hef}vily biased against lower priority stages than the first stage of Strategy 7 is.
Thus, although Strategry 6 has more stages than Strategy 7 and consequently a lower QoS
standzrd deviation, its initial bias in favour of higher priority sessions results in a higher
delivered QoS of those sessions. Hence, for the same QoS negotiation sequence of best-
effort sessions of a particular category, an initied strong bias in their favour results in

higher delivered average QoS.
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5.6. Impact of Link Bandwidth on Protocol Performance

&

The effect of a reduction in link bandwidth on protocol performance was also
analysed. As expected, there was a decrease in the ai}'erage QoS coupled with an increase
in the call blocking probability when link bandwidth is reduced.
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Figare 22 Topologies § vs. 4 : Average QoS

What is noteworthy, hOWever, is the fact that the reIatwe decrease in delivered
QoS is far less than the relaxwe increase in the call blocking probahlhty In all cases, the
Qo8 never decreased by above 8%, while the increase in call blocking probability was, in
many cases, roughly two-fold. These results are illustrated in Figures 22 and 23, for the
case of a reduction in link bandwidth from 655 Mbps (Topology' 1y to 100 Mbps

350
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Figure 23 Tupalogics | vu. 4 B!ecked Calls
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(Topology 4) and can be explained by the fact that, at any stage in time after the “warﬂfl
up” period of the simulation, the number of sessions currently active in the network is

- greater when the link bandwidth is higher (a fact also confirmed by the lower call blocking

probability in this case). Thus, there is a better chance that more bandwidth will be freed in
tlie negotiation process by best-effort sessions and that an incoming session will (a) be

accommodated and (b) have a higher QoS.
5.7. Protocol Impact on Link Utilisation
For each type simulated topology, link utilisation was measured using COMNET

II1. This was done with the purpose of appreciating how well the protocol uses the

available network resources - in this case link, bandwidth.
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Flgure 24 Tepology & - Link Utilisation

The average link utilisation resulis show that links are never used to their full
capacity; the maximum percentage of link bandwidth that is always completely used,
although it varies according to the line type employed and the specific topology in which it
is utilised (see Figures 24 and 25 for examples), is always above 87.4% (measured from
the time that a first blocked call occurs) and above 90% in 95.9% of all simulated cases.
Such consistently high utilisation of links indicate that the negotiation strategies of the

prowocal do an efficient job of bandwidth utilisation.
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The fact that link utilisation never reuches 100 % can be attributed to sessions
being blocked because the spare capacity is below their minimum required. Thus, if a best-
effort session is biocked and the (ink wtilisation is above the simulated average for the

particuiar situation, what could be done in order to increase link utilisation would be to

1+
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Figare 25 Topolegy § : Link Utifisation
decrease the sessions’ bandwidth needs by having it, for instance, reduce a combination of
its video resolution, colour depth and audic bit sampling rate, untl enough bandwidth

becoines availat fe to accommodate the segsion’s initial requirements.

Lastly, ihere is & good correlation between link utilisation and average delivered
QoS (e.g. 0.7178 and 0.8193 in the first scenarios of Topologies 5 and 8, respectively) -
this is to be expected since our measure of the fechnical component of QoS is required
bandwidth,

5.8. Pricing
The effect that introducing the pricing policy of (%) into the overall QoS
negotiation framework is now studied. While the network uses the designed protocod to

povide QoS guarantees, pricing is used as a means of influencing session behaviour and

resource allocation.
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The parameters of multimedia sessions’ arrival time and duration are identical to
those used in all our previous simulations. From the sessions’. point of view, the only
difference is that they are now allocated an available budget. Accordingly, a session is
now characierised by the triplet (QoS_elass, connection_duration, available_budget). L

For simplicity's sake, in simulations wé have assumed that the available budget of a
session represents the price per unit of time that the session can afford to pay. To this end,
A session’s available budget is obtained from an exponential distribution with mean § = 1.
This is in contrast to the analysis done in [ParFer92} where it is assumed that user weaith
is bimodally distributed (i.¢. takes one out of only two possibie values).

The exponential distribution was selected to generate a session’s budget becatise it
closely emulates the inversely proportional relationship between a budget’s size and the
number of sessions that can afford that budget. The ﬁxﬂi, start~up cost of a connection
was set equal to: B

no_,oﬁ_switches ¥ port_cost + buffer_cost} {19)

where no_of _switches represents the number of switches along the session’s route and the

port_cost and buffer_cost parameters represent the cost of leasing a switch’s port and part |

of its overall buffering capacity, respectively. Since all of the terms involved in the variabie
part of (9) involve sub-unitary values, the port_cost was set gqual to 0.25, while the
buffer_cost was set equal to 013 wo_ of _ ports® where no_of_ports is the switch’s total
number of ports. These considerations have also motivated our choice of mean for the
exponential distribation which generated the sessions’ budgets. The point must bz made
that our choice of simulation jarameter values was made not in order to reflect any
current or futwre market situation, but rather to illustrare the pricing policy with

quantitative examples.
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We aim to study the following questions ; How does the implemented pricing
scheme affect the call blocking probability and network link utilisation? OF the total
number of blocked cafls, what percentage is given by calls blocked by budgetary
constraints? How does introduction of the pricing scheme affect the QoS delivered by the

designed protocol? How does the pricing policy discriminate against users?

