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Abstra
tTraÆ
 
hara
terization, admission 
ontrol and pa
ket s
heduling are importanttraÆ
 management fun
tions needed for provisioning QoS in Integrated Servi
es Net-works. In this thesis, we examine ea
h of these fun
tions in the 
ontext of generi
networks and virtual (private) networks providing integrated servi
es.We 
hara
terize burstiness of several long tra
es of video at di�erent time s
alesusing burstiness fun
tion. We examine video 
ompressed using JPEG, MPEG andNV's 
ompression algorithms. JPEG video has low short term burstiness and a largelong term burstiness, MPEG video has burstiness at short as well as long time s
alewhereas NV's traÆ
 has only short term burstiness. We dis
uss the impli
ations ofburstiness at di�erent time s
ale on bandwidth and bu�er allo
ation.We then fo
us on deterministi
 guarantees (whi
h provide a bound on worst 
asebehavior) and 
ompare the performan
e of leaky bu
ket traÆ
 model withXmin; XavgItraÆ
 model while using optimal admission 
ontrol tests. We found that the leakybu
ket model outperforms the Xmin; Xavg; I model. We show that using good traÆ
models and optimal admission 
ontrol tests, even deterministi
 guarantees providereasonable network utilization.An important 
ontribution of this thesis is a new s
heduling algorithm 
alledthe Re
ursive Round Robin (RRR) s
heduler. The proposed s
heduler operates on�xed sized pa
kets and needs simple bit manipulation operations to make s
hedulingde
isions. Thus it 
an operate at very high speeds. We dis
uss several variants of thebasi
 s
heduler, in
luding the variable size pa
ket s
heduler. The delay and fairnessproperties of the s
heduler are analyti
ally derived and dis
ussed in detail. EÆ
ienthardware and software implementations of the s
heduler are also suggested. Thes
heduler has appli
ations in ATM network interfa
e 
ards, ATM swit
hes and IProuters.We next show why traditional s
hedulers are inappropriate for providing boundeddelay servi
es in virtual (private) networks. We de�ne the 
on
ept of output bursti-ness and show how generi
 laten
y-rate s
hedulers with bounded output burstiness
an provide good end-to-end delay bound in virtual networks. We suggest two vari-ants of the RRR s
hedulers for virtual networks.vii



The output burstiness 
onstraint redu
es the amount of sharing possible in virtualnetworks. We propose a 
apa
ity resizing approa
h to improve sharing in virtualnetworks. The 
apa
ity in
rease requests whi
h are sent at a granularity of sessionarrivals, are admission 
ontrolled, using a new te
hnique 
alled Sto
hasti
 Fair Sharing(SFS), whi
h fairly redistributes the free link 
apa
ity among di�erent traÆ
 
lasses.SFS uses the 
on
ept of trunk reservation to give high priority to traÆ
 
lasses withlow normalized usage. SFS 
an be used to a
hieve better link sharing in virtualnetworks. We present simulation results for a single link and a twelve node network.SFS a
hieves fair sharing on a single link and max-min fair sharing in a network withfairness index between 0.96 and 0.99, as 
ompared to an index between 0.66 and 0.97for simple s
hemes like FCFS. The bandwidth penalty for using SFS was less than 5%and the signaling load for SFS in a network was less than 100 messages per se
ondper router.
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Chapter 1
Introdu
tion
Traditional means of 
ommuni
ations employ di�erent networks for di�erent servi
es.For instan
e, there is a separate tele
ommuni
ations network for providing voi
e tele-phony servi
es. Similarly, there are di�erent networks for television, radio and datatransport servi
es. These networks were independently developed and are engineeredfor the spe
i�
 servi
e they provide.With the re
ent rapid advan
es in 
omputer and 
ommuni
ations te
hnology, dif-ferent 
ommuni
ations servi
es are 
onverging into some form of Integrated Servi
es
ommuni
ation. Today, 
omputers 
an generate and pro
ess information in the formof di�erent media like voi
e, video, text and data and use the same 
ommuni
ationnetworks to transport this information. In su
h a s
enario, di�erent appli
ations 
anpotentially provide di�erent servi
es using the same underlying Integrated Servi
esNetworks (ISN).In addition to emulation of traditional servi
es like voi
e telephony, video broad-
ast and data transfer, future Integrated Servi
es Networks are expe
ted to supportseveral novel appli
ations like video 
onferen
ing, distributed games, real-time moni-toring and 
ontrol of remote systems et
. Most of these appli
ations need to syn
hro-nize their a
tion in real-time, and for this they require that ea
h of their sub-tasks
omplete in a timely fashion. For instan
e, a video display appli
ation displaying 30frames per se
ond require that the display of a frame does not take more than 33msin the worst 
ase. Similarly these appli
ations need a performan
e bound (also 
alled1



2 CHAPTER 1. INTRODUCTIONQuality of Servi
e requirement) from the underlying 
ommuni
ation network. Su
ha performan
e bound is 
riti
al for 
orre
t fun
tioning of the appli
ations.Consider a 
omputer telephony appli
ation. Voi
e digitized at one end is pa
k-etized and sent to the other end via a pa
ket network. At the re
eiving end, theappli
ation re
eives the voi
e pa
kets and re
onstru
ts the original voi
e. For su
han appli
ation to work 
orre
tly, additional 
onstraints on network performan
e areneeded. If voi
e is digitized (without any 
ompression) at telephone quality, its trans-mission would require a dedi
ated bandwidth of 64 Kbps. Even if the network makesthe required bandwidth available to the appli
ation, the end-to-end delay of su

es-sive pa
kets a
ross the network may be highly variable be
ause of variation in queuelengths at intermediate nodes in the network. If the pa
ket delay is not bounded, thenthe appli
ation would not know how long to wait for a pa
ket before re
onstru
tingthe voi
e. If the network guarantees a bound on the maximum delay in
urred by thepa
kets, the appli
ation 
an bu�er the pa
kets appropriately before regenerating thevoi
e. However, if the bound on the delay is large, the humans talking using thisappli
ation would per
eive a large delay whi
h may not be a

eptable to them. Ingeneral a small bound on maximum delay is desirable. Network may drop pa
ketsbe
ause of various reasons, and it is also desirable to have a bounded pa
ket loss rate.Providing guaranteed QoS is vital to support various real-time servi
es in Inte-grated Servi
es Network. The telephony appli
ation will not be able to send voi
eif the desired bandwidth is not available. Distributed real-time games will be
omehighly unpredi
table if there is no bound on pa
ket delays. They may even be
omeunfair to players having large pa
ket delays. A lost pa
ket or a delayed pa
ket 
anplay havo
 on a real-time 
ontrol system.The QoS parameters de�ned for a 
onne
tion (also 
alled 
ow or session in a
onne
tion-less network) between two (or more in 
ase of multi
ast) 
ommuni
atingappli
ations are [73℄:Bandwidth. It identi�es the amount of bandwidth whi
h should be ex
lusively re-served for the 
onne
tion. Appli
ations like video 
onferen
ing or voi
e tele-phony require that a minimum bandwidth be available to them even during



3peak 
ongestion periods. If this bandwidth is not available, the appli
ationswill simply fail to work.Delay. Pa
kets sent by appli
ations in
ur a delay before they are re
eived at the otherend. This delay has a �xed 
omponent and a variable 
omponent. The �xed
omponent is be
ause of the signal propagation delay and 
onstant pro
essingdelay at intermediate swit
hes and routers. The variable part of the delayis due to the pa
ket queues at various 
ontention points in the network [5℄.Most of the appli
ations require the delay to be as small as possible. Thedelay QoS parameter, bounds this pa
ket delay for a 
onne
tion. Dependingupon the de�nition of QoS parameters, the delay parameter 
ould bound themaximum pa
ket delay of a 
onne
tion, or the mean pa
ket delay, or a per
entileof the delay. A low value of delay results in a faster response time between
ommuni
ating appli
ations, and results in better intera
tive performan
e.Delay-jitter. It is de�ned to be the di�eren
e between the maximum and the min-imum pa
ket delay of a 
onne
tion. For some appli
ations su
h as video ondemand, the delay jitter is more important than the absolute value of the maxi-mum delay. The delay jitter bounds the maximum amount of (playba
k) bu�er-ing needed in these appli
ations.Loss-rate. Some of the pa
kets sent on a 
onne
tion may be
ome 
orrupted be
auseof transmission errors and need to be dropped. Some other pa
kets may alsohave to be dropped be
ause of bu�er over
ows 
aused by transient 
ongestionin the network. The QoS parameter loss rate bounds the loss rate of pa
ketsbe
ause of these problems.QoS guarantees 
an be provided using enhan
ed traÆ
 management fun
tions.TraÆ
 management is 
on
erned with the problem of managing heterogenous traÆ
 inIntegrated Servi
e Networks su
h that a diverse range of servi
e requests are satis�edas eÆ
iently as possible [73℄. In traditional data networks, most of the servi
e requestsare homogeneous and 
ongestion is the most severe impediment to good performan
e.Therefore, most of the traditional resear
h on traÆ
 management has fo
used on



4 CHAPTER 1. INTRODUCTIONthe problem of 
ongestion 
ontrol. However, in the 
ontext of Integrated Servi
esNetworks, traÆ
 management has assumed a new signi�
an
e, as the issues relatedto QoS need to be solved. In this thesis we examine the traÆ
 management issues foreÆ
ient provisioning of QoS in Integrated Servi
es Networks. The key 
omponentsto provide QoS are traÆ
 
hara
terization, admission 
ontrol and s
heduling.Depending upon the type of guarantees provided on these parameters, the QoSguarantees may be 
lassi�ed into four 
lasses: 
lass based approa
hes, deterministi
QoS guarantees, statisti
al QoS guarantees and ad-ho
 assuran
es.Class-based Approa
hes: In these approa
hes, an appli
ation 
an request for QoSonly from a prede�ned set of QoS 
lasses. This set should be generi
 enough toful�ll the requirements of ea
h potential appli
ation. The set 
ontains 
lasseslike MPEG video, audio, telnet traÆ
, world wide web traÆ
 et
.Deterministi
 Guarantees: In deterministi
 QoS guarantee, mathemati
ally prov-able worst 
ase bounds on QoS parameters like delay, jitter and loss rate are pro-vided. The QoS guarantees are quantitative. Moreover, whether the network ishonoring the QoS 
ommitments or not, 
an easily be 
he
ked by monitoring thetraÆ
 and its delay and loss pattern. Deterministi
 guarantees bound the worst
ase behavior and are therefore expe
ted to reserve resour
es for the extreme
ase whi
h may be very unlikely. For instan
e, they may reserve bandwidthfor a 
onne
tion at its peak rate. This may result in lower network utilization.This was a major 
riti
ism of deterministi
 guarantees.Statisti
al Guarantees: Instead of bounding worst 
ase parameters, statisti
al QoSguarantees provide a bound on per
entiles. In many 
ases, it is suÆ
ient toensure that the expe
ted fra
tion of pa
kets ex
eeding the delay bound is verysmall (say 10�7). These guarantees are based on a statisti
al model of the traÆ
.Statisti
al guarantees may result in better network utilization as 
ompared todeterministi
 guarantees. However, be
ause of their statisti
al nature, it isdiÆ
ult to measure the validity of statisti
al guarantees. It is also diÆ
ult topoli
e traÆ
 based on a statisti
al model.



5Ad ho
 Guarantees: With the intent of minimizing implementation 
omplexityin a large datagram network, a di�erentiated servi
es ar
hite
ture has beenproposed in [22, 95, 94℄. This ar
hite
ture a
hieves s
alability by aggregatingtraÆ
 
lassi�
ation state whi
h is 
onveyed by means of pa
ket marking us-ing a spe
ial �eld in the pa
ket header. Pa
kets are 
lassi�ed and marked tore
eive a parti
ular per-hop forwarding behavior on nodes along their path. So-phisti
ated 
lassi�
ation, marking, poli
ing, and shaping operations are onlyimplemented at network boundaries or hosts. Network resour
es are allo
atedto traÆ
 streams by servi
e provisioning poli
ies whi
h govern how traÆ
 ismarked and 
onditioned upon entry to su
h a network, and how that traÆ
is forwarded within that network. The QoS is provided to aggregate traÆ
in a parti
ular 
lass. There is a servi
e level agreement between a 
ustomerand a servi
e provider whi
h spe
i�es the forwarding servi
e a 
ustomer shouldre
eive. Similarly there is a traÆ
 
onditioning agreement whi
h spe
i�es theamount of traÆ
 (of ea
h 
lass) whi
h a 
ustomer is expe
ted to generate. Thelifetime of these agreements are long (say a month or even more). The servi
eprovider provisions its network to make sure that the servi
e level agreementsof its 
ustomers are honored. This ar
hite
ture a
hieves s
alability by pushingas mu
h 
omplexity to the network edges as possible. Admission 
ontrol is alsoexpe
ted to run only on aggregate traÆ
 and on a longer time s
ale.In this thesis we fo
us on deterministi
 QoS guarantees. Some of our proposedalgorithms and te
hniques are also appli
able in the 
ontext of 
lass-based approa
hesand ad-ho
 guarantees, but their analysis and simulation is mostly done in the 
ontextof mathemati
ally provable deterministi
 QoS guarantees. The deterministi
 servi
emodel has been adopted in the ATM forum [1℄ for CBR and VBR servi
e and inthe integrated servi
es [20, 127, 108, 110℄ working group of IETF for the guaranteedservi
e 
lass [108℄.For guaranteeing QoS, there must be a way by whi
h the network 
an limit itstraÆ
 in 
ase of overload. By 
ontrolling the entry of the traÆ
 into the network, thenetwork 
an prote
t itself from overload and provide required performan
e guarantee



6 CHAPTER 1. INTRODUCTIONto its traÆ
. This 
ontrol is done in traditional networks using di�erent 
losed loop
ow 
ontrol algorithms. These 
ow 
ontrol algorithms operate on a time s
ale ofseveral round-trip times. Therefore, rea
ting to overload may take several round-triptimes. The delay bounds required by the real-time appli
ations are typi
ally in therange of a round-trip time or less. Therefore, the 
losed loop te
hniques are notsuitable for su
h traÆ
. An open-loop 
ontrol method is used to 
ontrol the traÆ
 ofsu
h appli
ations. The appli
ation sending traÆ
 
hara
terizes its traÆ
 to estimatethe resour
es (su
h as bandwidth, bu�er) needed in the network. The appli
ationthen sends a request to reserve the required resour
es [132, 2, 1, 19℄ in the networkfor its traÆ
. The appli
ation begins its data transfer only if the required resour
eshave been reserved. In 
ase the required resour
es are not available in the network,the appli
ation gets a busy tone, signalling this unavailability. The appli
ation tries toreserve resour
es at a later time, when the network load is low. This is very similar togetting a busy tone in a telephone network. The traÆ
 is admitted into the networkonly after the reservation of its resour
es. This pro
ess is 
alled admission 
ontrol.In addition, there is a poli
ing fun
tion in the network [73℄. The poli
er 
he
ksif the appli
ations are sending data at a rate whi
h is in agreement with its traÆ

hara
terization. If an appli
ation sends data at a higher rate, its pa
kets are eitherdis
arded or marked as non-
ompliant by the poli
er. The non-
ompliant pa
ketsare dis
arded as soon as there is overload or 
ongestion in the network. Thus, byusing admission 
ontrol and poli
ing, the amount of traÆ
 entering the network is
ontrolled in an open loop fashion.Finally, there are pa
ket s
heduling algorithms at the swit
h whi
h de
ide theorder in whi
h pa
kets are sent on a link. In a pa
ket swit
hing network, pa
ketsfrom di�erent 
onne
tions intera
t with ea
h other at ea
h swit
h. Without proper
ontrol, these intera
tions may adversely a�e
t the network performan
e experien
edby 
lients. The s
heduling algorithm at the swit
hing nodes, whi
h 
ontrols therelative ordering in whi
h pa
kets from di�erent 
onne
tions are servi
ed, determineshow pa
kets from di�erent 
onne
tions intera
t with ea
h other.Together with traÆ
 modeling and 
onne
tion admission 
ontrol algorithms, s
hed-ulers are the most important 
omponents for providing QoS guarantees. The 
onne
-



7tion admission 
ontrol algorithms reserve resour
es during 
onne
tion establishmenttime. The pa
ket s
heduling algorithms allo
ate resour
es a

ording to the reserva-tion during data transfer. Three types of resour
es are being allo
ated by a s
hedulingalgorithm: bandwidth, promptness and bu�er spa
e, whi
h in turn a�e
ts three QoSparameters: throughput, delay and loss rate.In the �rst half of this thesis, we examine these three important aspe
ts of traf-�
 management in Integrated Servi
es Networks: TraÆ
 
hara
terization, admission
ontrol, and s
heduling algorithms. In the se
ond half we fo
us on traÆ
 managementfor Integrated Servi
es Virtual Networks.Virtual Networking is another important step in the evolution of 
ommuni
ationnetworks. A virtual network is a network overlaid on a physi
al network of a di�erenttopology. The physi
al network may be based on lega
y systems whi
h 
annot beupgraded, and may only provide a small set of servi
es as 
ompared to the virtualnetworks laid over it. Virtual networking allow qui
k deployment of new servi
es overlega
y networks, ease network operation and management by hiding the unne
essarydetails and presenting a simpli�ed topology, allow development of experimental proto-
ols in a 
ontrolled and safe environment and ease inter-operability between networksof di�erent types.A virtual network 
onsists of virtual links whi
h are realized either by a dire
tphysi
al link, or by a logi
al path in the physi
al network. These virtual links join thevirtual nodes of virtual networks. Some examples of virtual networks are an ATMnetwork 
arrying virtual 
onne
tions over virtual paths [16℄ (for simpler networkoperation and management), IP over ATM networks (for inter-operability), virtualprivate networks (VPN) in the Internet [109℄ and IPV6, and the MBONE and 6-bonevirtual networks [30, 82℄ over the Internet (for deploying multi
ast servi
es over thelega
y network).In an ATM network, the virtual paths are often used to realize any virtual networkusing a given physi
al network. A virtual path between two nodes a
ts logi
ally likea dire
t link between them. All the traÆ
 entering a virtual path at its entry nodegets routed to its exit node as if there was a dire
t link 
onne
ting the two nodes.The use of virtual paths helps redu
e the 
omplexity of the network by aggregating
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onne
tions into a single virtual path. This makes the network mores
alable as the ba
kbone swit
hes only need to maintain the state 
orresponding tovirtual paths passing through them. The ba
kbones do not need to maintain state
orresponding to individual 
onne
tions. Use of virtual paths also simpli�es operationand management of the network.The design of routing proto
ols (and many other proto
ols) in telephone networksis often based on the assumption that all the 
entral oÆ
es in an area are 
onne
tedto ea
h other forming a 
omplete graph. As the areas be
ome bigger, it may not bepossible to lay a physi
al trunk between all the 
entral oÆ
e pairs. In su
h situations,a 
ompletely 
onne
ted virtual network is overlaid on the physi
al network.In an enterprise wide private network, several oÆ
es of an enterprise are tra-ditionally 
onne
ted using leased lines. Now the leased lines are beginning to getrepla
ed by publi
 networks to a
hieve the same fun
tionality. Instead of a leasedline 
onne
ting two oÆ
es of an enterprise, virtual private network routers are pla
edin the enterprise. These routers are 
onne
ted to a 
ommon publi
 network su
h asthe Internet. VPN routers tunnel their traÆ
 through the publi
 network giving theimpression that they are 
onne
ted by a leased line.Similarly IP over ATM is another example of a virtual IP network overlaid on anATM network.MBONE makes extensive use of tunnels to overlay a multi
ast 
apable virtualnetwork on an IP network whi
h does not have multi
ast support built in it.The resear
h related to QoS in virtual networks has been limited. In the se
ondpart of this thesis we examine the issues pertaining to Integrated Servi
es over virtualnetworks.1.1 Our Resear
h and Related WorkDigital video is an important 
omponent for multimedia appli
ations. Video traÆ
is bursty in nature. The variation of its bit-rate with time is large. Therefore,eÆ
ient transport of real-time video in an Integrated Servi
es Network requires agood 
hara
terization of its bit-rate pro
ess. Chapter 2 of this thesis is devoted to



1.1. OUR RESEARCH AND RELATED WORK 9video traÆ
 
hara
terization.The bit-rate of VBR video has been modeled in [88℄ as a �rst order autoregressivepro
ess with marginal Gaussian probability distribution fun
tion and an exponentialauto
orrelation fun
tion. In [56℄, a more sophisti
ated autoregressive moving averagepro
ess (ARMA) was used to model the video traÆ
. Similarly a number of othermodels, in
luding the self-similar and long range dependent model have been proposedin [113, 58, 81, 90, 45, 98℄. Although it is 
lear how these models may be used to
onstru
t syntheti
 video tra
es for simulations, or to estimate e�e
tive bandwidth[29℄ for statisti
al QoS guarantees, it remains to be seen how these models may beused in the 
ontext of deterministi
 QoS guarantees.The ATM Forum uses the leaky bu
ket traÆ
 model [1℄ for its deterministi
 QoSguarantees and the Tenet group has proposed Xmin; Xavg; I model [34℄ for determin-isti
 guarantees. We use these models to 
hara
terize long tra
es of video. We haveexamined video traÆ
 generated by three di�erent 
oding algorithms namely MPEG,JPEG and 
ompression algorithm of software NV. We have 
onsidered one to twohour long tra
es of �ve video sequen
es of di�erent types, ranging from a le
ture in a
lassroom to a basketball mat
h. We also 
hara
terize the burstiness of video traÆ
at di�erent time s
ale using the burstiness fun
tion. We develop qualitative insightsto 
hoose appropriate leaky bu
ket traÆ
 des
riptors for video traÆ
.A major 
riti
ism of the deterministi
 guarantees is be
ause of the fa
t that theyrequire the network to reserve resour
es for the worst possible 
ase. This results inlow network utilization. We show in Chapter 3 that with the 
hoi
e of proper traÆ
model and optimal admission 
ontrol tests, high network utilizations 
an be a
hieved.The earlier admission 
ontrol tests for deterministi
 guarantees were suboptimal. Wesuggest new optimal admission 
ontrol tests for the EDF s
heduling algorithm. Usingthese tests and video traÆ
 tra
es we analyze the performan
e of deterministi
 QoSguarantees. We show that the video traÆ
 alone 
ould result in high utilization ofthe network.While the admission 
ontrol and resour
e reservation proto
ols reserve the requiredresour
es for traÆ
 streams, the pa
ket s
heduling algorithms on the swit
hes androuters a
tually allo
ate them. These algorithms allo
ate the bandwidth, promptness



10 CHAPTER 1. INTRODUCTIONand bu�er resour
es at swit
hes and routers whi
h 
ontrol the three QoS parameters:throughput, delay and loss rate.The results related to s
heduling algorithms in the 
ontext of hard real-time sys-tems and queueing systems are not dire
tly appli
able to pa
ket s
heduling algorithmsin Integrated Servi
es Networks. A typi
al real-time system is modeled as a singleserver with periodi
 jobs where the job delay is bounded by its period [114℄. Howeverin a network, traÆ
 is bursty, pa
kets typi
ally travel a number of hops before rea
h-ing their destination, and traÆ
 dynami
s is far more 
omplex than a single serverenvironment. Queueing analysis is often intra
table for realisti
 traÆ
 models. The
lassi
al queueing analysis usually studies average performan
e for aggregate traÆ
[74, 75, 126℄, while in an integrated servi
es network, performan
e bounds need to bederived on a per 
onne
tion basis [31, 76℄.A pa
ket s
heduler in an Integrated Servi
es Network should have the followingmain properties:Bandwidth Guarantee: The s
heduler should provide a minimum bandwidth guar-antee to individual traÆ
 streams.Delay/Jitter Bound: For deterministi
 QoS guarantees, the s
heduler should pro-vide a bound on the maximum queueing delay (and jitter) in
urred by pa
ketsof given traÆ
 streams. It should be possible to 
ompose these \per-node"bounds to get tight end-to-end bounds on pa
ket delays.Bu�er Bound: To guarantee a zero loss rate to traÆ
 streams, the s
heduler shouldprovide an upper bound on bu�ers needed at nodes. In most of the 
ases thisbound follows dire
tly from the traÆ
 des
riptor and bandwidth and delayguarantees.EÆ
ien
y: In order to provide a given bound on delay, the s
heduler should not over-allo
ate bandwidth to streams. EÆ
ient s
hedulers allow more traÆ
 streamsto be admitted and in
rease the network utilization.Fairness: The unused link bandwidth should be distributed to a
tive traÆ
 streamsin proportion to their bandwidth guarantees.



1.1. OUR RESEARCH AND RELATED WORK 11Implementation Complexity: The time available for making a s
heduling de
isionis of the order of a few hundred nanose
onds. It should be possible to implementthe s
heduling algorithm in a swit
h or a router operating at su
h speeds.A number of pa
ket s
heduling algorithms for Integrated Servi
es Networks havealready been proposed in the literature [47, 130, 128, 120, 26, 86, 100, 131, 8, 9, 129,52, 115, 116, 119, 122, 68, 51, 99℄. Some of these algorithms were �rst designed fors
heduling pa
kets of variable sizes and were 
omplex [26, 86, 100, 8℄. In order tomake a s
heduling de
ision, these algorithms may need to perform O(N) operationsin the worst 
ase, where N is the number of traÆ
 streams being s
heduled. Minormodi�
ations in these s
heduling algorithms result in faster s
hedulers [52, 129℄ withsimilar QoS properties. These s
hedulers require O(log(N)) operations to s
hedulea pa
ket. These algorithms typi
ally tag ea
h pa
ket with a virtual timestamp andthen sele
t the pa
ket with the smallest tag. Tag 
omputation may require operationslike multipli
ation and division and sele
ting a pa
ket requires sorting via a priorityqueue. Implementing these algorithms at high speeds poses a diÆ
ult 
hallenge.Among other s
hedulers amenable to high speed implementation, some have poordelay and fairness properties [87℄, some are not s
alable for �ne rate granularity [99℄and some may need to over-allo
ate rate resulting in poor utilization of link bandwidth[68℄.In Chapter 4 of this thesis, we propose and des
ribe a new s
heduling algorithm
alled re
ursive round robin s
heduler (RRR), whi
h is optimized for s
heduling �xedsize pa
kets, like 
ells in an ATM network. The s
heduler has the required QoSproperties for deterministi
 guarantees. For a 
ompliant stream of ATM 
ells ofrate r, and bu
ket size �, the s
heduler provides a delay and jitter bound of 1r (�+ 
),where 
 is a small 
onstant. The work-
onserving version of RRR satis�es the fairnessproperty. We analyti
ally derive the bounds for the fairness index. The s
heduler 
analso be used for hierar
hi
al s
heduling in a link sharing [38℄ environment. RRR onlyrequires simple bit manipulation operations to make a s
heduling de
ision. Therefore,very high speed implementations of RRR are possible. We outline a simple softwareimplementation of RRR for network interfa
e 
ards and a hardware implementation



12 CHAPTER 1. INTRODUCTIONfor high speed ATM swit
hes. We generalize the basi
 RRR algorithm for s
hedulingvariable sized pa
kets. We also list the delay and fairness properties of the variablesized pa
ket s
heduler. Therefore, the RRR s
hedulers may be used in ATM networkinterfa
e 
ards, ATM swit
hes, IP routers and IP host adapters.In the se
ond part of this thesis, we dis
uss traÆ
 management in the 
ontext ofIntegrated Servi
es Virtual Networks.Sin
e virtual networking is a relatively newer 
on
ept, the resear
h related to QoSin virtual networks has been limited. The early work on virtual networks has fo
usedon developing new servi
es or managing the virtual networks more eÆ
iently. VirtualPrivate Networks (VPNs) [39, 50, 66℄ are in
reasingly being used by organizations.However, the resear
h related to VPNs has been fo
used primarily on se
urity en-han
ements [109℄, and operation and management. The Geoplex system [91℄ is an IPbased servi
e platform that o�ers support for rapid automated deployment and man-agement of overlay networks. Similarly the Genesis proje
t [124℄ and the Nets
riptproje
t [36℄ aim towards developing programmable virtual networks. The need forenabling QoS in virtual networks is in
reasingly being realized.Pa
ket s
heduling algorithms are the key to providing QoS in any network. Theresear
h related to s
heduling algorithms for virtual networks has been limited. In[38℄ the 
on
ept of link sharing has been proposed and s
heduling algorithms to imple-ment link sharing have been proposed in [9, 8, 129℄. These algorithms hierar
hi
allypartition the link bandwidth into 
lasses and provide bandwidth and delay guaranteesto traÆ
 streams from ea
h sub
lass. However, it is not 
lear how these s
hedulingalgorithms 
an be used for integrated servi
es in virtual networks.The virtual network traÆ
 is aggregated in the virtual links (or tunnels). Ideally,the physi
al network should only keep the state information 
orresponding to theaggregate traÆ
 of virtual links and treat the virtual link traÆ
 as if it was a singlesession in the physi
al network. In the physi
al network, it is undesirable to maintainstate information 
orresponding to ea
h session of virtual network.Under these assumptions we show in Chapter 5 that traditional work-
onservings
hedulers 
annot provide bounded delay servi
e in a virtual network. The problemarises be
ause traÆ
 of a number of sessions sharing a virtual link in a virtual network



1.1. OUR RESEARCH AND RELATED WORK 13is aggregated and tunneled through the physi
al network, whi
h 
annot isolate thetraÆ
 of well behaved sessions from that of misbehaving sessions. We de�ne a term
alled output burstiness and show that this problem 
an be solved by regulatingoutput burstiness on virtual links. Using the theory of laten
y rate servers [117℄, weshow that laten
y rate servers with bounded output burstiness, may be used in avirtual network to provide bounded delay servi
e. This gives a method to design ageneri
 
lass of s
heduling algorithms for virtual networks. We dis
uss how variantsof the RRR s
heduling algorithm may be used in virtual network.The output burstiness 
onstraint limits the rate at whi
h traÆ
 may be sent onvirtual links of a virtual network. As a result, some pa
kets may have to wait inqueues even while the physi
al link is idle. This redu
es the overall throughput of thenetwork. In Chapter 6 we suggest a 
apa
ity resizing approa
h to improve sharingamong virtual networks.In this approa
h the 
apa
ity of virtual links may be adjusted dynami
ally bysending in
rease or de
rease requests in the network. These 
apa
ity resizing requestsare sent at a time s
ale of session arrivals. The in
rease request is admission 
ontrolledin the physi
al network. Carrying out this admission 
ontrol naively (su
h as onFCFS basis) may result in unfair 
apa
ity allo
ation on virtual links. Fairness is animportant issue espe
ially in the 
ontext of virtual private networks (VPN) where
ustomers pay for a given 
apa
ity on virtual links.We propose a new s
heme 
alled Sto
hasti
 Fair Sharing (SFS) to 
arry out fairlink sharing and fair sharing among leased virtual links. In the link sharing environ-ment, SFS de
ides whi
h sessions to a

ept and whi
h to reje
t depending upon the
urrent utilizations and provisioned 
apa
ities of the 
lasses. After a

epting a ses-sion, the underlying s
heduler weights are adjusted to re
e
t the 
hange in 
apa
ities.SFS gives prote
tion to 
lasses with low session arrival rate against 
lasses with highsession arrival rates by ensuring them a low blo
king probability.In 
ase of multi-hop virtual links, if the 
apa
ity in
rease requests are admis-sion 
ontrolled using the SFS admission 
ontrol algorithm, the 
apa
ity allo
ations
onverge to the max-min fair allo
ations. We des
ribe the SFS s
heme in detail inChapter 6. We also present simulation results for a single link as well as a network
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 mix.The 
riti
al assumptions in the design of SFS are:� Individual session bandwidth requirement is small as 
ompared to virtual link
apa
ity.� Most of the sessions have small holding time.� The session arrival pro
ess is not very bursty.The s
heme is simple, eÆ
ient, robust and results in fair sharing of link 
apa
itywhen used for link sharing, and results in max-min fair sharing of 
apa
ities when usedin a network. The potential appli
ations of SFS are fair and eÆ
ient resour
e sharingin tele
ommuni
ation networks, ATM networks, virtual private networks (VPN) andintegrated servi
es or di�erentiated servi
es based IP networks.1.2 Summary of ContributionsThe 
ontributions in this thesis broadly 
onsist of:� TraÆ
 Chara
terization and Admission Control{ Chara
terization of long tra
es of video 
ompressed using JPEG, MPEG
oding algorithms and NV software, using leaky bu
ket traÆ
 model,Xmin; Xavg; I traÆ
 model and burstiness fun
tion.{ Performan
e evaluation of deterministi
 QoS guarantees and improved ad-mission 
ontrol tests.� S
heduling{ A new s
heduling algorithm 
alled the re
ursive round robin s
heduler(RRR) for �xed size 
ells.{ Detailed analysis of QoS related properties of RRR and adaptation of RRRfor variable sized pa
kets.



