Scalable optical ATM networksA dissertation submitted for the degree of Master of ResearchMartin BiddiscombeDepartment of Electronic and Electrical EngineeringUniversity College LondonTorrington PlaceLondonWC1E 7JEAugust 1996

—2—CONTENTSPage1Introduction.................................................................................................................. 32Project motivation........................................................................................................ 52.1Cell loss and delay in wide area networks.......................................................... 52.1.1Loss and delay....................................................................................... 52.1.2Uncertainty............................................................................................. 72.1.3Re-routing............................................................................................ 112.2Distributed processing..................................................................................... 122.3User choice....................................................................................................... 142.4Summary.......................................................................................................... 143Super-symmetric networks....................................................................................... 153.1Description....................................................................................................... 153.2Routing............................................................................................................. 183.3Alternative labelling scheme............................................................................. 253.4Application to distributed processing.............................................................. 273.5Summary.......................................................................................................... 284Dynamic pricing......................................................................................................... 294.1Motivation....................................................................................................... 294.2Early ideas........................................................................................................ 304.3Progress (static case)........................................................................................ 334.3.1Assumptions......................................................................................... 334.3.2Discoveries.......................................................................................... 354.3.3Current direction of research............................................................... 424.4Dynamic case................................................................................................... 444.4.1Feedback.............................................................................................. 444.4.2Shaping................................................................................................ 454.5Further work.................................................................................................... 464.6Summary.......................................................................................................... 475Dynamic pricing on super-symmetric networks.................................................... 485.1Concepts.......................................................................................................... 485.2Global implementation — some thoughts.......................................................... 496Summary and Conclusions....................................................................................... 537Acknowledgements and References......................................................................... 58Appendix 1Mathematical derivationsAppendix 2Acronyms and abbreviations

—3—1IntroductionThis project considers some of the issues relating to large scale ATM (AsynchronousTransfer Mode) networks carrying a multitude of traffic types. Each traffic type can beardiffering levels of performance in the areas of cell loss, cell delay and cell delay variation. Infact these different performance requirements are a key distinction between the traffic types.The other primary distinction between traffic types is the variability of their bandwidthrequirements. It is both unnecessary and impractical to design a network that would offeruniform performance to all traffic types while guaranteeing the most stringent requirements ofall users. If a particular traffic type is insensitive to cell delay variation but is intolerant of cellloss then the network need not be designed to eliminate delay variation for that traffic type, itshould be optimised for minimising cell loss. On the other hand, a different traffic type maybe highly sensitive to cell delay variation but relatively tolerant of cell loss (for example:uncompressed real-time voice or video). A network designed for this latter traffic type wouldbe dissimilar to one optimised for the former.The key issue facing ATM network design is encapsulated by the example above: how can anetwork be designed to satisfy the requirements of such diverse traffic types (indeed, traffictypes could be conceived with any combination of cell loss and delay variation requirements)and guarantee to meet those requirements even in the most strenuous of operationalenvironments? A particular concern relates to the concept of statistical multiplexing, wherevariable bit-rate traffic streams are combined in the knowledge that their combined mean bit-rates are within the system capacity even though their combined peak bit-rates may exceedthat level. The problem facing ATM, and other packet technologies, is that of how to copewhen the different streams all wish to transmit at their peak rate — exceeding the systemcapacity. Inevitably this will result in cells or packets being buffered, and eventually lost.How should this be handled, when the individual streams have different tolerances to delay orloss? The concepts considered during this project may offer a solution to this problem.Two key ideas have been explored: super-symmetric network design and dynamic pricing.The examination of these ideas forms the core of this dissertation. Super-symmetric networksare discussed in chapter 3 and dynamic pricing in chapter 4. The ideas are brought together inchapter 5, which explains how dynamic pricing could be implemented on a hierarchy ofsuper-symmetric networks. Chapter 2, below, investigates the motivation for the projectfrom three perspectives: cell loss in wide area networks, distributed processing and the costof implementing a global scale broadband network with unrestricted (end-user to end-user)communication patterns. The way in which the concepts of super-symmetric networks anddynamic pricing address these issues is outlined. The summary and conclusions (chapter 6)

—4—bring together the forgoing chapters and re-examine the motivations in the light of the materialintroduced and explained in those chapters.Research into the concepts is still at an early stage, and the aim of this project has not beenthe investigation of the networks that could be constructed if the concepts were implemented,or any other detailed technical aspects that could arise from them. Instead, the aim has been toconsider whether or not the concepts are likely to provide a solution to the problem ofguaranteeing user quality of service parameters — such as cell loss rate and maximum cell delayvariation — in a network capable of carrying a variety of traffic types and subject to thepossibility of overload caused by user demand for bandwidth exceeding either the network�sor an individual link�s transmission capacity, or the network switching potential.

—5—2Project motivationThis chapter explains the motivation behind the project. The two ideas central to the project:super-symmetric network design and dynamic pricing have been suggested as possiblesolutions to two of ATM�s biggest problems —˚cell loss and cell delay variation. Theseconcepts are at an early stage in their development and as yet it is not possible to provewhether or not they will solve the problems. However, none of the work carried out to datehas disproved their suitability. Indeed the work has strengthened the arguments in theirfavour, and provided further motivation for investigating the ideas. This chapter identifies thelimitations of current network designs or protocols with respect to three drivers. Theconcepts of dynamic pricing and super-symmetric networks address these limitations. Anindication is given of how these limitations could be overcome by the implementation ofsuper-symmetric networks and dynamic pricing: these will be revisited and amplified insubsequent chapters.As I have already indicated, cell loss and delay in wide area networks are serious problemsfacing ATM. The primary motivation for this project comes from a desire to eliminate theseproblems. Dynamic pricing is suggested as a bandwidth management scheme, to beimplemented on super-symmetric networks, which have desirable properties in terms ofrouting choices and dynamic re-routing possibilities. Other benefits would flow from theimplementation of these ideas. In particular, super-symmetric networks would be welladapted for use in distributed processing systems, and dynamic pricing provides a means ofgiving network users a choice of how to react to network overload. These three motives arepresented and developed below.2.1Cell loss and delay in wide area networks2.1.2Loss and delayThere are several proposed ATM adaptation layers (AALs), which provide a means oftransporting circuit-switched or packet-switched type data across an ATM network. Thereare also well established methods of implementing both circuit- and packet-switchednetworks. However a network that is optimised for circuit-switched applications such astelephony is not necessarily optimised for packet-switched applications such as datanetworks. Circuit-switched networks are ideal for carrying constant bandwidth or bit-ratetraffic — such as plain old telephony — and guarantee uniform delay. Whilst such a networkcould be used to transfer data, it would be wasteful of bandwidth due to the non-constant bit-rate (bursty) nature of data traffic. Packet-switched networks on the other hand are ideal forcarrying highly variable bit-rate traffic — offering statistical multiplexing gains in efficiency —but offer no delay or delay variation guarantees. This is due to the buffering at nodesnecessary to prevent packet loss during periods of overload. Such periods are considered

—6—inevitable with packet networks due to the statistical nature of packet arrival distributions atnodes (switches, multiplexers, etc.).Delay variation can be tolerated by certain traffic types (in essence, those which are notdependent on real-time user interaction or conversation). For example, file transfers do notrequire uniform inter-packet delay so long as the packets all arrive. Since it is possible forpacket networks to send consecutive packets by different routes, it is even possible forpackets to arrive in a different order to that in which they were sent. File transfer protocolscan cope with this (within reason), and can reassemble the data from the packets into theiroriginal order. However, the user-perceived quality of real-time or conversational services isdegraded by packet delay variation. Data generated at the source must be encoded andtransferred to the destination to be decoded and passed to the receiver. If the data packets donot arrive at the same rate as they were transmitted, the decoding process is left with eithertoo much or too little data from moment to moment. For example, software has recentlybecome available that allows people with Internet access and suitable computer hardware tohold telephone conversations across the Internet. The speaker�s software codes the speechand the resulting data stream is packetised. The packets are routed across the Internet asusual, and the listener receives the packets. Their software extracts the encoded speech fromthe packets and decodes it, replaying it to them. However, the large buffers in the Internetresult in consecutive packets suffering delays different by up to several seconds. This packetdelay variation results in abrupt periods of silence during the replay, making the speakersound jerky and interrupted to the listener.During conversation, if the listening party wishes to speak, they usually wait for the personspeaking to pause. If these cues are distorted by the network, conversations can becomeawkward.In essence, ATM is a packet technology, which can be used to implement virtual circuits. (Ingeneral packet networks allow variable length packets, and the packets contain addressinginformation. ATM has fixed length cells, containing routing information (virtual circuit andvirtual path identifiers). So, ATM networks can be considered as a special case of packetnetworks.) However these virtual circuits can suffer from delay variation as much as anyother packet based network. In ATM this is known as Cell Delay Variation (CDV). TheCDV experienced on ATM networks designed with delay sensitive traffic in mind should notbe as great as that on networks — like the Internet — which are primarily data networks. It ispossible to reduce CDV by reducing buffer sizes across the network, and the CDVexperienced by certain types of cells can be reduced by implementing a priority flag. If such asystem is implemented, cells with the priority flag set take precedence over those without in

—7—any buffers they encounter. However, neither of these methods remove CDV altogether. Inorder to eliminate CDV completely it is apparent that there are only two practical solutions:(i) impose delay (at the destination) on the first cell of a stream greater than or equal tothe largest possible cell delay variation, and buffer incoming cells, processing them atregular intervals — restoring uniform inter-cell delay;(ii) eliminate buffers from the core of the network, guaranteeing uniform inter-cell delay.The first of these solutions, by definition, imposes extra delay on the majority of cells. Thisis also undesirable for real-time applications, particularly for those involving conversationacross the network (such as telephony or video-conferencing). The concepts examined duringthis project could provide a means of implementing the second solution without incurring anycell losses: the buffering that is required to handle temporary overloads is located at theperiphery of the network —˚possibly within the users� applications — and the network itselfoperates without buffers. This allows the possibility of constructing an entirely opticalnetwork —˚including optical multiplexing and switching of signals.2.1.2UncertaintyUncertainty is one of the greatest problems facing ATM. Buffer dimensioning relies explicitlyon the statistical nature of users� cell generation. It is thus impossible to eliminate cell losscompletely for at least two reasons:(i) the buffers are dimensioned for an expected cell arrival distribution — there may wellbe times when the distribution differs significantly from that which was expected;(ii) even if the cell arrival distribution fits the statistical model, there will be times whenthe buffer overflows, however infrequent.Thus there remains a possibility of cells being lost due to buffer overflow. The statisticalanalysis may indicate that the probability of this occurring at a particular buffer is very lowfor a given buffer size, but it remains desirable to design a system that can guarantee zero cellloss probability.Connection admission control (CAC) algorithms, in conjunction with usage parameter control(UPC) algorithms, should prevent congestion for well-behaved CBR and VBR sources. Ifthere are insufficient network resources to sustain a new call given its requested cell-rateparameters (such as peak cell rate and sustainable or mean cell rate) the call will be rejected.VBR source description is a complex problem — questions still open to debate include howmany and what parameters should be specified, and how accurately a VBR source can beexpected to specify the parameters in advance. Hence, in the case of VBR traffic, thecomplexity of CAC algorithm design is an important factor in determining whether or not thenew source can be adequately supported without adversely impacting either its ownrequested quality of service, or that guaranteed to existing calls.