The combined effect of the designed protocol and pricing policy was simulated
with respect to Topology 7. In all QoS negotiation strategics the first bandwidth division
scheme was used as it is simpler to implement {its complexity is not under scrutiny here)
and no threshold for guaranteed traffic employed (we are only interested in calls blocked
by budgetary constraints, not in those blocked by traffic-mix considerations). The zhr
parameter of (8) had a value of 0.3 in all simulaied cases. Our results are given below.

No Pricing Policy Implemented Pricing Poliey Iu Usa
Strategy | Average | Link Blocked | Average Tink | Dlocked | Budget
Delivered | Utilisation Calls Delivered | Utilisation Calls Blocked
QoS QoS Calls
i D.7686368 | 0.0367 1363 | O.6899032 | 0.8364 | 4326 | 3719
3 07601892 | 0.9673 1945 | 0.8991470 | 0.8402 | 4673 | 3899
3 0.7195094 | 0.9219 1231 | 08614176 | 08732 | 424 | 3565
) 07828773 | 0054z | 1232 | 08908342 | 08452 | 4335 | 3723
5 T0.7310973 | 09532 1301 | 0.8773146 | 0.8336 | 4332 | 3827
6 | 07815366 | 09235 1220 | G.8960547 | 0.8371 4384 | 3198
7 | 07588326 | 09373 996 | 0.8836708 | 0.8382 | 4302 | 3833

Teble 4 Pricing Policy Bffect - Topolopy 7

The most noteworthy result obtained is the over three-fold increase in the number
of blocked calls, independently of what QoS negotiation strategies have been employed.
This increase is due to the pricing policy’s discrimination against sessions with a low
budget, a fact further reflected by the high proportion of sessions blocked dune to

budgetary constraints, Thus, in all simulated cases, this proportion represents at lzast 83%
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of the total numgbeij of hlocked sessions, and the figure can go vp to 89% as is the éase
wigli Strategy 7._| On the other ﬁand, sessions that are blocked purely because of network
conBtraints ie. J.ack of bﬁndwi;éith) experience & drastic reduction in numbers to roughly
half the values einbounte.‘fed (tl:‘.:w average decrease is 54.44%, but it can be as high as
63 .95%) when n¢ pricing policy; was enforced. This fact is of course made possible by the
greater availability of bandwidth that a pricing scherne introduces,

© The greater b'mdwzdth available to sessions when a pricing policy is in pl.m:e means
thal the besf xfort sessions will be able to run at QoS levels closer to their. maxmmm,
des:red ones. This i I illustrated by the increase in delivered average QoS experiencry by
best-effort sessions with budgets big enough for them to be accommodated. Tles increase
is again experienced frrespective of the QoS negotiation strategy used and coznes at the
expense of poorer seskions who are blocked because they cannot aiford to pay the price
chal;ged by the network pricing policy for their requested QoS. What must furthermore be
mentioned is that, in the context of our protocoi, where the variations in delivered average
Qo8 are small across: all simulated scenarios, the average absolute increase of 12.9%
represents a very good result, especially if it is put into perspective by noting the fact that
the margin for irnprovement of best-effort mﬁsious’ QoS was, on average, only 24.2%.
Thus, most accepted hest-effort sessions take advantage of a pricing policy to increase

their Qo8 by an amount representing more than 50% of the maximum possibie.
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The pricing policy affects link utmsatmn in two ways. Firstly, the greater cail
blocking probability means, that at any instant in time, there are fewer nultimedia sessions
on the network, so link utilisation should go down. Secondly, the fact that there are fewer

multimedia sessions means that there is more bandwidth avallahle on the network, and

consequently unproved chances that a session should mun closer to its desired maximum ((

QoS. Thus, link utilisation should increase because of this facter. Since there is an across -

the board decrease in link utilisation when the pricing policy is introduced, tis indicates
that the' dominating tendency is the first one emwmerated. Thus, although best-effort
sessions hdve a. much better delivered average QoS and consequently use up
correspondingly increased amounts of bandwidth, there is stifl bandwidth available on the
system that could have been used by other sessions had they afforded to pay for it.