1.2. SUMMARY OF CONTRIBUTIONS 15� S
heduling in Virtual Networks{ Identi�
ation of problems with traditional s
hedulers when used in virtualnetworks.{ De�nition of the term 
alled output burstiness and using it to design a
lass of s
hedulers (in
luding two variants of RRR) for virtual networks.� Fair sharing in virtual networks{ A new resizing approa
h 
alled Sto
hasti
 Fair Sharing (SFS) along withadmission 
ontrol algorithm for fair sharing in virtual networks.{ Detailed simulations of SFS for a single link and a large network s
enario.This thesis is organized as follows. In Chapter 2 we 
hara
terize tra
es of video
ompressed using di�erent 
oding algorithms. We develop qualitative methods to
hara
terize video traÆ
 using the leaky bu
ket traÆ
 des
riptor. In Chapter 3 abrief survey of servi
e models for integrated servi
es network is given. We then fo
uson deterministi
 guarantees and develop optimal admission 
ontrol tests for the EDFs
heduling algorithm. Using the optimal admission 
ontrol tests and long tra
es of dig-ital video, we show that the leaky bu
ket traÆ
 model is better than the Xmin; Xavg; ItraÆ
 model. We �nally evaluate the performan
e of deterministi
 guarantees usingoptimal admission 
ontrol algorithms and long tra
es of digital video. In Chapter 4we present the 
omplete design and analysis of the RRR s
heduling algorithm. InChapter 5 we dis
uss the diÆ
ulties en
ountered while using the traditional s
hed-ulers in a virtual network. We suggest a method to design a 
lass of s
hedulers forvirtual networks using the 
on
ept of output burstiness. Finally in Chapter 6 wepresent the details of proposed Sto
hasti
 Fair Sharing (SFS) te
hnique to 
arry outfair sharing among virtual networks. The thesis 
on
ludes in Chapter 7.
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Chapter 2
Video TraÆ
 Chara
terization
It is important to understand the nature of video traÆ
 in order to design and engi-neer integrated servi
e networks whi
h eÆ
iently support real-time video transport.Parameters like average rate, ratio of peak rate to mean rate and burstiness of videohave signi�
ant in
uen
e on network design. For instan
e, if ratio of peak rate tomean rate of video traÆ
 is very high, and video is signi�
antly bursty over a longtime s
ale, then very high traÆ
 utilization with to video traÆ
 alone may not bea
hievable. In this 
ase, it is desirable to design the network su
h that non real-timetraÆ
, or less bursty real-time traÆ
 
an make use of the residual 
apa
ity of thenetwork left from the video sour
es.In this 
hapter, we study the 
hara
teristi
s of video data 
ompressed using stan-dard 
oding algorithms, namely JPEG, MPEG, and also that used by the video
onferen
ing software NV. We analyze a wide range of video sour
es, from movies toa 
lass le
ture. Most of the tra
es are longer than one hour. We 
hara
terize the bitrate of the tra
es using the leaky bu
ket model. We also show a method for 
hoosingappropriate leaky bu
ket parameters. The burstiness fun
tion is used to 
hara
terizethe burstiness of the video traÆ
 at di�erent time s
ales. Our studies indi
ate thatJPEG 
ompressed video has very little short-term burstiness. MPEG and NV videotraÆ
 shows high burstiness over small time s
ales. JPEG and MPEG video exhibitsome burstiness over long time s
ales, whereas NV has no burstiness over long times
ales. It is found that, for 
onstant quality JPEG and MPEG 
ompressed video, the17



18 CHAPTER 2. VIDEO TRAFFIC CHARACTERIZATIONleaky bu
ket parameters depend upon the 
ontents of the video. For JPEG video,the servi
e rate is mainly determined by the peak rate, and for MPEG the servi
erate is given by the peak rate of the smoothed MPEG stream. Although the traÆ
generated by NV 
an be 
hara
terized independently of the a
tual video, one needsinformation about QoS to 
ome up with a good traÆ
 des
riptor. The target sendingrate of the software NV determines the servi
e rate for its traÆ
 if the required delaybound is high.2.1 Introdu
tionIt is well known that 
onstant quality video has variable bit rate and is bursty. Theburstiness of the traÆ
 is related to the statisti
al multiplexing gain. The presen
e ofa larger variety of 
ompression algorithms makes the task of traÆ
 
hara
terizationdiÆ
ult. Sin
e the video traÆ
 streams have a 
omplex stru
ture, their e�e
t onthe network is mu
h more 
omplex than that found by simple, analyti
ally tra
tabletraÆ
 models.A �rst simplisti
 model of VBR video traÆ
 appears in [88℄ where the video traÆ
is modeled as a �rst order autoregressive pro
ess with marginal Gaussian probabilitydensity fun
tion and an exponential auto
orrelation fun
tion. A more sophisti
atedautoregressive moving average pro
ess (ARMA) was used to model the video traÆ
in [56℄. Similarly, there are number of other traÆ
 models for VBR video that havebeen proposed [113, 58, 81, 90, 45, 98℄. Although it is possible to 
onstru
t syntheti
tra
es of video using these models, whi
h may be used for various simulations, it isnot very 
lear how su
h 
hara
terization 
an help in network management fun
tionslike admission 
ontrol and poli
ing. Also most of these studies have 
hara
terizedonly one parti
ular 
oding algorithm.In this 
hapter, we 
hara
terize the video traÆ
 using two widely known traÆ
models - Leaky Bu
ket [43℄ and Tenet group's Xmin; Xavg; I model [34, 33℄. Westudy bandwidth and bu�er assignment for leaky bu
ket model in great detail. Leakybu
ket is likely to be an appropriate model to 
hara
terize the traÆ
. We give a simpleand e�e
tive method of 
hoosing leaky bu
ket parameters for video traÆ
. We also
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hara
terize the burstiness of the traÆ
 at various time s
ales using the burstinessfun
tion as de�ned by Cruz [24℄.The tra
es used for this 
hapter are from a variety of sequen
es and en
oding al-gorithms. The sequen
es were 
hosen to represent a range of sequen
es present in reallife (broad
ast TV, 
lass le
ture, full length movie). We study standard 
ompressionalgorithm like JPEG, MPEG, and tra
es of NV.JPEG is a 
ompression standard whi
h was originally designed by the Joint Pho-tographi
 Experts Group for 
oding and storing still photographi
 images [125, 104℄.Sin
e then it has found appli
ations in many other �elds, in
luding digital video. Toen
ode digital video, ea
h frame is 
ompressed independently as a still pi
ture usingthe JPEG 
ompression algorithm. The video 
onsists of a series of independently
ompressed JPEG pi
tures, whi
h makes the algorithm an intra-frame 
ompressionalgorithm.MPEG is a 
ompression standard designed for storage and transmission of video[42, 62, 63℄. It is an inter-frame 
oding algorithm that exploits the spatial and tem-poral redundan
y of the video to a
hieve the 
ompression. It also uses a DCT-based
oding as the JPEG algorithm. The frames are 
lassi�ed into 3 types : I-frames,P-frames, and B-frames. I-frames are 
oded as still pi
tures and are independent ofother frames. This makes I-frames the largest in size. P-frames 
arry only the 
hangesbetween the last I-frame or P-frame and the 
urrent frame. B frames, whi
h are thesmallest in size, 
arry 
hanges in the 
urrent frame with respe
t to re
ent or futureI-frames or P-frames. A typi
al order of frames is I-B-B-P-B-B-P-B-B-I-B-B-. . .NV is a popular software video tool used over the Internet to hold video 
onferen
esat low bit rates [41℄. The NV software tries to limit the bit rate while sending video.This bound 
an be sele
ted by the user, and is generally set to 128 Kbits per se
ondfor sending data over the Internet. To a
hieve this rate 
ontrol, the NV softwaremeasures the a
tual rate at whi
h it is sending the data. When it realizes that it hassent too mu
h data, it be
omes ina
tive for about 1-2 se
onds. This redu
es its meansending rate. The 
oding algorithm used by NV is a variant of Harr transform, whi
huses 
onditional replenishment for individual blo
ks.In this 
hapter we show that JPEG 
ompressed video has very little short-term



20 CHAPTER 2. VIDEO TRAFFIC CHARACTERIZATIONburstiness. MPEG and NV video show high burstiness over small time s
ales. JPEGand MPEG video streams exhibit burstiness over long time s
ales, whereas NV showsno burstiness over long time s
ales.We also show that for 
onstant quality JPEG and MPEG 
ompressed video, theleaky bu
ket parameters depend upon the 
ontents of the video. For JPEG video,the servi
e rate is mainly determined by the peak rate, and for MPEG the servi
erate is given by the peak rate of the smoothed MPEG stream. The traÆ
 generatedby NV 
an be 
hara
terized independently of the a
tual video. The servi
e rate forNV depends upon the QoS needed by the appli
ation. The target sending rate of NVdetermines the servi
e rate for its traÆ
 if the delay bound is large.The 
hapter is organized as follows. Se
tion 2.2 dis
usses the leaky bu
ket model,the Xmin; Xavg; I traÆ
 model and the burstiness fun
tion, whi
h is used in 
hara
-terizing the traÆ
. Se
tion 2.3 dis
usses the sour
es of the tra
es, and the 
ontentsof the a
tual video streams used. Se
tions 2.4, 2.5 and 2.6 dis
uss the 
hara
teristi
sof the traÆ
 generated by JPEG, MPEG and NV 
oding algorithms. Se
tion 2.7quantitatively analyzes the suggested approa
h to 
hoose appropriate leaky bu
kettraÆ
 des
riptor. Dis
ussion of the results is presented in Se
tion 2.8. The 
hapter
on
ludes with Se
tion 2.9.2.2 TraÆ
 ModelsThe leaky bu
ket me
hanism has been widely used to 
hara
terize and poli
e thetraÆ
 [105, 43, 28, 13℄. It has two parameters - the bu
ket size � and the servi
e rate�. The bu
ket size spe
i�es the maximum amount of data whi
h may be sent by thetraÆ
 sour
e as a burst. The servi
e rate spe
i�es the maximum long term averagerate at whi
h the sour
e may send its data. A traÆ
 stream is said to 
omply witha leaky bu
ket des
riptor having parameters (�, �) when the amount of data 
arriedby the stream in any interval of length I is bounded by � + �I. In other words, thedes
riptor bounds the bit rate so that no burst 
an 
arry more than � bytes of data,and the long-term average rate is bounded by �. The peak rate using the leaky bu
ketdes
riptor remains unspe
i�ed sin
e a burst of size � may be sent by the sour
e at



2.2. TRAFFIC MODELS 21any rate. Thus the peak rate of traÆ
 may be equal to the link speed on whi
h it isbeing sent.Two leaky bu
ket des
riptors are used to spe
ify the peak rate along with theaverage rate. Thus there are two tuples (�1; �1); (�2; �2) 
hara
terizing the traÆ
,with �1 < �2 and �1 > �2. The parameter �1 spe
i�es the peak rate and �2 spe
i�esthe average rate. The value of �1 is usually small to a

ommodate small bursts of data(usually 4-5 pa
kets or 
ells) sent at peak rate. The burst size is spe
i�ed by �2 as inthe single leaky bu
ket des
riptor. A traÆ
 stream 
ompliant to a two leaky bu
ketdes
riptor should be individually be 
ompliant to both the leaky bu
ket des
riptors.Any traÆ
 
an be made 
ompliant with another leaky bu
ket des
riptor withthe same rate and smaller bu
ket size by suitably bu�ering and delaying some of itspa
kets. If a traÆ
 
omplies a leaky bu
ket des
riptor with parameters (�1, �), thenit 
an be made 
ompliant with parameters (�2, �) (�2 � �1) by suitable regulation.The maximum bu�er spa
e needed to do this would be �1 � �2 and the maximumdelay in
urred by any pa
ket due to this reshaping of traÆ
 would be �1��2� . In theextreme 
ase when the output of the regulator is a smooth traÆ
 having very smallbu
ket size, the maximum smoothing delays in
urred by the traÆ
 would be �1� , andthe bu�er spa
e required to do this smoothing would be �1.In the Tenet s
heme [34, 33℄, the traÆ
 is des
ribed using four parameters,Xmin; Xavg; I; Smax. Xmin is the minimum inter-pa
ket spa
ing of traÆ
 generatedby the sour
e. Xavg is the average inter-pa
ket spa
ing of traÆ
 generated by thesour
e. I is the interval over whi
h Xavg is measured. The minimum value of Xavgis taken for all intervals of length I. This gives the worst 
ase average rate over allintervals of length I. Smax is the maximum pa
ket size sent by the sour
e.Given the above traÆ
 des
riptor, the peak rate of the traÆ
 is SmaxXmin . The averagerate is SmaxXavg . This traÆ
 des
riptor is not appropriate be
ause a

ording to thisdes
riptor the peak rate and average rate depend upon the maximum pa
ket size andthe minimum (or average) inter-pa
ket spa
ing. If the traÆ
 sour
e generates onepa
ket of very large size and other small pa
kets with small inter-pa
ket spa
ing, thepeak rate and the average rate 
omputed will be mu
h more than the a
tual peakand average rate.



22 CHAPTER 2. VIDEO TRAFFIC CHARACTERIZATIONIn order to have a reasonable representation of the traÆ
, in rest of the 
hapterswe assume that Smax is not very large as 
ompared to other pa
kets generated by atraÆ
 sour
e. The tra
es of traÆ
 whi
h we use later for analysis have this property.Cruz in [24℄ has presented a generalized model to 
hara
terize the burstiness ofthe traÆ
 by bounding its worst 
ase behavior. The framework developed by him 
anbe used to provide lo
al deterministi
 guarantees for a variety of servi
e dis
iplines.The burstiness fun
tion of a traÆ
 sour
e is de�ned as :b(t) = Maximum amount of traÆ
 sent in any interval of length t.The burstiness fun
tion for a given traÆ
 tra
e is unique. The value of burstinessfun
tion at any point t 
an be obtained by sliding the tra
e through a time windowof size t and �nding the maximum amount of traÆ
 sent in any su
h window. Sin
eburstiness fun
tion measures the worst 
ase average rate over all time s
ales, it isthe most general bounding traÆ
 model whi
h 
an be used to provide determinis-ti
 performan
e guarantees. However, it would be impra
ti
al for a traÆ
 sour
e to
ompletely spe
ify its burstiness fun
tion. As a result simple models with few pa-rameters are used whi
h essentially try to 
onstru
t a bounding burstiness fun
tion.A bounding burstiness fun
tion b(t) of a tra
e satis�es the following inequality:b(t) � Maximum amount of traÆ
 sent in any interval of length t.From the simple model one 
an re
onstru
t a bounding burstiness fun
tion whi
h stillbounds the sour
e's traÆ
 rate, though this bound would be loose as 
ompared tothe burstiness fun
tion of the sour
e.The leaky bu
ket model is a spe
ial 
ase when the bounding burstiness fun
tionis represented using two parameters whi
h bound the original burstiness fun
tion. AtraÆ
 sour
e 
ompliant to leaky bu
ket parameter (�; �) is also 
ompliant to boundingburstiness fun
tion as de�ned by: b(t) = � + �tOne 
an also 
onstru
t models with more parameters whi
h give a tighter boundfor the burstiness fun
tion. For example. one 
an spe
ify a series of � and � su
h that
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 satis�es ea
h of the 
onstraint imposed by the leaky bu
ket of parameters(�i, �i). Thus b(t) � mini (�i; �it)In this 
ase b(t) is pie
e wise linear and 
onvex. In fa
t it 
an easily be shown thatif the burstiness fun
tion of a traÆ
 sour
e is bounded by a 
ontinuous, 
onvex andpie
ewise linear fun
tion, then there is an equivalent traÆ
 des
riptor in the formof sequen
e of leaky bu
ket des
riptors, whi
h 
ompletely des
ribe the burstinessfun
tion. Ea
h segment of the burstiness 
urve in this 
ase, 
orresponds to a leakybu
ket des
riptor.Unlike the burstiness fun
tion, the leaky bu
ket parameters of a tra
e are notunique. Any leaky bu
ket traÆ
 des
riptor (�; �) su
h that the amount of traÆ
 sentin any interval of length t is less than � + �t is a valid 
hara
terization of the tra
e.In general it is desirable to keep the parameters burst size and servi
e rate as low aspossible. As a result, there is a tradeo� in 
hara
terizing a traÆ
 using leaky bu
ket.Redu
ing the servi
e rate amounts to an in
rease in the bu
ket size and vi
e versa.This tradeo� 
an be seen from the burstiness fun
tion dire
tly. For any traÆ
 a leakybu
ket traÆ
 des
riptor bounds the burstiness fun
tion by a straight line of slope �and y-inter
ept �. For any burst size �, a bounding tangent from point (0; �) to theburstiness fun
tion 
an be drawn as shown in Figure 2.1. The slope of the tangentgives the servi
e rate for a given value of burst size. It is straightforward to see thatas the burst size is in
reased, the servi
e rate de
reases. This tradeo� is later shownfor various tra
es we 
onsider in the leaky bu
ket traÆ
 des
riptor graphs.Choosing appropriate des
riptor is an important issue while 
hara
terizing thetraÆ
 using a leaky bu
ket des
riptor. The de�nition of an appropriate des
riptordepends on how the 
hara
terization is further used. If the 
hara
terization is usedto perform admission 
ontrol fun
tions in the network, then the des
riptor shouldmaximize the number of 
onne
tions a

epted by the network. In order to do this,the values of � and � should be as small as possible. As � in
reases the servi
e rate (�)de
reases. The appropriate des
riptor would lie in a region where the in
rease in thevalue of � would not be justi�ed (in terms of number of a

epted 
onne
tions in the
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Burst Size

Slope = Rate

Tangent

b(t)

tFigure 2.1: Tradeo� in � and � as seen from burstiness fun
tion.network) by 
orresponding de
rease in the value of � and vi
e-versa. The slope of thegraph would 
hange very rapidly in this region (e.g. a knee point in the graph). Thisgives us an intuitive 
riterion to 
hara
terize the traÆ
 using leaky bu
ket model.Su
h a 
hara
terization balan
es the two parameters � and � and gives maximumnetwork utilization.Like the leaky bu
ket des
riptor, the Tenet traÆ
 des
riptor also bounds the worst
ase rate. Therefore, it is possible to 
onstru
t a bounding burstiness fun
tion su
hthat a traÆ
 stream 
ompliant to the Tenet des
riptor also 
omplies with the bursti-ness fun
tion. The burstiness fun
tion of a traÆ
 with des
riptors Xmin; Xavg; I; Smaxis given by the following equation:b(t) =  min &t mod IXmin ' ; & IXavg '!+ � tI � � & IXavg '! � SmaxIntuitively, the traÆ
 sour
e may initially send pa
kets at spa
ing of Xmin as longas the average rate 
riteria 
an be met. Sin
e Xavg is 
al
ulated over an interval oflength I, at most IXavg pa
kets 
an be sent and then the sour
e will have to wait tilltime I. This pattern is repeated and gives the above expression for the burstinessfun
tion.Although it is not possible to a

urately re
onstru
t all the parameters of theXmin; Xavg; I model from the burstiness fun
tion, the important parameters Xavg andI and the tradeo� between them 
an be observed. Note that b(I) is the maximumamount of data sent in any interval of length I. So, the worst 
ase average rate over



2.2. TRAFFIC MODELS 25any interval of length I is b(I)I . Therefore, the following expression relating Xavg andI may be used for analyti
 purposes:Xavg = Smax Ib(I)The burstiness 
urves plot b(I)I vs. I. b(I) is the maximum amount of data sentin any interval of length I. Thus, b(I)I is the average bit rate in the interval in whi
hthe maximum amount of data is sent, whi
h is the same as the worst-
ase averagerate of the traÆ
 taken over an interval of length I. The worst-
ase average rate forsmall intervals is 
lose to the peak rate. As the rate in
reases, the worst-
ase averagerate tends to the eventual average rate. Note that the 
hara
terization using theXmin; Xavg; I model is also not unique. It appears desirable to 
hara
terize the traÆ
using low average rate. This in
reases the averaging interval and as a result, theadmission 
ontrol pro
edure be
omes less e�e
tive and ends up reserving bandwidth
lose to the peak rate. Thus a proper balan
e between parameters I and Xavg isneeded.The slope of the burstiness 
urve (i.e. the rate of de
rease of the worst-
ase averagerate with in
rease in the averaging interval) is a measure of the burstiness of the traÆ
at various time s
ales. The slope at an interval I measures the additional smoothingobtained when the bit rate is averaged over longer intervals, whi
h 
hara
terizes theburstiness of the traÆ
 at a time s
ale of I. If the traÆ
 is not bursty in the shortterm, then averaging the bit rate over small intervals will not result in any smoothing.As a result, the slope of the burstiness 
urve will be zero for small intervals. If thetraÆ
 is not bursty in the long term, then all the smoothing would have happenedwhen the bit rate is averaged over a long enough interval. In
reasing the interval sizewill not result in any additional smoothing, and so the slope of the burstiness 
urvewill again be zero. Thus, the slope of the burstiness 
urve 
hara
terizes the burstinessof the traÆ
 at all time s
ales.Let us illustrate this with an example. Figure 2.2 shows two sample tra
es of bitrates. In tra
e A the bit rate 
hanges randomly with time, but the average bit rateover long period of time remains stationary. Thus, tra
e A is bursty over short times
ale and is smooth over longer time s
ales. The bit rate of tra
e B remains 
onstant
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Sample traces

Trace A

Trace B

Packet Size (Bytes) x 103

Packet Number0.00

0.20

0.40

0.60

0.80

1.00

0.00 20.00 40.00 60.00 80.00 100.00Figure 2.2: Bit rate of sample tra
es.
Burstiness Curves

Trace A

Trace B

Worst case average rate x 103

Interval Length

0.50

0.60

0.70

0.80

0.90

1.00

1e+00 3 1e+01 3 1e+02Figure 2.3: Burstiness 
urves for the sample tra
es.when observed for short intervals of time. The 
hanges in the bit rate o

ur afterlarge time intervals and the bit rate is stable after these 
hanges. Therefore, tra
e Bhas little burstiness in short term, and high burstiness in long term. This intuitivenotion of burstiness is 
hara
terized by the burstiness fun
tions of these tra
es asshown in Figure 2.3. For tra
e A, the slope of burstiness fun
tion is large for shortintervals, and it tends to zero for long intervals. On the other hand, the slope ofburstiness fun
tion for tra
e B is 
lose to zero for small intervals and be
omes largefor larger intervals.



2.3. METHODOLOGY OF DATA COLLECTION 27TRACE Approx Frame rate ContentDuration (FPS)LECTURE 56 min 30 Le
ture of a graduate 
ourseNEWS 122 min 30 News programMUSIC 122 min 30 A musi
 programSPORT 122 min 30 Basketball gameSTWAR 114 min 25 Entertainment movieTable 2.1: Tra
es of JPEG 
ompressed video.2.3 Methodology of Data Colle
tion2.3.1 JPEG Compressed VideoThe data 
ontains tra
es of �ve independent 1-2 hours long video 
lips, summarizedin Table 2.1. The video 
lips were 
hosen to span a wide variety of video types rangingfrom a le
ture in a 
lass to a basketball game.The video 
orresponding to the tra
e LECTURE was a videotape of a graduate
ourse le
ture. Most of the time, the video shows the instru
tor standing next to aboard. It would o

asionally show a student asking questions. The tra
es NEWS,MUSIC and SPORT 
orrespond to real life video broad
ast on popular TV 
hannels.These 
lips were 
hosen to span a variety of programs, possibly of di�erent natures.Sin
e these videos are taken from TV 
hannels, they are true representatives of alarge majority of real-life video sequen
es. The tra
e STWAR is a tra
e of the movie\Star Wars".All the data ex
ept STWAR was 
olle
ted in real-time using DEC's JVIDEOboard, whi
h is able to 
arry out the JPEG 
ompression of the 232 x 320 pixel 
oloredimages at the frame rate of 30 frames per se
onds (fps). The 
ompression was 
arriedout at the minimum possible quantization fa
tor to get the best pi
ture quality1. The1It is hard to de�ne \
onstant" or \good" pi
ture quality be
ause it involves subje
tive per
eption.We use the quantization fa
tor as a 
rude measure of quality.