—8—If the CAC algorithm is too simplistic, the network resources allocated to a VBR source maynot match its need. If the resources allocated are insufficient, cells will be lost. If superfluousresources are allocated, bandwidth will be wasted. A source is well-behaved if its actual celloutput parameters match those it offered to the CAC algorithm. An ill-behaved source willnot necessarily be detected by the UPC — typically a �leaky bucket� algorithm — since thealgorithm must not penalise a user for network-induced jitter. The size of the bucketdetermines the maximum amount of jitter that will be ignored, the rate at which the bucketleaks determines the permitted mean cell rate. Since an ill-behaved source�s output does notmatch its stated parameters, it is likely that the resources allocated will not match itsrequirements.There are therefore clearly areas of uncertainty regarding whether VBR sources can besustained by allocated network resources, and hence whether predicted cell loss rates forgiven buffer sizes, etc., will be achieved.Services using the other traffic categories that have been defined by the ATM forum — UBR(unspecified bit rate) and ABR (available bit rate) — are intended for non-delay-sensitiveapplications that can vary their output cell-rate at the direction of the network. ABR sourcesmay request a minimum cell rate (MCR), which will be processed by the CAC as for CBRand VBR call setups. However users of ABR sources will clearly hope to be able to transmitcells at a higher rate than their specified minimum cell rate (otherwise, they would haverequested a CBR link — at the MCR). While sufficient VBR sources are transmitting belowtheir peak rates, there will be spare bandwidth that can be assigned to UBR and ABR sources.However, changing network demands, and increases in the output rates of VBR sources canreduce the bandwidth available for UBR and ABR sources rapidly. These sources must becontrolled by feedback indicating the congestion status of the network, reducing their ratesduring periods of increased CBR and VBR activity.It is expected that eventually the majority of data applications will use the ABR or possiblyUBR services. Currently, data applications generally communicate over packet networkswhere a common protocol used for data transfer is IP (Internet Protocol) or TCP/IP(Transmission Control Protocol/Internet Protocol). IP is responsible for transferring datapackets from node to node and TCP verifies the correct delivery of data, providing errordetection — initiating retransmission if packets are lost or corrupted. Any new networkdesign, transportation method, or management technique must be compatible with existing(legacy) services and methods, since it is likely that there will be a period during which theywill have to interwork. Legacy applications must remain unaware of the transition from onetechnology to another. ATM must therefore be able to cope with IP packets if it is going tobe used to transport data for applications that currently rely on TCP/IP. An IP packet can be

—9—thousands of bytes long. It must therefore be segmented into consecutive ATM cells. If asingle ATM cell is lost, the whole packet is corrupted, and must be retransmitted. Thisproblem could conceivably be addressed by an error correction scheme. However, the strengthof the scheme required to enable recovery from a single lost ATM cell — 47 bytes of user dataif AAL5 is used — would impose significant overhead, particularly on shorter packets. Itwould also be necessary to operate the scheme at the interface between the ATM networkand any network being used to route the packets further to their destination, since the packetswould have to be returned to their native format for onward transmission. This would bothrequire significant intelligence at the interface and impose further delay on the packets.Cell loss in any ATM network is most likely to occur when the network is congested. If anIP packet is corrupted, it must be retransmitted — a single lost cell resulting in up to 100 extracells (the whole packet) being resent (assuming a maximum of 5 Kbytes per packet). It isapparent that there is an increased likelihood of cell loss for the retransmitted packet than theoverall network average cell loss probability, since congestion conditions may well havecontinued. It is conceivable that this could lead to a vicious circle of packet loss — a single celllost incurring substantially increased cell transmission, producing further cell loss, resulting inadditional increased cell transmissions. Testing a proposed solution to this problem, it wasfound that with no congestion control a sustained switch overload of just 4% resulted in 83%of 200-byte AAL5 PDUs requiring retransmission. Even after the proposed congestioncontrol mechanism was implemented, the number of PDUs requiring retransmission had onlyreduced to 17% [Drury].The likelihood of cells being lost may be extremely low, but if it remains at all, users are likelyto remain wary of ATM for loss sensitive applications. Two analogies may provide aninsight into this aspect of user behaviour. The first shows how network operators react whenpresented with two technologies that provide the same service: one considerably moredemanding technically but without susceptibility to a particular problem. Even thoughconsiderable effort was devoted to showing that the likelihood of the occurrence of theproblem was very small, once a new technology was developed that eliminated the problem,the old technology was rapidly superseded. The second analogy shows how end-users reactto a problem with a reportedly very low likelihood of occurrence, if it is known that there is away of eliminating the problem.Multi-mode fibre vs. single-mode fibre for optical communication [Epworth]As the demand for bandwidth and communication quality increased during the 1970s,focusing on fibre-optic transmission, a problem was discovered: modal noise. In a multi-modefibre, light travels along many paths. Each path is of a different length and may have slightlydifferent propagation characteristics from the other paths. If monochromatic light is passed

—10—through a multi-mode fibre, a cross-section through the fibre will reveal a �speckle� patternresulting from constructive and destructive interference between the rays travelling along eachpath since the phase of each ray at a given point depends on the path length it has travelled.The problem arises when joints in the fibre are misaligned, since the speckle pattern changesaccording to the physical conformation of the fibre and the wavelength of the light. Thus ifthe fibre is disturbed, however slightly, the speckle pattern can change dramatically —significantly altering the amount of light passing through the joint. Similarly, slight frequencychanges in the light source cause significant changes in the pattern. Such frequency changesoccur naturally as a result of diode laser modulation: as the laser power is varied according tothe signal, the temperature of the laser cavity varies and so its length changes — changing thewavelength of the emitted light. These and other carrier induced frequency modulations at thesource result in random amplitude modulations at the receiver. Figure 2.1 illustrates the effectof speckle at a misaligned joint in the fibre. As the fibre moves and the wavelength of thetransmitted light varies, the speckle pattern changes, resulting in an effectively randomvariation in the amplitude of the received signal, sufficient to cause occasional bit errors.

Fibre core misalignment

Cross sections at different instants speckle on portion of light coupledindicating effect of varying random

Figure 2.1Much effort was devoted to predicting the bit error rate resulting from modal noise, but thewide range of causes — degree of misalignment, exact fibre conformation, laser characteristicsand so on — which themselves were not reproducible for experimental purposes, meant thatthe accuracy of prediction could not be guaranteed. However this form of modal noise can beeliminated by the use of single-mode fibre. It was initially believed that single-mode fibretransmission was technologically unfeasible due to the exacting tolerances required in jointconstruction, etc. However, once it was achieved, its advantages over multi-mode fibre weresuch that it rapidly became the dominant technology.Pentium processor flaw [Sharangpani & Barton]The Intel Pentium“ processor was originally released in early 1993. During 1994 it came tolight that there was a flaw in the processor: certain values had been omitted from a look-uptable used by the numeric processor for floating point division. Extensive research by Intel

—11—indicated that most users would encounter the flaw no more than once per 27,000 years, andthat even then the impact of the flaw would be slight — affecting between the fourth andfifteenth significant digit of the result. Even users performing large numbers of floating pointdivisions would not expect to encounter the flaw more often than once in every 900 years:again the flaw would have an impact on between the fourth and fifteenth significant digit ofthe result of the division. However, news about the flaw spread rapidly resulting in significantuser concern regarding the performance reliability of their computers, and eventually Intel wasforced to offer replacement (corrected) chips to all end users who requested them.If a method of managing cell flow in ATM networks can be devised which retains thebandwidth gains resulting from statistical multiplexing, but which can guarantee both zero cellloss and uniform cell delay for those users who require them, then, for the same reasons thatIntel were compelled to offer replacement processors and that single-mode fibre transmissionbecame the technology of choice, ATM network operators will be under pressure toimplement such a method. The concepts investigated for this project will, if the assumptionsthey depend upon are shown to be justified, enable such a method to be implemented.2.1.3Re-routingA related issue is that of dynamic re-routing of cell-streams. In general with today�snetworks, different routes between locations are of different lengths, and hence time delays.This means that should a particular link become congested it is not possible to re-route thecalls in progress on that link without changing the propagation time between source anddestination. However, with an unbuffered super-symmetric network design, the propagationtime between nodes is uniform across the network. Should a particular link become congestedthere is no reason why calls in progress should not be re-routed away from the link. Forinstance, consider the network fragment shown below in figure 2.2. Each link (AB, AC, BDand CD) is the same length and data travel only in the directions indicated.

ABCD

Figure 2.2

—12—A call from A to D could be routed via B or C. Suppose it were routed via B — traversing linksAB and BD. If, during the course of the call, link BD were to become congested — perhapswith calls from B to D which have no alternative route — the call in progress from A to Dcould be diverted via C without risk of interruption or data loss.The super-symmetric network design enables such re-routing to be implemented. Thedynamic pricing principles can be used to determine when such re-routing should be done. Inthe simple example above, a large volume of traffic from B to D would result in an increase ofthe price of the link BD. This, fed back to A, would result in the call from A to D being re-routed if the links AC and CD were cheaper (less congested) than AB and BD.2.2Distributed processingA second motive for implementing a system based on bufferless super-symmetric networks isthe potential application of such a system to distributed processing. In order for an operationto be distributed across several processing centres, it is essential that each processor knowsthe order in which data were input or instructions were issued. A simple exampledemonstrates the importance of such timing information:

Debit £50ProcessCredit £100ProcessABFigure 2.3Suppose a bank accounting system is implemented at two sites: A and B, and that acustomer�s account currently contains £25, and that the bank levies a £10 charge if an accountgoes overdrawn. If two instructions arrive nearly simultaneously, as indicated on the diagram,the accounting system at A will receive the credit instruction before the debit instruction, andthe customer�s account will contain £75 after both instructions have been implemented.However at site B, the debit instruction will be received before the credit, resulting in thecustomer going overdrawn temporarily. As a result, the record of the customer�s account atsite B (after both instructions have been implemented) will differ from that at site A,indicating that it contains £65.

—13—On a simple ring network, it is straightforward to correct this deficiency, as a node can bedesignated to �time-stamp� empty cells that pass it. Instructions and data can then beinserted into time-stamped cells. Processors compare time-stamps on incoming cells todetermine the order of processing. In the above example, if the processor at A was the timecontroller, the cell into which �Credit £100� was inserted would have passed A before thatinto which �Debit £50� was inserted. Consequently, even though the system at B receivedthe instruction to credit the account after the instruction to debit the account, by comparingthe time-stamps of the cells carrying the instructions it would know that the credit instructionwas to be implemented first.However, as network topologies become more complex it becomes much harder to implementsuch a time-stamping system or other methods of coping with the timing issues. This resultsin a practical limitation on the size and complexity of distributed processors.However, if the processors were connected by a super-symmetric network, the timingrelations between events would be preserved by the network topology. The regular networkstructure and uniform link length provide this benefit. Figure 2.4 below indicates how a�wave� of time passes across the network:

t=0t=1t=4t=2t=5t=3t=6Figure 2.4The structure of a super-symmetric network is explained in sections 3.1 and 3.2 below, andthe potential application of super-symmetric networks to distributed processing is outlined insection 3.4

—14—2.3User choiceToday�s Internet suffers from considerable delay at periods of peak usage. This can beparticularly frustrating for those users who are attempting to use the Internet for workpurposes and are being impeded by those who are just �surfing the net�. The Internet is acollection of packet networks, and as such suffers from the problems of delay and losscommon to all packet networks when overloaded. Current packet networks impose delay and,ultimately, packet loss on users when the network becomes overloaded. No discrimination ismade between users as to who suffers the loss — it is spread uniformly over all incomingpackets at the point(s) of overload. Users are required to pay for the overload they aresubjecting the network to by suffering delay or packet loss.The same considerations will apply to ATM networks offering variable bandwidth servicesto their users. When the network becomes overloaded, buffers will fill —˚increasing the delayand cell loss probability for all users. Protocols such as ABR (Available Bit-Rate) areintended to cope with this overload by signalling to users that they should reduce theirbandwidth. However, this is also a non-discriminatory system: when the network becomescrowded, all ABR users have to decrease their cell rate until the network overload is relieved.The dynamic pricing concepts offer users a third choice. Instead of paying for overload bysuffering delay or loss, users can choose to maintain their current service levels (bandwidth,delay guarantees and maximum loss rates) by increasing the amount they are paying for theservice. When the network becomes busy, those users who are sending data, or are involved ina high image quality (high bandwidth) video-conference, have a choice that would not beavailable with today�s packet networks or existing ATM protocols. The increase in demand issignalled to the users as an increase in price for their current service levels. The user chooseswhether to accept the increase in price and maintain their current bandwidth, or whether tomaintain their current charges but reduce their bandwidth — increasing the length of timerequired for a file transfer or reducing the image quality on a real time video link.2.4SummaryThe novel concepts of super-symmetric networks and dynamic pricing could prove beneficialin many areas and for many reasons. This chapter has provided an insight into some of theareas where the ideas could be applied, and suggested why the concepts could becomeinvaluable tools in those areas. Chapters 3, 4 and 5 examine the concepts — individually andtogether — in more detail, giving further insight into their potential for application, particularlyto the predicted future for telecommunications: global multimedia broadband information andcommunication.