5.9. The Session Knowledge Base

All our mawr results have been incorporated in the protoéol SKB. This is a rule-
based. "jétem and comprises three main categories of rules : the first deals with traffic
mag.agemnt principles, the second with bandwidth d1\'1310n strategies, while the last is
concemed with QoS negottatmn strategies.

In the construction of the SKB it has heén presumed that the sessions can further
be characterised by a measure of how fast their required response time is. Thus, sessions
were divided into two groups : those needing a fast response time, and thes.e requiring an
ordinary response tirme. For our purposes, a response time is considered to be fast if the
rultimedia server’s response time is between 200 and 300:ms, and the overalf end t3-ens
delay experienced by the session is under 3s. Sessions which are not bound by these

constraints are considered to require an ordinary response time.
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The following mles are thus far contaiqed in the protocol SKB :
Traffic Ma;nagement Rules |
1. If eruffic_threshold > O and increase(best_gjfort_sessions,m%) then
tmﬂ‘z’c,_th;eshaki = traffic_threshold - minimum( tm}ﬁ'c_;_ﬂ'zreshold,z*m)
2.Xf traffic_threshold < 1.0 and increase(guaranteed_sessions,n%) then
 traffic_threshold = maximum{ 1.0, iraffic_threshold+2%n)

Here, we have denoted by increase(session_type, x%) the request to increase the
number of sessions of the specified type which are cirrently running in the network by
x%, while minimumia,b} and maximum{a,b) return the minimmm and mavimum,

respectively, of the two numbers a and b.
Bandwidih Divis;on Rules
1. If Session_jis_Fast then
use first bandwidth division scheme
2. If Not(Session_is_Fast} then
use axis adaptive bandwidth division scheme

The Session_is_Fast predizate returns true if the session vnder consideration is

deemed to require 2 fust response time, and false otherwise,
QoS Negotiation Rules

Since one of the main objectives of the protocel is to provide multimedia sessions

..‘with 2 high average QoS, what was firstly decided upon when building this set of rules

was, for each sitwlated topology, to only consider the strategies which provide the to;‘}"'

five average QoS for their best effort sessions, This choice also provides a nice one-to-
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one cumspond}}nce between the number of avai}ahle strategies and sessions’ priority,
so that sessi_og?fé with the highest priority use the best strategy, sessions with second
highest pmsjty use the second best strategy, and 5o on, up to lowest-priority sessions
which make use of the fifth best FloS-provisioning strategy.

o

What was furtker decided was to diﬁért_mtiate between topologies that have been
simufated and those that have not. Accordingly, for simulated topologies, if a sess;_'\p
was deemed to be fast, then the strategies’ QoS-delivery performance was mdderal.;eld
by their complexity. Thus, for any simulated scenario, the five best (JoS strategies

were ranked according to how high they scored on the following performarie index :

delivered_ QoS
best_ QoS * complexity

whexe delivered_QoS is the average QoS delivered by the strategy in question, :

best QoS is the highest QoS delivered for the particular network scenario and
complexity represents the strategy’s complexity points, as given by Figure 19. For
each simuiated scenario, the strategy ranking has been compiled and the results stored
into tables which can be consulted by the protocol Sessions then use the strategy that
¢orresponds to their respective priorities, as has been explained. If the sessi%m is not
deemed to be fast, then the sassion uses the étrategy tanking table which has been

obtained without being moderated by strategies” complexity.

Finally, if the protocol is running on a topology other that tire ones which have
been simulated, the overall average QoS results given by Figure 20 are used. The same
principles used for simulated topologies guide us in our choice of strategies. Thus,
Strategies 1 and 7 are not considered because they deliver the lowest QoS. If a session

-is deemed to be fast, then the strategies’ ranking is also given by {203, but

delivered_Qof now represents the number of GoS points of the strategy (taken from
Figure 20), best_QoS represents the maximum number of QoS points provided by any

strategy (this is Strategy 4 with 163 points), while complexity has the same meaning as
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Strategy QoS Points Camplesity Periormance Rank
Foints Index
2 124 12 006329 2
E 137 18 0.04669 3
4 163 30 003302 5
5 127 6 0.12086 1
3 126 20 GBS &
Toble § Overnil Strategy Ranking J

before, being the respective strategy’s number of complexity point'.;. The strategy
classification thus obtained is given in Table 5, The following rules can now be

formulated for this case :

1. If Session_Priority = 1 and Session_is_Fast then

"

use Strategy 5

2. If Session_Priority = | and Session_is_Fast then

use Stl'ategj,{ 2

3. If Session_Priority = 1 and Session_is_Fast then

use Stratugy 3

4. I Session_Priority =1 and Session_is_Fast then

use St;ategy 8

5. If Session_Privrity = 1 and Session_is_Fast thent

vse Straegy 4

Lastly, if a session is not deemed to be fast, then it uses the strategy ranking

obtained without taking into account the strategy’s complexity. The protocol then consults
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this sanking #nd allocates the stratcgy which corrssponds in rank to the session’s priority,

[

; as before.