28 CHAPTER 2. VIDEO TRAFFIC CHARACTERIZATIONTRACE Approx. Frame rate ContentDuration (FPS)LECTURE.mpg 60 min 15 Le
ture of a graduate 
ourseNEWS.mpg 58 min 15 News programTable 2.2: Tra
es of MPEG 
ompressed video.quantization fa
tor was kept 
onstant in order to get a 
onstant pi
ture quality2. The
ompressed data was dis
arded, only the frame sizes were re
orded. The pro
ess of
apturing the data was timed to verify that the 
apture rate was a
tually 30 fps.2.3.2 MPEG Compressed VideoThe video 
lips were �rst 
ompressed in JPEG and stored on a lo
al disk in real-time. The disk was just able to keep up at a frame rate of 15 fps. Then this data was
ompressed o�-line into MPEG using a software en
oder3. For various reasons, 1-5%of the frames were dropped before the �nal tra
es were obtained. The parametersof the MPEG en
oder were 
hosen to minimize the running time of the en
oder andto get a good pi
ture quality. The quantization fa
tors were kept 
onstant to get a
onstant pi
ture quality4. Table 2.2 summarizes the information about the MPEGtra
es. In the table X.mpg is the MPEG 
ompressed version of the video X.2.3.3 Tra
es of data sent by NVThe NV tra
es were 
olle
ted using the t
pdump program. The tra
es are of datasent for MBONE5 [30℄ video-
onferen
es held on XUNET6 [40℄. There was an a
tive2Default quantization matri
es were used for the 
ompression.3We used the Berkeley software MPEG en
oder to 
arry out the MPEG 
ompressions.4The en
oded stream was an MPEG I stream with quantization fa
tors of 2, 5 and 15 for I, Pand B-frames respe
tively. Default quantization matri
es were used.5MBONE stands for Multi
ast ba
kBONE, whi
h is a virtual network on the Internet 
reated toexperiment with multi
ast.6XUNET stands for eXperimental University NETwork. It is a wide-area network that serves asa test-bed for resear
h on data 
ommuni
ation te
hniques.



2.3. METHODOLOGY OF DATA COLLECTION 29TRACE Approx. Date & time Senderduration of 
onferen
eNV0 17 min 09/22/93, 12:05pm law.
s.berkeley.eduNV1 74 min 10/20/93, 11:19am law.
s.berkeley.eduNV2 58 min 10/20/93, 11:19am law.
s.berkeley.eduTable 2.3: Tra
es of traÆ
 generated by NV.
parti
ipant on the same LAN segment on whi
h the observations were taken. Duringdata 
olle
tion, tra
es of all the pa
kets on the network were 
aptured. The fra
tionof pa
kets dropped was extremely small (176 pa
kets out of 940695, for instan
e).Pa
kets not originating from the lo
al parti
ipant were �ltered out o�-line. In allthe tra
es, sin
e the sender was in the same LAN segment, the traÆ
 
hara
teristi
sof the tra
es are expe
ted to be 
lose to the sour
e traÆ
 
hara
teristi
s of the NVprogram. Table 2.3 summarizes the information about the tra
es.In the tra
e NV1 it was found that, after 58 minutes from the beginning, theaverage bit rate went up to a value signi�
antly higher than the routine 128 Kbpsand after three minutes, the bit rate 
ame ba
k to normal. Probably the parti
ipantturned up the rate 
ontrol knob of the NV software, and after 3 minutes he realizedhis mistake and be
ame \ni
e" to the network again. NV2 
onsists of the �rst 58minutes of the NV1 tra
e.The tra
es of NV are pa
ket tra
es whereas the JPEG and MPEG tra
es areframe tra
es. Thus, the NV tra
es are also a�e
ted by fa
tors other than its 
odingalgorithm. These fa
tors in
lude rate 
ontrol built in the software, the rate at whi
hthe software 
an send pa
kets into the network (limited by ethernet 
apa
ity in this
ase) et
. It is still important to 
onsider these tra
es be
ause NV is one of the veryfew appli
ations that a
tually use the network to send live video. Studying thesetra
es would also help us understand the intera
tion of system level parameters withtraÆ
 
hara
terization.
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Data rate of trace LECTURE

Frame Size (bytes) x 103

3Frame Number x 105.00

10.00

15.00

20.00

25.00

30.00

0.00 20.00 40.00 60.00 80.00 100.00Figure 2.4: Bit rate of the tra
e LECTURE.2.4 Chara
teristi
s of JPEG traÆ
Figure 2.4 shows the bit rate of the tra
e LECTURE. The �rst ten minutes of the
orresponding video shows the 
lo
k tower of UC Berkeley. The bit rate remainsfairly 
onstant during this period. The bit rate then shoots up as the text des
ribingthe le
ture is superimposed on the 
lo
k tower. The le
ture then begins with theinstru
tor standing in front of a 
lean board. The time at whi
h the le
ture begins
an be pre
isely identi�ed by a sudden drop in the 
orresponding bit rate. The bitrate then in
reases steadily as more and more text is written on the board. The bitrate drops down again when the instru
tor starts writing on the se
ond board andon
e again the video shows the instru
tor next to a 
lean board. The le
ture goes on. . . Figure 2.5 shows the bit rate of a 130 se
ond 
lip of the tra
e NEWS. It is in-teresting to note that the bit rate remains nearly the same for some time, then itsuddenly 
hanges to a new value, it stays at its new value for some time and thenthis behavior is repeated. Analysis of a
tual video streams shows that in most of the
ases these abrupt 
hanges in bit rate 
orrespond to s
ene 
hanges (or 
uts) in thevideo. For a s
ene showing the same people with the same ba
kground, the bit rate



2.4. CHARACTERISTICS OF JPEG TRAFFIC 31
NEWS

Frame Size (bytes) x 103

3Frame Number x 1018.00

20.00

22.00

24.00

26.00

53.00 54.00 55.00 56.00 57.00Figure 2.5: Bit rate of the tra
e NEWS.remains nearly the same. As the ba
kground and orientation of people 
hange, thebit rate 
hanges slowly.From visual inspe
tion of the bit rates, it is apparent that the frame sizes of
onse
utive frames are highly 
orrelated. The reason for this behavior is that thesize of a 
ompressed frame is essentially determined by the 
omplexity (information
ontent) of the image being 
ompressed, and 
onse
utive images of a video sequen
eare very similar in visual appearan
e as well as in their information 
ontents. Thissimilarity remains for longer runs of 
onse
utive frames. As a result the bit rate ishighly 
orrelated over that period. In the tra
e LECTURE, the bit rate in
reases asthe instru
tor writes more and more text on the board. As more text is written on theboard, there is more information in the 
orresponding image. This results in a lower
ompression and hen
e a higher bit rate. S
ene 
hanges mean an abrupt transitionfrom one sequen
e of pi
tures to another. The two pi
tures at the boundary of a s
ene
hange are not similar to ea
h other, so the sizes of the 
orresponding 
ompressedframes are also un
orrelated. Therefore the bit rate 
hanges abruptly at the boundaryof s
ene 
hanges in the video.The peak bit rate of a tra
e 
orresponds to a s
ene of high information 
ontent inthe 
orresponding video. The bit-rate remains 
lose to the peak rate for the durationof the s
ene, whi
h will usually be of the order of se
onds. Thus, the worst-
aseaverage bit rate over an interval of length smaller than the peak s
ene length will be
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lose to the peak rate. The burstiness 
urves in Figure 2.6 substantiate this 
laim.Figure 2.6 plots the worst-
ase average bit rate of the traÆ
 taken over an intervalagainst the interval length. If the interval length is small, then the worst 
ase averagerate will be 
lose to the peak rate. In the tra
e LECTURE, the worst-
ase averagerate remains 
lose to the peak rate for intervals of length up to 10 se
onds. This isthe approximate duration of the s
ene showing the 
lo
k tower along with the textdes
ribing the le
ture. For other tra
es this interval is smaller. As the interval lengthin
reases, the worst-
ase average rate 
omes 
loser to the eventual average rate. Foran interval of length equal to the length of the tra
e, the worst-
ase average rateis equal to the eventual average rate. It is interesting to note that the graphs inFigure 2.6 are very similar to ea
h other for di�erent video sequen
es. All the graphsstart o� with zero slope, whi
h remains 
lose to zero for intervals of length 300 msto 10 se
onds. As the interval length in
reases, the magnitude of the slope in
reases.Towards the end, the slope 
onverges to a small negative value.The same information is depi
ted numeri
ally in Table 2.4, where average 
or-responds to the eventual average rate (in megabits per se
ond) of the 
ompressedvideo. All the tra
es of JPEG 
ompressed video have average rates in the range 5-6.7Mbps. The 
olumn labelled burstiness 
orresponds to the ratio of the peak rate to theeventual average rate, whi
h is between 1.56 and 2.82. The peak bit rate varies from19 Mbps to 7 Mbps. The subsequent 
olumns list the ratio of the worst-
ase averagerate taken over an interval to the (eventual) average rate for di�erent intervals. Asthe interval size in
reases, this ratio be
omes 
loser to 1. It should be noted that thisratio for intervals of length 100 ms is 
lose to the peak to mean ratio of the stream.These numbers behave in a similar way for ea
h of the four di�erent tra
es of JPEG
ompressed video. For example, the ratios of the worst 
ase average rate over aninterval of 10 min to the average rate for di�erent tra
es are between 1.00 and 1.25.Figure 2.7 plots the leaky bu
ket traÆ
 des
riptor graphs for the tra
es. For ea
htra
e, the servi
e rate � varies from a little more than peak rate to the eventualaverage rate. For ea
h servi
e rate, a bu
ket size is 
al
ulated by running the tra
ethrough a leaky bu
ket simulation. This bu
ket size is plotted in the graph. Aninteresting observation is about the knee points in these plots. In all of these 
urves,
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Burstiness Curves

NEWS

MUSIC

LECTURE

SPORT

MOVIE

Worst case average rate (bits/sec.) x 106

Interval Length (sec.)
5.00

10.00

15.00

1e-01 1e+00 1e+01 1e+02 1e+03 1e+04Figure 2.6: Burstiness 
urves for JPEG 
ompressed video.
Tra
e Average Burstiness Worst 
ase average rates / Eventual average rate(Mbps) I = 100 ms I = 1 se
. I = 100 se
. I = 10 minNEWS 5.04 2.13 2.13 1.88 1.47 1.24MUSIC 4.23 2.41 2.35 2.22 1.24 1.09LECTURE 4.02 1.73 1.72 1.71 1.31 1.09SPORT 6.09 1.56 1.54 1.54 1.30 1.14MOVIE 6.67 2.82 2.81 2.32 1.20 1.13LECTURE.mpg 0.61 9.88 5.53 1.95 1.24 1.15NEWS.mpg 0.51 11.84 6.74 3.54 1.88 1.20NV0 0.127 43.48 31.16 2.82 1.03 1.01NV1 0.121 47.54 33.12 9.03 5.60 2.06NV2 0.101 48.22 35.37 3.64 1.26 1.12Table 2.4: E�e
t of I on the worst-
ase average rate.
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Figure 2.7: Leaky bu
ket traÆ
 des
riptor graph for JPEG 
ompressed video.the position of the rightmost knee 
orresponds to the peak rate of the tra
e. Thebu
ket size � grows rapidly as soon as the servi
e rate � be
omes less than the peakrate. For example, for the tra
e LECTURE, if the servi
e rate is 80% of the peakrate, then the bu
ket size be
omes as large as 1.6 M-Bytes.A reasonable 
hara
terization of JPEG 
ompressed video traÆ
 using a leakybu
ket des
riptor would require that the servi
e rate be 
lose to the peak rate. Ifone 
hara
terizes the video using a lower servi
e rate, the bu
ket size required will bevery large, whi
h is not an a

urate 
hara
terization of the a
tual traÆ
. A traÆ

hara
terized by a large bu
ket size 
an potentially inje
t a large burst of data inthe network, whereas the behavior of JPEG 
ompressed video traÆ
 tends to bemore regular. The large bu
ket size in this 
ase is not be
ause of any bursts in thetraÆ
 instead, it is be
ause, the instantaneous arrival rate remains a little higherthan the servi
e rate for relatively long periods of time. The bursts are only due tothe individual frames.The servi
e rate of leaky bu
ket for our JPEG tra
es was between 19 Mbps and7 Mbps, and the bu
ket sizes varied from 30 Kbytes to 80 Kbytes.For 
onstant quality JPEG 
ompressed video, the bit rate depends upon the 
om-plexity of the images in the video being 
ompressed7. Thus, the peaks of the bit7The property dis
ussed here is not an inherent property of the algorithms proposed by JPEGstandards. It is only due to the fa
t that the en
oder used in our experiments 
ompressed the imagesof individual frames at a 
onstant pi
ture quality.
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Trace of a MPEG compressed video

LECTURE.mpg

Frame size (bytes) x 103

3Frame number x 10
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20.20 20.25 20.30 20.35 20.40 20.45 20.50Figure 2.8: Bit rate of the tra
e LECTURE.mpg.rate o

ur in bursts of length equal to the length of the s
ene having the high image
omplexity. This implies that, if a s
ene of high 
omplexity is being transmitted overthe network in real-time, then the network should have enough bandwidth availableover the length of the s
ene to support the transfer. Queueing inside the networkmay not be able to a

ommodate high bit rate bursts. Thus, using a simple leakybu
ket des
riptor to 
hara
terize traÆ
 would not yield any statisti
al multiplexinggains be
ause it would require that the allo
ated rate be 
lose to the peak bit rate ofthe a
tual video.2.5 Chara
teristi
s of MPEG traÆ
Figure 2.8 shows the bit rate of a 20 se
ond 
lip of the MPEG tra
e LECTURE.mpg.The bit rate of this 
lip is very bursty. This burstiness is due to the three di�erenttypes of frames generated by the MPEG 
ompression algorithm. Noti
e that I-frames,P-frames and B-frames 
an be easily re
ognized in the �gure. I-frames are the largest,and B-frames are the smallest in size. Noti
e that the sizes of frames of the sametype are highly 
orrelated.



36 CHAPTER 2. VIDEO TRAFFIC CHARACTERIZATION
Average bit rate of LECTURE.mpg

Average Frame size x 103

3Frame number x 10
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0.00 10.00 20.00 30.00 40.00 50.00Figure 2.9: Average bit rate of the tra
e LECTURE.mpg.Figure 2.9 shows the average bit rate of the tra
e LECTURE.mpg. The averageis 
omputed by a moving average �lter of length 1 se
ond. An interesting observationis the similarity of the graphs in Figures 2.4 and 2.9. The same le
ture was en
odedinto JPEG and MPEG separately, and the variation of the average bit rate of bothen
odings appears to be very similar.Figure 2.10 plots the burstiness 
urves for the MPEG tra
es. For small intervals,the worst-
ase average rate de
reases qui
kly as the interval length in
reases. As theinterval length be
omes more than 1 se
ond, the rate of de
rease in the worst-
aseaverage rate be
omes smaller. Table 2.4 shows that the average rates of the MPEGvideo streams are 0.61 and 0.51 Mbps respe
tively. From the same table we see thatthe burstiness values of the two tra
es are 9.88 and 11.84. The peak rates are about6.0 Mbps. After averaging the bit rate over an interval of 1 se
ond, the videos showburstiness of 1.95 and 3.54.The graphs in Figure 2.10 are very similar to ea
h other. Both have large negativeslope for small intervals. The magnitude of the slope is smaller for interval lengthsbetween 300 ms and 1 se
ond. As the interval length in
reases further, the slopes
onverges to a small negative value.MPEG en
oded video shows high burstiness when observed over short time s
ales.This is due to the fa
t that the MPEG en
oding algorithm generates di�erent types
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Burstiness Curves
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tion for MPEG 
ompressed video.of frames whose sizes are inherently di�erent8. However, when averaged over aninterval of length 1 se
ond, the bit rate be
omes smoother. This is be
ause of the
hara
teristi
s of the MPEG en
oding algorithm. One of the 
onsiderations whiledesigning MPEG was the ability to have random a

ess to the frames. In order toa
hieve this, intra-
oded frames (I-frames) are periodi
ally present in the stream.Sin
e I-frames are en
oded independent of other frames, they provide random a

esspoints in the stream. P-frames and B-frames, whi
h o

ur more frequently, 
onstitutethe rest of the video. As a result, MPEG video be
omes a lot smoother if averagedover an interval whi
h 
ontains 2 or more I-frames.After smoothing, the bit rate starts showing dependen
y on the 
ontents of thevideo. This dependen
y 
an be 
learly seen in Figure 2.9. Due to the periodi
 presen
eof I-frames in the stream, the bit rate of MPEG video depends upon the 
omplexity ofthe pi
tures that are sent as I-frames. The inter-frame nature of the algorithm makesthe bit rate dependent on the motion in the video. In 
ase of the video LECTURE,the motion was relatively low. As a result, the bit rate averaged over periods 
overingmultiple I-frames showed a high 
orrelation with the rate of the 
orresponding JPEGtra
e.8It is possible to have a valid MPEG stream whi
h 
onsists of only I-frames or only I-frames andP-frames. The presen
e of all the three types of frames in the stream makes the 
ompression ratiohigher.
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ket traÆ
 des
riptor graphs for the MPEG tra
es.The servi
e rate � for ea
h tra
e varies from peak rate to the eventual average rate.It is interesting to note that the bu
ket size (�) does not in
rease even if the servi
erate (�) is less than the peak bit rate. There is a knee in the 
urve after whi
hthe bu
ket size starts in
reasing rapidly as the servi
e rate de
reases. The rate ofin
rease is 
omparable to that in Figure 2.7. The knee o

urs at a rate whi
h islower than the peak rate. This is so be
ause the largest frame is of I-type, and it isalways followed by a number of small B-type frames. By the time the frame next tothe largest I-frame arrives, the bu
ket has enough spa
e to a

ommodate it withoutne
essarily serving at the peak rate. The knee in the 
urve o

urs at a rate 
lose tothe worst-
ase average rate over an interval of length one se
ond.An appropriate 
hara
terization of MPEG video using the leaky bu
ket model
orresponds to the knee in the graphs of Figure 2.11. The servi
e rate at these knees
orrespond to the peak rate of the MPEG video obtained after smoothing its bit rateover one se
ond intervals. The bit rate of MPEG 
ompressed video be
omes highly
orrelated after smoothing, and the 
hanges in the bit rate are mostly due to the
ontents of the video. Therefore, the knee points 
hara
terize the traÆ
 a

urately.For the tra
e LECTURE.mpg, appropriate servi
e rate and bu
ket size are 1.07 Mbpsand 50 Kbytes respe
tively.MPEG 
ompressed video exhibits burstiness on two time s
ales. On a short times
ale, the burstiness is due to the 
hara
teristi
s of the 
oding algorithm, whi
hgenerates three types of frames of di�erent average sizes. The short-term burstinesssmoothes out when the bit rate is averaged over intervals of appropriate length9. Thislength depends upon the periodi
ity of I-frames in the stream. After this smoothing,the traÆ
 remains bursty on a longer time s
ale. The long term burstiness for ourstreams was 1.95 and 3.54 respe
tively, due to the 
hanges in motion and the 
om-plexity of s
enes10. Sin
e the smooth bit rate remains 
orrelated for longer periods of9It must be pointed out that this interval is not equal to the delay in
urred in smoothing the bitstream. The maximum delay in
urred in smoothing is given by �� . See Se
tion 2.1 for details.10The short-term burstiness property is an inherent property of the algorithms proposed by MPEGstandards. However, it also depends on the en
oding pro
ess. In our 
ase, short-term burstiness
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Figure 2.11: Leaky bu
ket traÆ
 des
riptor graph for MPEG 
ompressed video.time, additional bu�ering is unable to smooth the bit rate further. The knee pointin the leaky bu
ket traÆ
 des
riptor graphs show the same fa
t. The amount ofadditional bu�ering needed to be able to serve at a rate lower than the rate of theknee is large. Therefore the knee points give a proper leaky bu
ket 
hara
terization ofthe video. Another impli
ation of this is that, for transmission of MPEG video overa network, the available bandwidth of the network at any instant should be greaterthan the short-term average rate of the MPEG stream. In 
ase this bandwidth isnot available, 
ongestion would result in a series of lo
alized pa
ket losses. The sizeof the leaky bu
ket 
an also a
t as a measure of the bu�ering needed to smooth theshort-term burstiness.2.6 Chara
teristi
s of NV traÆ
Chara
teristi
s of the traÆ
 generated by NV are highly in
uen
ed by the rate 
ontrolbuilt in the software. Figure 2.12 shows the inter-pa
ket spa
ing for a series of pa
ketsgenerated by NV. Most of the pa
kets are spa
ed at 5 ms, whi
h is probably the timeit takes to send a pa
ket. The Inter-pa
ket spa
ing of some pa
kets periodi
allybe
omes as large as 0.5-2 se
onds. This is due to the fa
t that NV stops sending datafor long intervals if when realizes that it is sending the data at too high a rate. So,also depends upon the ratio of the quantization fa
tors of I, P and B-frames.
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Inter packet spacing of packets generated by NV
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3Packet Number x 10
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1.00 1.50 2.00 2.50Figure 2.12: Inter pa
ket spa
ing of pa
kets produ
ed by NV.there are periods of a
tivity when NV sends the data at high rate, and then thereare periods of ina
tivity, when NV \sleeps" to lower the mean bit rate. Anotherobservation in Figure 2.12 is that there are intervals during whi
h the inter-pa
ketspa
ing be
omes as high as 250 ms. This 
an be attributed to the periodi
 waking upof other pro
esses on the same host, or to other a
tivity in the same LAN segment.Sin
e the NV program 
arries out the 
ompression of video images in software, it is aheavy user of the CPU whi
h it shares with other pro
esses. If other pro
esses on thesame system be
ome a
tive, then NV takes a longer time to produ
e a pa
ket, andhen
e the inter-pa
ket spa
ing 
an in
rease. This 
an also result from some periodi
network a
tivity on the same LAN segment (e.g., routing updates), whi
h would for
eNV to wait to send data on the Ethernet.The pa
ket sizes are distributed between 0 and 1 Kbytes and the minimum interpa
ket spa
ing is as small as 0.2 ms. So the peak rate of the traÆ
 generated by NVis very high. However, at averaging intervals of 1 se
, the worst-
ase average ratebe
omes 
lose to the eventual average rate.Figure 2.13 plots the burstiness 
urves for the NV tra
es. The peak rate is 
lose
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Burstiness Curves
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1e-01 1e+01 1e+03Figure 2.13: Burstiness 
urves for NV traÆ
.to 6 Mbps, whi
h is within a fa
tor of two of the maximum available bit rate on anEthernet. The worst-
ase average rate is bounded by 130 Kbps for averaging intervalsof 10 se
onds, whi
h is be
ause of the rate 
ontrol built in the software. For the tra
esNV0 and NV2, the worst 
ase average rate de
reases rapidly with interval length tillthe interval length is 
lose to 3 se
onds. For interval lengths between 3 and 10 se
onds,the rate of 
hange of the worst-
ase average rate de
reases. At intervals of length 10se
onds, the worst-
ase average rate be
omes 
lose to the eventual average rate. Itis interesting to note that, although NV0 and NV2 
orrespond to two independenttra
es, their burstiness 
urves are nearly identi
al. The burstiness 
urves have a highslope for small intervals but this be
omes very 
lose to zero as the interval lengthin
reases to more than 10 se
onds.In Table 2.4 we see that the ratios of the worst-
ase average rate taken overintervals of length 100 se
 to the eventual average rate for the tra
es NV0 and NV2are 1.03 and 1.26 respe
tively. Tra
e NV1 is di�erent be
ause the target sending rateof the software was 
hanged for 3 minutes. In Figure 2.13 there is a knee in the graphfor NV1. This knee 
orresponds roughly to an interval of length 3 minutes.Figure 2.14 plots the leaky bu
ket traÆ
 des
riptor graphs for the NV tra
es.When the servi
e rate is higher than the peak rate, the bu
ket size is 
.lose to 1Kbytes. As expe
ted, the bu
ket size in
reases as the servi
e rate de
reases. Tra
es
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Figure 2.14: Leaky bu
ket traÆ
 des
riptor graph for NV traÆ
.NV0 and NV2 have a knee in the graphs at a servi
e rate of 130 Kbps. Tra
e NV1has a knee in the 
orresponding graph at 1 Mbps. The position of this knee gives areasonable 
hara
terization of the traÆ
 using the leaky bu
ket des
riptor.The traÆ
 generated by the NV program is highly bursty in the short term due toits on-o� nature. The long term behavior of NV traÆ
 is highly predi
table. A plotof the average bit rate taken over 10 se
ond intervals is nearly 
onstant. Althoughthe tra
es NV0 and NV2 are from two di�erent 
onferen
es, their 
hara
teristi
s arenearly identi
al. This suggests that the 
hara
teristi
s of the traÆ
 generated by NVare fairly independent of the video whi
h is being sent. Constant bit rate over a longtime s
ale is a
hieved by 
ompromising the quality of the video being sent. WheneverNV needs to redu
e its bit rate, it redu
es the frame rate of the video being sent. Foran NV program sending at a target rate of 128 Kbps, the appropriate servi
e rate is130 Kbps, and the bu
ket size is 30 Kbytes.2.7 Choosing Leaky Bu
ket TraÆ
 Des
riptorsChoosing a traÆ
 des
riptor for a traÆ
 is equivalent to pi
king up a point in theleaky bu
ket traÆ
 des
riptor graph of the tra
e. An optimal traÆ
 des
riptor shouldmaximize the number of 
onne
tions of given QoS. If ea
h 
onne
tion has di�erenttraÆ
 des
riptor and di�erent QoS requirements, then the optimal traÆ
 des
riptor
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Figure 2.15: Tra
e LECTURE.mpg.not only depends upon the properties of traÆ
 being analyzed, but also depends, ingeneral, on the QoS and the properties of the other traÆ
 being multiplexed on thesame link. To simplify, we assume that all 
onne
tions are homogeneous. They haveidenti
al traÆ
 des
riptor and QoS parameters. Even with this simpli�
ation theproblem of 
hoosing a good traÆ
 des
riptor is not easy. A traÆ
 des
riptor 
hara
-terizing a tra
e may be optimal if the 
onne
tion requires a parti
ular QoS, but thesame traÆ
 des
riptor may be sub-optimal for a di�erent QoS. In other words, an op-timal traÆ
 des
riptor depends upon QoS. For most of the tra
es analyzed, we foundthat a traÆ
 tra
e 
an be 
hara
terized by a single traÆ
 des
riptor whi
h remainsreasonably 
lose to the optimal des
riptor for the range of QoS 
onsidered. Thereare important impli
ations of this �nding. The single leaky bu
ket traÆ
 des
riptor
hara
terizing the tra
e, may be presented to the network during 
onne
tions setup,irrespe
tive of the QoS required by the 
onne
tion.In order to analyze the e�e
t of 
hoosing traÆ
 des
riptor on number of 
onne
-tions, we assume a network of a single node having a bounded bu�er and a singleoutput link. The parameters of the swit
h were taken from XUNET II swit
h [40℄.The outgoing link was assumed to have rate of 200 Mbps. The total bu�er spa
e was
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Figure 2.16: Tra
e NEWS.mpg.
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e LECTURE.
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Figure 2.18: Tra
e NEWS.
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Figure 2.19: Tra
e NV0.
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Figure 2.20: Tra
e NV1.
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2.7. CHOOSING LEAKY BUCKET TRAFFIC DESCRIPTORS 47assumed to be 32 MBytes. We assume the optimum EDD s
heduler at the outputlink and use exa
t admission 
ontrol tests proposed in [84℄ for admission 
ontrol. Weassume homogeneous 
onne
tions with identi
al traÆ
 des
riptor and QoS. The lossrate is assumed to be zero. Delay bound is the only variable QoS parameter.Figure 2.17 shows the maximum number of 
onne
tions a

epted as a parti
ulartraÆ
 des
riptor is 
hosen to 
hara
terize the tra
e LECTURE.mpg. The X-axisrepresents the servi
e rate of the des
riptor, the Y-axis for the solid line representsthe 
orresponding bu
ket size. The Y-axis for all other lines represent the maximumnumber of 
onne
tions a

epted.If bounded delay is not required, the number of 
onne
tions a

epted is maximum.This is shown by the topmost line of the graph. The other lines show maximumnumber of 
onne
tions under di�erent delay 
onstraints. Note the 
ommon propertyof all the graphs: the number of 
onne
tions in
rease monotoni
ally (starting from 0)as the bu
ket rate in
reases up to a point. After this, the number of 
onne
tions startde
reasing (with a break in slope) slowly and monotoni
ally with in
reasing servi
erate.When the servi
e rate is low, the bu
ket size typi
ally be
omes large. Large bu
ketsize results in failure of delay test while performing admission 
ontrol. This limits thenumber of 
onne
tions. Even if the delay bound is unlimited, the bu�ers required forea
h 
onne
tion limits the number of 
onne
tions. As the servi
e rate in
reases, thebu
ket size de
reases whi
h relaxes both bu�er and delay 
onstraints. Therefore thenumber of permissible 
onne
tions in
reases with in
reasing servi
e rate. This trend
ontinues till the aggregate bandwidth required is less than the link speed. After this,the link speed be
omes the 
onstraint and the number of 
onne
tions de
rease within
reasing servi
e rate.It is interesting to note that the traÆ
 des
riptor whi
h results in maximumnumber of 
onne
tions is always 
lose to the lo
ation of knee point in the traÆ
des
riptor graph. For this tra
e, the knee point is at a servi
e rate of 1:1Mbps whereas servi
e rate resulting in maximum number of 
onne
tions for unlimited delay boundis 0:95Mbps. For delay bounds bound of 100ms, 70ms, 40ms, and 10ms servi
e rateof 1:09Mbps gives maximum number of 
onne
tions. Note that peak rate of this tra
e