—15—3Super-symmetric networksCommon network topologies include ring, mesh or partial mesh and star based layouts. Atypical network will consist of a combination of such configurations: for instance a mesh orpartial mesh in the core of the network with nodes at the periphery attached in a star-likelayout. Other possibilities include nodes or sub-nets linked to backbones. As indicatedpreviously, such networks frequently allow routing choices between nodes. However, thedifferent routes are generally of different lengths and, in the case of packet networks,encounter different numbers of buffers. Hence the propagation time of different routes isdifferent and, for packet networks, varies —˚even for the same route from moment to moment.Routing decisions in packet networks are made packet by packet, which is one source ofpacket delay variation. In contrast in circuit switched networks, a pre-determined route isassigned to a circuit when it is set up and is not altered during the course of the call if at allpossible. Route selection is based on historical measures of link utilisation and link reliabilityas well as current availability. The system is unable to react to sudden changes in localdemand, as has been occasionally dramatically demonstrated in the telephone network. Onsuch occasions, management intervention is required to protect the affected area from furtheroverload.Consideration of super-symmetric networks allows the possibility of considering dynamic re-routing of calls in progress with no change in propagation delay. Routing decisions can bebased on the information provided by dynamic pricing.3.1DescriptionA three-dimensional object may be considered to be regular if its faces are identical and itsedges are all the same length. Each vertex joins the same number of edges. It is straightforwardto demonstrate that there are five such solids, based on square, triangular and pentagonalfaces, known as the Platonic solids. The Platonic solid with the greatest number of vertices isthe dodecahedron, which has twenty. A uniform network based on a dodecahedralarrangement of nodes cannot be scaled beyond the twenty nodes —˚a considerable limitation.Another factor to be considered is the number of edges meeting at each vertex — the linksmeeting at a node in a communication network. A dodecahedron has three edges per vertex.Assuming initially that each link could carry traffic in one direction only, it would never bepossible to balance the loads on each link on a dodecahedral network. A condition that mustbe satisfied if the links are to be balanced is that each node must have an even number of links.These would have to be divided equally between incoming and outgoing traffic. The onlyPlatonic solid that has an even number of edges per vertex is the octahedron — with four.

—16—However the octahedron has only six vertices — an even greater restriction on the scale of thenetwork. The table below summarises the properties of all five Platonic solids.SolidNumber ofverticesEdges per vertexNumber of facesShape of face(edges per face)

Tetrahedron434Triangle (3)

Octahedron648Triangle (3)

Cube836Square (4)

Icosahedron12520Triangle (3)

Dodecahedron20312Pentagon (5)

No other three-dimensional polyhedra can be constructed from identical faces. For example,the �Buckyball� which has sixty vertices with three edges per vertex and thirty-two facesconsists of pentagons and hexagons.However, in four or more dimensions there are many more symmetric polyhedra. It ispossible to project these super-symmetric objects into three dimensions. This processdisturbs some of the objects� properties — such as equality of lengths, areas or enclosedvolumes. This is equivalent to the distortion of lengths and areas when three-dimensionalobjects are projected into two dimensions. However, under projection, connected verticesremain connected and adjacent edges (those which meet at a common vertex) and faces (thosesharing a common edge) remain adjacent, and the common vertex or edge of the projectedobject is the projection of the common vertex or edge in the original (four-dimensional) object.Thus a network can be considered whose topology is that of a higher dimensional super-symmetric object — by projection. Equality of link lengths can be restored with padding asneeded. The exact technical details of the methods by which this could be achieved in the �realworld� are unimportant for the purpose of this project. Issues that would have to beaddressed if such a network were to be implemented include determining the mismatchbetween installed link lengths and choosing a method that compensates for those differences.Possible methods include adding extra fibre to delay the signal if the mismatch is slight,inserting a high capacity electronic buffer if the delay mismatch is considerable (although thisconflicts with one of the initial aims of such a network, which was that it should be possibleto implement it all-optically), or feeding the delay mismatch information back to the user andrequiring that the user varies their transmission timing to match the routing delay differences(this method may have a detrimental impact on the potential use of the network fordistributed processing applications). The third method requires that the user�s applicationshould be aware of the route its transmitted data is taking and of any impending routing

—17—changes. All of these methods require an accurate method of measuring the mismatch in linklengths — a challenge in itself.The particular network design that has been considered during this project is based on thefour-dimensional hypercube, which has sixteen vertices, each connected to four others.Conceptually, a hypercube could be constructed from eight cubes in the same way that a cubeis constructed by folding together six squares. The classical projection of a hypercube isshown in figure 3.1.

Figure 3.1It is important to remember that all eight cubes are the same size and all thirty-two edges arethe same length, and the four edges meeting at a given vertex are mutually perpendicular.In order to consider constructing such a network, the hypercube must be first projected intothree dimensions. The resulting object will also have sixteen vertices, each connected to fourothers, with four-sided faces. Such an object is a sixteen-node torus. By considering theprojection above (figure 3.1), it is possible to imagine how a wire-frame hypercube could bestretched and manipulated to resemble a wire-frame torus, and vice versa. The resulting toruswould resemble the sketch shown as figure 3.2.

Figure 3.2

—18—3.2RoutingThe hypercube forms the basis for all networks considered during this project. The principlesderived can be extended to larger networks, or to hierarchies of hypercube networks — whereeach node of the network is connected to a smaller hypercube network. This providesscalability possibilities. The first situation to be considered was that of a single hypercube. Inorder to appreciate the underlying symmetry of the network and the impact of thatsymmetry on a practical realisation of the network, the routing options and trafficdistribution on a hypercube network were considered. The ideas presented here do not have adirect impact on the discussion in Chapter 5 on the use of super-symmetric networks inconjunction with dynamic pricing, but this does not rule out the possibility of a link beingdeveloped. This section is therefore largely self-contained, but it was working through theprinciples of routing on a hypercube/torus based network that provided an insight into theproblems that will have to be solved, and how they might be, in order to implement such anetwork and manage the routing on it.In order to consider the routing across a hypercube network, it is redrawn yet again. It issimple to see how a torus can be cut to produce a cylinder, which in turn can be unrolled toleave a square plane. One of the first tasks undertaken was to use this device whilst derivingformulae for the number of routes between any pair of nodes on arbitrarily sized toruses. Thehypercube network becomes a straightforward square grid after these manipulations, but withthe added consideration that nodes on opposite sides of the grid are in fact adjacent andconnected by links of the same length as any other pair of adjacent nodes. This also indicateshow a larger scale super-symmetric network could be constructed: simply scale up thenumber of nodes in the square grid.

Figure 3.3 Unfolded sixteen node hypercube based networkshowing correspondence between edges in hypercube and links in grid

—19—The properties of grid networks have been investigated thoroughly [Vestmar]. It is astraightforward matter to determine the number of routes between arbitrary nodes on a gridnetwork. The situation is complicated by the wrap-around nature of the grid derived from ahypercube. However the same combinatorial techniques can be applied to determine routingoptions on a hypercube as a plane grid. In combination with assumptions about communitiesof interest these results can be used to estimate traffic distributions across the network.The network can be considered to consist of �1-way� or �2-way� links. For consistency andmaintenance of symmetry, the links in the �1-way� case are oriented so that each node hastwo incoming ports and two outgoing ports, which are the same as each other node. Regardingthe network as a set of interlocking rings, the �1-way� case is equivalent to the situationwhere the rings are unidirectional, and are oriented such that when the network is unfoldedand considered as a grid, all the �horizontal� rings point the same way, and all the �vertical�rings point the same way.In order to calculate the number of routes between nodes it is necessary to apply a numberingor labelling scheme to the nodes. An intuitive and suitable scheme is to label each node withan (x,y) co-ordinate according to its location in the grid. The symmetry of the network is suchthat any node can be selected as the origin, (0,0) without loss of generality.

(0,0)(1,0)(2,0)(3,0)(0,1)(1,1)(2,1)

(1,2)

(2,2)

(3,2)

(0,3)

(1,3)

(2,3)

(3,3)

Figure 3.4 Unfolded hypercube with co-ordinate labelsOn an arbitrary, non-wrap-around, grid network, the shortest routes between (0,0) and (x,y)traverse x+y links. An arbitrary route will traverse x+y+2n links, where the 2n are extra linksmade up of n links deviating from the shortest route and n links returning from the deviation.Thus, on an arbitrary, 2-way, grid network, the set of second shortest routes between (0,0)and (x,y) traverse x+y+2 links. Any deviation from the from a shortest route is made byaltering the first co-ordinate by 1 (a vertical deviation) or the second co-ordinate by 1 (ahorizontal deviation). Each detour must be made up either of a horizontal link and a reversehorizontal link, or a vertical link and reverse vertical link. So, on any given route of lengthx+y+2n, there will be a horizontal detour links and b vertical detour links such that a+b=n.The total number of routes on an arbitrary, 2-way grid network between (0,0) and (x,y) for a

—20—maximum detour length of n is given by

( )!

!( )!( )!( )!

x y n a n a x a yn a a

n + +

- + + - = � 2 0 which can be rewritten as

xynxnxyn abababn+ ++ + + -�Ł �ł�Ł �ł „ �Ł �ł =2 2 (for 0), where !! ( )!

. If n=0 the number of routes is given by

xyxxyxy+ +( ) = ( )!! !

, which is the total number of shortest routes on either a 2-way (non wrap-around) grid or a 1-way grid with or without wrap-around.Considering the grid representation of a hypercube network, the situation is complicated bythe possibility of wrapping round the grid. However, the formula for the number of shortestroutes on a 1-way network is unchanged. For example the numbers of shortest routesbetween nodes on a 1-way 16-node hypercube labelled as in figure 3.4 is shown in the tablebelow:Destinationx co-ordinate

address0123

0111 y11234 co-ordinate213610

3141020

Routes from (0,0) to (x,y) on a 1-way 16-node hypercubeIf the hypercube has 2-way links, the basic method for calculating numbers of routes betweennodes remains unchanged, but the resulting formula is somewhat different since there are setsof alternate routes if either the x or y (or both) co-ordinates of the destination are offset fromthe source by exactly half the length of the ring. However, the number of routes can bederived from the 1-way case by realising that (in the case of a 16-node hypercube) the numberof routes is doubled when x=2 and when y=2, and that the table entries are symmetric aboutx=2 and y=2. In section 3.3 I shall show how a much simpler method can be used byconsidering an alternative node labelling scheme.Destinationx co-ordinate

011·21y1123·22co-ordinate22·12·32·6·22· 3

3123 · 22

Routes from (0,0) to (x,y) on a 2-way 16-node hypercube

—21—If the nodes are sources and sinks of data and it is assumed that there is a global communityof interest, then other things being equal, it would be appropriate to divide the traffic fromone node to another evenly among the available routes, which in turn prompts the question:how much of the traffic arriving at a node is intending to terminate at that node? Answeringthis question involves several steps. The formulae developed for calculating the number ofroutes from (0,0) to (x,y) are readily extended to calculate the number of routes between nodesthat either pass through or avoid another given node. For example, the number of routes from(0,0) to (x,y) via an intermediate node (u,v) is:

()!!()!()!()!u vu v x u y vx u y v+ � - + -- -

(where 0£ u £ x and0 £ v £ y). This is simply the number of routes from (0,0) to (u,v) multiplied by the number ofroutes from (u,v) to (x,y). Using these principles to calculate the amount of traffic passing agiven node involves calculating the number of routes between all possible pairs of source anddestination nodes that could route their traffic via the node in question, and scaling the routesby their traffic density.Hypercube with 1-way routingUsing the 16-node hypercube with 1-way routing as our example again, we can calculate theamount of traffic routed via (0,0) and the amount of traffic terminating at (0,0). Considerfigure 3.5 below. The 16-node grid is shown duplicated four times in order to demonstratehow traffic may route across the network via (0,0).(0,0)(0,0)(0,0)

(2,2)(2,2)Figure 3.5The symmetry of the network guarantees that the results obtained for one node will be thesame as those for any other node — so it is sufficient to determine the routing and traffic loadsfor just one of the nodes. Traffic originates at any of the nodes marked • and terminates at thenodes marked ·, bearing in mind that only shortest routes are considered — so for exampletraffic from (2,2) to (3,3) would not be routed via (0,0), however traffic from (3,3) to (2,2)could route via (0,0). In general, a route from (x,y) to (u,v) could only be routed via (0,0) if

—22—x>u and y>v (where a source (0,y) or (x ,0) is written as (4,y ) or (x,4) respectively) There arefifteen possible source nodes (all except (4,4)) that involve routing and sixteen possibledestinations. Calculating the number of routes via (0,0) is a straightforward matter ofapplying the equations already derived (remembering that the labels (a,b), (a+4 , b ), (a,b+4)and (a+4,b+4) all refer to the same node). There are

()!()!()!u x v yu x v y+ - + + -+ - + -4 44 4

routes from (x , y )to (u,v) of which

()!()!()!()!!4 44 4- + -- - � +x yx y u vu v

go via (0,0). However, calculating the amount oftraffic using these principles is somewhat more complicated, since each route must beweighted by the amount of traffic on it relative to other routes. If it has been assumed thattraffic is divided equally between the available routes, this is equivalent to calculating theproportion of routes via (0,0) of all the routes between source and destination. The largenumber of routes involved, even on a small network such as the sixteen node hypercube, makeit impractical to write down the complete set of equations that would have to be evaluated tocalculate the total traffic passing a given node — for the 16-node network there are 256 pairs ofnodes to consider. However, using a spreadsheet to total up the traffic values per route is nota problem. Each possible source and destination pair is tabulated, and the number of routesbetween them calculated. If the source/destination pair satisfy the condition for (0,0) to lie on(at least) one of the shortest routes between them, the formula for the number of routes via(0,0) can be applied. (In the case of a 16-node network, only 100 of the 256 pairs satisfy thecondition for (0,0) to lie between them.) Hence the proportion of routes from source todestination that pass the specified node (0,0) can be calculated — both for individualsource/destination pairs and for all pairs.For example, there are ten routes between the nodes labelled (2,2) and (0,1). Of these, six passthrough (0,0). Therefore, 60% of the traffic from (2,2) to (0,1) can be expected to be routedvia (0,0). On the other hand, there are three routes between (0,1) and (2,2) but none passthrough (0,0). So, none of the traffic from the node labelled (0,1) to that labelled (2,2) wouldbe seen at node (0,0).If the amount of traffic between nodes is normalised to 1 unit per time period (i.e. assuminguniform global community of interest), then the total amount of traffic flowing on thenetwork is 256 units per time period (16 possible sources to each of 16 possibledestinations). The amount of traffic between sources that could route via (0,0) amounts to100 units, and of that 64 units are actually routed via (0,0). Of those 64 units, 16 terminate at(0,0). So, a quarter of the traffic routed via a given node terminates at that node.