The protocol can, if required, consult the SKB daring execut'mn o improve
- performance. The uaffic rrmnagemc:ﬂ res can be used by a human agent, or by an
intelligent promm, both of which ca\ dynamicatly advzse on desiraple traffic mixes. The
bandwidth division and QoS negotmtmn strategies ruides are used by the protocol on a
l{' —sessmn basi§ in order to dellver the bes,t passnblc QoS. taking into account the

SSSQIOII 3 time constraings.
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6. CONCLUSIONS

We have presented the design of an ATM call adniission protocol for multimedia
which incorporates human QoS. The main idea behind our researci has been to study the
extent to which human QoS can be sacrificed in order to accommodate a greater number
of sessions iz o distributed meltimedia environment. Eight different topologies were
studicd. For each topology, a combination of seven QoS negotiation strategies, coupled

with two different bandwidth division schemes were simmiated,

There are two main results that we have obtained. The first is that there is indeed
the case for negotiation of human QoS in order to accept a greaier number of sessions -
the losy of average 708 due to negotiations is more than cempensaved for by a signifizant
drop of the call blocking probability. The second is that, even when dealing with an
excessively congested scenario, the protocol delivers an average QoS which is situated in
a fufrly narrow range (between 66% and 82% in all cases and between 70% and 82% in
propoition of 92.8% of cases). This indicates that protocol performance scales reasonably
well and is nut significantly affected by the topology over which it is applied {the protocol
delivers relatively constant QoS jrespective of the topologies tested out and their

bandwidth constraints).

We have also formulated and implemented # oricing policy. The policy is based on
the designed protocoel and incorporates aspects of both peak-load mid set-up pricing. Its
effect on protocol performance has been studicd through simuiation. The sesvlts obtained
have shown that usage of the protocol coupled with the pricing policy icads 0 2

significant increase (over 50% of the available margin for improvemert) in the awrage
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QoS delivered to best effort sessions. In the context of the protocol where, if no pricing
scheme is used, the delivered QoS is high and gituated in quite a narrow range this
incresse represents a commendable result. The improvement in delivered QoS comes at
the expense of sessions who cammot afford to pay for the reguired resources.
Consequently, there is a drastic, three-fold, increasz in the call blocking pi'obability.
However, the blocking probability of sessions that are blocked putely because of lack of
network resources experiences a sharp decline of roughly 50% when the priéing policy is
used,

A protocol Session Knowledge Base {SKB) has also been implemented. The SKB
can be dynamically consulted by the protocol in order to better performance. It 18 a nile-
based system whose productions have been obtaited from our simulated results. The SKB
comprises iraffic management rules and two sets of rules dealing with QoS negotiation
strategies. The latter contains recommendations for strategies to be used, based on a
session’s priority and time constraints. An interesting result whick has been obtained is
that if one takes into account the complexity of the QoS negotiation strategies, then the
best overall strategy to be used is the simplest strategy (i.e. the coarsest grained) possible,
while the most complex (fine-grained) strategy. although it delivers by far the highest

average QoS, performs the worst if its complexity is reckoned with,

It must be mentioned that, alihough offering extremely imteresting resuits, the

‘developmeni of the protocol SEB and the associated pricing policy was not the mpin

focus of our research - the design of the protocol was. Bearing this in mind, it woukl be
interesting to compare our choice of pricing policies with others (such as ones that use
different estimates of sessions’ reriuired bandwidth). The SKB is itself a dynamic entity,
where rules can be added, removed, or tuned, as more experience with running the

protocol becomes available.

Within the context of the protocol itself, more bandwidth division and QoS

negotiation strategies can be explored and experimented with. Ajthough we are faicly
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confident that our choice of complexity measure for QoS negotiéti;ﬁn strategies does
provide a good appreciation of the strategies’ compiexity, perhaps baftter measures of a
strategy’s complexity might be found, especially if the protocol is actua;ﬂy implemented on
a hardware testbed. - :

Finally, it would be infcresiing to further investigote the hum-m TESpouse {0 new
compression algorithms (such as MPEG-1I), different resolutions and window sizes, as
well as colour schenies and audio bit sample rates, and apply inese hgsults in an ATM
context. This might lead to more econutaical resource allocation strategffes keing used and
weuld afford us a better understanding of both the role the human e!a:lpment plays in the
feaeption and synthesis of multimedia data, as weil as the place in the ATM protocol stack
where user QoS paramsters should be incorpor#ted.
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