48 CHAPTER 2. VIDEO TRAFFIC CHARACTERIZATIONis 6:02Mbps and its mean rate is 0:68Mbps. This shows that even with large peakto average bit-rate ratio of the tra
e, the optimal traÆ
 des
riptors for di�erent QoSare within a narrow range whi
h is next to the knee point in the leaky bu
ket traÆ
des
riptor graph of the tra
e. The same is true for the tra
e NEWS.mpg as shown inFigure 2.16. The lo
ation of knee is at servi
e rate of 1:64Mbps, whereas the optimaltraÆ
 des
riptors lie in the range 1:28Mbps to 1:64Mbps.The 
hara
teristi
s of JPEG traÆ
 is di�erent from MPEG traÆ
. When theservi
e rate is 
lose to the average rate of the tra
e, the bu
ket size does not de
reasesigni�
antly with in
reasing servi
e rate. When the servi
e rate approa
hes the peakrate, the rate of de
rease in bu
ket size in
reases. This is evident from Figure 2.7.For the tra
e LECTURE, the e�e
t of leaky bu
ket des
riptor on number of possible
onne
tions is shown in Figure 2.15. For ea
h delay bound 
onsidered, number ofpossible 
onne
tions attain maximum value at servi
e rate between 6:10Mbps and6:90Mbps. This is very 
lose to the position of knee, whi
h o

urs at a servi
e rateof 6:86Mbps, in the leaky bu
ket traÆ
 des
riptor graph of the tra
e. Similarly,for the tra
e NEWS the number of 
onne
tions a
hieve a maximum at servi
e ratebetween 8:29Mbps and 10:70Mbps, whereas the knee in the traÆ
 des
riptor graphis at 9:50Mbps. This suggests that even for JPEG traÆ
, optimal traÆ
 des
riptorsfor di�erent QoS are 
lose to the position of the knee. The knee itself may be a goodtraÆ
 des
riptor for all QoS. All the other tra
es of JPEG 
ompressed video are ofsimilar nature.The traÆ
 tra
e NV0 is very bursty. Figure 2.19 shows how number of 
onne
tionsare a�e
ted by the 
hoi
e of leaky bu
ket parameter. Unlike JPEG and MPEGtraÆ
, where the optimal traÆ
 des
riptors for di�erent QoS were found to be 
loseto ea
h other, in 
ase of NV traÆ
, the optimal traÆ
 des
riptors for unlimiteddelay and delay bounds of 100ms, 70ms, 40ms and 10ms have servi
e rates 180Kbps,960Kbps, 1:13Mbps, 1:39Mbps and 2:98Mbps respe
tively. This makes it diÆ
ult to
hara
terize the NV traÆ
 optimally using a single traÆ
 des
riptor. There is a kneein the traÆ
 des
riptor graph at servi
e rate 130Kbps. The maximum number of
onne
tions in
rease rapidly when the leaky bu
ket parameter is varied from averagerate (128Kbps) to this knee. After the knee, the rate at whi
h number of 
onne
tions
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rease is lower. The tra
e NV2 has similar 
hara
teristi
s as that of NV0, but thetra
e NV1 is di�erent. Its traÆ
 des
riptor graph has di�erent 
hara
teristi
s. Thereis no well de�ned knee in the graph, but there are kinks at servi
e rate of 0:98Mbps,1:82Mbps and 3:00Mbps. The optimal traÆ
 des
riptors for this tra
e are in therange 790Kbps to 2:30Mbps whi
h is narrower than that of NV0 and NV2, but stillit is diÆ
ult to 
ome up with a single traÆ
 des
riptor whi
h gives 
lose to optimalperforman
e (in terms of maximum number of 
onne
tions) for a wide range of QoS.Choosing leaky bu
ket traÆ
 des
riptor at se
ond knee whi
h is a servi
e rate 3Mbpsresults in 66 
onne
tions whi
h is within a fa
tor 0:86 from the optimal for a delaybound of 10ms and within a fa
tor 0:23 for unlimited delay bound.Table 2.5 and 2.6 show a 
omparison of the maximum number of 
onne
tions usingoptimal traÆ
 des
riptor and the knee point as the traÆ
 des
riptor. The table sug-gests that the knee point gives a good traÆ
 des
riptor for JPEG and MPEG traÆ
.For MPEG tra
es knee point gives optimal traÆ
 des
riptor in seven out of ten 
ases.In other two 
ases, the number of 
onne
tions a

epted using the suggested traÆ
des
riptor is within 78% of the maximum possible. Only in one 
ase the suggestedtraÆ
 des
riptor performs badly (57% of optimal). For JPEG tra
es, the suggestedtraÆ
 des
riptor is optimal in �ve out of ten 
ases whereas in other four 
ases it gives73% of the optimal number of 
onne
tions. Only in one 
ase the suggested traÆ
des
riptor gives 60% of the maximum possible number of 
onne
tions. For NV traÆ
di�erent traÆ
 des
riptors are needed for a tra
e depending on the required QoS.A single traÆ
 des
riptor is not suÆ
ient for all QoS. While the suggested traÆ
des
riptor for tra
e NV0 gives 91% of optimal number of 
onne
tions for unlimiteddelay bound, it only gives 7% of the optimal for a delay bound of 10ms.2.8 Dis
ussionThe burstiness fun
tion 
hara
terizes the burstiness of the traÆ
 at various times
ales. JPEG video exhibits no burstiness on small time s
ales. This 
an be seenin the burstiness 
urves for JPEG tra
es by their zero slopes for small intervals.However, JPEG video is bursty over longer time s
ales. The burstiness 
urves for
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Tra
e Delay Bound Number of Conne
tions Performan
e Ratio(ms) Maximum Using suggested TDLECTURE.mpg Unlimited 211 181 0.85100 50 50 1.0070 35 20 0.5740 20 20 1.0010 5 5 1.00NEWS.mpg Unlimited 156 122 0.78100 49 49 1.0070 34 34 1.0040 19 19 1.0010 4 4 1.00LECTURE Unlimited 32 29 0.90100 32 29 0.9070 29 29 1.0040 29 29 1.0010 8 8 1.00NEWS Unlimited 24 21 0.87100 21 21 1.0070 21 21 1.0040 19 14 0.7310 5 3 0.60Table 2.5: Comparison of optimal traÆ
 des
riptor and traÆ
 des
riptor at knee forJPEG and MPEG traÆ
.
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Tra
e Delay Bound Number of Conne
tions Performan
e Ratio(ms) Maximum Using suggested TDNV0 Unlimited 1105 1016 0.91100 208 79 0.3770 177 55 0.3140 143 31 0.2110 98 7 0.07NV1 Unlimited 253 66 0.23100 184 66 0.3570 161 66 0.4040 134 66 0.4910 86 66 0.86NV2 Unlimited 1110 1072 0.96100 201 83 0.4170 176 58 0.3240 147 33 0.2210 102 8 0.07Table 2.6: Comparison of optimal traÆ
 des
riptor and traÆ
 des
riptor at knee forNV traÆ
.
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es have a negative slope in the 
orresponding region.MPEG video is bursty on short as well as long time s
ales. The burstiness 
urvesfor MPEG video have a high negative slope for small intervals. For larger intervalsthe magnitude of the slope is relatively small. This implies that MPEG video is morebursty on small time s
ales than on large time s
ales.The traÆ
 generated by NV is highly bursty over short periods of time, but is verysmooth when averaged over an interval of 10 se
onds or more. This is re
e
ted inthe burstiness 
urves by a large negative slope for small intervals and a zero slope forintervals greater than 10 se
onds. The burstiness 
urve for the tra
e NV1 is di�erentbe
ause, in the 
ase of NV1, the target sending rate was in
reased for 3 minutes. Asa result, NV1 has burstiness over a long time s
ale also. The burstiness 
urve forNV1 has a knee at an interval of length 3 minutes. The slope of the burstiness 
urveis steeper to the right of knee. This implies that NV1 is more bursty when observedover intervals of length a little more than 3 minutes, as 
ompared with intervals oflength slightly less than 3 minutes.Leaky bu
ket traÆ
 des
riptor graphs for JPEG and MPEG video traÆ
 havewell de�ned knees. If the 
hosen servi
e rate for leaky bu
ket is less than that of theknee point, then the bu
ket size be
omes too large to be an a

urate des
riptor ofthe traÆ
. On the other hand, if the servi
e rate is larger than that of the knee, thenthe redu
tion in the bu
ket size is small. The tradeo� of de
reasing the bu
ket sizeby in
reasing the servi
e rate above the servi
e rate of the knee point may not bejusti�ed. Therefore, the knee points in the leaky bu
ket traÆ
 des
riptor graphs giveappropriate leaky bu
ket parameters to 
hara
terize the video traÆ
 irrespe
tive ofthe requested QoS. In 
ase of NV traÆ
, the knee points are not very well de�ned.In fa
t, the servi
e rate of optimal traÆ
 des
riptor varies signi�
antly with the QoSrequested.The appropriate servi
e rate for JPEG 
ompressed video is 
lose to its peak rate.The servi
e rate for MPEG 
ompressed video is approximately equal to the peakrate of the MPEG stream after smoothing. The servi
e rate of NV traÆ
 is slightlymore than its target sending rate if no delay bound is required. As delay bound forNV traÆ
 is de
reased, it needs higher servi
e rate. For a delay bound of 10ms the
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e rate 
an be as high as 1Mbps. For the tra
e NV1 the target sendingrate was in
reased for 3 minutes. Thus, the servi
e rate for NV1 is found to be higher(a little more than its maximum target sending rate) even with unbounded delay.The bu
ket size parameter depends heavily upon the way the appli
ation deliversdata to the network. In the 
ase of JPEG and MPEG 
ompressed video, we assumethat the appli
ation delivers data in the form of frames, at a 
onstant frame rate.Therefore, the bu
ket sizes obtained are 
lose to the size of the largest frame presentin the stream (30 - 80 Kbytes). If the appli
ation de
ides to break ea
h frame intopa
kets and send the pa
kets uniformly over one frame time, then the bu
ket sizeswill be di�erent. The bu
ket size 
an be made arbitrarily small by suitably delayingthe pa
kets. The maximum delay in
urred in this pro
ess is given by �� . For JPEGstreams this delay was found to be 33 ms, whi
h is equal to one frame time. Thismeans that if the burst size of JPEG video is redu
ed, then the largest frame will besent uniformly over one frame time. This delay for the MPEG tra
e LECTURE.mpgis 380 ms, whi
h 
orresponds to about 6 frame times. For NV, the bu
ket size isbetween 5 and 10 Kbytes (equivalent to 3-6 pa
kets of bu�ering) when the servi
erate is high. When the servi
e rate is 
lose to its target sending rate, a bu
ket sizeof about 30 Kbytes (suÆ
ient to keep one frame worth of pa
kets) is needed. Thesmoothing delays for NV is found to be 1.85 se
onds, whi
h is 
lose to the measuredo� periods of NV.2.9 Con
lusionsLong tra
es of real video 
ompressed using three di�erent 
ompression algorithms,namely JPEG, MPEG and NV, have been studied in this 
hapter. The 
hapter
hara
terizes the tra
es using a leaky bu
ket model, and shows a way of 
hoosingappropriate leaky bu
ket parameters. The burstiness fun
tion is used to 
hara
terizethe burstiness of the traÆ
 at various time s
ales. The impa
t of burstiness onnetwork 
ongestion is dis
ussed.It was found that the leaky bu
ket parameters for 
onstant quality JPEG andMPEG 
ompressed video depend upon the a
tual video streams. For JPEG streams,
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e rate was found to be 
lose to the peak bit rate of the 
om-pressed video. As a result, 
hara
terizing JPEG video using a leaky bu
ket des
riptoris not expe
ted to give any statisti
al multiplexing gains. The servi
e rate of the JPEG
ompressed streams under study varied from 7 to 18 Mbps. The bu
ket sizes werefound to be between 30 and 80 Kbytes. MPEG 
ompressed video 
ould be 
hara
-terized with a servi
e rate lower than its peak rate. The servi
e rates for our tra
eswere found to be 1.05 and 1.65 Mbps, whi
h are 2-4 times the eventual average rate.The 
orresponding bu
ket sizes were approximately equal to 50 Kbytes. Due to therate 
ontrol built in the software, the traÆ
 generated by NV 
an be 
hara
terizedindependent of its 
ontents. The servi
e rate depends upon the target sending rateset on the program. For a target rate of 128 Kbps, if the delay bound is set to un-limited, the required servi
e rate was found to be 130 Kbps, and the bu
ket size was30 Kbytes. The servi
e rate in
reases as the delay bound is de
reased. The servi
erate for a delay bound of 10ms is 2:3Mbps.It was shown how burstiness 
urves 
an be used to 
hara
terize the burstiness ofthe traÆ
 at di�erent time s
ales. Using these burstiness 
urves, JPEG 
ompressedvideo has shown to exhibit low burstiness over small time s
ales, whereas MPEGand NV traÆ
 shows high burstiness. On long time s
ales, JPEG and MPEG videoexhibit burstiness, whereas NV shows no burstiness.Short-term burstiness, whi
h is a property of the 
oding algorithms, is easier tohandle. A traÆ
 having short-term burstiness 
an be made smoother at the 
ost ofadditional delays. Even if the traÆ
 is not smoothed, the worst-
ase bu�er require-ments to serve su
h a traÆ
 at a 
onstant bit rate are small. Long-term burstiness ismore diÆ
ult to handle.One way to handle long-term burstiness is by eliminating it in the en
oder. En-
oders are being designed whi
h support 
onstant bit rate operation. Sin
e the bitrate depends upon motion and 
omplexity of the video being en
oded, su
h en
oderswill operate at a 
onstant bit rate by redu
ing the pi
ture quality of the s
enes thathave high motion or information 
ontent (for example, s
enes showing a bla
k-boardfull of text in a 
lass room). On the other hand, the s
enes whi
h do not have mu
hinformation (s
enes showing a 
lean bla
k-board) would be 
ompressed at extremely
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ture quality. This kind of behavior is 
ertainly undesirable. One might wantto limit the peak rate of the video to a high value by designing appropriate en
oders,but, in normal mode of operation, one would like to have a video whose qualityremains fairly 
onstant.Another approa
h for wide area networks might be to reserve the bandwidth atpeak bit rate for 
onne
tions 
arrying video. Poli
ing in this 
ase would involve peakrate enfor
ement, but �nding the peak rate for live video in advan
e may be diÆ
ult.The problem 
an be solved if the en
oder limits the peak rate of its output stream.The quality of s
enes requiring higher bit rate 
an be 
ompromised. The long-termburstiness is found to be between 2 and 4 for our tra
es. By reserving the bandwidthat the peak rate, the video 
onne
tions 
an utilize the network up to 25-50%. Ifthe non-real-time data traÆ
, whi
h 
an adapt to 
ongestion in the network, is ableto take the rest of the available bandwidth, then higher network utilizations 
an bea
hieved.One may want to reserve bandwidth somewhere between peak and average rate,and \hope" that statisti
al multiplexing among various video streams will smooththe aggregate bit rate. It 
ould be hard to deal with 
ongestion as all the 
lients
an potentially send their data at peak rate. The multiplexing behavior of 
onstantquality video needs to be studied in more detail.Adapting the sending rate a

ording to the feedba
k re
eived from the networkhas also been proposed [69℄. The network signals 
ongestion to the appli
ation, and,based on this 
ongestion signal, the appli
ation sending video adapts to a di�erentrate by having a di�erent 
ompression ratio. This s
heme may work well for in-tera
tive video, whi
h en
odes the video on the 
y, but is diÆ
ult for stored videobe
ause 
hanging the bit rate of stored video may involve additional pro
essing. Theadditional 
omplexity of this s
heme may not be justi�ed.
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Chapter 3
Deterministi
 Guarantees:Performan
e Evaluation
In this 
hapter we dis
uss several approa
hes to providing Quality of Servi
e (QoS)guarantees in an integrated servi
e network. In parti
ular, we fo
us on determin-isti
 guarantees. We evaluate the performan
e of s
hemes providing deterministi
performan
e guarantees to real-time network 
lients with variable bit-rate (VBR)traÆ
. Contrary to expe
tations, we found that deterministi
 guarantees 
an givegood network utilizations. The primary reason for poor performan
e of determinis-ti
 guarantees was poor traÆ
 models and sub-optimal admission 
ontrol tests. Wepropose new and improved admission 
ontrol tests for the EDF s
heduler using ageneri
 traÆ
 model. Using these admission tests, we 
ompare the performan
e ofthe Xmin; Xavg; I traÆ
 model initially proposed by Tenet Group at UC Berkeley withthe leaky bu
ket model. Our studies supplement that leaky bu
ket model as spe
i-�ed in UNI signaling spe
i�
ations of ATM-Forum is better than Xmin; Xavg; I traÆ
model. We use long tra
es of video 
ompressed using di�erent algorithms for ouranalysis. We also 
ompute the maximum a
hievable network utilization for real-timeVBR only traÆ
. The maximum a
hievable network utilization for real-time VBRtraÆ
 is found to vary between 14.4 % to 70 %. If the fra
tion of CBR and ABRtraÆ
 is large then very high network utilization 
an be a
hieved. We 
on
lude that ifbetter admission 
ontrol tests and suitable traÆ
 models are used, then deterministi
57



58 CHAPTER 3. DETERMINISTIC GUARANTEESguarantees 
an give high network utilizations.3.1 Introdu
tionSeveral approa
hes to provide QoS guarantees in an integrated servi
e network havebeen proposed. The most important 
omponent of any approa
h is its servi
e model.A servi
e model de�nes various parameters related to the quality of servi
e (QoS). Itde�nes the parameters using whi
h a user 
an express the desired QoS. For instan
e, inone servi
e model a user may be allowed to numeri
ally represent various parameterslike bit rate, delay, delay jitter et
. As a result a user may be able to request a
onne
tion with any 
ombination of these QoS parameters. In another servi
e modela user may be restri
ted to 
hoosing a QoS only from some prede�ned QoS 
lasses.In this 
ase the set of prede�ned 
lasses is designed 
arefully to 
ater to all possibleuser needs whi
h are expe
ted to be important. This set may 
onsist of 
lasses likeMPEG video, telephone audio, high quality audio, ordinary data and priority data.The se
ond 
omponent in providing QoS guarantees is the set of me
hanismsneeded to implement a servi
e model. Most often, the 
hoi
e of servi
e model itselfdepends upon the ability to eÆ
iently implement the underlying me
hanisms neededto support it. For instan
e, due to the tremendous in
rease in 
ommuni
ations bitrate in the past de
ade, pa
ket swit
hing is in
reasingly be
oming a bottlene
k in the
ommuni
ation path. Therefore servi
e models whi
h require signi�
ant overhead inthe swit
hing path are less desirable. Approa
hes whi
h tend to add small overheadin the swit
hing path are favored. For this reason, the ATM servi
e model de�nes thetransport of �xed size 
ells of 53 bytes through the network. Fixed 
ell size results infaster and more eÆ
ient swit
hing.This leads to a tradeo� in de�ning a servi
e model. On one hand, the modelshould be generi
 enough to represent the QoS requirements of the 
urrent as wellas future appli
ations. On the other hand, the me
hanisms needed to implementthe servi
e model should be simple and eÆ
iently realizable in a large network. Thede
ision whether a servi
e model is suÆ
iently generi
 is very subje
tive. Even aftermany years of resear
h, no 
onsensus has emerged. From dis
ussions, newsgroups
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hoi
e of proper servi
e modelis going to 
ontinue in the resear
h 
ommunity. However, the me
hanisms neededto realize a parti
ular servi
e model 
an be explored more s
ienti�
ally. Variousproperties of these me
hanisms like implementation 
omplexity, speed, s
aling withnetwork size 
an be evaluated. We now list some important requirements whi
h anyimplementation must meet.3.2 RequirementsIn a pa
ket swit
hing network, several 
ommuni
ation links are inter
onne
ted througha swit
hing node (often 
alled a swit
h in the 
ontext of ATM networks or a routerin the 
ontext of IP networks). A swit
hing node forwards ea
h in
oming pa
keton a link to the appropriate output link depending upon the information stored inthe pa
ket header. In order to support QoS in an integrated servi
e network theswit
hing nodes need to 
arry out several other fun
tions in addition to their basi
fun
tion of pa
ket forwarding. These fun
tions 
an be broadly 
lassi�ed into pa
ket
lassi�
ation, pa
ket s
heduling and bu�er management.A swit
hing node needs to infer the QoS with whi
h the pa
ket should be treatedbased upon the information in the pa
ket header. Before beginning data transmis-sion, an appli
ation typi
ally makes a resour
e reservation request in the networkfor its desired QoS. Data transmission begins only if the resour
e reservation requestsu

eeds. The network stores the information about QoS and resour
e reservation inall the nodes in the data path of the appli
ation's traÆ
. When a pa
ket arrives ata swit
hing node, it �nds out the amount of resour
es reserved for the traÆ
 
lass towhi
h the pa
ket belongs, and servi
es the pa
ket a

ordingly. In ATM environment,a unique 
onne
tion identi�er 
alled virtual 
onne
tion identi�er (VCI) is allo
atedfor ea
h 
onne
tion at ea
h swit
h. Ea
h 
ell is tagged with the VCI of its 
onne
tion.Thus the VCI 
an uniquely identify the 
onne
tion to whi
h the 
ell belongs. If theresour
es are reserved on a per 
onne
tion basis, the VCI of a 
ell 
an dire
tly giveindex into a table 
ontaining the desired information. This approa
h of dire
t tablelookup indexed by VCI is feasible be
ause the number of distin
t VCIs at a swit
h
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ally small (of the order of 10's of thousands) and these VCIs 
an be allo
atedin a 
ontiguous manner. In IP environment, there is no notion of a 
onne
tion in therouters. This makes the problem of pa
ket 
lassi�
ation harder. There is a notion of
ow identi�ed by the tuple (sour
e IP address, sour
e port, destination IP address,destination port). In order to identify the 
ow to whi
h a pa
ket belongs, its addressand port number tuple must be mat
hed with a list of all 
urrently a
tive 
ows. TheIP address �eld is 32 bits in length and the port number �eld is 16 bits wide. Thus thetotal possible 
ows at a router 
an be as large as 296, whi
h makes pa
ket 
lassi�
ationbased on dire
t table lookup impossible. The 
omplexity of pa
ket 
lassi�
ation is aserious drawba
k of the integrated servi
es approa
h [20, 108, 110, 127℄ proposed byIETF to provide QoS in IP networks. To solve this problem, several newer s
hemeslike di�erentiated servi
es [22, 95, 94℄, IPV6 [25, 59℄ have been proposed that makeuse of a separate �eld in the pa
ket header to mark its QoS.On
e a pa
ket has been 
lassi�ed it has to be treated a

ording to its QoS. Pa
ketfrom low delay 
onne
tions should be given priority over pa
kets from high delay
onne
tions. Similarly a pa
ket belonging to a 
onne
tion requiring low loss rateshould be given preferen
e in allo
ating bu�ers. In 
ase of bu�er over
ows, pa
ketsfrom 
onne
tions with higher loss rate toleran
e should be dropped �rst. This is doneby using appropriate s
heduling and bu�er management poli
ies at swit
hing nodes.S
heduling is an important fun
tion needed at a swit
hing node. There is a s
hed-uler at ea
h output link of a node whi
h de
ides the order in whi
h pa
kets from itsoutput queue are transmitted. The s
heduler ensures that ea
h 
onne
tion (or traÆ

lass) gets its desired share of resour
es like bandwidth, delay et
. Sin
e s
hedulingoperation is needed for ea
h pa
ket, it is desirable to have low 
omplexity s
hed-ulers. If the servi
e model provides arbitrary delay bounds to individual 
onne
tionsor traÆ
 
lasses, then 
omplex s
hedulers like earliest deadline �rst (EDF) [47℄ ormulti level priority [130℄ are required at ea
h node. However, if there are limited andprede�ned QoS 
lasses, then simple s
hedulers based on say few priority queues maybe suÆ
ient.Bu�er management s
hemes provide a 
ontrol on the loss behavior of traÆ
. Dueto the inherent burstiness of the traÆ
, the instantaneous arrival rate of traÆ
 at a
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ome larger than the link rate. As a result traÆ
 is queued in the bu�ersat the link. These queues may be
ome ex
essively large espe
ially at points whereseveral high speed links are 
onne
ted to a low speed link. This leads to frequent bu�erover
ows. A bu�er management s
heme de
ides whi
h pa
kets must be dropped in
ase of bu�er over
ow. In addition to 
ontrolling the loss behavior of traÆ
 withdi�erent QoS, a bu�er management s
heme 
an also enhan
e the overall networkperforman
e. For instan
e 
ell dropping s
hemes for enhan
ing the performan
e whenTCP traÆ
 is transported through an ATM network have been proposed in [107, 14,67, 71, 121℄. Similarly, s
hemes for pa
ket dropping in IP routers for enhan
ing theperforman
e of TCP have been proposed in [37, 85℄.Another issue 
losely related to bu�er management is pa
ket marking. WhentraÆ
 from a parti
ular 
lass ex
eeds its allo
ated rate, then instead of droppingthe ex
ess (or non 
onforming) pa
kets, the swit
hing node 
an simply mark thepa
kets as non 
onforming. These non 
onforming pa
kets are transported as longas bandwidth and bu�er spa
e is available in the network. In 
ase of bu�er over
ow,the non 
onforming pa
kets are among the �rst to be dropped. This ensures that ifthe network is lightly loaded, the appli
ations 
an send data at high rate to in
reasenetwork utilization. In 
ase of 
ongestion, the appli
ations are guaranteed to get onlytheir reserved share.Amount of 
ontrol state needed at swit
hing nodes is in
reasingly be
oming as
aling bottlene
k in the network. The growth of networks has resulted in severalmillions of end users 
onne
ted to the network. Ea
h user 
an open multiple 
onne
-tions whi
h pass through the same ba
kbone in the network. If a servi
e requires theswit
hing nodes to maintain state for ea
h 
onne
tion passing through it, the amountof state information 
ould very easily be
ome unmanageable. Thus approa
hes aredevised using whi
h the amount of state information needed at ea
h node is kept to itsminimum. For instan
e, in ATM networks, using a 
ommon virtual path identi�er,a bun
h of 
onne
tions are grouped together into a single virtual path. Interme-diate swit
hes only need to keep the information about the virtual paths, not of
onne
tions within the paths. Another approa
h using a VC-bun
h to group several
onne
tions together has been proposed in [55℄. In the di�erentiated servi
es frame-
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h provides QoS guarantees in IP networks, 
are has been takento make sure that the 
onne
tion spe
i�
 information is pushed to the edge of thenetwork as far as possible. The intermediate routers do not need 
onne
tion spe
i�
information.
As mentioned earlier an appli
ation desiring QoS reserves required network re-sour
es before beginning any data transfer. The resour
e may be reserved by thesignaling proto
ol itself as in ATM networks [2, 19, 6℄. Alternatively there 
ould be aseparate resour
e reservation proto
ol like RSVP [132℄ in IP networks. This proto
olintrodu
es overhead in network management. It is evident from the 
urrent trendin the Internet that individual 
onne
tions tend to be short lived [3℄ and appli
a-tions like web browsers open multiple parallel 
onne
tions to redu
e their laten
y[97℄. Short 
onne
tion lifetimes result in large number of 
onne
tions to transfer aparti
ular amount of data. This in
reases the overheads in 
onne
tion setup andresour
e reservation. It is therefore desirable to have a little overhead in signallingand resour
e reservation. Resour
e reservation involves admission 
ontrol :- a test tode
ide whether new 
onne
tions 
an be admitted in the network without degradingthe QoS of 
urrently established 
onne
tions. Admission 
ontrol has to be done atea
h node in the path of the 
onne
tion. Admission 
ontrol at a node requires a
omputation involving traÆ
 
hara
teristi
s and QoS of all the 
onne
tions passingthrough the node. A naive admission 
ontrol s
heme may take time proportional tothe number of 
onne
tions passing through the node. Smarter s
hemes aggregate theresour
e reservation information to redu
e the 
omplexity of admission 
ontrol.
Finally, the overall network utilization a
hievable is a very important propertyof a servi
e model. Generi
 servi
e models tend to lower the network utilization asthey need to a