—23—Hypercube with 2-way routingThe same principles can be applied to determine the routing choices and implications fortraffic distribution on a hypercube network with 2-way routing. As explained previously, theunderlying formulae for calculating the numbers of routes remain unchanged, but additionalroutes are available if the source and destination nodes are offset from one another by half thelength of the rings in either direction. Also, rather than routing to a node beyond the halfwaypoint, a shorter route will be found by routing from that node back to the source node — sincelinks carry traffic in both directions in this case.Given the cyclic nature of the network and the possibility of sending data either way alongthe links, there are up to four possible directions that could be taken from source todestination:

SourceDestinationFigure 3.6One, two or four of these directions will include shortest routes. In figure 3.6 above — whichindicates the four possible representations of a destination node for a particularsource/destination combination — it is apparent that the shortest routes would only be locatedin the upper-left quadrant with respect to the source node. In order to analyse the routingoptions for all four quadrants, it is necessary to standardise on a default configuration for thesource/destination nodes. This can be achieved by relabelling the destination node. If thesource is (x,y) and one label of the destination is (u,v) then

IfIf guaranteeing that and

let let let let

x u U u

y v V v y v V v U x V y

£ =- > = { { � < < 4

.Then the routes into the four quadrants can be examined by considering routes between

(,)( , )( , )( , )( , )x y U VU VU VU V and +++ +� 444 4

and asking whether any of the routes in each quadrant pass through (0,0)(or its equivalents (4m,4n) where m,n are integers), bearing in mind that we are only interestedin routes of least length. The length of route in each quadrant is given by

()()()()x x y yend start end startco-ord co-ord co-ord co-ord- + -

. For an arbitrary pair of points (a,b) and(c,d), the rectangle they define (which contains all the shortest routes between (a,b) and (c,d))contains (0,0) or one of its equivalents if c > a and (c mod 4 < a mod 4 or a mod 4 = 0) and ifd > b and (d mod 4 < b or b mod 4 = 0).

—24—If these conditions are satisfied, then the values of m and n which define the equivalent of(0,0): (4m,4n), are m=(c - c mod 4)/4 and similarly n=(d - d mod 4)/4.Applying these principles and using the equations for calculating numbers of routes as before,makes possible the calculation of the amount of traffic expected to pass an arbitrary node, asc o m p a r e d t o t h e a m o u n t t e r m i n a t i n g a t t h e n o d e . A s i n t h e c a s e w h e r e t h e n e t w o r k i s configured with 1-way links, the amount of traffic between pairs of nodes is normalised to 1unit per time period. The total traffic on the network is thus 256 units. In this case, the totaltraffic between sources that could route via (0,0) is reduced to 81 units, and the total numberof units actually routed via (0,0) is reduced to 48. Again, the amount of traffic terminating ateach node is 16 units per time period. So, a third of the traffic routed via (0,0) is terminatingtraffic.ObservationGiven the assumptions of a uniformly global community of interest and an even trafficdistribution over the available routes, it can be seen that there are differences in thecomplexity of switches required if 1-way or 2-way networks are to be implemented. If a 1-way network is implemented, the switches need fewer �positions�: traffic on the incominglinks can pass straight through, be turned on to the perpendicular outgoing link, or beterminated (the switch is located at the destination node). If a 2-way network is implemented,extra switch �positions� are required that switch the traffic onto the other perpendicular link.Figures 3.7 and 3.8 indicate the increased complexity of switching in the 2-way case.(Terminating traffic has been omitted for simplicity.)

Figure 3.7 Ring to ring switching options in a one-way network

Figure 3.8 Ring to ring switching options in a two-way networkHowever, the increased switch complexity in a 2-way network is balanced by a reduction inload. For a given volume of traffic, the switches in a 2-way network handle 81% of the traffichandled by switches in a 1-way network.3.3Alternative labelling schemeAn alternative labelling scheme for the nodes of a hypercube network is closely related to the4-spatial co-ordinates of the corners of the unit hypercube. The co-ordinates of the unithypercube range from (0,0,0,0) to (1,1,1,1). The nodes of the network are described by thebinary number xyzt where the corners of the hypercube have co-ordinates (x,y,z,t). Figures 3.9and 3.10 indicate how these labels are derived and how they translate to the familiar two-dimensional representation.

000000010010001101000101011001111000 1001

1011

1100

1101

1110

1111

xyztFigure 3.9 Labels derived from unit hypercubeWith the grid representation labelled in this manner, the binary labels of adjacent nodes differin only one bit position, and no two nodes have the same label. Any shortest route betweenarbitrary pairs of nodes can be found by successively reducing the distance between thecurrent position and destination. This can be achieved by routing to a node whose Hammingdistance from the destination is less than that of the current node. On a 16-node network with2-way links, the number of such routes is simply the factorial of the Hamming distancebetween source and destination nodes. It is straightforward to show why this is the case.Any node adjacent to the current node will have a Hamming distance to the destination nodeof either one more or one less than the current node, since each of the four adjacent nodes�labels differ in exactly one bit position from that of the current node. Therefore, if theHamming distance from the current node to the destination is n, any one of n bits can bechanged to reduce the Hamming distance to n-1. The same reasoning can be applied to eachstep on the route between source and destination. Hence, the total number of shortest routesbetween arbitrary nodes is the factorial of the Hamming distance between the labels of thenodes.For example, the number of routes, on a 2-way network, between 0000 and 1011 is 3!, or 6,since the Hamming distance between the nodes labelled 0000 and 1011 is 3. Under the

—27—previous labelling scheme, these nodes could be represented as (0,0) and (2,1). Using theequations derived with that system, the number of routes between them can also be evaluatedas 6 since

262 12 1� =+�( )!! !

. Notice how much simpler the new expression is in the case of a 16-node network. However, if the network is based on a larger grid the expression cannot beused, since the maximum number of links from the source node that are first steps in ashortest route is always 4 — the number of links adjacent to the node — whereas the Hammingdistance from source to destination could be more than 4.

000100100011010001010110011100001001 1010

1100

1101

1110

1111

1000Figure 3.10 Translation of labels from hypercube to grid representation3.4Application to distributed processingChapter 2, the project motivation, indicated the scalability problem of networks used to carrythe data associated with distributed processing, and that super-symmetric networks provide apotential solution to the problem. Having outlined the structure of super-symmetricnetworks, I am now in a position to be able to provide a further insight into how suchnetworks could address the issue of maintaining timing relations between events.Super-symmetric networks, as described, have uniform inter-node propagation times and aregular structure. Figure 2.4, which is repeated below, indicates how a �wave� of time can beconsidered to pass across the network (the diagram is shown for the case of a 1-waynetwork). Data injected onto the network at the top left node (as indicated on the diagram),will reach either of the adjacent nodes at the same time —˚t=1 — where the unit of time is howlong it takes to propagate along a single link. Similarly the data would reach any one of fournodes at time t=3, regardless of the route taken to reach those nodes.

t=0t=1t=4t=2t=5t=3t=6Figure 3.11In order for a processor located at a node to be able to determine a unique timing relationshipbetween two incoming data packets, all it needs to know is the address (location) of the nodethat originally transmitted the data. This tells the processor how far away each data source is,and thus how long it took for the data to propagate across the network. This in turn enables itto determine the order in which data packets (which could of course contain data to processor instructions to follow) from separate sources were generated, and thus the order in whichthey should be processed.3.5SummarySuper-symmetric networks, with their uniform inter-nodal propagation delays, have manyuseful properties. Their simple structure makes them ideal candidates for being implementedwithout buffering, and being controlled from the periphery, where any necessary bufferswould be located. This would allow the routes within the network to be dynamicallyoptimised, according to the traffic distribution offered to the network. However, the controlmechanism for such a network must be able to guarantee prevention of overload at any pointin the unbuffered core of the network, and respond to increasing traffic levels by balancing thetraffic load across the network as far as possible and providing sufficient feedback to thetraffic sources to prevent overload from occurring. In chapter 4, such a control mechanism —dynamic pricing — is introduced and discussed. The potential for its implementation on super-symmetric networks is considered in chapter 5.

—29—4Dynamic PricingIn chapter 3 I described the concepts surrounding super-symmetric networks, and some ofthe routing implications that can be drawn, based on assumptions about the users�communities of interest. The second idea at the core of the project is that of dynamic pricing.In this chapter I shall discuss the desirability of implementing a dynamic pricing scheme, andthen go on to describe the early ideas as to how such a scheme could be implemented and thedrawbacks of the envisaged implementation. Further ideas were pursued, resulting insignificant progress in the case where network load is not varying (the static case). Realisingthese ideas in the dynamic situation is a considerably harder task, but the concepts anddirection of current research can be outlined. These are linked to the implementation ofdynamic pricing on super-symmetric networks, which is described further in chapter 5.4.1MotivationThere are times when it would be very nice if it were possible to �jump the queue� whenusing the Internet. However the Internet being a conglomeration of typical packet networksoperates on a �best effort� basis. Quality of service (in terms of packet delay or loss) is notguaranteed, and there is only one level available — which is offered to all users irrespective ofthe urgency of their need to use the system or the value they place on the data they aretransferring.Many services do not usually require rapid transfer of data (for example: e-mail). Others donot require a constant packet inter-arrival time (for example: file transfer). On the other hand,there is an increasing use of the Internet for real-time services (�Internet phone� services,etc.), whose packets require both rapid transfer and uniform inter-arrival time. ATMnetworks must address the issues that these conflicts raise if they are to offer guaranteedperformance levels successfully to a variety of users.Buffer dimensioning in ATM networks is a complex problem, involving a trade-off betweenpreparing for potential bursts of cells above the local capacity and maintaining a low overalldelay and minimum cell delay variation for delay sensitive services. Regardless of the size ofbuffers employed (a network topology has been suggested in the previous chapter that couldbe implemented optically — without buffers) access to network resources must be managedand shared among the users in a fair and responsible manner. This is not a serious problemwhen the demand is less than the supply. However, as bandwidth requirements increasebeyond availability — either in the short term (bursts) or medium term (period of exceptional,unforeseen demand) — the situation must be managed. Connection admission control (CAC)algorithms are intended to reduce the likelihood of such periods. However, if any statistical

—30—multiplexing gains are to be realised, the potential combined peak cell rate of the calls inprogress must exceed the system capacity.Current methods — primarily ABR — rely on reducing the rate of all users. As a simpleexample, if the bandwidth demanded by all users of a 2Mbits-1 capacity system totalled (for ashort while) to 4Mbits-1, all users would be required to reduce their cell rates to 50% of theircurrent levels in order that cells should not be lost due to buffer overflow. When the combinedrate has decreased below the system capacity, users may be permitted to start increasing theirrates once more.U n f o r t u n a t e l y , t h i s s y s t e m also treats users indiscriminately — regardless of the relativeimportance of their communication. Dynamic pricing — which responds to the level ofcongestion in the network — is a way of managing the available bandwidth, while maintainingmaximum data throughput for those users who value their data sufficiently. As demandincreases beyond capacity, the price increases. Services that are the least delay sensitive arethrottled back first. If the overload continues, the price increase will prompt those users on atight budget (whether �real money� or company provided credits on an intranet) to reducetheir rate — by for instance using a lower bit-rate (and thus reduced quality) speech coder — orto stop altogether. Continuing overload results in more and more users reducing their rates orterminating their calls/data transfers. The users who place the highest value on theircommunication (those with urgent calls to make, or senior managers with more �credits�) areable to maintain their data rates for much longer.The net effect of a dynamic pricing system will be to maintain the cell rate within the systemcapacity, but to maximise the accumulated value of data transferred.4.2 Early ideasThe first mechanism considered for allocating bandwidth to competing users was based on theconcept of an auction. Each user submits a bid, consisting of the amount of bandwidth theyrequire at a given time and the upper limit on the amount they are willing to pay per unitbandwidth. Since the network structure in mind is based on a set of interlocking rings, itseemed that the cycle time for a ring was a natural choice for the frequency at which auctionsshould be held, although it is possible to auction access to several cycles at once. Theauctioneer monitors the bids from the users. When all bids for a given cycle have beenreceived, the auctioneer sorts the bids by willingness to pay, and starting from the user willingto pay the most per unit bandwidth, selects users to admit until no more could beaccommodated. These users are informed of their success in the auction, and allowed totransmit their data. They are not all charged at the amount they indicated as their upper limitin their bid, but at the price per unit bandwidth of the last user admitted. This is technically