ommodate a wider range of traÆ
 mix. Also, models whi
h aremathemati
ally well de�ned are expe
ted to have a lower utilization as 
ompared toseveral other ad-ho
 qualitative models.
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e ModelsSeveral servi
e models have been proposed in the literature [60, 77, 80, 78, 79, 61, 34,33, 20, 29, 133, 106, 17, 22, 95, 94℄. These 
an be 
lassi�ed into four major 
ategories:
lass based approa
hes, deterministi
 QoS guarantees, statisti
al QoS guarantees andad-ho
 assuran
es.� Class based approa
hes: In these approa
hes an appli
ation 
an request for QoSonly from a prede�ned set of QoS 
lasses. This set should be generi
 enough toful�ll the requirements of ea
h potential appli
ation. The set 
ontains 
lasseslike MPEG video, audio, telnet traÆ
, world wide web traÆ
 et
. The 
on
eptof s
hedulable region is de�ned for admission 
ontrol. If there are N 
lasses,then s
hedulable region is de�ned as a region in N dimensional spa
e. Ea
h axisin N dimensions represent number of 
onne
tions of a parti
ular QoS 
lass. Apoint (n1; n2; : : : ; nN ) is in s
hedulable region if and only if it is possible to admitn1 
onne
tions of QoS 
lass 1, n2 
onne
tions of QoS 
lass 2 and so on, su
hthat ea
h 
onne
tion gets its QoS. S
hedulable region is estimated empiri
ally.Admission 
ontrol test is equivalent to �nding out if a point belongs to thes
hedulable region.� Deterministi
 guarantees provide mathemati
ally provable bounds on QoS pa-rameters like delay, delay-jitter and loss rate. In a deterministi
 servi
e modelan appli
ation 
an ask for arbitrary (but realisti
) delay bound for its traÆ
.If the QoS request su

eeds, the network makes sure that the delay in
urred intransporting any pa
ket is always less than the delay bound. This property ofdelay bound 
an be proved mathemati
ally. In a similar fashion an appli
ation
an request for a bound on delay-jitter and loss rate.There are two important observations regarding deterministi
 guarantees. Firstlythe QoS guarantees are quantitative and there is a mathemati
al proof of theguarantees. Moreover, whether the network is honoring the QoS 
ommitments
an easily be 
he
ked by monitoring the traÆ
 and its delay and loss pattern.Se
ondly, the guarantees bound the worst 
ase behavior like the worst 
ases
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ase loss rate. As a results, the deterministi
 guarantees are very
onservative. Consider a set of N identi
al on-o� sour
es. Let the on periodbe T and the o� period be 2T . Assume that these sour
es begin their 
y
leat random times. Now the probability that two sour
es are on at same timeis less than half. Therefore the probability that all the N sour
es are simul-taneously on is less than 2�N . This number be
omes almost equal to zero forlarge values of N . In pra
ti
e, although it is highly unlikely that all sour
esare on at the same time, but it is still a possibility. Therefore, while reservingbandwidth, deterministi
 approa
hes will need a rate of Nr (where r is thesending rate of individual sour
e). Be
ause of this 
onservative approa
h net-work utilization for deterministi
 guarantees is expe
ted to be low. This was amajor 
riti
ism of deterministi
 guarantees. We will show later in this 
hapterthat with 
areful admission 
ontrol and traÆ
 
hara
terization, higher networkutilizations 
an be a
hieved on a network providing deterministi
 guarantees.The traÆ
 models used in earlier studies were very simplisti
 like peak rate [15℄,jumping window, moving window [105℄, and the Tenet traÆ
 model [34, 33℄. Weshow that with leaky bu
ket 
hara
terization better utilizations 
an be a
hieved.Earlier approa
hes used peak rate based admission 
ontrol. Later some studiesimproved admission 
ontrol tests for �rst-
ome-�rst-serve s
heduling algorithm[35℄. Deterministi
 guarantees 
an be implemented using a variety of s
hedul-ing dis
iplines like �rst-
ome-�rst-serve, stati
-priorities, earliest-deadline-�rst,weighted-fair-queueing and its variants et
.� Statisti
al Guarantees: Instead of bounding worst 
ase parameters, statisti
alQoS guarantees provide a bound on per
entiles. In many 
ases, instead ofbounding worst 
ase delay, it is suÆ
ient to ensure that the expe
ted fra
tionof pa
kets ex
eeding the delay bound is very small (say 10�7). These guaranteesare based on a statisti
al model of the traÆ
. A simple and widely used traÆ
model is the on-o� sour
e [54℄. Statisti
al bounds obtained using the on-o�sour
es have shown to be an upper bound in a fairly generi
 setting. Some ofthe work 
hara
terizes the traÆ
 as Markov modulated autoregressive pro
ess
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ontrol based on this model [56, 113, 88, 58℄. Re
entlyit has been shown that a variety of traÆ
 has long range dependen
y and 
anbe modeled only by a self similar pro
ess [102, 83, 46, 103℄.Admission 
ontrol tests have been worked out for on-o� sour
es and Markovmodulated sour
es. Some of these tests are based on the 
on
ept of 
al
ulation ofe�e
tive bandwidth of the sour
e [29℄. These tests are based on the assumptionthat traÆ
 sour
es 
an be modeled as a sto
hasti
 pro
ess with some \ni
e"properties. These assumptions may not be valid in real pra
ti
e. There are otheradmission 
ontrol s
hemes that are based on the theory of large deviations [133,106, 17℄. These do not make any assumption about the traÆ
 sour
es ex
eptthat the bit rate distribution is stationary. Based on this and the empiri
aldistribution of bit rate, and theory of large deviations, admission 
ontrol testshave been derived. Queueing analysis of long range dependent and self similartraÆ
 is very diÆ
ult. Studies of their queueing behavior has been only limitedso far [49℄.Most of the studies of statisti
al queueing and loss behavior of traÆ
 are limitedfor a �rst 
ome �rst serve s
heduler. The studies for other s
hedulers are alsovery limited.Statisti
al guarantees may result in better network utilization as 
ompared todeterministi
 guarantees. However, be
ause of their statisti
al nature, it isdiÆ
ult to measure the validity of statisti
al guarantees. Similarly it is diÆ
ultto poli
e a traÆ
 based on a statisti
al model.� Ad-ho
 Guarantees: An ar
hite
ture with the intent of minimizing implementa-tion 
omplexity in a large datagram network have been proposed in [22, 95, 94℄.This ar
hite
ture a
hieves s
alability by aggregating traÆ
 
lassi�
ation statewhi
h is 
onveyed by means of pa
ket marking using a spe
ial �eld in the pa
ketheader. Pa
kets are 
lassi�ed and marked to re
eive a parti
ular per-hop for-warding behavior on nodes along their path. Sophisti
ated 
lassi�
ation, mark-ing, poli
ing, and shaping operations are only implemented at network bound-aries or hosts. Network resour
es are allo
ated to traÆ
 streams by servi
e
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ies whi
h govern how traÆ
 is marked and 
onditioned uponentry to a su
h a network, and how that traÆ
 is forwarded within that net-work. QoS is provided to aggregate traÆ
 in a parti
ular 
lass. There is a servi
elevel agreement between a 
ustomer and a servi
e provider whi
h spe
i�es theforwarding servi
e a 
ustomer should re
eive. Similarly there is a traÆ
 
on-ditioning agreement whi
h spe
i�es the amount of traÆ
 (of ea
h 
lass) whi
ha 
ustomer is expe
ted to generate. The lifetime of these agreements are long(like a month or more). The servi
e provider provisions its network to makesure that the servi
e level agreements of its 
ustomers are honoured. This ar-
hite
ture a
hieves s
alability by pushing as mu
h 
omplexity to the networkedges as possible. Admission 
ontrol is also expe
ted to run only on aggregatetraÆ
 and on a longer time s
ale.3.4 The Tenet S
hemeIn the Tenet s
heme [34, 33℄ a framework for building real-time networks providingguaranteed performan
e is dis
ussed. In this s
heme the underlying pa
ket swit
hingnetwork is assumed to be based on virtual 
ir
uits. An end to end 
onne
tion ismapped to a virtual 
ir
uit. Quality of Servi
e (QoS) guarantees are provided toindividual 
onne
tions.The s
heme provides deterministi
 as well as statisti
al guarantees. The QoS isrepresented by the the delay bound D, violation probability Z and loss probability p.A

ording to the 
ontra
t the probability that a pa
ket ex
eeds the delay bound Dis less than or equal to Z. The probability of a pa
ket loss due to bu�er over
ows isbounded by p. This be
omes deterministi
 guarantee if Z is equal to 0 and p is equalto 0. The traÆ
 is spe
i�ed by four parameters (Xmin, Xavg, I, Smax) where Xminis the minimum inter-pa
ket spa
ing of the traÆ
, Xavg is the worst 
ase averageinter-pa
ket spa
ing over any interval of length I, and Smax is the maximum pa
ketsize whi
h will be sent through the 
onne
tion. Note that Xmin gives the peak rateand Xavg gives the average rate of the traÆ
.During the 
onne
tion setup, the path from sour
e node to the destination node
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es are tentatively allo
ated at ea
h swit
hingnode. During this forward phase of 
onne
tion setup if it is found that the resour
esare inadequate to provide the requested QoS, the 
onne
tion setup is stopped and allthe allo
ated resour
es are deallo
ated. The appli
ation is informed about the failureof 
onne
tion setup. However, if the network resour
es are adequate for the requestedQoS, then after rea
hing the destination node the ex
ess resour
es are divided equallyamong all the swit
hing nodes in the path. The ex
ess resour
es are deallo
ated andrest are 
ommitted on the way ba
k from destination to sour
e. The appli
ation isinformed of the su

essful 
onne
tion setup.At any point in time the appli
ation may request to tear-down the 
onne
tion. Thevirtual path of the 
onne
tion is deleted and the resour
es allo
ated to the 
onne
tionare deallo
ated. The appli
ation may be billed for the network usage.A major 
riti
ism of deterministi
 guarantees is that the network has to reservethe resour
es for the worst possible 
ase. This translates to peak rate reservationfor bandwidth. Thus the network utilization is 
ontemplated to be low. However,this is not true. In [35℄ it has been shown that for variable bit rate traÆ
 peak ratereservation is not required.We evaluate the performan
e of these admission 
ontrol tests using a
tual real-time data. The data used 
onsists of a variety of 1-2 hours long tra
es of VBRtraÆ
 generated by 
ompressing real-time video using di�erent 
oding algorithms.The 
hara
teristi
s of the video tra
es are dis
ussed in detail in Chapter 2.EDF s
heduling algorithm, whi
h is optimal is assumed for the purpose of analysis.Better admission 
ontrol tests are derived for EDF s
heduling algorithm. The testsare based on the generi
 burstiness fun
tion traÆ
 des
riptor des
ribed in [24℄.The performan
e parameters we use are delay bound and long term networkutilization1. We show how a proper 
hoi
e of traÆ
 model and admission 
ontroltests 
an help in improving delay bounds and network utilization. There is a 
lear1Throughout this 
hapter, by utilization we mean the network utilization due to variable bitrate real-time 
hannels requiring deterministi
 guarantees. There 
an be other real-time and nonreal-time traÆ
 in the network at a lower priority level. Thus the total network utilization will bea lot better than the utilization we dis
uss in the 
hapter.
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e by using leaky bu
ket traÆ
 des
riptor insteadof Tenet group's Xmin; Xavg; I traÆ
 des
riptor. This improvement is due to bet-ter admission 
ontrol tests whi
h make use of statisti
al multiplexing to give betternetwork performan
e.The rest of this 
hapter is organized as follows. We begin with properties of EDDs
heduler in se
tion 3.5. In se
tion 3.6 admission 
ontrol tests for EDD s
heduler arederived. In se
tion 3.7 the performan
e of the network is evaluated. A 
omparison ofthe two traÆ
 des
riptors is done from the point of view of network utilization. The
hapter 
on
ludes in se
tion 3.8.3.5 S
heduling AlgorithmsA number of s
heduling algorithms have been proposed in the literature like rate
ontrolled stati
 priority [128℄, weighted fair queueing [86℄, hierar
hi
al round robin[68℄ for providing QoS guarantees to the network traÆ
.Our purpose is to evaluate the performan
e of deterministi
 guarantees. Thereforewe do not attempt to 
ompare di�erent s
heduling algorithms. Instead we use thethe best s
heduling algorithm for our purpose of performan
e evaluation.Earliest Deadline First (EDF) s
heduling algorithm is the optimal s
heduling al-gorithm. Suppose there are N 
onne
tions from whi
h pa
kets are s
heduled on anoutput link. Let 
onne
tion i have a lo
al delay bound of di. Suppose pa
ket j of
onne
tion i arrives at time aij. With EDF s
heduling the pa
ket is stamped with adeadline of aij + di upon its arrival. The pa
kets are s
heduled on the output linkin in
reasing order of their deadlines. The pa
ket with earliest deadline is s
heduled�rst.We state without proof the well known fa
t that EDF s
heduling algorithm isoptimal if the traÆ
 is known in advan
e.Theorem 3.5.1 Let there be a set of M jobs with deadline of job i equal to di. Alsoassume that the job i takes si of servi
e time. If the given set of jobs 
an be s
heduledfor servi
e su
h that no job misses its deadline, then EDF s
heduler also s
hedules
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h that no job misses its deadline.This theorem 
an easily be extended to the on-line 
ase when the timings of pa
ketarrivals are not known in advan
e. Detailed dis
ussion of the EDF s
heduler 
an befound in [47℄.Admission 
ontrol test for providing deterministi
 guarantees using Delay-EDFs
heduling dis
ipline were �rst proposed in [123℄. The admission 
ontrol tests arebased on the Xmin; Xavg; I traÆ
 model and are not optimal. These tests don't makefull use of the traÆ
 des
riptor. Peak bandwidth is reserved during resour
e allo
ationwhi
h means that the parameters Xavg and I are not at all used during admission
ontrol.We have developed improved admission 
ontrol tests for EDF s
heduler usinggeneri
 traÆ
 des
riptor: the burstiness fun
tion b(t). To simplify admission 
ontroltests, we approximate the burstiness fun
tion as a pie
ewise linear fun
tion. Unlikethe previous tests the new admission 
ontrol tests for Delay-EDF s
heduling dis
iplinedo not reserve bandwidth at peak rate. Therefore the new tests are expe
ted toimprove the network utilization.3.6 Admission Control for EDF s
hedulerLet us assume a single 
onne
tion with burstiness fun
tion b(t). Re
all from Chapter 2that b(t) bounds the maximum data sent in any interval of length t. Let us also assumewithout loss of generality that the ba
klog at time T = 0 is zero. Assume that a �rstpa
ket in the 
onne
tion arrives at time T = 0. Amount of data arriving in theinterval [0; T ℄ is less than b(T ). Assume that the link is 
ontinuously busy in theinterval [0; T ℄. So, the amount of traÆ
 served by the link in the interval is lT , wherel is the link rate. Therefore, ba
klog at time T is less than or equal to b(T )�lT . Sin
epa
kets from a 
onne
tion are served in �rst 
ome �rst serve manner, a pa
ket arrivingwhen the ba
klog is maximum will experien
e maximum delay. The s
heduling delayof a pa
ket arriving at time T is equal to the time taken in 
learing the ba
klog attime T , whi
h is less than or equal to 1l b(T ) � T . Hen
e the maximum s
heduling



70 CHAPTER 3. DETERMINISTIC GUARANTEESdelay is maxT�0(1l b(T )� T ).Now assume that there are N 
onne
tions labelled from 1 to N . Let the delaybound of 
onne
tion i be di and its bounding burstiness fun
tion be bi(:). Let aik bethe arrival time of kth pa
ket (pik) of 
onne
tion i. Assume without loss of generalitythat busy period of s
heduler starts at time 0. We limit our dis
ussion to this busyperiod. We will �rst bound the amount of traÆ
 whi
h may be servi
ed before thepa
ket pik. From this bound, we 
ompute the time by when this pa
ket is guaranteedto be servi
ed. Thus the delay bound for pik may be obtained. This gives the ne
essaryand suÆ
ient 
onditions for admission 
ontrol.The pa
ket pik is tagged with a deadline of aik + di. Any traÆ
 on 
onne
tion iarriving before time aik will be servi
ed before the pa
ket pik sin
e it is tagged with adeadline less than aik+di. Amount this traÆ
 (in
luding the pik) is less than or equalto bi(aik). Any pa
ket of 
onne
tion j arriving before time aik + di � dj will have adeadline less than aik+ di, and hen
e may be servi
ed before the pa
ket pik. Amountof su
h traÆ
 of 
onne
tion j is bounded by bj(aik + di � dj). Therefore total su
htraÆ
 is bounded by PNj=1 bj(aik + di � dk). It is also possible that a pa
ket with adeadline greater than aik + di is servi
ed before pik. To see this, assume that dj > difor some j, and a pa
ket of 
onne
tion j arrives at time 0 and immediately after this,at time T = 0+, a pa
ket 
onne
tion i arrives. Sin
e at time 0, there was no otherpa
ket, the �rst pa
ket of 
onne
tion j is served. Deadline of this pa
ket is dj whi
his greater than di.We �rst assume that no pa
ket with deadline greater than aik + di is servi
edbefore pik. We will work with more generi
 
ase in next step. Now, the maximumtraÆ
 (of pa
kets tagged with deadline less than or equal to aik + di) whi
h has tobe servi
ed before pik is PNj=1 bj(aik + di � dj). All of this traÆ
 has to be servi
edby time aik + di to meet the delay bound for pa
ket pik. Sin
e the s
heduler is neveridle till pik is servi
ed, time when pik is servi
ed (sik) is given by:sik = 1l NXj=1 bj(aik + di � dj) (3.1)The delay of pa
ket pik, is sik � aik whi
h should be less than di. Therefore sik �
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ient 
ondition:1l NXj=1 bj(aik + di � dj) � (aik + di) (3.2), NXj=1 bj(aik + di � dj) � l(aik + di) (3.3)Sin
e all pa
kets of the 
onne
tion must meet their delay bounds, it is suÆ
ientto satisfy the following 
ondition:8k NXj=1 bj(aik + di � dj) � l(aik + di) (3.4)Substituting t in pla
e of aik we get following suÆ
ient 
ondition for the admission
ontrol: 8t�0 NXj=1 bj(t + di � dj) � l(t + di) (3.5), 8t�di NXj=1 bj(t� dj) � lt (3.6)( 8t�0 NXj=1 bj(t� dj) � lt (3.7)Now 
onsider the 
ase when one or more pa
kets with deadline greater than aik+diare servi
ed before pik. Let sik be the time at whi
h pik is servi
ed. Let t0 be thelargest time less than sik, when a pa
ket with deadline greater than aik + di beginsservi
e. Sin
e t0 is largest su
h instant, all the pa
kets served in the interval (t0; sik℄have deadline less than or equal to aik + di. Also, t0 � aik or else the s
hedulerwill s
hedule pik instead of the pa
ket with greater deadline. This implies that thedelay bound of pa
ket servi
ed at time t0 is larger than di. Moreover, all the pa
ketsba
klogged at time t0 (in
luding the pa
ket servi
ed at time t0) have a deadline largerthan aik + di. Therefore none of the pa
kets ba
klogged at time t0 will be servi
ed inthe interval (t0; sik℄. Thus, ex
ept for the pa
ket servi
ed at time t0, only the pa
ketsarriving in the interval [t0; sik℄ may be served in the interval. Out of these pa
kets,only the pa
kets having a deadline less than aik + di will be servi
ed before pik. Theamount of traÆ
 of 
onne
tion j, arriving after time t0 with deadline less than aik+di



72 CHAPTER 3. DETERMINISTIC GUARANTEESis bounded by bj(aik + di � t0 � dj). Therefore the maximum traÆ
 servi
ed at orafter time t0 till pik is servi
ed is bounded by PNj=1 bj(aik + di � dj � t0) + S, where Sis the size of pa
ket whi
h began servi
e at time t0. In order to meet the delay boundof the pa
ket pik, all of this traÆ
 must be servi
ed by time aik + di. Therefore itis suÆ
ient to satisfy the following equation to satisfy the delay bound 
ondition forpa
ket pik: 1l ( NXj=1 bj(aik � t0 + di � dj) + S) � aik � t0 + di (3.8), NXj=1 bj(aik � t0 + di � dj) + S � l(aik � t0 + di) (3.9)Sin
e all pa
kets of the 
onne
tion must meet their delay bounds, it is suÆ
ientto have: 8k NXj=1 bj(aik � t0 + di � dj) + S � l(aik � t0 + di) (3.10)Substituting t in pla
e of aik � t0 we get following suÆ
ient 
ondition for theadmission 
ontrol: 8t�0 NXj=1 bj(t + di � dj) + S � l(t + di) (3.11), 8t�di NXj=1 bj(t� dj) + S � lt (3.12)If dmin is the minimum delay bound among all the 
onne
tions, and Smax is themaximum pa
ket size, then we have:8t�dmin NXj=1 bj(t� dj) + Smax � lt (3.13), maxt�dmin( NXj=1 bj(t� dj) + Smax � lt) � 0 (3.14)Note that the above expression doesn't depend on i. This implies that the testfor all the 
onne
tions is the same. So the test is needed only on
e when a new
onne
tion is added. If the test is satis�ed then pa
kets from all the 
onne
tions willmeet their delay bound.



3.6. ADMISSION CONTROL FOR EDF SCHEDULER 733.6.1 Computation of admission 
ontrol testsNote that the burstiness fun
tion of a traÆ
 is based on the worst 
ase traÆ
 patternof the 
onne
tion. It may be obtained from the traÆ
 tra
e and is typi
ally not amathemati
ally well de�ned fun
tion. Therefore, it is diÆ
ult to maximize the lefthand side of Equation 3.14 in general. The burstiness fun
tion 
an be approximatedas a pie
ewise linear fun
tion, with suÆ
ient number of segments. In this 
ase, thefun
tion to minimize on the left hand side of Equation 3.14 also be
omes pie
ewiselinear. A pie
ewise linear fun
tion is optimized either at boundaries or at its pointsof dis
ontinuity of slope. Therefore the required maxima may be 
omputed by eval-uating the fun
tion at all the segment boundaries and then taking the maximum ofthe 
omputed values. Note that the test will be satis�ed at t = 1 if and only iflimt!1PNj=1 1t bj(t) � l. This is same as saying that the sum of the average bit raterequired by all the 
onne
tions is less than the link rate.If the number of segments is large, then 
omputation of this test be
omes inef-�
ient. In most of the traÆ
 models, the number of segments is small. The leakybu
ket model represents the traÆ
 using two parameters: The burst size � and theservi
e rate �. The amount of traÆ
 sent in any interval of length t is bounded by� + �t. The burstiness fun
tion 
an represent this model a

urately. The burstinessfun
tion for the leaky bu
ket model is given by b(t) = � + �t for t � 0 and b(t) = 0for t < 0. Note that this fun
tion is pie
e wise linear with two segments. In or-der to 
ompute the admission 
ontrol test, we only need to evaluate the expressionf(t) = (PNj=1 bj(t� dj)+Smax� lt) at t = di for all i. To 
arry out this 
omputation,we arrange the 
onne
tions in in
reasing order of their delay bounds. Let the indi
esof the 
onne
tion be rearranged su
h that d1 � d2 � d3 : : :. We start by evaluatingf(t) at d1 and from this value we evaluate f(d2) and then f(d3) and so on. For leakybu
ket model, the burstiness fun
tion of 
onne
tion j is given by bj(t) = �j+�jt. So,f(d1) = �1 + Smax � ld1 (3.15)We also maintain gi = Pij=1 �j. Now f(di) and gi are related to f(di�1) and gi�1 by
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I / Xavg

Figure 3.1: Burstiness fun
tion for Tenet traÆ
 model.the following expressions:f(di) = f(di�1) + (gi�1 � l)(di � di�1) + �i (3.16)gi = gi�1 + �i (3.17)Using the above expressions, the admission 
ontrol tests 
an be 
omputed in O(N)time for the leaky bu
ket traÆ
 model, where N is the number of 
onne
tions.In the Tenet s
heme [34, 33℄, the traÆ
 is des
ribed using four parameters,Xmin; Xavg; I; Smax. Xmin is the minimum inter-pa
ket spa
ing of traÆ
 generatedby the sour
e. Xavg is the average inter-pa
ket spa
ing of traÆ
 generated by thesour
e. I is the interval over whi
h Xavg is measured. The minimum value of Xavgis taken for all the intervals of length I. This gives the worst 
ase average rate overall intervals of length I. Smax is the maximum pa
ket size sent by the sour
e. Theburstiness fun
tion for this model is given by:b(t) =  min &t mod IXmin ' ; & IXavg '!+ � tI � � & IXavg '! � Smax (3.18)This is a step fun
tion with steps at mI + nXmin where m;n are integers andm � 0 and XavgXmin � n � 0. Intuitively, in the beginning the sour
e may send pa
kets
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Output LinkInput Streams

SchedulerFigure 3.2: Network model.at peak rate (with inter-pa
ket spa
ing of Xmin) but it may only send IXavg pa
kets.After this it has wait till time I to meet the average rate 
onstraint. At time I thesour
e may again send a burst of pa
kets at the peak rate. This is shown in Figure 3.1.To redu
e the number of segments in the burstiness fun
tion, we repla
e the stepsdue dis
rete pa
kets sent at a spa
ing of Xmin by a bounding straight line. We geta bounding burstiness fun
tion as shown in Figure 3.1. This bounding burstinessfun
tion is given by:b(t) =  min (t+Xmin) mod IXmin ; & IXavg '!+ � tI � � & IXavg '! � Smax (3.19)(3.20)Typi
ally, the value of I is signi�
antly greater than the delay bounds djs. So,the maxima in Equation 3.14 is usually at points when t is either dj or Ij XminjXavgj ; Ij.3.7 Performan
e EvaluationIn this se
tion we evaluate the admission 
ontrol tests for two models: Xmin, Xavg, Imodel and �, � model. The main fo
us of our study is to �nd out the best a
hievablenetwork utilization for variable bit-rate real-time 
hannels while providing determin-isti
 guarantees. We also study whi
h of the two models des
ribing traÆ
 
hara
ter-isti
s is better suited for providing deterministi
 guarantees. The parameters we useto evaluate the models are best possible delay bound whi
h 
an be promised by thenetwork and the long term network utilization. We also investigate if it is possible toimprove the network utilization while still providing deterministi
 guarantees.The analysis assumes a single node with bounded bu�er as shown in �gure 3.2.