—31—similar to a Vickrey auction [MacKie-Mason & Varian]. The following example shows howthe method would work.Suppose a system has an availability of 20 units. Six users wish to compete for those units.Each user has a different requirement and different willingness to pay for units and hence adifferent maximum amount they will pay. These amounts are shown in the table below. Theusers submit their bids, and are reordered in terms of their willingness to pay per unit. User 4is the most willing, and so is the first to be guaranteed access. As successive users areadmitted, the running total of requirements reserved is kept. When further users� demandswould exceed the availability, the process stops. In this case, user 2 was refused access. Thelast user to be selected was user 6, with a willingness to pay of $2 per unit. Hence all usersare charged $2 per unit. All users, except user 6, make a nominal profit — since they arecharged less than the maximum they would have been willing to pay — and the total value(requirement · willingness) transmitted across the network is maximised. The table belowdemonstrates the process of selecting users according to their willingness to pay.UserRequireWillingMaxRUserRequireWillingS reqSent?ChargeProfit

12$5$10e43$83Yes$6$18

27$1$7o12$55Yes$4$6

31$3$3r57$412Yes$14$14

43$8$24d31$313Yes$2$1

57$4$28e65$218Yes$10$0

65$2$10r27$125No

The total value transmitted, when users are selected according to their willingness to pay perunit bandwidth, is the maximum possible —˚$75 —˚as can be seen from the table below. Thetable shows the remaining demand for units, and the value of the units that would betransmitted if successive users were refused access. The total offered value is $82. Theselection of users resulting in optimum utilisation of the resource — user 6 refused access —does not, in this case, result in optimum value transfer.Since the price charged for access depends on the willingness to pay of the last user admitted,rather than a flat rate, there is no incentive for users to claim a higher willingness than theirtrue willingness to pay. Stating a higher willingness will not provide the user with a betterservice, unless the user is the last to be admitted, when they will be charged according to theirstated willingness. In that case, the user gets the service but pays the penalty by beingcharged more than they were really willing to pay.

—32—User(s)refusedRemainingrequirementSufficientavailable?Valuetransmitted

123No

218Yes$75

324No

422No

518Yes$54

620Yes$72

1,420Yes$48

This method could be revised —˚at the expense of increase complexity — to allow users tospecify a range of willingness/requirement parameters. For instance, a user may need to makean urgent call that must get through, however it is not essential in this case that the videocomponent be transmitted. The user could specify a separate willingness for each component,or else a scale of values —˚very high for the minimum voice requirements, but decreasing withincreased bandwidth. Thus the user will be as sure as possible of their voice componentgetting through, but under different network conditions may also be able to transmit a low,medium or high quality video component (according to the output rates of the codecs that areavailable to them and the size of the image they transmit).The primary advantage of the method is that since resources are allocated to each user as theydemand them, and the users� allocations vary according to their needs, the users can bemonitored closely for adherence to their contract —˚the network can stipulate exactly whichcell-slots they should be using — and since users are only permitted to transmit if resourceshave been allocated for their exclusive use, the network will never overload. Overload ishandled by the auction process: once the bids have been processed, and resources allocated,the network knows who will be transmitting how much, and that the total transmitted will bewithin its capacity.The key drawbacks of this method of implementing dynamic pricing are the time it takes tonegotiate access to the resources, and the amount of network resources devoted toimplementing the auction — particularly if access to each ring cycle is auctioned individually.The situation becomes more complex if the network is not simply a single ring, but a set ofinterlocking rings — such as the hypercube network — but the principle can be extended, withthe network auction controller allocating resources on a link-by-link basis. The optimisationprocedure evidently becomes significantly more complicated since each call in progress routes

—33—across a selection of links, and if a user is unable to connect to their destination by any route,the links to which they would have gained access are freed up for other users� traffic.In the case of a simple ring network it takes at least two complete cycles of the ring toallocate resources. On the first cycle the nodes submit their bids. These are processed, andresponses sent on the next cycle. Users may then transmit their data at the prescribed time. Ifnetwork access is allocated cycle-by-cycle, then bids must be submitted every cycle,processed every cycle and responses sent every cycle. If the simple access/no access methodis implemented, the amount of information contained in a bid is relatively small —˚the totalbandwidth required and the user�s value per unit bandwidth. However, the result ofimplementing such a method would be that a call in progress would be suddenly terminated orinterrupted when the demand on the system was such that the price exceeded the user�swillingness to pay. This is clearly undesirable. The enhanced auction eliminates this problemas users specify a range of bandwidths, and if the demand increases a call in progress mayreduce its bandwidth offered to the network — for example by reducing the output bit-rate of avideo or voice codec — rather than by losing access altogether. Of course, the informationcontained in the bids for the enhanced auction is significantly more than that contained in thebasic bids —˚a range of bandwidth/value pairs, or a function describing the user preferencesmust be sent. The bids themselves place demands on the network resources which must bepermanently reserved, and processing the bids requires significant rapid computing power.4.3Progress (static case)It becomes much harder to determine the effects of a flow control mechanism on the networkwhen the offered load is varying, since the inherent fluctuations in the load are combined withthe effects of the flow control mechanism. However, a better appreciation of the situationwhere the offered load does not vary — the static case — should assist in understanding themore complex dynamic case.The second pricing method considered involves the network determining a price threshold perunit bandwidth for a given network loading, without considering the value individual usersattribute to their offered load. The price is advertised across the network and those users whoare willing to pay the price may transmit their data.4.3.1AssumptionsIn order to analyse the effect of a flow control system it is necessary to know relevantproperties of the offered traffic. Understanding a system based solely on the level of demandand the number of users requires only knowledge about the expected level of demand and howmany users are connected. If the flow control method is based on the price of access, then it is

—34—also necessary to know about the price users are willing to pay, and how that price relates totheir offered traffic.Since no information is available on how users would actually behave if a dynamic pricingsystem were implemented, it is necessary to make certain assumptions regarding thedistribution of offered bandwidth and value. Most point-to-point communication currentlyrequires only limited bandwidth, and it is to be expected that this will not change significantlywith the introduction of higher bandwidth services. For most purposes a low bandwidthchannel will remain adequate — many conversations can be carried out perfectly well usingonly a voice channel, or by plain text e-mails. It can also be argued that much of the traffic in acommunication network is of relatively low value, and this is also likely to remain true. If alarge user base multimedia network becomes a reality it is easy to imagine that much oftoday�s �junk mail� will be transferred to, or duplicated on such a network. This is inherentlyof low value, especially to most recipients! It is also apparent that bandwidth need not berelated to value. It is possible to have any combination of low to high bandwidth with low tohigh value — as demonstrated in the table below.ExampleBandwidth required

servicesLowHigh

Low valueunimportant e-mailsmultimedia WWWbrowsing

High valuephone call toemergency servicesvideo conference todiscuss business deal

Given these observations it seemed reasonable to assume that an individual�s offeredbandwidth and their perceived value for successful communication are independent. It wasalso assumed that value and bandwidth could be treated as random variables with semi-Gaussian distributions:

Bandwidth

Probability

Value

ProbabilityFigure 4.1With these assumptions, the probability of a user requiring a high bandwidth connection islow. The probability of a user�s willingness to pay being high is also low — most calls or data

—35—transfers are low value. Note that in the table above I have cited making a call to theemergency services as an example of a high value application. This does not mean that suchcalls should be subject to high charges, rather that the network should treat such calls asthough they had the maximum possible willingness to pay.Every call has associated with it a bandwidth and value˚—˚using these semi-Gaussiandistributions it is expected that the majority of connections will be low bandwidth, low value,and that there will be very few high value, high bandwidth calls. This is consistent with thedescription of services above and the estimated value of such services (there will be manymore unimportant e-mails sent than high value video conferences set up).4.3.2DiscoveriesIf a pricing scheme is implemented on a network, it is evident that since there is a finitesupply of money — either real money or company-provided usage credits — then a sufficientincrease in price will reduce the network load. Users may temporarily accept an increase inprice without altering their usage patterns, but if the increase is large or sustained it wouldimpose too great a drain on the users� money and they would back off. For instance, a usermay be willing to spend £50 per month for their combined telephony/network access and use.During periods of light to normal loading, calls may be charged at £1 per 50 Mbytestransferred (equivalent to approximately £0.01 per minute at 64kbits-1 —˚British Telecom�scurrent off peak rate for local telephone calls). A 2Mbyte file transfer would cost £0.04 —˚asmall proportion of the user�s budget. However, during periods of heavy use, the price mayincrease to £1 per Mbyte. The same 2Mbyte file transfer would now cost £2 — which is asignificant proportion of the user�s monthly budget. Clearly different users have differenttolerances to such price variations. However, given a large user base, it seems reasonable thatmost users would have a low rather than high budget, and would therefore respond quickly toprice increases. Again, this is consistent with the assumption that the distribution of valueacross calls is Gaussian, with most calls being low value —˚only a few users (those with a lotof money or urgent needs) are willing to absorb significant price increases without changingtheir use of the network.In general, only those users whose value per unit bandwidth (that they wish to transmit)exceeds a network imposed threshold —˚which will be related to the level of utilisation ordegree of congestion —˚will transmit their data.The effect of changing the value per unit bandwidth threshold is demonstrated in the graphbelow (figure 4.2).

Bandwidth

Value

SentNot Sent

Figure 4.2The slope of the line is the minimum value per unit bandwidth that the network will admit.All users� offered traffic is represented by a point whose co-ordinates are the bandwidth andvalue of the traffic. All points lie either below the line or above (or on) it. Those users whoseoffered traffic lies below the line are denied access at their current proposed bandwidth/valuecombination. As the threshold increases from zero, the first users to terminate their calls orreduce their bandwidth are those using high bandwidth but whose data is low value (i.e. isinherently of low value, or is not urgent and could be sent when the network is less busy). Asthe minimum willingness-to-pay increases further, the users affected are those withsuccessively lower bandwidth requirements or increasing value. As can be seen, a significantnumber of low value, low bandwidth users will have to terminate their calls (or reduce theirbandwidth) before a small number of high value, high bandwidth users are affected, since thereare many more calls with low value and bandwidth than with either high bandwidth or highvalue.Given the assumption that value and bandwidth have independent Gaussian distributions, itis possible to derive an analytic expression for the amount of bandwidth transmitted ascompared to the amount offered (i.e. how much would be transmitted if the threshold werezero) as a function of the price. Hence it is also possible to determine the required minimumwillingness-to-pay (from now on referred to as a price) that will result in a given level ofresource utilisation.

—37—Suppose a user (i) wishes to transfer data across the network with bandwidth bi a n d associated value vi . If there are N such users, the total (offered) bandwidth will simply be

biiN=�1

. The mean bandwidth is thus

bNiNi=�1

. In terms of the probability of a user�s bandwidth being b:

P(),b b ei b= = -a a bb 2 for some

,(a,b are related such that

abe dbb-¥� =20 1

1) the mean bandwidth, for large numbers of users,tends to

bedbba b-¥� 20

, which is

1bp

(see Appendix 1 for evaluation). Similarly, the probabilityof a user�s value assigned to the call being v is:

P()v v ei v= = -a b 2

(a,b are the same for thetwo distributions: bandwidth and value are scaled so that the numerical values of theirdistributions match).The equation for the mean bandwidth can be rewritten to take account of the different valuesusers place on their calls, in terms of the joint probability of a user�s bandwidth demand andtheir value, giving

bvdvdb i i v b P( ) P( ) = = =¥ =¥ � � 0 0

(since

Pvdviv ( )= ==¥�0 1

by definition). Thisis expanded to

bedvdbb va ab b- -¥¥ � 2 200

or equivalently

bedvdbb va b200 2 2- +¥¥� ( )

.Integration over the plane defined by the rectangular co-ordinates (b,v) can be replaced byintegration over the plane described by polar co-ordinates (r,q). The change is showndiagramatically below in figure 4.3. The element of area dbdv over which the probabilitydistribution is integrated when the rectangular co-ordinates are used becomes rdrdq when theintegration is done with respect to the polar co-ordinates. 1

Remembering that

2

0

2

p

e dt x

t x

-

�

= erf( )

then

a a

b p a

b b

p e db

b

b

-

=

¥

� = � = � = 2

0

2 1 1 2

dbdvdvdbRectangular co-ordinates

rdrdqdrdr

rd qPolar co-ordinatesFigure 4.3The bandwidth, b, and value, v, are transformed to polar co-ordinates r and q , by the pair ofequations:

r b v b r v r vb 2 2 2 1

= + = ( ) = = - and , or equivalently, and

q q q

tan cos sin

.Integration over the entire quadrant when described with rectangular co-ordinates requires band v to vary between 0 and ¥. If polar co-ordinates are used instead, r must be allowed tovary between 0 and ¥, and q between 0 and

p 2

, in order to integrate over the whole quadrant.The equation for the mean offered bandwidth thus becomes:

b e dv db r e rd dr

b v r

a q a q b b p 2 00 2 00 2 2 2 2 - + ¥¥ - ¥ � �=

( ) (cos )

by the change of variable and co-ordinate system.This in turn can be simplified to:

a q q b p 2 20 02 2

re dr d r-¥� �cos

. Of course,

cos sin

q q q p p d 0 0 2 2 1

� = [ ] =

and so the mean (offered) bandwidth is given by

a b 2 20 2re drr-¥�

. As expected, this alsoevaluates to

1 b p

(see Appendix 1 for proof).It is the transformation to polar co-ordinates that enables us to calculate how much of theoffered bandwidth is actually sent, if a price is set for access. Figure 4.2 provides the clue asto how this is done. The price is defined as the slope of the cut-off line. However, using polarco-ordinates, the line can simply be defined by an angle — Q. All users whose bandwidth-value combinations transform from bi,vi into r i ,q i where q i ‡ Q are admitted, and thosewhose qi < Q are denied access. Figure 4.4 demonstrates this relationship.

Bandwidth

Value

QSentNot SentqiqjFigure 4.4The equation for the mean offered bandwidth:

a qqb p2 20 02 2r e dr dr-¥� �cos

can be modified toenable the ratio of bandwidth transmitted to bandwidth offered to be calculated. Thebandwidth of those users willing to pay the price for access is

aqb p2 20 2 2r e dr dr-¥� �cosQ

. Notethat this is not actually the mean transmitted bandwidth since the total probability associatedwith those users above the threshold,

aqb p20 2 2 1re dr dr-¥� � „Q

.In fact the ratio:

aqaqb p2 202 20 02 22 2re dr dre dr dr-¥ -¥� � �coscosQ

is the proportion of the offered bandwidth that isactually transmitted:

B Btr off

But of course,

can be simplified substantially, giving:

a qq a qq qqqq q^{b p p} pp 2 2 02 2 0 0 0 0 2 2 2 2 2 2 22 1 1 1 r e dr d r e dr d d

r-¥ -¥� �

� � �^=

= [ ] [ ] = -= -^{coscos coscos} sin sin sin sin

Q Q Q QQ

In other words,

Btr_{off} = -1 sin Q

.The step following the derivation of this concise expression for the ratio between transmittedbandwidth and offered bandwidth must be the determination of a method of setting the pricefor a given level of resource utilisation, and thus controlling the traffic level that the resourcehas to handle. Consideration of a geometric representation of the offered bandwidth,transmitted bandwidth and resource availability gives an insight into this step.Two configurations are shown below. In the first, the price is set such that the transmittedbandwidth matches a predetermined — desired —˚utilisation. This may be (say) 80% or 90% ofthe system capacity, to allow for more rapid fluctuations in the transmitted bandwidth thanthe response time of the pricing system can handle. In the second configuration, thetransmitted bandwidth is guaranteed to be less than the desired maximum utilisation, and asthe utilisation increases, users are throttled back to a greater and greater extent.Q

BoffC(1-sinQ)

C(sin Q ) C O UVXWFigure 4.5 First configuration

—41—In figure 4.5 above, Boff is the total offered bandwidth, and C the desired level of utilisation( n o t i o n a l l y t h e r e s o u r c e c a p a c i t y ) . S i m p l e g e o m e t r y s h o w s t h a t

CBCCoff = = --( sin ) sin1 1Q Q

(triangles UVW and OVX are similar, so

OVOXUVUW=

). In other words, if the price threshold istanQ, the transmitted traffic will be C — the desired level of utilisation. An expression fortanQ can be derived from the information in figure 4.5:Since

CBoff = -1 sin Q

, the price threshold,

tan sin cosQ= = -- -( )11 1 2CB CBoff off

.QBoffC(1-sinQ)C(sinQ)CC(cosQ)W�OU�VXFigure 4.6 Second configurationIn the second geometric representation, Boff is again the offered bandwidth. C is the desiredmaximum level of utilisation. In this case, the similarity of the triangles U� V W� and OVXshows that

C B C C

offcos ( sin ) sin

Q Q Q = = -

-1 1

so that if the price is set at tanQ, the amount of traffictransmitted will be CcosQ. Again, an expression for tanQ can be derived by considering thegeometry of the figure 4.6. In this configuration,

Q = �-90 2 a

(or

p a 2 2-

) where a is theangle between OX and VX.T h e r e f o r e

tan tan tantan

Q = = -

1 2 1 2 2

a aa

. But of course,

tan Q = =OVOX CB off

so the price thresholdrequired for Btr=Boff(1-sinQ)=CcosQ is given by:

price = - �Ł� �ł�Ł� �ł�12 2CBCBoffoff

—42—It is when the network is under the greatest degree of overload that any fluctuations in theactual transmitted traffic — caused by users not conforming fully to their traffic contracts, orby cell rate changes occurring faster than the price mechanism can regulate — could result inunresolvable resource contention, and thus cell loss. For this reason, it is thought that thesecond method of calculating the price threshold from the offered traffic and resource ornetwork capacity should be employed:

price

= - �Ł� �ł�Ł� �ł�

12 2

CBCBoffoff

.4.3.3Current direction of researchIn the preceding sections I have shown how, by considering the value users place on theircommunications, the flow of cells onto an ATM network can be controlled — by setting avalue per unit bandwidth threshold. The amount of traffic admitted to the network can beregulated under any degree of overload (i.e. when the offered traffic exceeds the network orresource capacity) by changing the price according to a function of the ratio of offered trafficto capacity.So far, it has been assumed implicitly that the value a user places on their networktransactions is simply a scalar value — for example �I am willing to pay X for 2Mbytes persecond� — or a range of values — �I am willing to pay X for 2Mbytes per second or Y for1Mbyte per second�. However, it is possible to consider a user�s value assignment as beingmade up of different components or dimensions. Certain traffic types are more sensitive todelay than others, and if cells are delayed beyond a known limit they become effectivelyworthless. For example, a user�s application at the receiving end of a real-time conversationmay expect cells to arrive at regular intervals. If a cell is delayed by more than apredetermined amount, the application assumes that the cell has been lost and inserts�dummy� output — which may be random or an extrapolation from previous outputs.Therefore, if a cell carrying data from a real-time conversational application is delayed beyondthat predetermined amount, it becomes worthless — there is no longer any need to guaranteeits arrival. However, if the cell has not yet been delayed sufficiently to render it worthless, itsurgency of transmission is considerable.Two dimensions that can therefore be considered to make up value are the intrinsic value andthe urgency. The intrinsic value is, or is derived from, the value that a user places on theoverall success of the transmission — this is equivalent to the value as considered previously.The urgency is largely dependent on the traffic type — as indicated above. Cells carrying datafor real-time or conversational communications have high urgency unless they are delayedbeyond an application-determined amount, whereas non-conversational applications (filetransfers, etc.) are not affected by increased cell delay to such an extent. These two basic

—43—components can be combined to give an overall value, which depends on both the user-assigned intrinsic value and the application dependent urgency.Delay

Overall

ValueApplicationTreshold

Value profile for delaysensitive applicationValue profile for delayinsensitive application

Overall

Value

DelayFigure 4.7The graphs above indicate how the overall value could change for two applications — onesensitive to delay, the other relatively insensitive. The initial value level is determined by theuser specified intrinsic value, while the shape of the graph is determined by the applicationtype and the associated urgency. Even for applications that are relatively insensitive to delay,cells do not retain their value indefinitely (this is indicated by the slight drop in the overallvalue on the second graph).A second argument in favour of considering value to be made up of these two components isthat they allow traffic with low intrinsic value but high urgency to be transmitted ahead oftraffic with high intrinsic value but low urgency. Consider figure 4.7 again. If two users werecompeting for access to the same resource, and one placed lower value on successfulcommunication, but was using a delay sensitive application, under certain conditions thenetwork would allow them access in preference to the user who placed higher value on theirdelay insensitive communication. For instance, if the next available slot for communicationcame after the delay sensitive application�s delay threshold, the value of that communicationwould have decreased considerably. On the other hand the value of the delay insensitiveapplication�s data would not have changed appreciably. Therefore, greater total value of datawould be transmitted — when integrated over time — by admitting the lower intrinsic value(but higher urgency) traffic in preference to the high intrinsic value, low urgency traffic. Bothusers would be satisfied with the service provided.

—44—4.4Dynamic caseThe discussion of dynamic pricing so far has dealt with the case where the offered load isstatic. This has made the development of an overload control strategy based on pricingpossible. However, in a real network levels vary from moment to moment as user demandsfluctuate and as calls are initiated or terminated. The dynamic pricing traffic managementscheme employed must be able to cope with these effects while delivering its goals ofnetwork stability, resource utilisation and value transfer. In order to meet these goals it isnecessary that rules should be imposed that govern how rapidly traffic sources are allowed tovary their bandwidth. This is due to the time it takes for the network to respond to changes inload and offered traffic.4.4.1FeedbackIt is apparent that, whatever the application, for a feedback mechanism to operatesuccessfully, amongst other things the driving force must not be able to fluctuate so rapidlythat the feedback can not respond or more extensively than the feedback can anticipate. Ifthese conditions are not met, then by the time the feedback is applied to the force, its levelcan have changed to such an extent that the feedback is either unnecessary or insufficient.In the case of an ATM network, the time it takes for cells to travel from source to thebottleneck being controlled by the pricing mechanism and for the price to propagate back tothe source must be considered when determining how rapidly a source can increase its cellrate. For any given network configuration and set of users with their particularcommunication needs, it seems likely that there will be particular network regions that aremore susceptible to overload. In order for the pricing mechanism to control overloadanywhere in the network, the value per unit bandwidth required for network access should bedominated by the region or resource in greatest demand that lies on the route that the user’scells will take. In effect, for those users routing through the congested region, or bottleneck,the price they see is the price of routing via that bottleneck.There is no particular reason why users� output cell rates should not fluctuate rapidly andsignificantly. Therefore it is essential that rules are imposed which control the rate at whichusers can vary their offered bandwidth. These rules must limit the amount that a user�soffered bandwidth can change from moment to moment so that the price mechanism is notfrustrated by rapid changes in cell rate, which are beyond its ability to control. It isanticipated that the choice of pricing mechanism will also have an impact on the success ofdynamic pricing. As mentioned previously, at the end of section 4.2.2, it is when the networkis under the greatest pressure that changes in offered bandwidth can have the most significanteffects. If the network is lightly loaded, an increase in cell rate by a source will not have anadverse effect of the ability of the network to cope with the aggregate demand. However, if