76 CHAPTER 3. DETERMINISTIC GUARANTEESThe parameters of the swit
h were taken from XUNET II swit
h [40℄. The out-going link was assumed to have bandwidth of 200 megabits per se
onds (MBPS) andthe total bu�er spa
e was assumed to be 32 M Bytes.One 
ould possible 
arry out analysis of deterministi
 guarantees in the 
ontext ofa more general network setting having multiple nodes. In 
ase of a general networkother parameters like network topology, distribution of 
onne
tions, bottlene
ks innetwork et
. 
ome in the pi
ture. In order to keep the number of variable parametersas small as possible we fo
us on a single node analysis.The admission 
ontrol tests were evaluated for homogeneous traÆ
 types withea
h 
onne
tion having same QoS requirements. The QoS parameter of main 
on-
ern is the delay bound. The performan
e parameters are the maximum number ofhomogeneous network 
onne
tion with a spe
i�ed delay bound, the s
heduling regionand the network utilization.The delays we 
onsider are the end to end delays as per
eived by the appli
ation.For example an appli
ation sending video in form of JPEG frames 
an deliver oneframe full at a time to the network at the intervals of 30 frames per se
ond. Thenetwork will then break the frame up into pa
kets of smaller size to be able to sendthem. The network may de
ide to spa
e these small pa
kets uniformly over a frameinterval (as done by RTIP). In this 
ase the maximum end to end delay as per
eivedby the appli
ation will be the sum of maximum pa
ket delay of network and oneframe time. We assume that for Xavg, I model the network breaks up the frame intopa
kets of size 2K bytes and spa
es them uniformly over one frame interval. Sin
e wedon't have any 
ontrol over transmission and propagation delays we ex
lude them.For a given tra
e, graphs of Xavg vs I and � vs. � were 
onstru
ted. It wasassumed that the traÆ
 parameters of all the 
onne
tions are same as those of thetra
e being 
onsidered (i.e. the traÆ
 is homogeneous with same QOS requirements).For example if tra
e NEWS was being 
onsidered then it was assumed that all the
onne
tions have traÆ
 
hara
teristi
s same as that of the tra
e NEWS. A graphbetween the minimum a
hievable delay and number of 
onne
tions a

epted wasthen plotted by 
hoosing the best possible value of (�, �) or (Xavg, I) from the �vs. � or Xavg vs I graphs 
onstru
ted. The best possible delay bound is 
omputed



3.7. PERFORMANCE EVALUATION 77by varying the parameters of the of the model to all possible values and 
hoosingthe ones whi
h give the smallest delay bound. For example in 
ase of �, � model therange of meaningful values whi
h (� and �) 
an take is given by set of all points in thegraphs of �gure 2.7, 2.11 and 2.14. Given number on 
onne
tions, all possible valuesof (�, �) were tried to get a delay bound. The value of (�, �) whi
h gives the leastbound was sele
ted. It turns out from the nature of the �-� graphs that one doesn'thave to 
he
k for all possible values of (�, �). The largest value of � using whi
h thebandwidth test is satis�ed gives the best possible delay bound. Similar analysis was
arried for the tenet model also. Graphs are drawn for ea
h of the 10 tra
es being
onsidered.Figures 3.3, 3.4 and 3.5 show the results. On X-axis is the number of homogeneous
onne
tions set up. Y-axis gives the best possible delay bound for those set of 
onne
-tions. The number of 
onne
tions vary from 1 to the point when no more 
onne
tions
an be a

epted for all possible parameters des
ribing the traÆ
. Figure 3.3 showsthe results for traÆ
 generated by JPEG 
ompressed video, �gure 3.4 shows it forMPEG 
ompressed video and �gure 3.5 for NV type of traÆ
. For a 
omparison ofthe two models, graphs for both the models are plotted for them in the same �gure.The s
heduling region for any tra
e is the area above and left of the its 
orresponding
urve in �gures 3.3, 3.4 and 3.5.It is apparent that using �, � model gives a better delay bound in all the 
ases.Also in all the 
ases by using �, � model network is able to a

ept more 
onne
tionsas 
ompared to using Xavg, I model.3.7.1 Performan
e on JPEG Compressed VideoFrom �gure 3.3 one 
an observe that for JPEG 
ompressed video there is knee in the
urve for both the models after whi
h as more 
onne
tions are a

epted the delaybound shoots up rapidly. This knee 
orresponds to the point when the sum of peakrates of all the 
onne
tions be
ome equal to the link bandwidth and hen
e the positionof the knee is same for both the models. The number of additional 
onne
tions whi
h
an be a

epted after the knee is small. This essentially means that queuing inside
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omparison of delay bounds for JPEG 
ompressed video.the network 
an't smooth out the burstiness of the video traÆ
 generated by similarJPEG en
oders and one has to reserve bandwidth 
lose to peak in order to providedeterministi
 guarantees.The delay bound when the number of 
onne
tions is less than the knee point isfairly 
onstant for Xmin, Xavg, I model and is 
lose to one frame time. This delayis in
urred at the point when the frames are broken up into individual pa
kets. Thequeueing delay in the network is negligible as 
ompared to this delay. For the �, �model we assume that there is no peak rate 
ontrol. The frame is broken up intopa
kets whi
h are sent ba
k-to-ba
k on the network. The delay bound starts witha small value and eventually 
at
hes up with that of the tenet model. However thisdoesn't imply that peak rate 
ontrol is undesirable. We should take into a

ountthat above is just a single node analysis. If the pa
kets are sent through multiplenodes then in 
ase of the Xmin, Xavg, I model the delay due to peak rate 
ontrol isin
urred only on
e. The queueing delays per node are added up. Sin
e the queueingdelays are small the total in
rease in delay bound for a multiple hop path remainssmall. For �, � model there is no delay due to peak rate 
ontrol. The delay is onlythe queueing delay. When the same analysis is extended to multiple nodes the totaldelay bound is expe
ted to in
rease linearly with number of nodes in the path. Peakrate 
ontrol and small pa
ket size seems ne
essary for providing low delays in large



3.7. PERFORMANCE EVALUATION 79networks. If peak rate 
ontrol is to be done then this model needs to be relaxed to amodel with 4 parameters (�1, �1, �2, �2) where �1, �1 represent maximum pa
ket sizeof the network and peak rate and �2, �2 represent the average rate. The generalizedadmission 
ontrol tests developed 
an easily be used for this model.3.7.2 Performan
e on MPEG 
ompressed videoFigure 3.4 shows that delay bounds and number of a

epted 
onne
tions are betterfor the �, � model. We should be 
areful in 
on
luding anything about delay bounds.The delay bounds for this model may in
rease mu
h faster than that for the Xmin,Xavg, I as the number of nodes in the path in
reases. However with the proposedmodi�
ation of the model and peak rate 
ontrol, both the models are expe
ted togive similar results even for large networks. However it is very 
lear that using the �,� model enables the network to a

ept more 
onne
tions. This is expe
ted to remainso in large network also. Another noti
eable observation is the knees in the graphs.The delay bound in
reases rapidly when additional 
onne
tions are a

epted beyondthe knee. The number of additional 
onne
tions a

epted after the knee is small.This behavior resembles the behavior on JPEG en
oded video. The position of knee
orresponds to the position of knee in the �, � 
urves. This gives us a simple andpowerful method to sele
t appropriate parameters for the �, � model. The optimal(�, �) remain 
lose to the knee for most of the time. Whereas I of the Xmin, Xavg, Imodel in
reases smoothly as the number on 
onne
tions is in
reased. Thus there is aproblem in 
hoosing a value of I. If I is 
hosen to be small then the 
onne
tion willreserve more resour
es than a
tually needed and would result in worse utilization ofthe network. On the other hand if a large value of I is 
hosen then the network willnot be able to guarantee the best possible delay bound. The guaranteed delay boundwill be higher than the one whi
h 
an be obtained using the �, � model.3.7.3 Performan
e on NV type traÆ
In �gure 3.5 
omparison of the two models for NV type traÆ
 is done. The �, � modeloutperforms the Xmin, Xavg, I model both in terms of delay bounds and number of
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omparison of delay bounds for MPEG 
ompressed video.
onne
tions a

epted. It is interesting to note that although NV0 and NV2 are tra
esof two di�erent video streams, the graphs for both of them are extremely 
lose to ea
hother. In the tra
e NV1 the rate 
ontrol of the NV software was probably made higherfor about 3 minutes whi
h results in a di�erent behavior. Thus in the absen
e of any
hange in parameters of the 
oding algorithm for the NV software, the 
hara
teristi
sof the traÆ
 generated is nearly independent of the 
ontents of the video being sent.Another noti
eable observation is that the delay bounds given by the �, � modelare signi�
antly better as 
ompared to the ones given by the Xmin, Xavg, I model.Sin
e the data was already pa
ketized no additional peak rate 
ontrol was done for anyof the models. This observation reinfor
es that the �, � model is able to 
hara
terizethe traÆ
 in a way whi
h is 
loser to the a
tual traÆ
. As a results tighter boundsare a
hieved.3.7.4 Analysis of Network UtilizationTable 3.1 presents a 
omparison of maximum a
hievable network utilization of thenetwork using the two traÆ
 models. For a parti
ular tra
e all the 
onne
tions areassumed to have 
hara
teristi
s same as that of the tra
e. Then maximum numberof homogeneous 
onne
tions that 
an be set up through the single node is 
omputed.The delay is set to unlimited so that delay is never a bottlene
k. Utilization tells
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omparison of delay bounds for traÆ
 type produ
ed by NV.the maximum a
hievable network utilization through a single node and traÆ
 havingsame 
hara
teristi
s and same QOS requirements. Multiplexing gain is the ratio ofsum of peak rates to the link bandwidth.For JPEG 
ompressed video the utilization of the network varies from 0.334 to0.700. A part of this variation in utilization is due to the fa
t that di�erent tra
es arebeing used. Another part is be
ause of di�erent traÆ
 des
riptors and hen
e di�erentadmission 
ontrol tests.For example the variation in network utilization for the tra
e NEWS is from 0.454to 0.580 is just be
ause of using a better traÆ
 des
riptor. The �, � model performsbetter as 
ompared to the other model. The multiplexing gain varies from 0.940 to1.411. Although the admission 
ontrol tests for Delay-EDF s
heduling dis
iplinesusing the Xmin, Xavg, I model reserve bandwidth at peak rate, their performan
e isnot terribly worse.For MPEG 
ompressed video the Xmin, Xavg, I model for Delay-EDF s
hedulingdis
ipline performs signi�
antly worse than all the other 
ases. This is so only be
ausethe 
urrent admission 
ontrol tests for Delay-EDF s
heduling dis
ipline are not tightenough for the Tenet traÆ
 des
riptor. The 
urrent tests 
arry out reservation ofbandwidth at peak rate whi
h is not required. The generalized admission 
ontroltests developed 
an be adopted for both the models. The �, � model gives a better



82 CHAPTER 3. DETERMINISTIC GUARANTEESXmin, (Xavg, I) model (�, �) modelTra
e Utilization Multiplexing Utilization Multiplexinggain gainNEWS 0.454 0.966 0.580 1.234MUSIC 0.402 0.968 0.592 1.427LECTURE 0.563 0.974 0.603 0.941SPORT 0.639 0.998 0.700 1.092MOVIE 0.334 0.940 0.500 1.411LECTURE.mpg 0.101 0.994 0.598 5.906NEWS.mpg 0.084 0.993 0.357 4.227NV0 0.023 0.994 0.401 17.449NV1 0.021 0.978 0.143 6.817NV2 0.021 0.998 0.314 15.122Table 3.1: Network utilization for deterministi
 real-time 
hannels.
network utilization in all the 
ases. The multiplexing gain goes as high as 5.906 whi
hmeans the the required bandwidth to send a MPEG 
ompressed video 
an be as lowas one �fth of the sum of the peak rates. Peak rate reservation whi
h has been one ofthe major 
riti
ism of deterministi
 guarantees is not at all needed if one uses propertraÆ
 model and admission 
ontrol tests. The best a
hievable network utilization
an be up to 0.598 (for real-time VBR only traÆ
) whi
h is very en
ouraging.TraÆ
 generated by the NV software is a lot more burstier than other traÆ
 typesdis
ussed. Thus the network utilization is smaller and the multiplexing gain is larger.If we ex
lude the Delay-EDF s
heduling dis
ipline with Xmin, Xavg, I model then thenetwork utilization varies from 0.112 to 0.401 and the multiplexing gain varies from6.817 to 17.449.



3.8. CONCLUSIONS 833.8 Con
lusionsPeak rate reservation is not ne
essary for providing deterministi
 guarantees. Themultiplexing gain rea
hes up to 17 in our experiments. Use of appropriate traÆ
models and admission 
ontrol tests is ne
essary to a
hieve su
h a high utilization.The �, � model is shown to produ
e better results in all the 
ases. The generalizedadmission 
ontrol tests are developed whi
h 
an be spe
ialized for multiple leakybu
ket des
riptor model. We expe
t that two leaky bu
ket des
riptor will outperformsingle leaky bu
ket traÆ
 des
riptor. However this has to be substantiated withproper studies.The analysis done above is a single node analysis of network 
arrying homogeneoustraÆ
. Thus the utilization �gures obtained are in some sense a upper bound on max-imum a
hievable utilization. Heterogeneous traÆ
 having di�erent QoS requirementsis expe
ted to put more stringent demands on the network. Thus the average uti-lization is expe
ted to be lower in a more general setting. A more extensive study isneeded to see the e�e
t of heterogeneous traÆ
 with di�erent QoS requirements.Another limitation of the 
urrent study is la
k of study on network with multiplenodes Our study has given a good insight into the network performan
e. One need not
onsider Tenet traÆ
 des
riptor anymore while 
arrying out multiple node analysis.In a network having multiple nodes various other fa
tors like resour
e fragmentation,bottlene
ks et
. 
ome in play and redu
e the overall network utilization. It would bevery interesting to study these fa
tors.The results obtained are fairly general and 
onsistent. For three totally di�erenttype of traÆ
 the results seem to agree. Therefore with a high 
on�den
e we 
an saythat these results are going to remain valid even for other types of traÆ
.
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Chapter 4
RRR: Re
ursive Round RobinS
heduler
S
heduling has been an interesting problem sin
e its in
eption. In the 
ontext ofreal-time networks, a s
heduling algorithm is 
on
erned with dispat
hing streams ofpa
kets sharing the same bandwidth su
h that 
ertain guaranteed performan
e forea
h stream like rate and delay bound is provided. Pa
ket s
heduling is required inmany network elements su
h as host adaptors, routers and swit
hes. In this 
hapter,we propose and dis
uss a new s
heduling algorithm whi
h we 
all re
ursive roundrobin (RRR) s
heduler for s
heduling �xed size pa
kets in an integrated servi
esnetwork. It is based on the 
on
ept of a s
heduling tree in whi
h distin
t 
ell streamsare s
heduled re
ursively. Spe
ial emphasis is pla
ed on the design and analysis ofthe s
heduler. A delay bound is analyti
ally derived for the s
heduler and veri�edusing simulation. The s
heduler 
an work in either a work-
onserving mode or non-work-
onserving mode. It is shown that the work-
onserving version of the s
heduleris fair. Fairness indi
es for the work-
onserving s
heduler are analyti
ally derived.The simple nature of this algorithm makes it possible to implement it at very highspeeds, while 
onsiderably redu
ing the implementation 
ost. Another variant of thes
heduler 
an s
hedule variable sized pa
kets. The delay and fairness properties ofthe variable sized pa
kets s
heduler are looser than the �xed sized pa
ket s
heduler,and its time 
omplexity is little higher. 85



86 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULER4.1 Introdu
tionOne of the most important issue in providing QoS in an integrated servi
e networkis the 
hoi
e of pa
ket s
heduling algorithms at the swit
hes. In a pa
ket swit
hingnetwork, pa
kets from di�erent 
onne
tions 
ompete for some shared resour
es at ea
hswit
h. Without proper 
ontrol, these intera
tions may adversely a�e
t the networkperforman
e experien
ed by 
lients. The s
heduling algorithm at the swit
hing nodes,whi
h 
ontrols the relative ordering in whi
h pa
kets from di�erent 
onne
tions areservi
ed, determines how pa
kets from di�erent 
onne
tions intera
t with ea
h other.Although s
heduling algorithms and asso
iated performan
e problems have beenwidely studied in the 
ontext of hard real-time systems and queueing systems, resultsfrom these studies are not dire
tly appli
able in the 
ontext of providing guaranteedQoS to 
onne
tions in an integrated servi
es network. Analyses of hard real-timesystems usually assume a single server environment, periodi
 jobs, and the job delayis bounded by its period [114℄. However, the network traÆ
 is bursty, and the delay
onstraint for ea
h individual 
onne
tion is independent of its bandwidth require-ment. In addition, bounds on end to end performan
e need to be guaranteed in anetworking environment, where traÆ
 dynami
s are far more 
omplex than in singleserver environment. Queueing analysis is often intra
table for realisti
 traÆ
 models.Also, 
lassi
al queueing analysis 
on
entrate on average performan
e for aggregatetraÆ
 [74, 75, 126℄, while in an integrated servi
es network, performan
e boundsneed to be derived on a per 
onne
tion basis [31, 76, 5℄. In addition to the 
hallengeof providing end to end, per 
onne
tion performan
e guarantees to heterogeneous andbursty traÆ
, s
heduling algorithms must be simple so that they 
an be implementedat very high speeds.In general, s
hedulers 
an be 
hara
terized as work-
onserving or non-work-
onserving.A s
heduler is said to be work-
onserving if the s
heduler is never idle when at leastone pa
ket is bu�ered in the system. A non-work-
onserving s
heduler may remainidle even if there are available pa
kets to transmit. Re
ently, a number of new s
hedul-ing algorithms that are aimed to provide per 
onne
tion QoS guarantees have beenproposed in the 
ontext of integrated servi
es networks [47, 130, 128, 120, 26, 86, 100,



4.1. INTRODUCTION 87131, 8, 9, 129, 52, 115, 116, 119, 122, 68, 51, 99℄.Many of these s
heduling algorithm, were designed for s
heduling pa
kets of vari-able sizes and were 
omplex [26, 131, 128℄. Some of them were later adopted fors
heduling ATM 
ells [122℄. However the inherent 
omplexity remains and typi
aloperations needed to s
hedule a 
ell are addition, multipli
ation and division. In ad-dition they also need a multi-level priority queue. Among the s
hedulers optimizedfor s
heduling ATM 
ells, some have poor delay and fairness properties [87℄, someare not s
alable for �ne rate granularity [99℄ and some may need to over-allo
ate rateresulting in poor utilization of link bandwidth [68℄.In this 
hapter we propose a new s
heduling algorithm 
alled re
ursive round robins
heduler (RRR), whi
h is optimized for s
heduling �xed size pa
kets. The proposeds
heduler is based on the 
on
ept of a s
heduling tree in whi
h distin
t streams ares
heduled re
ursively. In order to s
hedule a 
ell, the s
heduling tree is traversedstarting from its root down to a leaf. While traversing the tree, the data storedin its nodes is modi�ed using simple addition or bit manipulation operations. Thes
heduling tree is modi�ed ea
h time a stream is added or deleted at the link. Therate of ea
h pa
ket stream is represented in a 
oating point binary fra
tion normalizedwith respe
t to the link 
apa
ity. Most of the properties of the s
heduler depend uponthe 
ount 
 of number of ones in the binary representation of normalized rate. For a
ompliant stream of ATM 
ells of rate r, and bu
ket size �, the s
heduler provides adelay and jitter bound of 1r (� + 
).We show that the work-
onserving version of the RRR algorithm is fair. Theresidual link 
apa
ity is evenly divided among a
tive streams. The servi
e fairnessindex of two streams i, j is ( 
iri + 
jrj ) where ri and rj are rates of the two streams,
i and 
j are the 
ounts of number of ones in the binary representation ri and rjrespe
tively. The worst 
ase fair index of work-
onserving RRR is bounded by 
r .The algorithm has good s
aling properties. The size of the s
heduling tree isbounded by the number of streams times the rate granularity. In a naive softwareimplementation, the time taken to s
hedule a pa
ket, is proportional to the granularityof rate representation. The optimized algorithm for �xed pa
ket size needs only bitmanipulation operations to s
hedule a 
ell. Maximum time taken to add new streams



88 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULERor remove old streams is proportional to the maximum depth of the s
heduling tree,whi
h is equal to the log of ratio of link rate to minimum supported rate. However, by
ombining several nodes of the tree, the time 
omplexity of software implementation
an be further improved. As a result it 
an be implemented on high speed low 
ostATM host adaptors where the s
heduling overhead of the algorithm 
an be as littleas two memory a

esses to s
hedule an ATM 
ell. The hardware implementation ofthe �xed 
ell size RRR 
an operate at 
lo
k speeds. Its implementation 
ost varieslinearly with the number of streams and the rate granularity. The algorithm is alsosuited for s
heduling in high speed ATM swit
hes, espe
ially on the edge of ATMnetwork where traÆ
 poli
ing and isolation is required.We also generalize the RRR s
heduling algorithm for s
heduling variable sizedpa
kets. The delay and fairness properties of this variant are a little worse than thatof the �xed size pa
ket s
heduler. Important 
on
epts su
h as link sharing [38℄, 
lassbased queuing et
. 
an be implemented using the RRR s
heduler.This 
hapter is organized as follows. In Se
tion 4.2 we dis
uss the propertiesof a good s
heduler. In Se
tion 4.3 des
ription of the RRR s
heduling algorithmis presented. Se
tion 4.4 des
ribes delay and fairness properties of the s
heduler.Se
tion 4.5 dis
usses variants derived out of RRR. Se
tion 4.6 des
ribes simulationresults. Se
tion 4.7 dis
usses implementation issues and tradeo�s for hardware andsoftware implementations of RRR. The 
hapter 
on
ludes in Se
tion 4.8.4.2 Ba
kground4.2.1 ModelWe 
onsider a network with arbitrary topology of links and swit
hes. Pa
kets arrivingon an input link of a swit
h are swit
hed to an output link depending upon theirheaders and forwarding tables at the swit
h. This swit
hing is typi
ally done by a
ross-
onne
t whi
h is usually made fast to avoid ex
essive queueing at the inputlinks [70℄. Therefore, most of the pa
kets are queued for transmission at the outputlinks. With these assumptions, a 
onne
tion in su
h a network 
an be modeled as



4.2. BACKGROUND 89traversing a number of queueing servers, with ea
h server modeling the output linkof a swit
h.4.2.2 Quality of Servi
e ParametersThe most important 
lause in the servi
e model is the spe
i�
ations of performan
erequirements and traÆ
 
hara
teristi
s. In the deterministi
 servi
e model, the sin-gle most important performan
e parameter is the end-to-end delay bound, whi
h isessential for many appli
ations whi
h have stringent real-time requirements. Whilethroughput guarantee is also important, it is provided automati
ally with the amountspe
i�ed by the traÆ
 
hara
terization. Another important parameter is the end toend delay jitter bound. The delay jitter for a pa
ket stream is de�ned to be themaximum di�eren
e between delays experien
ed by any two pa
kets [31, 32℄. For
ontinuous media playba
k appli
ations, the ideal 
ase would be that the networkintrodu
es only 
onstant delay, or zero delay jitter. Having a bounded delay jitterservi
e from the network makes it possible for the destination to 
al
ulate the amountof bu�er spa
e needed to eliminate the jitter. The smaller the jitter bound, the lessthe amount of bu�er spa
e needed. Sin
e it is more important to provide end to enddelay and delay jitter bounds than average low delays, pa
kets arriving too early maynot even be desirable in su
h an environment. In fa
t, the earlier a pa
ket arrives ,the longer it needs to o

upy the bu�er. This is one of the most important di�eren
esbetween the performan
e requirements of the bounded delay servi
e and the best ef-fort servi
e provided by the traditional 
omputer networks. Performan
e bounds aremore important for guaranteed servi
e while average performan
e indi
es are moreimportant for the best-e�ort servi
e.A third important parameter is the loss probability. Pa
ket loss 
an o

ur dueto bu�er over
ow or delay bound violation. A statisti
al servi
e allows non zero lossprobability while a deterministi
 servi
e guarantees zero loss. With a deterministi
servi
e, all pa
kets meet their performan
e requirements even in the worst 
ase. Witha statisti
al servi
e, sto
hasti
 or probabilisti
 bounds are provided instead of worst
ase bounds. Statisti
al servi
e allows the network to over-book resour
es beyond
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ase requirements, thus one may in
rease the overall network utilization byexploiting statisti
al multiplexing gain.4.2.3 Properties of S
heduling AlgorithmsTogether with traÆ
 modeling and 
onne
tion admission 
ontrol algorithms, s
hed-ulers are the most important 
omponents for providing QoS guarantees. While 
on-ne
tion admission 
ontrol algorithms reserve resour
es during 
onne
tion establish-ment time, pa
ket s
heduling algorithms allo
ate resour
es a

ording to the reserva-tion during data transfer. Three types of resour
es are being allo
ated by a s
hedulingalgorithm: bandwidth, promptness and bu�er spa
e, whi
h in turn a�e
ts three QoSparameters: throughput, delay and loss rate.Although it is possible to build real-time servi
es on top of a vast 
lass of s
hedul-ing algorithms, it is desirable for the s
heduling algorithm to satisfy 
ertain properties.EÆ
ien
yTo guarantee 
ertain performan
e requirements, we need a 
onne
tion admission 
on-trol poli
y to limit the real-time traÆ
 load in the network, or limit the number ofreal-time 
onne
tions that 
an be a

epted. A s
heduling algorithm is more eÆ
ientthan another one if it 
an meet the same end-to-end performan
e guarantees under aheavier load of guaranteed servi
e traÆ
. An eÆ
ient s
heduler will result in a higherutilization of the network.IsolationThe network should prote
t well behaving real-time streams from three sour
es ofvariability: ill-behaving users, network load 
u
tuations and best-e�ort traÆ
. Ithas been observed in operational networks that ill-behaving users and malfun
tioningequipments may send pa
kets to a swit
h at a rate higher than de
lared. Also, networkload 
u
tuations may 
ause a higher instantaneous arrival rate from a 
onne
tion ata swit
h, even though the 
onne
tion satis�es the traÆ
 
onstraint at the entran
eto the network. Another sour
e of variability is the best-e�ort traÆ
. Although the
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 load is limited by 
onne
tion admission 
ontrol, best-e�ort pa
ketsare not 
onstrained. It is essential that the s
heduling algorithm should meet theperforman
e requirements of pa
kets from well behaving real-time 
lients, even in thepresen
e of ill behaving users, network load 
u
tuations and un
onstrained best-e�orttraÆ
.SharingUnder-utilized links may have some spare bandwidth available. Even heavily loadedlinks may have spare bandwidth available for short intervals of time due to the vari-ability in load. The s
heduler should allow sharing of the residual bandwidth among
onne
tions in a fair manner. The distribution of ex
ess bandwidth to 
onne
tionsshould be done in proportion to their allo
ated rate. Thus, a 
onne
tion with higherrate allo
ation (whi
h is possibly paying higher 
harges) gets a larger share of thespare bandwidth. A

ording to the generalized pro
essor sharing (GPS) [100, 101℄
riteria, if two streams i and j are 
ontinuously ba
klogged in the interval [t1; t2℄,then the amount of servi
e re
eived by them should be proportional to their allo
atedrates. IfWi(t1; t2) represent the amount of servi
e given to the stream i in the interval[t1; t2℄ and ri represent the rate allo
ated to stream i then:Wi(t1; t2)ri = Wj(t1; t2)rjGPS is an idealized servi
e dis
ipline based on the 
uid 
ow model. It 
annot berealized in dis
rete pa
ket swit
hing networks. Therefore, it is impossible to a
hieveperfe
t fairness in dis
rete pa
ket s
heduler. A measure of fairness based on theGPS 
riteria 
alled servi
e fairness index (SFI) has been proposed in [52℄ to 
omparefairness properties of dis
rete pa
ket s
hedulers.SFI is de�ned as the maximum di�eren
e between the relative servi
es o�ered totwo sessions whi
h are 
ontinuously ba
klogged in the same interval. If sessions i andj are 
ontinuously ba
klogged in the interval [t1; t2℄ then:SFI �j Wi(t1; t2)ri � Wj(t1; t2)rj j
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Figure 4.1: Example of a link sharing hierar
hy.Hierar
hi
al S
hedulingThe 
on
ept of link sharing has been proposed in [38℄. Link sharing allows a link tobe hierar
hi
ally split into several 
lasses. Consider the example shown in Figure 4.1.The link is partitioned into six logi
al links, with the �rst link taking �fty per
ent ofthe link bandwidth and remaining �ve links taking ten per
ent ea
h. These links maybe assigned to six di�erent organizations. In addition, to avoid starvation of best-e�ort traÆ
, twenty per
ent of the �fty per
ent assigned to the �rst link, is allo
atedto the best-e�ort traÆ
.The hypotheti
al hierar
hi
al GPS (H-GPS) sharing algorithm [129℄ de�nes a
exible framework to support hierar
hi
al link sharing and traÆ
 management fordi�erent servi
e 
lasses. Similar to GPS, the H-GPS is an idealized servi
e dis
iplinebased on the 
uid 
ow model. However the hierar
hi
al versions of pa
ketized ap-proximations of GPS su
h as PGPS [100℄ do not work well to approximate H-GPS [9℄.Pa
ket s
heduling algorithms to approximate H-GPS have been proposed in [8, 129℄.The term worst 
ase fairness index (WFI) has been de�ned [129℄ to evaluate how
losely a s
heduler 
an approximate H-GPS. A pa
ket s
heduler with small SFI andWFI may be sta
ked hierar
hi
ally to approximate H-GPS and thus implement thelink sharing hierar
hy. WFI is de�ned as follows:The WFI for a stream i of rate ri is less than or equal to Ciri if in any interval[t1; t2℄, over whi
h the stream is 
ontinuously ba
klogged, the amount of traÆ
 of
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heduled is bounded by:Wi(t1; t2) � (t2 � t1)ri � CiSimpli
ityThe s
heduling algorithm should be 
on
eptually simple to allow tra
table analysisand me
hani
ally simple to allow high speed implementation.The algorithms like WFQ or PGPS [86, 100℄, WF2Q [8℄, SCFQ [52℄ and EDF [47℄tag ea
h in
oming pa
ket with a stamp. At ea
h step, a pa
ket with smallest stampis sele
ted for s
heduling. These algorithms need to maintain a sorted priority queueof the pa
kets in order to sele
t pa
kets with the smallest stamp. If N streams arepassing through a link, the inherent time 
omplexity of ea
h s
heduling operation isat least logN . Some algorithms like PGPS [100℄ and WF2Q [8℄ need to 
arry out asimulation of 
uid 
ow system, whi
h in the worst 
ase, may take time proportionalto N to s
hedule a pa
ket.The time available to make a s
heduling de
ision is very small. For a 622MbpsATM interfa
e, the time available to 
arry out swit
hing, 
opying and s
heduling of
ells is only 680ns. Therefore it should be possible to implement the s
heduling algo-rithms in the hardware working at 
lo
k speeds, espe
ially in the ba
kbone swit
hes.On a network interfa
e 
ard, a software implementation may be feasible but it 
anonly make 4-5 memory a

esses (memory a

esses being the slowest operation) inorder to make a s
heduling de
ision.4.3 S
heduler Des
riptionWe use the term stream to refer to 
ow or session. The term 
ell is used to des
ribepa
kets of �xed size. Subs
ript i is usually used to identify a stream. For ea
h stream(i) a rate is allo
ated at an output link. We refer to this rate as allo
ated rate (ri).We divide all the rates by the link rate. As a result the link rate be
omes equalto 1. We refer to the rate so obtained as normalized rate. Further we will assumethat the rate is represented in �xed point binary fra
tion with g bits of granular-
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0