—45—the network, or a region of the network through which a user�s traffic is routed, is heavilyutilised, then an unpredicted increase in cell rate by that user, or one that has not beennegotiated, could very easily result in unresolvable resource contention.4.4.2ShapingIf a user has a block of data to transmit, there are several ways in which they could shapetheir transmission. For example they could send it as a short — high bandwidth — burst, or as along, slow trickle. Both of these structures have sharply defined edges and have eitherconstant bandwidth within the pulse or else no particular constraint on bandwidth within thepulse. However, I have already indicated the necessity for rules governing the rates of changesof users� cell rates. It is therefore natural to consider what effect these rules could have on theshape of a data pulse offered to the network, and what pulse shapes would be mostcompatible with the pricing mechanism.Clearly a high bandwidth burst that has not been explicitly negotiated with the network is notan acceptable option. A simple simulation demonstrates the impracticability of such a pulseshape: suppose two such pulses were initiated by users, and the pulses met at a resource — aswitch or multiplexer for example — and their combined cell rate exceeded the capacity of theresource. In this case, the resource would be overloaded instantly, and no matter how rapidthe feedback mechanism or how short its propagation delay, the sources would not be able tomodify their cell rates rapidly enough to prevent cell loss.By extension, any pulse shape that has a sharply defined rising edge will be susceptible to thesame danger. As the network load increases, the minimum cell-rate rise that could cause suchcontention decreases. It is therefore apparent that a user wishing to transmit at a high cell ratemust either negotiate a route across the entire network at that rate, or else start bytransmitting at a low rate and increasing within the limits imposed by the pricing mechanismand its associated rules.It is also arguable that a sudden drop in cell rate should be avoided. The undesirableconsequences of such a drop are not as immediately obvious, since a drop in cell rate wouldresult in available network capacity being increased. However, if a user�s cells were routedthrough a region suffering from congestion, a sudden, significant drop in the user�s cell ratewould result in a sudden change in the degree of congestion in that region. Consequently, theprice would drop significantly. This would allow immediate access to more users, resulting inincreased congestion once more. This would push the price back up again, in turn promptingthose users whose value on communicating was now below the threshold to stoptransmitting. It is easy to see how this could result in a system oscillating between two levelsof utilisation. If, on the other hand, users were generally not allowed to drop their cell rate

—46—suddenly, the price would change only slowly — resulting in a more stable level of utilisation.Given that a stable level of utilisation is likely to require less management and signallingoverhead than a constantly changing or oscillating level, the second scenario is more appealing.4.5Further workThe implementation of a dynamic pricing scheme where offered traffic levels are varying isevidently going to be complex. It has been demonstrated that, given certain assumptions aboutthe users� communication requirements, the network traffic load can be successfully managedin the static case. It remains to be shown that the same can be said for the dynamic case. It isentirely plausible that a dynamic pricing scheme would work. However the increasedcomplexity of the situation makes developing an analytic approach to the problem muchharder. Indeed, the extra variables introduced, such as feedback propagation delays, and thechanges that can occur to network loading between feedback being initiated and received couldresult in a system that cannot be modelled both analytically and realistically. By this, I meanthat the increased complexity may result in it being necessary to introduce further constraintsor assumptions to facilitate the analytic development, or else the results obtained from theanalysis will themselves be so complex as to render them impossible to understand orinterpret.For this reason, it may prove necessary to demonstrate the effectiveness of a dynamic pricingscheme by extensive simulation, or small-scale implementation. The contribution of each ofthe scheme�s parameters could then be empirically tested. In particular, the choice of rulesthat regulate cell-rate changes will be critical to the efficiency and even success of the scheme.If the rules chosen are too restrictive, the network will not operate efficiently. However, if therules are too lax or are inappropriate for the mix of traffic types carried by the network, thenthe pricing mechanism will not be able to control the traffic flow tightly enough to preventresource contention under some circumstances.Similarly, the allowable shape of data pulses, and the relation between network loading andinitial non-negotiated cell-rate or cell-rate change must be explored. As indicated above, theshape of an individual user�s transmission could have a noticeable impact on the pricepresented to all users. For this reason it is important that the optimum combination of pricingmechanism and shaping be found. A potential pulse shape is that of a Gaussian curve. It hasbeen commented that the equations describing the dynamic pricing scheme and its effect ontraffic levels are similar to those found in quantum mechanics, and that since Gaussian shapedpulses also occur in quantum mechanics, they may well prove applicable in the case of asystem controlled by dynamic pricing [Kirkby].

—47—If the network is not congested, the data could be sent as a (discretised) Gaussian curveshaped pulse. However, if the network became congested, the curve would be flattened andthe data sent in a pulse whose shape resembled the error function, the cell-rate eventuallydecreasing when the majority of the data had been transmitted.4.6SummaryWhen a network is lightly loaded, controlling the flow of traffic is not a significant problemand resource overload can be avoided without serious difficulty. However, as network loadingincreases the likelihood of overload at any point in the network increases and the necessaryresource management requirements become more complex or have a noticeable impact on theflow of traffic in the network. Similar observations can be made in any situation where thesupply of a commodity is limited and demand varies: as the mean level of demand increases,there will be times when demand exceeds supply, and not all consumers can be provided withtheir desired quantities of the commodity.In the marketplace, periods of elevated demand encourage suppliers to increase their prices.When demand drops, the price drops —˚as suppliers attempt to stimulate demand. Dynamicpricing applies these basic �supply and demand� principles to a network, where the onlysignificant difference is the frequency at which prices can change —˚the utilisation of a network(the demand for bandwidth) can vary far more rapidly than the demand for most othercommodities.Chapter 5 considers the application of dynamic pricing to super-symmetric networks, andoutlines the concepts and the initial work that has been carried out in this area, with particularreference to the potential for creating an arbitrarily scalable network, whose bandwidthallocation is managed from the edges. Implementation of such a system could lie anywherebetween a small office network and a global broadband multimedia network capable ofcarrying the traffic associated with all projected communication demands — including those offuture telephony and Internet-style use as well as other predicted services.

—48—5Dynamic pricing on super-symmetric networksIn chapter 3, I introduced the concept of super-symmetric networks, and explained some oftheir properties and demonstrated how their symmetry makes it relatively easy to predicttraffic loading across such a network. The advantages of super-symmetric networks in termsof their dynamic re-routing potential were also indicated. Chapter 4 described dynamic pricingand its advantages — in terms of providing users with a choice of how to react to networkcongestion, and how it could be used to manage resource utilisation successfully. In thischapter the benefits of combining these concepts — implementing dynamic pricing on super-symmetric networks — will be outlined.5.1ConceptsAs already mentioned, a major issue facing ATM network designers is that of coping with therequirements of diverse traffic types. Each traffic type has its own performance requirements— maximum sustainable cell loss or delay variation and so on — and the needs of traffic typesconflict. It is difficult to design a network optimised for carrying traffic sensitive to cell lossas well as traffic sensitive to cell delay variation, particularly if any statistical multiplexinggains in bandwidth utilisation are to be realised.However, the implementation of dynamic pricing on super-symmetric networks may providea solution to this problem. In order for a network to provide a good service to users of delaysensitive applications, it is essential that cell delay variation across the network be minimised— or eliminated if at all possible. This can be achieved by reducing the size of buffers in thenetwork, or by removing them altogether. If either of these options is implemented, itbecomes essential to control the flow of cells onto and across the network to guarantee thatno part of the network could be overloaded. If overload occurs, cells will be lost — degradingthe service provided to users of loss-sensitive applications. Overload can be avoided by usingthe dynamic pricing mechanism, which signals the current level of resource utilisation on theroute being taken by loss-sensitive data. As the price increases, users transmitting loss-sensitive data may either decrease their cell-rate, providing their own buffer space, or bear theprice increase and continue transmitting at their current rate — relying on other network usersto decrease their cell-rates.It is evident that a dynamic pricing scheme could be implemented on any network as a flowcontrol system. Since each network user has a limited amount of money (or network-usecredits), a sufficient increase in price will result in a decrease in the amount of traffictransmitted by each user, and thus will control the flow of traffic across the network.

—49—However, the advantage gained by implementing dynamic pricing on super-symmetricnetworks is that if a particular network region becomes congested, not only can newlyarriving traffic be routed away from the congestion, but calls in progress can be dynamicallyre-routed onto less congested links. If the price of a user�s current route increases the usermay investigate alternative routes, and select the cheapest. Alternatively, dynamic re-routingmay be managed by the network, without the need for user intervention. In section 2.1.3 Igave an example of how dynamic re-routing could occur on a small fragment of a super-symmetric network.In section 4.4.1, I commented that for the pricing mechanism to control overload anywhere inthe network, the value per unit bandwidth required for network access should be dominatedby the region or resource in greatest demand that lies on the route that the user’s cells will take.If the pricing mechanism is implemented on a super-symmetric network, there are routingchoices between many pairs of nodes. Therefore unless the congestion is at the source ordestination it is likely that an alternative route can be found which avoids the congestion. Thishas the effect that the traffic load is automatically balanced across the network.5.2Global implementation — some thoughtsThere are two basic methods of increasing the scale of the super-symmetric networksdescribed in chapter 3. The first is to scale up the size of the square grid that results fromunfolding the hypercube. The hypercube has 16 vertices, and so a network constructed tomatch the connectivity of the hypercube would have only 16 nodes. However, as Icommented in section 3.2, if the grid size is scaled up, a greater number of nodes can beconnected. Although the four-dimensional object that would have to be �unwrapped� toproduce the larger grid would not be a hypercube, the essential properties of the networkwould be unchanged: uniformity of link length and multiplicity of routing options would bemaintained.An alternative method of increasing the number of nodes in the network is by the use of ahierarchy of hypercube networks. Each of the nodes in the topmost level is a hypercube inthe next level down. Each node in that hypercube is itself a hypercube in the next level. Thispattern may be repeated as often as necessary, until sufficient coverage has been provided. Ofcourse, the two methods may be combined — to give a hierarchy of hypercube-like networks.The nodes at the lowest level in the hierarchy are the network access points for individualusers.

Figure 5.1 Hierarchy of hypercubes — two levelsSuch a hierarchy of networks could be scaled up to global proportions without difficulty. Thes y m m e t r y w o u l d b e m a i n t a i n e d a t e a c h l e v e l i n t h e h i e r a r c h y . B y c o n s i d e r i n g t h e t h r e e - d i m e n s i o n a l p r o j e c t i o n o f t h e h y p e r c u b e — t h e t o r u s — i t i s p o s s i b l e t o i m a g i n e h o w t h e network could be mapped onto the globe. The torus could be wrapped around the world —ratherlikestickingagolfballinthemiddleofaringdoughnut!An important concept that is being considered is that at the lowest level in the hierarchy,individual ATM cells are switched and routed, but at successively higher levels, packets ofcells are grouped together and these supercells share routing and switching. The number ofcells in a supercell is determined by the ratio of the link lengths in parent and childhypercubes. If the link length of the parent hypercube was sixteen times longer than the linklength of the child hypercube, then the supercells would consist of sixteen ATM cells — witha common destination on the parent hypercube. Similarly, at the next level up, the packetswould consist of sixteen supercells. When a packet reaches its destination and is passed to thelower level hypercube, the individual cells or supercells it contains are routed onwardsindividually.

—51—The uniformity of link lengths within each level of the hierarchy allows switching to besynchronised and to occur at a relatively slow speed, since on the higher levels consecutivegroups of cells are routed to a common node. The principles of this hierarchical routing andcell grouping scheme are indicated in figure 5.2.Switching gap (switchesoperate synchronouslynetwork-wide)Packets of cells

(supercells) with

common routing

at higher level

Cells (or packets ofcells) with commonrouting at lower levelFigure 5.2Access to the network, and bandwidth management on the network, would be controlled bydynamic pricing. The rules regarding allowable rates of changes of bandwidth — which arenecessary primarily because of the propagation delay between congested regions and trafficsources — would be related to the number of levels in the hierarchy that a call was traversing.A call to a �local� node (on the same low level hypercube) could vary its bandwidth morerapidly, since the response time of the dynamic pricing would be less, than a call to a�distant� node (on another hypercube — involving routing up and back down the hierarchy).Alternatively, since a variable bandwidth connection can be considered to be made up of aconstant bandwidth and a variable bandwidth part, a user wishing to initiate a variablebandwidth call to a distant node may be required to �reserve� a larger proportion of their peakbandwidth than a user initiating a call to a local node. Increases to the peak would be a smallerproportion of the reserved part — as demonstrated by figure 5.3 below:

=+Alternatively+£Figure 5.3In the second diagram, a larger proportion of the peak bandwidth has been taken up with aconstant bandwidth element. The variable bandwidth part of the communication has a smalleramplitude, but this advantage is offset by reduced potential for statistical multiplexing.Combining these principles with the dynamic pricing flow control mechanism and withsuitable rules governing cell-rate changes will be a complex task, but appears to be a promisingtechnique for maximising statistical multiplexing possibilities and guaranteeing qualitystandards (cell loss and delay variation) to the users.