Output Schedule: 0 0 0 0 ...Figure 4.2: S
heduling tree (no stream).
0 1

Output Schedule : 0 1 0 1 ...Figure 4.3: S
heduling tree (1 stream).ity. Rate allo
ated by the s
heduler ri is hen
e represented by an array of g bitsbi1; bi2; bi3; : : : ; big, and ri = Pgk=1 bik2�k. Another assumption is that sum of ratesfrom input streams is exa
tly equal to the output link rate whi
h is 1. In order toa
hieve this, we add a null stream (or stream labelled 0), with an appropriate ratesu
h that the sum of the rates of all the streams (in
luding the null stream) be
omesequal to 1. In the output s
hedule, whenever the null stream o

urs, either the linkis left idle or a 
ell from non real-time 
lass (for example the best-e�ort traÆ
) iss
heduled, or a 
ell from the \next stream" is s
heduled.4.3.1 Basi
 S
hedulerWe now des
ribe the s
heduler, initially by examples and later with algorithmi
 de-s
ription. The s
heduler is 
onstru
ted in the form of a binary tree (also referred ass
heduling tree). We defer the method of 
onstru
ting the s
heduling tree to a laterstage. Let us begin with some simple examples to illustrate the basi
 idea of a RRRs
heduler. Upon startup, the s
heduler has no in
oming stream. The s
heduling treeis initialized to a single node as shown in Figure 4.2. The output s
hedule is simply0; 0; 0; : : :.On the addition of a new 
onstant stream of rate 0:5 the root node of the treesplits into two nodes as shown in Figure 4.3. The output s
hedule in this 
ase is0; 1; 0; 1; : : :.As a new stream (stream 2) of rate 0:25 is added, a node at level 1 is split into
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0 2

1

Output Schedule : 0 1 2 1 0 1 2 1 ...Figure 4.4: S
heduling tree (2 streams).
li

iFigure 4.5: S
heduling tree (general 
ase 1).two nodes at level 2 and the tree takes the shape as shown in Figure 4.4. In this 
ase,the output s
hedule of the RRR would be 0; 1; 2; 1; 0; 1; 2; 1 : : :.A more general 
ase is depi
ted in Figure 4.5, where stream i has a rate of 2�li.In this 
ase, a leaf at level li of the s
heduling tree is allo
ated to stream i. If nosu
h leaf exists, then a node labelled 0 at largest level l < li is split into two leaveslabelled 0 at level l+1. If l+1 < li then one of the newly formed leaf is further split.Su
h split is 
arried out until two leaves at level li are 
reated. One of these leavesis allo
ated to stream i. The algorithm for 
onstru
ting the tree (adding stream) isisomorphi
 to the binary subtra
tion algorithm. Similarly, the pro
edure of deletingstream is isomorphi
 to the binary addition algorithm.In the most general 
ase, as shown in Figure 4.6, a node of the s
heduling tree atlevel li is allo
ated to a stream if and only if lith bit in the stream's rate representationis 1. In other words, if the rate of a stream is equal to Pgk=1 bk2�k, then a leaf of levelk will be allo
ated to the stream if and only if bk is equal to 1.Given a set of rates, it is possible to 
onstru
t a tree whi
h satis�es the abovedes
ribed property. The tree has two kind of nodes, internal nodes and leaf nodes. A
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Level 2
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li

Figure 4.6: S
heduling tree (general 
ase 2).stream number is asso
iated with ea
h leaf node (in other words, the leaf is allo
atedto the stream). There is a bit asso
iated with ea
h internal node whi
h keeps tra
kof its subtree visited last. This bit is initialized to 0. In order to s
hedule a 
ell, thes
heduler starts from the root of the tree and des
ends down to a leaf, s
heduling
ells from the stream number asso
iated with the leaf. If the bit asso
iated with aninternal node is zero, the s
heduler traverses its left subtree, otherwise it traverses theright subtree. In any 
ase, the s
heduler 
ips the bit asso
iated with ea
h internalnode it visits. Thus the �rst 
ell would be s
heduled from stream asso
iated withthe left most leaf and the se
ond 
ell will be from the stream asso
iated with the leftmost leaf of the right subtree of the root. Figure 4.7 gives the algorithmi
 des
riptionof the s
heduler.It may be noted that the servi
e rate of a node m at level lm is equal to 2�lm. Anode m is visited every 2lm time units. A 
ell from the stream asso
iated with leaf mis periodi
ally s
heduled in the interval of 2lm time units.We now de�ne two terms, level and phase, asso
iated with ea
h node of the tree.De�nition 4.3.1 (Level) Level l(m) of node m is de�ned as the distan
e of the nodefrom the root of the tree.The level of the root is zero. The level of a 
hild is one more than that of itsparent.
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S
heduler () ffor ea
h(node) /* Initialization */node.bit = 0;for evers
hedule one 
ell (root);gs
hedule one 
ell (node) fif (node == leaf)output (node.stream number);else if (node.bit == 0) fnode.bit = 1;s
hedule one 
ell (node.left 
hild);gelse if (node.bit == 1) fnode.bit = 0;s
hedule one 
ell (node.right 
hild);gg

Figure 4.7: The RRR s
heduling algorithm.
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Evolution of Scheduling TreeFigure 4.8: Adding stream 1 of rate 0:0101.De�nition 4.3.2 (Phase) Phase �(m) of a node m is the �rst time instant at whi
hthe node is visited.The phase of the root node is 0. The phase of the left 
hild (m) of a node (n) isequal to that of the parent node. The phase of the right 
hild (m) of node (n) is 2l(n)more than that of the node. Formally�(m) = 8><>: �(n) if m is left 
hild of n�(n) + 2l(n) if m is right 
hild of nA 
ell from the stream asso
iated with a leafm is s
heduled at times �(m); �(m)+2l(m); �(m)+2�2l(m); �(m)+3�2l(m); : : :. Note that if more than one leaf of s
hedulingtree are allo
ated to a stream, there is one su
h sequen
e 
orresponding to ea
hallo
ated leaf. The time instants at whi
h 
ells of a stream are s
heduled is given bythe union of these sequen
es.4.3.2 Adding and Deleting StreamsAdding a stream with a given allo
ated rate is isomorphi
 to the deletion algorithmfor binary numbers. One 
an view the addition of a stream with rate r as takingaway r units of rate from the null stream. Similarly deleting a stream of rate r isisomorphi
 to binary addition, as r units of rate be
ome free and get added to therate of the null stream.
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heduling tree is modi�ed dynami
ally as streams are added or removed.However any modi�
ations to the s
heduling tree must be made 
arefully so that thedelay bounds of the existing streams are not violated. We now de�ne the property ofunfragmented rate allo
ation whi
h must be satis�ed by every stream.De�nition 4.3.3 (Unfragmented rate allo
ation) A stream i is said to have un-fragmented rate allo
ation if and only if for any level l of the s
heduling tree, there isat most one node allo
ated to the stream i.The basi
 idea is to ensure all the streams (in
luding the null stream) have un-fragmented rate allo
ation ea
h time a stream is added or deleted from the s
hedulingtree. Unfragmented rate allo
ation bounds the number of leaves allo
ated to a parti
-ular stream. If the height of the s
heduling tree is k and a stream has unfragmentedrate allo
ation, then at most k nodes in the s
heduling tree 
an be allo
ated to thestream. We will show that the number of leaves is dire
tly related to delay and fair-ness properties. It also limits the size of the s
heduling tree, and hen
e the amountof state and 
omplexity of implementation.To add a stream i with the requested rate ri, the �rst step is to 
he
k if therequested rate is available. If the link does not have adequate rate, the requestedstream is denied to be added to the s
heduling tree. If the link has adequate rate,i.e., ri � r0, then we pro
eed further.Assume ri = gXk=1 bik2�kThe pro
edure begins with the least signi�
ant bit (k = g downto 1) of the requestedrate, from a node at the largest level. If bik is zero, no a
tions need to taken and k issimply de
remented. If both bik b0k are equal to 1, then the node at level k previouslyallo
ated to the null stream is allo
ated to the 
urrent stream i. This requires simplerelabelling in the s
heduling tree.However, if bik = 1 and b0k = 0, a borrow operation is performed from level k ofthe s
heduling tree. During this operation, we move up to level k�1 in the s
hedulingtree and �nd if there is a leaf allo
ated to the null stream at k�1 level. If the answer
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heduling tree again till su
h a leaf is found. It is alwayspossible to �nd su
h a leaf if ri � r0 and the null stream has unfragmented rateallo
ation. After a leaf allo
ated to the null stream at level k0 is found, it is splitinto two 
hildren at level k0 + 1. One of the 
hildren is allo
ated to the null streamwhile the other 
hild is used for performing the split operation again. This pro
ess is
ontinued till level k is rea
hed. At level k, one of the two new 
hildren is allo
atedto stream i and the other to the null stream.The above pro
edure is 
ontinued till the root of the s
heduling tree is rea
hed.r0 is de
remented by ri to update the residual bandwidth (r0 = r0 � ri). It may benoted that at this stage, the s
heduling tree has unfragmented rate allo
ation for allthe streams.The above pro
edure of adding streams is illustrated by examples in Figure 4.8,Figure 4.9 and Figure 4.10. In these examples, it is assumed that 4 bits are used torepresent a rate.Evolution of the s
heduling tree when stream 1 of rate 0:0101 is added for s
hedul-ing on an idle link is shown in Figure 4.8(a) to (f). Initially there is no stream, soall the bandwidth is allo
ated to the null stream. The s
heduling tree is single leafas shown in (a). Sin
e 4th bit of rate of stream 1 is 1, a node at level 4 must beallo
ated. Sin
e there is no leaf allo
ated to the null stream at level 4, the borrowoperation is performed. The �rst leaf allo
ated to the null stream is the root itself.Thus the root is split into two 
hildren at level 1. One of the 
hildren is allo
ated tothe null stream and the other is marked with B representing the borrow operation,as shown in (b). The node marked B is split again as shown in (
). This borrowoperation is 
arried as shown in (d) and (e). As the leaf node in (d) is split again,two leaves at level 4 asso
iated with the null stream are 
reated. One of the leaf isallo
ated to stream 1. Now there is a leaf at level 2 allo
ated to the null stream. Thisleaf is allo
ated to stream 1 resulting in the s
heduling tree as shown in (f).Figure 4.9 and Figure 4.10 are self explanatory as the borrow operation is notneeded in allo
ating the nodes, while adding stream 2 of rate 0:0100 and stream 3 ofrate 0:0011.To delete stream i, all its allo
ated nodes are re-allo
ated to the null stream.



4.3. SCHEDULER DESCRIPTION 101
0

0

0

1

1

0

20 1

0
(b)(a)

1

Evolution of Scheduling TreeFigure 4.9: Adding stream of 2 rate 0:0100.
10

0

0 1

0 2 1

3

3 1

2

(b)(a)

Evolution of Scheduling TreeFigure 4.10: Adding stream 3 of rate 0:0011.
0 0 0

0

0 2 1

3

3 1

2

3

3 0

3

0

03

2

0

3

3(a) (b) (c)

2

(d)

Evolution of Scheduling TreeFigure 4.11: Deleting stream 1.



102 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULERAt this stage, the null stream may have fragmented rate allo
ation. In order tounfragment the rate allo
ation of the null stream, the inverse of the split (join) andborrow operation (
arry) is performed.If there are two nodes at the same level assigned to the null stream, they shouldbe joined together to form a parent at a higher level. The join operation 
an beapplied only on siblings (two nodes with a 
ommon parent). Assume that the n1 andn2 are the nodes allo
ated to the null stream at the same level say l. If n1 and n2 aresiblings then the join operation is dire
tly applied and the two nodes are repla
ed bya leaf node at level l� 1. In 
ase n1 and n2 are not siblings. Let n3 be the sibling ofn1. Now the nodes n2 and n3 are swapped. This operation is 
alled phase ex
hange1.After the phase ex
hange, n1 and n2 be
ome siblings and the join and 
arry operationis performed to unfragment rate allo
ation of the null stream.The above pro
edure is 
arried out from the largest level to the root of the s
hedul-ing tree, until the rate allo
ation of the null stream be
omes unfragmented. Finallyr0 is updated to the value of the 
urrently available bandwidth (r0 = r0 + ri).In 
ontinuation with the examples des
ribed in Figure 4.8 to Figure 4.10, weillustrate deleting stream 1 in Figure 4.11. The initial s
heduling tree is shown in(a). In order to delete stream 1 all the leaves allo
ated to it are allo
ated to the nullstream as shown in (b). Now there are two leaves at level 2 allo
ated to the nullstream. Thus the null stream is now fragmented. In order to unfragment the nullstream, the phase ex
hange between two leaves (one allo
ated to stream 2 and theother to stream 0) at level 2 is 
arried out, resulting in the s
heduling tree as shownin (
). Finally the two siblings allo
ated to the null stream are merged together tomove up, resulting in a leaf allo
ated to the null stream at level 1 as shown in (d).Now all the streams have unfragmented rate allo
ation.Note that the pro
edure for 
onstru
tion of s
heduling tree when rates are repre-1The phase ex
hange has to be 
arried out 
arefully su
h that it doesn't a�e
t the delay boundand other properties of the stream asso
iated with n2. The phase ex
hange is 
arried out in twosteps. Firstly node n3 allo
ated to null stream is reallo
ated to the stream asso
iated with n2. Atthis stage the stream gets more share of link rate. If 
urrent time is t then node n2 is reallo
ated tonull stream at time t+ 2l. This deallo
ation 
an be done asyn
hronously as the se
ond step.
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oating point, is an obvious extension of the method des
ribed above.4.3.3 Allo
ation for Floating Point RatesIn this se
tion we will dis
uss the rate allo
ation for the s
heduling tree when therate is represented in the form of 
oating point. Let the rate r � 1 be represented insimple binary 
oating point with g bits of mantissa and e bits of unsigned exponent.Let E be the value of exponent. Now r = 2�EPgk=1 bk2k . The rate allo
ation for thisrate is possible if the height of the s
heduling tree is E + 
. If Emax is the maximumvalue whi
h the exponent 
an take, then the rate allo
ation as dis
ussed earlier ispossible provided the height of the s
heduling tree is Emax + 
.It is important to note that even if the height of the s
heduling tree has beenin
reased to a larger value, the number of nodes allo
ated for a stream is still boundedby g, the mantissa (granularity) of rate representation. Keeping this fa
t in mind ispossible to implement the s
heduler in hardware as well as software with reasonable
omplexity. The implementation of the 
oating point rate representation will bevery similar to that of the basi
 s
heduler. The bounds and other properties of thes
heduler 
hange marginally if the 
oating point rate allo
ation is 
arried out. In therest of the 
hapter, the �xed point rate representation is used to simplify des
riptionsand proofs.4.3.4 Over allo
ation and Bit Rate Granularity Tradeo�One 
an redu
e the granularity of rate allo
ation by redu
ing the number of bits torepresent the mantissa of the normalized rate. The delay and fairness bounds aredire
tly proportional to the rate granularity. The size of the s
heduling tree, and thetime needed to make a s
heduling de
ision is also proportional the rate granularity.Redu
ing the rate granularity results in better delay and fairness properties and fasterand more eÆ
ient implementation. The 
ost in
urred in redu
ing the rate granularityis rate over allo
ation. Consider g bits of rate granularity. In order to satisfy the rate
onstraint, the rate allo
ated to a stream must be greater than or equal to the rate ofthe stream. However, sin
e only �nite pre
ision 
oating point rate representation is



104 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULERused, not all possible rates 
an be represented in the format. Therefore, the allo
atedrate should be the smallest 
oating point number (using g bits of mantissa) greaterthan or equal to the rate of the stream. This results in an over allo
ation in rate.In the worst 
ase, the fra
tion of rate over allo
ated is bounded by 21�g. Thus using1 bits of mantissa to represent rate results in at most 100 per
ent over allo
ation inrate. This is permissible if the best-e�ort traÆ
 is expe
ted to take more than 50per
ent of the link rate. However, for a rate granularity of 8 bits, this over allo
ationis less than one per
ent.4.3.5 Work-Conserving RRRWe refer to the s
heduler dis
ussed before as basi
 s
heduler or basi
 RRR. Theobvious extension of the basi
 s
heduler is to a work-
onserving s
heduler.In the basi
 RRR s
heduling, the time slots whi
h a stream gets is �xed on
e theallo
ation of leaves for that stream has been 
ompleted. The slots are independent oftraÆ
 on other streams. It might happen that a s
heduling slot of a stream arrivedbut there is no pending 
ell to be s
heduled. In su
h a 
ase no 
ell will be s
heduledif the RRR is used. The work-
onserving RRR will however s
hedule a 
ell from thenext non ba
k-logged stream. Figure 4.12 des
ribes the work-
onserving variant ofRRR.4.3.6 S
heduling Variable Size Pa
ketsIn order to s
hedule variable sized pa
kets, ea
h internal node of the s
heduling treestores the amount of servi
e given to the node. The servi
e given to a subtree isde�ned to be the sum of servi
e given to its leaves. Thus, if the link rate is l and thes
heduler is always busy, then the servi
e given to the root node in time t is lt. Whiledes
ending down the tree, 
hild with the smallest servi
e given is sele
ted. Afterrea
hing the leaf, a pa
ket from the stream 
orresponding to the leaf is s
heduled andthe 
orresponding servi
e variable is in
remented by the pa
ket size, at ea
h node inthe path from root to the leaf. In 
ase of the non work-
onserving version of RRR, itthere is no pa
ket of the stream 
orresponding to the leaf, a pa
ket from the best-e�ort
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S
heduler () ffor ea
h(node) /* Initialization */node.bit = 0;for evers
hedule one 
ell (root);gs
hedule one 
ell (node) fif (node == leaf) fif (there are no pending 
ells)return; /* S
heduler is idle */if there is a pending 
ell on stream (node.stream number)output (node.stream number);elses
hedule one 
ell (root)else if (node.bit == 0) fnode.bit = 1;s
hedule one 
ell (node.left 
hild);gelse if (node.bit == 1) fnode.bit = 0;s
hedule one 
ell (node.right 
hild);gg

Figure 4.12: Work-Conserving RRR.
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S
heduler () ffor ea
h(node) /* Initialization */node.servi
e = 0;for evers
hedule one pa
ket (root);gs
hedule one pa
ket (node) fif (node == leaf) fif there are no pending 
ells on (node.stream number)servi
e = Smax; /* To indi
ate virtual servi
e */else f output (node.stream number);servi
e = node.stream number.pa
ket size;gelse if (node.left 
hild.servi
e � node.right 
hild.servi
e)servi
e = s
hedule one pa
ket (node.left 
hild);else servi
e = s
hedule one pa
ket (node.right 
hild);node.servi
e += servi
e;return servi
e;g

Figure 4.13: Variable pa
ket size s
heduler (work-
onserving).
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heduled and the 
orresponding servi
e variables are in
remented by the sizeof the best-e�ort pa
ket. In 
ase of work-
onserving variant, the servi
e variables inthe path are in
remented by the maximum pa
ket size (to indi
ate virtual servi
e)and the tree is traversed again from root to get the next pa
ket to be s
heduled.Figure 4.13 gives an algorithmi
 des
ription of the work-
onserving version of thevariable size pa
ket s
heduler.It is not ne
essary to maintain the absolute value of the servi
e given to a nodefrom the beginning. Only, the di�eren
e between the servi
es given to left and rightsubtree of a node need to be maintained. We will see in Se
tion 4.4.5 that thedi�eren
e between the servi
e given to two 
hildren of a node is bounded by Smax.Therefore, an integer in the range [0; 2Smax + 1℄ is suÆ
ient at ea
h node.
4.3.7 Dis
ussionIn the last se
tion we presented the main idea behind the s
heduler. The link band-width is partitioned into two equal halves by splitting the node at root of the s
hedul-ing tree into two nodes at level 1. While s
heduling, these two nodes are visited inround robin order. Both the nodes at level 1 
an be further split into two nodes ea
hat next level, further partitioning the link bandwidth. Continuing in this manner,the link bandwidth 
an thus be partitioned hierar
hi
ally giving rise to a s
hedulingtree. Traversal of nodes of the tree be
omes re
ursive round robin.The 
on
ept of s
heduling tree is abstra
t. It is not always ne
essary to 
onstru
tthe s
heduling tree for generating the s
hedule. Hardware implementation sket
hedin se
tion 4.7 does not expli
itly store the s
heduling tree data stru
ture. Therefore,the time 
omplexity of the s
heduler should not be judged by the time 
omplexityof algorithm previously des
ribed in Figure 4.7. Several implementations of the algo-rithm are possible and the tradeo� is dis
ussed in se
tion 4.7. We believe that eÆ
ienthardware implementation of the s
heduler 
an s
hedule one 
ell per 
lo
k 
y
le. Theamount of hardware needed s
ales linearly with the rate granularity g.
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ells of stream i arriving in interval [0; t℄Sji (t) Number of 
ells of stream i s
heduled at node j in time [0; t℄Bj(t) Ba
klog of stream i at time instant tbj(t) Burstiness fun
tion of stream irji Normalized rate allo
ated to stream i at link j
ji Count of number of 1s in rji .Table 4.1: Notations.4.4 Main Properties of RRR S
hedulerWe will show that all the properties of RRR s
heduler s
ale linearly with granularityof rate allo
ation, g. Spe
i�
ally, for a stream i all the properties depend on 
i, whi
his 
ount of number of ones in binary representation of ri. 
i is bounded by granularityof rate allo
ation, g.The notations used are summarized in Table 4.1. Let S(t) be equal to the numberof 
ells of the stream s
heduled by the basi
 RRR s
heduler in the interval [0; t℄. ThenSi(t) � gXk=1[bt� �(bik)2k 
+ 1℄bik (4.1)where bik is kth bit in the normalized rate (ri) allo
ated to stream i, and �(bik) is phaseof 
orresponding the kth bit. The right hand side of equation 4.1 is involved in allthe proofs. Intuitively, the 
ontribution to Si(t) is only from terms in the summationwhere bik is non zero. For ea
h k su
h that bik is equal to 1, 
ells are s
heduled attime instants �(bik); �(bik) + 2k; �(bik) + 2 � 2k; : : :. Summing this over all values of kgives the equation 4.1.4.4.1 Delay Bound for Single NodeFor a stream, say i whi
h is 
ontinuously ba
klogged in the interval [0; t℄ we haveSi(t) � gXk=1[bt� �(bik)2k 
+ 1℄bik (4.2)
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 RRR s
heduler and work-
onserving RRR. Theequation is true even in the presen
e of phase ex
hanges des
ribed in se
tion 4.3.2.This gives the following upper bound (di) for delay.Theorem 4.4.1 (Single node delay bound) The delay bound di of a stream i,whi
h is 
ompliant to the leaky bu
ket parameters (�imax; r) is given by:di � 1ri (�imax + 
i) (4.3)where ri is the rate allo
ated to the stream si
h that ri � r and 
i is the 
ount ofnumber of ones in the normalized binary representation of rate ri.We use the notation shown in Table 4.1 in our proof. Let b(t) be a boundingburstiness fun
tion of the stream under 
onsideration (see Chapter 2). This fun
tionwas de�ned in [24℄ and in Chapter 2. Let r be the allo
ated rate of RRR s
hedulerfor s
heduling the 
ompliant stream. The rate r should be 
hosen 
arefully while per-forming admission 
ontrol as it might a�e
t the network utilization. Some guidelinesto 
hoose r are des
ribed in Chapter 2. For 
onstant rate streams r 
ould be 
hosenwhi
h is 
lose to the bit rate of the stream. The rate r of the 
ompliant stream 
antake arbitrary value in [0; 1). Given rate r, it is desirable to pi
k ra > r su
h that thenumber of times 1 o

urs in the g bit binary representation of r is minimized withoutadding signi�
antly to the overhead. Su
h a sele
tion 
an further minimize the jitterintrodu
ed in the stream by the s
heduler.Without loss of generality, we assume that the busy period, in whi
h a 
ell in
ursmaximum delay, starts at time t = 0. Also assume that the value of time t is limitedto this busy period. Let A(t) be the number of 
ells of a 
ompliant stream arrivedin the interval [0; t℄. Assume that the 
ell arrived at time t0 su�ers the maximums
heduling delay.Let d be the delay of 
ell arriving at time t0. This implies that all the traÆ
arriving in the interval [0; t0℄ is servi
ed exa
tly till time t + d. Therefore,A(t0) = S(t0 + d) (4.4)



110 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULERSubstitution of S(t) of Eq.( 4.2) in Eq.( 4.4), after some manipulation, yieldsPgk=1[b t0+d��(bk)2k 
+ 1℄bk � A(t0) (4.5)) Pgk=1[ t0+d2k ℄bk � 
 � A(t0) (4.6)) rd+ rt0 � 
 � A(t0) (4.7)Sin
e A(t) � b(t) we get rd � b(t0)� rt0 + 
 (4.8)The burst size is de�ned as �max = maxt(b(t) � rt). Substituting �max in aboveequation we get rd � �max + 
 (4.9)) d � 1r [�max + 
℄ (4.10)After de-normalization, when the unit of rate is 
ells per se
ond and the unit of�max is number of 
ells, the above equation gives the delay bound in se
onds.The worst 
ase delay (for 
ompliant streams) is given by Eq.( 4.10). It may benoted that Eq.( 4.2) gives a lower bound on S(t). Therefore, the same proof appliesto the work-
onserving RRR and the RRR with dynami
 addition and removal ofstreams (This inequality would hold true in phase shift operation needed to unfrag-ment the rate of the null stream).The term �imaxri is be
ause of inherent burstiness of the traÆ
 being s
heduled,and the term 
iri is be
ause of the non uniformity in the output s
hedule.Compare this bound with that of \optimal fair s
heduler" WFQ whi
h is 1ri (�imax+1). Typi
ally the burst size is large as 
ompared to the parameter 
i. For instan
eassume a stream of MPEG video of rate 5 Mbps (r = 11:8K ATM 
ells per se
ond),and burst size of 10KB (189 
ells) is s
heduled by RRR s
heduler with 16 bits of rateallo
ation. The total delay bound would be 17:2ms. The 
orresponding bound forWFQ s
heduler is 16:1ms.



4.4. MAIN PROPERTIES OF RRR SCHEDULER 1114.4.2 Delay Bound for Multiple NodesTheorem 4.4.2 (Network delay bound) If a stream 
ompliant with leaky bu
ketparameters (�max; r) passes through N nodes with rate allo
ation of rj � r at nodej, then its end-to-end delay bound d is given by:d � 1r (�max + 2 NXk=1 
k) (4.11)where 
j is the 
ount of number of ones in the normalized binary representation of rj.Consider a stream a
ross N nodes in the network. Assume basi
 RRR s
heduleris being used at ea
h node. Let the rate allo
ated to the stream at various nodes be(r1; r2; : : : ; rN). For te
hni
al reason we assume that r1 � r2 � r3 : : : � rN 2. Weprove delay bound by �rst showing that output stream is 
ompliant to a leaky bu
ketparameter. The delay bound for single node 
ase is then used to bound the delay atea
h node.A stream s
heduled by basi
 RRR s
heduler 
omplies to leaky bu
ket parameter(
; r). The number of 
ells arriving in time interval (0; t℄ is equal to S(t). For basi
RRR, S(t) � gXk=1[bt� �(bk)2k 
+ 1℄bkSimpli�
ation of above yields: S(t) � rt+ 
Therefore, the output stream 
omplies to leaky bu
ket with parameter (
; r). Theoutput stream of �rst node 
omplies to leaky bu
ket with parameters (
1; r1). So thedelay at se
ond node is bounded by 1r2 (
1 + 
2). Summing this over all k, after somesimpli�
ations yields an end to end delay bound of1r1 (�max + 2 NXk=1 
k)In many situations, this bound is 
lose to that of network of GPS s
hedulers asthe term �maxr dominates the expression.2We show in next 
hapter that tighter network delay bounds ( 1r (�max+PNk=1 
k)) 
an be obtainedusing the theory of laten
y-rate servers [117℄. The assumption of monotoni
ally in
reasing rate alongthe path is also not required.