—53—6Summary and ConclusionsDesigning ATM networks for a variety of traffic types — voice, video, data, etc. — hastraditionally been seen as managing the trade-off between minimising cell loss probability andcontrolling cell delay variation. A novel approach to this problem has been suggested which isbuilt on two independent concepts: super-symmetric networks and dynamic pricing.Research into these areas is still at an early stage, but the progress made so far continues toindicate their suitability as elements of the solution to this problem.Three areas were presented as motivation for the project. The major motive was resolving theconflict between minimising cell loss probability and managing cell delay variation. Othermotives were the potential application of super-symmetric networks to distributedprocessing and the introduction of user choice if dynamic pricing was implemented.In this chapter, I shall summarise the properties of super-symmetric networks and theimplications for routing and dynamic re-routing. I shall then outline the principles of dynamicpricing and the progress that has been made in quantifying its effectiveness as a bandwidthmanagement system. Before presenting my overall conclusions, I shall briefly re-examine thethree motives in the light of what has been learned during this project.Super-symmetric networksMost practical network designs incorporate at least some redundancy, link protection androuting choices. However, in the case of circuit-switched networks, it is not generally possibleto implement dynamic re-routing (changing the route of a call in progress), since thealternative routes are of different lengths. Changing the route would result in a change in thetime taken for data to propagate from source to destination. This would result in either aninterruption to the data stream, or a brief period when too much data was received —depending on the relative lengths of the original and new routes. Both of these options resultin a degradation of the user�s perceived quality of service. In packet networks, dynamic re-routing is commonplace but variation in packet inter-arrival times is not considered important.The topology of a super-symmetric network is based on the structure of a four-dimensionalsymmetric object — the hypercube. In such a network, link lengths are uniform, and dependingon the relative positions of source and destination nodes, a variety of equal length (and henceequal propagation time) routes exist. The super-symmetric network structure is inherentlyscalable, either by increasing the number of nodes and maintaining the regular connectionpatterns and uniform link lengths, or by creating a hierarchy of networks and switchingsupercells of increasing size at successively higher levels in the hierarchy.

—54—If a circuit switched network were to be built with the super-symmetric structure, it would bepossible to re-route dynamically without disrupting a user�s service. Similarly, if a bufferlesssuper-symmetric packet network were constructed, packet inter-arrival time would match theinter-departure time. However, without the implementation of an effective bandwidthmanagement scheme, the packet loss resulting from the removal of buffers at the switcheswould impact adversely on the users� perception of the services provided by the network.Dynamic pricingWhen heavily loaded, packet networks suffer from considerable delay, and in the worst casepacket loss. The effects of congestion are distributed equally among all users by currentcongestion control schemes — passive or active. A passive congestion control scheme can beimplemented by providing large buffers at bottlenecks. An example of an active congestioncontrol scheme is the ABR (Available Bit Rate) method for ATM, which signals all users toreduce their cell-rate when the network is congested.However, the effects are not necessarily felt equally by all users. If the data from aninteractive application is being carried across a packet network, the user�s perception of thenetwork or application performance will be reduced if the network imposes noticeable delayon their data. On the other hand, other applications do not depend on rapid data transfer (e.g.e-mail, off-line file transfer). Dynamic pricing offers a solution to this problem, byredistributing the congestion effects. Those services dependent on low delay pay more perunit bandwidth, and are guaranteed low delay, while those services that do not require lowdelays or minimal delay variation may pay less, but suffer extra delay when the network iscongested.By using price to control congestion, the value of data transferred across the network duringperiods of congestion is maximised. It should be noted that maximising the value transfer doesnot necessarily equate to maximising the utilisation of the network, particularly if the numberof users is small and they have clearly defined responses to price changes.Since a dynamic pricing scheme such as is being proposed has not been implemented, it is notpossible to say how its users would respond to the price changes. In order to draw anyconclusions about the effectiveness of a dynamic pricing system, it is necessary to makecertain assumptions about how users would value their communications and how they wouldrespond to price variation. It seems apparent that a lot of communication is relativelyunimportant, or of low intrinsic value. Similarly most point-to-point communication does notrequire a high bandwidth channel. Given these broad estimates, and the fact that there neednot be a relation between communication bandwidth and value, it was assumed that user

—55—assigned value and required bandwidth could be represented as independent random variableswith Gaussian distributions.On the basis of these assumptions it is possible to derive an analytic expression for theeffectiveness of a pricing scheme at managing bandwidth, for a system with a large user base.Since no user of a network has an infinite supply of money, it is evident that whatever thedistribution of required bandwidths and user-perceived values, a pricing scheme can be usedto control the traffic admitted to the network. However, if different assumptions were madeabout the distributions of bandwidth requirements and user-perceived values, the analyticexpression quantifying the effects of a pricing scheme would also be different (if possible toderive at all).As they stand, the dynamic pricing principles make no distinction between delay sensitivetraffic and delay tolerant traffic. Therefore, two cell streams with the same user-perceivedvalue but different tolerances to delay would be treated identically, regardless of the degree ofnetwork congestion and likelihood of delay. However, it is not difficult to conceive of a wayin which this deficiency could be corrected. By considering the value to be made up ofdifferent components — the intrinsic value (the user-perceived value) and the urgency (traffictype dependent) — and requiring that the goal of the network should be to transfer themaximum value over time, delay sensitive traffic will be given priority over delay toleranttraffic. The overall value of delay sensitive traffic decays rapidly by comparison with that ofdelay insensitive traffic, and so a greater total value will be delivered by the network if theurgent traffic is transmitted ahead of the traffic insensitive to delay.In order for dynamic pricing to be used as a flow management system, account must also betaken of the effects of the time taken for price changes to reach the users. Rules must be set inplace that prevent users from varying their cell rates too rapidly. If a user�s traffic is routedthrough a remote congested region of the network, rapid cell rate changes could have asignificant impact on the level of congestion in that region. Therefore it is imperative that theuser should be aware of the potential for overload that would result if they increased their cellrate rapidly, and instead vary their rate slowly — allowing the price feedback to keep up withtheir changes.Cell loss and delayIf a network operator could implement an ATM network that guaranteed zero cell loss andeliminated cell delay variation for those traffic types sensitive to it but retained the flexibilityof �traditional� ATM, then they would have a significant advantage over operators unable tomake those guarantees. The combination of bufferless super-symmetrical networks anddynamic pricing should enable this goal to be realised. Eliminating buffers from the core

—56—network makes CDV impossible. Dynamic pricing allows the network operator to control thetraffic level —˚preventing overload, and thus preventing cell loss in the network. Theimplementation of dynamic pricing on super-symmetric networks makes dynamic re-routingof calls possible, which in turn allows traffic loads to be balanced.Distributed processingIf the elements of a distributed processing system —˚data sources, storage, processors, and soon —˚were located at the nodes of a super-symmetric network, it would be possible toconstruct a scalable system, without incurring the penalty of implementing a complex timingrecovery procedure. The regular structure of the super-symmetric network would allowstraightforward provision of the information necessary for the successful operation of adistributed processing system.User choiceDynamic pricing can be used to provide network users with a range of options if the networkbecomes congested. Current congestion management techniques for packet networks —˚largebuffers and, eventually, packet loss — are applied indiscriminately to all users whencongestion strikes. This results in packet delay variation and packet loss. If the sametechniques are applied in ATM networks, the result would be cell delay variation and cell lossduring periods of overload. However, if price is used as a congestion control technique, usersare given a choice: suffer the consequences of network overload, but have cheapcommunications, or retain high quality service (low loss and delay variation) at increased cost.ConclusionsThe concepts of dynamic pricing and super-symmetric networks have potential applicationsin a wide variety of areas. This project has concentrated on examining the concepts, andsuggested several possible uses for them. The primary motivation for investigating theconcepts was their potential use as fundamental elements in constructing ATM networks andnetwork management systems that could give guaranteed performance —˚in terms of cell lossand cell delay variation —˚to their users.This study of the concepts strongly suggests that they could indeed be used to make itpossible to construct scalable ATM networks with guaranteed zero cell loss and guaranteeduniform cell delay. The cores of such networks could be fully optical, with buffering providedonly at their peripheries — scalable optical ATM networks. Feedback from the network nodeswould provide the users with the information and instructions necessary to prevent overloadin the optical part of the network by buffering their traffic or reducing their demand forbandwidth. This feedback would take the form of the price charged for access. The pricingmechanism could be implemented either with �real� money, users being billed according to

—57—their use of the network, or with �access tokens� which may be pre-purchased or within acompany could, for example, be allocated to staff according to seniority. Those users with agreater budget (of money or tokens) or who regarded their communication as being ofsufficient importance would continue sending their data, while those users with a tight budgetor non-urgent traffic would wait for the price to fall before sending their data.When the traffic offered to a dynamically priced network exceeds the network�s capacity theprice increases. This price increase results in a decrease in traffic levels, which in turnprevents the core of the network from becoming congested. The traffic carried during periodswhen a potential for overload exists is of maximum value (as perceived by or imposed on theusers). When the overload has passed, and traffic levels drop, the price will fall —˚allowingthose users on a lower budget to increase their bandwidth utilisation.If a dynamic pricing scheme were implemented on a private network, it could be used toprovide certain users with a superior service (for example, a senior manager is guaranteed ahigh-quality video link, even when the network is busy). Alternatively, or additionally, suchan implementation could be configured to provide certain services or applications withguaranteed minimum standards.The combination of super-symmetric networks and dynamic pricing promises to be anexciting solution to the problem of designing ATM networks for a variety of traffic types.The traditional trade-off between minimising cell loss probability and controlling cell delayvariation is eliminated altogether. The resulting networks should continue to perform welleven when the offered traffic exceeds the capacity, either locally or globally, whethermomentarily or for sustained periods, delivering the maximum throughput of value.

—58—7AcknowledgementsI would particularly like to thank each of the following for their assistance and insightfulcomments or contributions during the course of my MRes project: Paul Kirkby (Nortel),Mark Searle and Phil Lane (UCL), Richard Epworth, Robin Thompson and Mark Gibson(Nortel). I would also like to express my gratitude to the Engineering and Physical SciencesResearch Council and to Nortel (Northern Telecom), without whose financial assistance Iwould have been unable to conduct this research.ReferencesDrury, D MATM traffic management and the impact of ATM switch design.Computer Networks and ISDN Systems, 28 (1996), 471-479.Epworth, R EModal Noise, Causes & Cures. Laser Focus, September 1981, 109-115.Kirkby, P APersonal communication.MacKie-Mason, J KSome Economics of the Internet. University of Michigan Tech. Report.& Varian , H Rand Pricing the Internet. University of Michigan Technical Report.Sharangpani, H PStatistical Analysis of Floating Point Flaw in the Pentium“ Processor.& Barton, M LIntel Corporation, November 1994.Vestmar, B J ADesign considerations for the grid type of communication network. 1975.

Appendix 1The offered bandwidth (calculated using rectangular co-ordinates) is given by:

bedbba b-¥� 20

.The offered bandwidth (calculated using polar co-ordinates) is given by:

ab220 2r e drr-¥�

.It is straightforward to confirm that these are equivalent, as shown below.Evaluating the rectangular co-ordinate based equation:

b e db

e du u b

e e bu b u b b a b

a b b p a babab ab b bp-¥-=¥-=¥-¥

� �= = -

= [ ] = [ ] = = 2 2 0 2 2 02 0 2 0

2 1 2

where since

Similarly, the polar co-ordinate version can be evaluated as:

aqaqab b p p2 20 02 20 02 20 2 20 2 22 22 1re dr dre drre drre drr r-¥ -¥ -¥ -¥� �= �[ ]= � cossin

(continued overleaf)

This can be evaluated by integrating by parts, and remembering that

2 0 2pe dt xtx -� = erf( )

.

Since and,

u dvdxdx uv vdudxdx ddr r re dr e^{r r}

� � �

= - = =^{- -} 1 1 2 2 2 b bb

then

a ab b2 20 202 2r e dr r re drr r-¥ -¥� � � can be rewritten as

and therefore,

a a

b b

a

b

a

b p

b b p b b b b 2 2

0

2

0 0

2

0

2

0 2 2 2 2 2 2 12 0 12 2 2 2

r e dr r

e e dr

e dr

e dt

a x a r r r r atx -

¥

-

¥

-

¥

-

¥

- � � � � = -ØºŒ øßœ - -

ØºŒ øßœ = +ØºŒ øßœ = ¥ =

�Ł� �ł�

erf( ) erf( ) since

= a p b b24

And, since

a bp= 2

, this can be simplified giving

a p

b b b p b bp 2 2 0 2 4 1^{r e drr}-¥ � = =

as expected.

Appendix 2The following list summarises the acronyms and abbreviations used in the body of thedissertation.AALATM Adaptation LayerAAL5ATM Adaption Layer number 5ABRAvailable Bit RateATMAsynchronous Transfer ModeBoffOffered bandwidthBtrTransmitted bandwidthCACConnection Admission ControlCBRConstant Bit RateCDVCell Delay VarianceIPInternet Protocolkbits-1Kilobits per secondMbits-1Megabits per secondMbyteMegabyteMCRMean Cell RatePDUProtocol Data UnitTCPTransmission Control ProtocolUBRUnspecified Bit RateUPCUsage Parameter ControlVBRVariable Bit Rate

Scalable OpticalATM NetworksMartin BiddiscombeUniversity College London1996