112 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULER4.4.3 Bu�ers Needed at Intermediate NodesThe output stream of basi
 RRR s
heduler is smooth. As a result a bound on numberof bu�ers needed at an intermediate node to guarantee zero 
ell loss is obtained.At node k, maximum ba
klog Bk(t) is bounded by Sk(t) � Ak(t). The arrivalAk(t) satis�es Ak(t) � rk�1t+ 
k�1For a busy period beginning at t � 0, the output Sk(t) satis�esSk(t) � rkt� 
kIf rk = rk�1 then Bk(t) � 
k�1 + 
kThe maximum ba
klog is also a bound on the bu�er required.At link j, 
j�1 + 
j 
ells of bu�er is needed to guarantee zero 
ell loss. Thus, if20 bits of rate representation is used, then an average of 20 
ells of bu�er per streamwould be needed at intermediate nodes.4.4.4 Fairness PropertiesIn 
ase a link is under-utilized by streams s
heduled on it, the remaining link 
apa
ityshould be distributed to a
tive (or ba
klogged) streams fairly, i.e. in proportion oftheir allo
ated rate [100℄. Ideally, if stream i and stream j are 
ontinuously ba
kloggedin the interval [t1; t2℄ then amount of servi
e in the interval should be related by:Si(t1; t2)ri = Sj(t1; t2)rj (4.12)In pra
ti
e it is impossible to a
hieve ideal fairness be
ause of 
ell boundaries. Soa measure of fairness, 
alled \servi
e fairness index" (SFI) is de�ned to quantify thefairness. SFI = maxt1;t2 j Si(t1; t2)ri � Sj(t1; t2)rj j (4.13)Small values of SFI 
orrespond to more fairness. SFI = 0 
orresponds to idealfairness.
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e fairness index) The servi
e fairness index (SFI) forwork-
onserving RRR is given by: 
iri + 
jrj (4.14)If two streams i and j are 
ontinuously ba
klogged in the interval (t1; t2℄ and therate allo
ated to them is ri and rj and Si(t1; t2) and Sj(t1; t2) is the number of 
ellsof stream i and stream j s
heduled by the RRR s
heduler in the interval (t1; t2℄ thenSFI is de�ned as: SFI = maxt1;t2 j Si(t1; t2)ri � Sj(t1; t2)rj jWithout loss of generality, assume that SFI is maximized when t1 = 0. Let Si(t)denote Si(0; t). Let v(t) be the number of leaves of the s
heduling tree visited in time(0; t℄. v(t) is similar to the notion of virtual time used in the 
ontext of fair s
hedulers(like weighted fair queueing). Note that v(t) = t is all the streams are 
ontinuouslyba
klogged in the interval [0; t℄. We �rst lower bound Si(t)ri as follows:Si(t) = gXk=1[bv(t)� �(bik)2k 
 + 1℄bik (4.15)� gXk=1[v(t)� �(bik)2k ℄bik (4.16)� v(t)[ gXk=1 bik2k ℄� 
i (4.17)� v(t)ri � 
i (4.18)) Si(t)ri � v(t)� 
iri (4.19)Similarly, we upper bound Si(t)ri asSi(t)ri � v(t) + 
iri (4.20)Equations 4.19 and 4.20 give)j Si(t)ri � Sj(t)rj j � (
iri + 
jrj ) (4.21)) SFI = (
iri + 
jrj ) (4.22)



114 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULEREquation 4.22 gives a bound on servi
e fairness index of work-
onserving RRR.The bound on SFI in
reases linearly with in
reasing granularity, as 
i and 
j arebounded by g.Another measure of fairness is based on the worst 
ase delay for 
learing theba
klog of a stream's queue. A s
heduler has worst 
ase fair index (WFI) of Ciri forstream i if Ci is the smallest number satisfying the equation:Si(t1; t2) � (t2 � t1)ri � Ci (4.23)The normalized worst 
ase fair index would be Ci. This measure is importantin hierar
hi
al s
heduling [129℄. The delay bound of hierar
hi
al s
heduler in
reaseswith in
reasing WFI.Theorem 4.4.4 (Worst 
ase fairness index) The worst 
ase fariness index (WFI)of work-
onserving RRR s
heduler is bounded by 
iri .If Ci is the smallest number satisfying the equation:Si(t1; t2) � (t2 � t1)ri � Ci (4.24)then WFI = Ciri .Sin
e v(t) � t, Eq.( 4.18) yieldsSi(t) � tri � 
i (4.25)So WFI for stream i is bounded by 
iri . Normalized WFI is bounded by 
i, whi
hin turn is bounded by g, the granularity of rate allo
ation.4.4.5 Bounds for Variable Pa
ket Size S
hedulerThe most important property for proving bounds for the variable pa
ket size s
heduleris that the servi
e given to a node is divided almost equally among its 
hildren. Thefollowing theorem des
ribes this property for the binary RRR s
heduler.



4.4. MAIN PROPERTIES OF RRR SCHEDULER 115Theorem 4.4.5 If S(t1; t2) is the amount of servi
e given to a node in interval [t1; t2℄and Sl(t1; t2) and Sr(t1; t2) are the portion of this servi
e given to its left and right
hild respe
tively, then:12S(t1; t2)� Smax � Sl(t1; t2) � 12S(t1; t2) + Smax (4.26)12S(t1; t2)� Smax � Sr(t1; t2) � 12S(t1; t2) + Smax (4.27)where Smax is the maximum size of pa
kets in the network.Let S(t); Sl(t) and Sr(t) represent the amount of servi
e given to a node and itsleft and right 
hild respe
tively in the interval [0; t℄. Note that if there is no pa
ketwaiting to be served at a leaf, then we give some virtual servi
e to the leaf (and itsparent nodes) and either serve a pa
ket from the best-e�ort queue, or move to thenext s
hedule. The servi
e S(:) represents the sum of real and virtual servi
e givento the nodes. The amount of servi
e given to a node is divided among its left 
hildand right 
hild. Therefore, S(t) = Sl(t) + Sr(t) (4.28)If the node is visited during tree traversal, its 
hild with less servi
e re
eived willalso be visited. This implies, the servi
e given to a node will always be passed tothe 
hild whi
h has re
eived less servi
e. The maximum non preemptable unit of thisservi
e is Smax and in the beginning (at t = 0) every node is initialized to indi
ateequal (zero) servi
e re
eived. Thus we have the following lemma.Lemma 4.4.1 The absolute di�eren
e between servi
e given to left and right 
hild ofa node is bounded by the maximum pa
ket size. Mathemati
ally:j Sl(t)� Sr(t) j� Smax (4.29)We prove this lemma by indu
tion. Let �k be the time instant just after the node isvisited for the kth time (�0 = 0). We apply indu
tion on k. The base 
ase when � = 0is trivially satis�ed sin
e sl(0) = sr(0) = 0. Assume that the indu
tion hypothesis istrue for a given k. Thus: j Sl(�k)� Sr(�k) j� Smax (4.30)



116 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULERAssume that Sl(�k) > Sr(�k) (4.31)Now, when the parent node is visited for the k + 1th time, the servi
e is given to itsright 
hild be
ause Sr(�k) is smaller. The maximum quantum of servi
e is boundedby Smax. Therefore we have: Sr(�k+1) � Sr(�k) + Smax (4.32)Sl(�k+1) = Sl(�k) (4.33)) Sr(�k+1) � Sl(�k) + Smax (4.34)= Sl(�k+1) + Smax (4.35)) Sr(�k+1)� Sl(�k+1) � Smax (4.36)From Eq. 4.30 and 4.31 we also haveSl(�k)� Sr(�k) � Smax (4.37)Sin
e Sl(�k+1) = Sl(�k) and Sr(�k+1) > Sr(�k) we haveSl(�k+1)� Sr(�k+1) � Smax (4.38)Combining Eq. 4.36 and 4.38 we getj Sl(�k+1)� Sr(�k+1) j� Smax (4.39)The 
ase when Sl(�k) < Sr(�k) is symmetri
 and 
an be proven is exa
tly the sameway. When Sl(�k) = Sr(�k) then the tie is broken arbitrarily and servi
e is given toone of the 
hildren. The maximum amount of servi
e is bounded by Smax, thereforewe 
an again 
laim that j Sl(�k+1) � Sr(�k+1) j� Smax. This shows that if indu
tionhypothesis is true for any k, it is also true for k+1. Therefore it is true for all valuesof k. This 
ompletes proof of the lemma.The following lemma will establish Theorem 4.4.5.



4.4. MAIN PROPERTIES OF RRR SCHEDULER 117Lemma 4.4.2 The amount of servi
e given to a node is divided among its left 
hildand right 
hild a

ording to the following equation:12(S(t)� Smax) � Sl(t) � 12(S(t) + Smax) (4.40)12(S(t)� Smax) � Sr(t) � 12(S(t) + Smax) (4.41)There are two 
ases. In 
ase Sl(t) � Sr(r) then Eq. 4.29 may be written as:Sl(t)� Sr(t) � Smax (4.42)) Sr(t) � Sl(t)� Smax (4.43)Substituting this value of Sr(t) in Eq. 4.28 we get:Sl(t) + Sl(t)� Smax � S(t) (4.44)) Sl(t) � 12(S(t) + Smax) (4.45)Also sin
e Sl(t) � Sr(t) Eq. 4.28 gives:2Sl(t) � S(t) (4.46)) Sl(t) � 12S(t) (4.47)Therefore 12S(t) � Sl(t) � 12(S(t) + Smax) (4.48)Substituting Sl(t) from Eq. 4.28 we get12(S(t)� Smax) � Sl(t) � 12S(t) (4.49)The above two equations may be rewritten in the form of Lemma 4.4.2. The other
ase when Sl(t) � Sr(t) is symmetri
 and a similar proof applies. This 
ompletes ofproof of Lemma 4.4.2.The servi
e given to any node in an interval [t1; t2℄ may be written as:S(t1; t2) = S(t2)� S(t1) (4.50)Sl(t1; t2) = Sl(t2)� Sl(t1) (4.51)Sr(t1; t2) = Sr(t2)� Sr(t1) (4.52)



118 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULERUsing the above equations and Lemma 4.4.2 we get Theorem 4.4.5.Using Theorem 4.4.5, su

essively on the des
endents of a node, we 
an establisha relationship between the servi
e given to a node and another node in its subtree.Theorem 4.4.6 The servi
e S(t1; t2) given to a node and the servi
e given to anothernode Sn(t1; t2) in its subtree are related by:S(t1; t2)� 2Smax(1� 12n ) � Sn(t1; t2) � S(t1; t2) + 2Smax(1� 12n ) (4.53)where n is the di�eren
e between the depths of the two nodes.Note, if n = 1 then nodes have parent 
hild relationship and Theorem 4.4.5 be
omesa spe
ial 
ase of the Theorem 4.4.6.Therefore, the amount of servi
e (real and virtual) given to stream i in interval[t1; t2℄ is given by: Si(t1; t2) � gXk=1 bk2k (S(t1; t2)� 2Smax) (4.54)= ( gXk=1 bk2k )S(t1; t2)� 2
iSmax (4.55)= ril l(t2 � t1)� 2
iSmax (4.56)= ri(t2 � t1)� 2
iSmax (4.57)If stream i is 
ontinuously ba
klogged in the interval [t1; t2℄ then all its servi
e re
eivedwill be real servi
e. Therefore Eq. 4.57 
an be used to 
ompute delay and farinessbounds for the variable pa
ket size RRR s
heduler. Note the term 2
iSmax in theright hand side of Eq. 4.57. The properties like delay bound, laten
y, bu�er boundand fairness properties all depend dire
tly on this term. The laten
y of this s
heduleris equal to 2
iri Smax, the bu�er bound at intermediate nodes is equal to 2
iSmax andthe SFI is 2( 
iri + 
jrj )Smax and WFI is 2 
iriSmax. Most of the properties of variablepa
ket size s
heduler are double of the 
orresponding properties of the �xed pa
ketsize s
heduler.
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heduler Laten
y SFI WFI ImplementationGPS [100℄ 0 0 0 ImpossibleWFQ [26℄ Siri + Smaxr O(max Siri ) O(n) O(n)WF2Q [8℄ Siri + Smaxr O(max Siri ) Siri O(n)Virtual Clo
k [131℄ Siri + Smaxr 1 1 O(logn)SCFQ [52℄ Siri + Smaxr (n� 1) O(max Siri ) O(logn)SPFQ [118℄ Siri + Smaxr O(max Siri ) O(n) O(logn)WF2Q+ [129℄ Siri + Smaxr O(max Siri ) Siri O(logn)FFQ [116℄ Siri + Smaxr O(F ) O(F ) O(logn)HRR [68℄ O(F ) O(1)DRR [111℄ O(F ) O(F ) O(n) O(1)RRR [44℄ g Siri gO(max Siri ) g Siri O(g)RRR-Variable 2g Siri 2gO(max Siri ) 2g Siri O(g)Table 4.2: Comparison of properties of RRR.4.4.6 Comparison with Other S
hedulerTable 4.2 lists the main properties of RRR along with that of other s
hedulers. Thelaten
y, SFI and WFI for GPS s
heduler are all zero. The GPS is a hypotheti
als
heduler based on the 
uid 
ow model whi
h 
annot be realized in pra
ti
e. TheWFQ is an approximation of GPS for s
heduling dis
rete pa
kets, but is not idealfor hierar
hi
al s
heduling, as it has a high WFI. The WF2Q has been shown to bethe 
losest pa
ket-by-pa
ket approximation of GPS [8℄. However, it is diÆ
ult toimplement WF2Q in real pra
ti
e as its implementation requires a simulation of theoriginal GPS algorithm. An implementation of WF2Qmay take O(n) time to s
hedulea pa
ket in the worst 
ase. All these algorithms �rst stamp a pa
ket with a tag (basedon the simulation of the GPS) and then insert the pa
ket in a sorted priority queue.The pa
kets are s
heduled in in
reasing order of their tags. The algorithm to 
al
ulatethe timestamp takes O(n) time in these algorithms. The Virtual Clo
k, self 
lo
kedfair queueing (SCFQ), start potential fair queueing (SPFQ) s
heduler have a simpleralgorithm for 
al
ulation of this tag, but these algorithms do not have good fairness



120 CHAPTER 4. RRR: RECURSIVE ROUND ROBIN SCHEDULERproperties. The WF2Q+ algorithm has a fast tag 
al
ulation algorithm and has gooddelay and fairness properties, but in order to sele
t a pa
ket, the s
heduler needs tosort all the pa
kets on the basis of their tags. This may takeO(logn) time, in the worst
ase to s
hedule a pa
ket whi
h may be una

eptable. The frame based s
hedulingalgorithms like frame based fair queueing (FFQ), hierar
hi
al round robin (HRR),de�
it round robin (DRR) are faster, but most of their delay and fairness propertiesare dire
tly proportional to their frame size (F ). This means the the frame size needsto be kept small for good delay and fairness properties. A small frame size limitsthe rate allo
ation granularity. In most of the 
ases the rate allo
ation granularity isre
ipro
al of the frame size. This may lead to under utilization of bandwidth due torate over allo
ation. In 
ase of basi
 RRR s
heduler, the s
hedule is repeated aftera period of 2g (if �xed point rate representation is used). Thus it may be viewedas a frame based s
heduler with a frame size of 2g. All the properties of the RRRs
heduler are proportional to the rate granularity (g), whi
h may be viewed as the logof the frame size. RRR trades a little of speed for mu
h improved delay and fairnessproperties as 
ompared to the frame based s
hedulers. The basi
 operations in 
aseof RRR are simple bit manipulations, as a result of whi
h it is suitable for high speedimplementation.4.5 Variants of RRRNow we are ready to introdu
e and dis
uss variants of RRR.4.5.1 With k-way bran
hing: k-ary RRRIn k-ary RRR s
heduler, the s
heduling tree is not binary. The degree of the s
hedul-ing tree is k. In order to s
hedule one 
ell, the tree is traversed re
ursively startingfrom the root node. Every non-leaf node 
ontains an index whi
h takes a value from0 to k � 1. The index is initialized to 0. For any internal node, the 
hild pointed bythe index of the node is re
ursively visited. The index of the node is in
remented by1 (mod k), ea
h time the node is visited.



4.5. VARIANTS OF RRR 121In 
ase of the k-ary variant of the variable pa
ket size RRR, while traversing thetree, the s
heduler attempts to equalize the servi
e given to all the 
hildren of a node.Thus, every time a node is visited, the 
hild re
eiving the minimum servi
e is sele
tedfor traversal. As a result the servi
es given to any node in a given time interval,remain fairly 
lose to its share.The properties of the k-ary s
heduler 
an be derived along the lines of binarys
heduler. The normalized rate is now represented in base k. The delay bound, SFIand WFI are now proportional to the sum of digits in the normalized representation.In general, these bound are a fa
tor k � 1 larger (in the worst 
ase) than that ofbinary s
heduler (assuming that s
heduling trees of same depth are used). In 
ertainspe
ial 
ases, for instan
e when the set of normalized rates are a power of 1=k, thebounds for k-ary RRR may be
ome better than that of binary RRR.4.5.2 Generalized RRRIn generalized RRR, the degree of nodes at di�erent levels of the tree 
an be di�erent.For ea
h level l there is a degree parameter dl. Ea
h internal node at level l has dl
hildren. The s
heduling tree is traversed re
ursively as in the k-ary RRR s
heduler,ex
ept that the parameter index of a node at level l 
an take a value from 0 to dl� 1.The index at level l is in
remented modulo dl. The variable pa
ket size s
heduleralways sele
ts the 
hild with minimum servi
e re
eived.4.5.3 Re
ursive Tree Based S
hedulingThis is the most general form of re
ursive s
heduling. In this 
ase the s
hedulingtree 
an be arbitrary. Ea
h node in the tree 
ontains the 
ount of the number of its
hildren. In order to s
hedule a 
ell the tree is traversed re
ursively. While visiting aninternal node, its index is in
remented modulo its number of 
hildren. The tree neednot be stati
. New internal nodes of di�erent degrees 
an be 
reated when needed.The nodes at various parts in the tree 
an be brought together and 
ombined into asingle node. In order to s
hedule variable pa
ket sizes, while des
ending the tree, thes
heduler sele
ts the 
hild with minimum servi
e re
eived.
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ursive DAG Based S
hedulingIt is also possible to traverse a dire
ted a
y
li
 graph (DAG) with a unique root (nodewith zero indegree) in a re
ursive round robin manner. At every step the s
hedulerstarts with the root and des
ends down the DAG to rea
h a leaf (node with zerooutdegree). Ea
h node stores an index to keep tra
k of the last visited de
endent.Ea
h time a node is visited, the de
endent 
orresponding to its index is traversed andthe index is in
remented (modulo node's outdegree).The servi
e given to a node is equally divided among its de
endents. The normal-ized servi
e rate of root is one. This information 
an be propagated down the DAGto 
ompute the normalized servi
e rate of ea
h node.The properties of re
ursive DAG based s
heduler 
an be derived along the samelines as that of binary RRR. The delay and fairness properties of a stream dependupon the number of leaves of DAG allo
ated to it.4.5.5 Hierar
hi
al S
hedulingThe s
hedulers dis
ussed so far s
hedule streams on an output link. It may be usefulto s
hedule a set of input streams to get an output stream. There may be a number ofsu
h s
hedulers generating a number of output streams. These streams 
an in turn bes
heduled by another s
heduler on a link. This pro
ess 
an be repeated hierar
hi
allyover a number of levels. The motivation behind building su
h s
hedulers is to usesimple s
hedulers like stati
 priority, RRR et
. as basi
 building blo
ks so as to
onstru
t hierar
hi
al s
hedulers whi
h meet the desired requirements. This idea �rstappeared in the rate 
ontrol stati
 priority s
heduler as des
ribed in [128℄ and waslater re�ned and formalized for the fair queuing algorithms in [129℄. work-
onservingRRR has a bounded worst 
ase fairness index (WFI). Therefore, the 
orrespondinghierar
hi
al s
heduler approximates H-GPS. As a result, RRR 
an be dire
tly appliedto implement 
on
epts su
h as link sharing.Finally it is noted that the variants of RRR dis
ussed above in this se
tion sharemost of the good properties of the basi
 RRR algorithm outlined in the 
hapter,namely, simpli
ity, support for wide rate range, ease of hardware and software imple-
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RRR Scheduler

Input Stream Output Link (156 Mbps)
Upto 6 MbpsFigure 4.14: Simulation s
enario.mentation and possibility of distributed implementation. The proofs of fairness anddelay bound 
an be easily extended to these variants.4.6 Simulation ResultsIn this se
tion, we present some preliminary simulation results for RRR. The sim-ulation s
enario 
onsists of several input streams s
heduled on same output link asshown in Figure 4.14. Input streams are 
hosen from a uniform distribution between1 and 6Mbps (6Mbps is expe
ted bit rate of MPEG-II streams). The streams ares
heduled on a syn
hronous output link of 156Mbps. Fifteen bits were used to rep-resent a rate, to ease the simulation on 32 bit 
omputers. Note that the basi
 RRRalgorithm provides perfe
t isolation. The delay of a 
ell of a stream is independent ofarrival pattern of 
ells of other streams. Therefore the delay distribution of 
ells of asingle stream will remain same irrespe
tive of the 
ross traÆ
.While 
onstru
ting the s
heduling tree, the phase at ea
h level was assigned ran-domly. They were repeated a number of times with di�erent seeds of random numbergenerator to make sure that the results are 
onsistent and the simulations are 
orre
t.Figure 4.15 shows the delay of su

essive 
ells of a stream for a part of a simulatedperiod.Figure 4.16 plots the statisti
al delay distribution of 
ells of the stream. The X-axis represents the delay of 
ells whi
h varies from zero to the theoreti
al delay bound.The Y-axis plots the 
umulative number of 
ells having delay in the 
orrespondingrange. It was found that with the random phase allo
ation, the delay bound was neverrea
hed. However with a spe
i�
 phase allo
ation the tail of the delay distributionapproa
hed 
lose to the theoreti
al delay bound.The statisti
al delay distribution of 
ells of the stream was found to be a bell
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Figure 4.16: Distribution of delay of 
ells.shaped 
urve, with maximum delay less than the delay bound. With the randomphase allo
ation, the delay bound was never rea
hed, but the simulation showed thatthe delay bounds were reasonably tight.4.7 Implementation ConsiderationsIt may be noted that the number of leaves in the tree is bounded by g times thenumber of streams being s
heduled (N). Therefore the spa
e requirement for thes
heduler to store the s
heduling tree is bounded by 2Ng.In order to s
hedule a 
ell, the s
heduler des
ends down the s
heduling tree to a



4.7. IMPLEMENTATION CONSIDERATIONS 125leaf. The height (the maximum level of a node in the tree) of the tree is bounded by g.Thus, in the worst 
ase, a naive implementation will take no more than g operationsto s
hedule a single 
ell.However, 
lever implementations 
an give better performan
e in terms of the timeneeded to s
hedule a 
ell. Given a binary RRR s
heduling tree with any rate allo
ationfor streams, it is straightforward to 
onstru
t a 
orresponding 4-ary RRR s
hedulingtree by merging nodes at every odd level of the binary tree with their parent, su
hthat the s
hedule generated by the binary and 4-ary s
hedulers on the 
orrespondingtree is identi
al. The tree is 
onstru
ted starting from the root node and 
ollapsingtwo levels of the binary RRR tree into a single level of 4-ary tree. In 
ase there is aleaf node in the �rst level of the binary RRR tree, two 
opies of the node are madein the 4-ary tree. The four 
hildren of the root node in the 4-ary s
heduling tree arepositioned so that they are visited in the same order as in the binary RRR tree. Thispro
ess is 
ontinued till all the nodes (in
luding leaves) of the binary RRR tree are
ollapsed into the 4-ary s
heduling tree.The height of 4-ary tree will be g2 . As a result, g2 operations are needed in orderto s
hedule one 
ell. This improvement in the number of operations is at the 
ost ofa fa
tor 43 in
rease in spa
e needed to store the 4-ary s
heduling tree. The numberof leaves in 4-ary s
heduling tree are bounded by two times the number of leaves of
orresponding binary tree i.e. 2N
. The number of internal nodes in the 4-ary treewill be 432N
. There is a 43 fa
tor in
rease in storing spa
e to redu
e the number of op-erations in s
heduling a 
ell by fa
tor of two. For any software implementation, thereis a tradeo� between time required to s
hedule a 
ell, amount of memory available tos
heduler to maintain its data stru
tures.For the �xed point rate representation, both the spa
e requirements and the num-ber of operations to s
hedule a 
ell are dependent on the maximum number of streamsto be s
heduled (N), and the the rate granularity (g) is 
lear from the above expres-sions. Similarly for the 
oating point rate representation, the rate range (the maxi-mum value the exponent of rate 
an take) will also be a fa
tor in the dependen
e.The basi
 unit of a 
ounter based hardware implementation of the RRR s
heduleris shown in Figure 4.17. There is one su
h unit for ea
h leaf node in a binary s
heduling
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Figure 4.17: The basi
 unit of a suggested hardware implementation of RRR s
hed-uler.tree. The output of ea
h su
h unit is 
onne
ted to the same tri-state bus. Let E be themaximum range whi
h the exponent of the normalized rate 
an take. The maximumdepth of s
heduling tree is bounded by E + g. The 
ounter and 
omparator has awidth of E+g. Every 
ounter is initialized to (2level�phase) of its 
orresponding leaf.The level of the leaf and its stream number are stored in 
orresponding registers uponinitialization. All the 
ounters are 
lo
ked by the same 
lo
k and are in
rementedevery 
lo
k 
y
le. As soon as the 
ounter rea
hes a value of 2level, it is reset to 0 andthe asso
iated stream number is output to the tri-state bus. If the phases and level ofea
h 
ounter is initialized in a

ordan
e with the s
heduling tree, then at ea
h 
lo
k
y
le, exa
tly one 
ounter is guaranteed to reset and output its 
orresponding streamnumber at the tri-state bus. This output is exa
tly same as the s
hedule generatedby the RRR s
heduling tree. This 
an be used to sele
t the appropriate output queueto 
opy 
ells to the output link.Corresponding to the Ng leaves in a s
heduling tree, there areNg 
ounters and thesame number of asso
iated registers. Ea
h 
ounter 
ounts up to 2E+g�1. Ea
h registerwill store the phase information of E+ g bits, the level information of log(E+ g) bitsand the stream number of logN bits.The amount of logi
 needed for this implementation is Ng(E+g) for the 
ounters,Ng(log(E + g) + logN) for the registers and Ng(E + g) for the 
omparator. Thespeed of this hardware implementation depends upon the delay of the tri-state busand the 
lo
k skew. The delay of the tri-state bus as well as the 
lo
k skew depends



4.8. CONCLUSIONS 127upon Ng. We believe that it is possible to implement su
h a hardware at very high
lo
k speeds.4.8 Con
lusionsA simple and new s
heduling algorithm 
alled re
ursive round robin (RRR) has beendes
ribed in this 
hapter. This s
heduler 
an be used to s
hedule streams on a linkwith 
ertain 
onstraints. The s
heduling algorithm guarantees a delay and jitterbound on 
ompliant streams. Proofs of delay bound and jitter bound are providedfor generi
 traÆ
 des
riptors. Several variants of the RRR s
heduling algorithm, in-
luding the variable pa
ket size s
heduler are des
ribed. It has been shown that thework-
onserving version of the RRR is fair. Bounds on two di�erent fairness indi
esare analyti
ally derived. Be
ause of bounded worst 
ase fairness index, it is arguedthat hierar
hi
al s
heduler derived from work-
onserving RRR approximates H-GPS.It would be easy to generalize this result to other work-
onserving variants of RRR.Proof of worst 
ase delay bound remains valid for the work-
onserving RRR. Imple-mentation tradeo�s for hardware and software implementation have been dis
ussed.Proof of delay bound has been supplemented by simulations. The delay boundproven for the RRR s
heduling algorithm is tight but there is a room for furtherimprovement by �nding eÆ
ient node allo
ation strategies. Another area that thiswork 
an further be extended is to study the detailed performan
e for those proposedvariants of the basi
 RRR.Be
ause of its bounded delay, bounded bu�er and bounded fairness properties,the RRR s
heduling algorithm is suited for s
heduling pa
kets in real-time networks.Simpli
ity, low implementation 
omplexity, and possibility of very high speed imple-mentations, make this algorithm parti
ularly suitable for ATM networks. Softwareimplementation may be deployed in network interfa
e 
ards whereas hardware imple-mentation is well suited for high speed ATM swit
hes and high end network interfa
e
ards.Appli
ation of RRR algorithm in designing media a

ess 
ontrol (MAC) proto
olfor wireless ATM networks is an area of further work. It is possible to implement
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e RRR already provides guaranteed QoS andgood fairness properties, a distributed implementation 
an a
t as a MAC proto
olwhi
h in addition to high link utilization, also provides QoS guarantees to individual
onne
tions.



Chapter 5
S
hedulers for Bounded DelayServi
e in Virtual Networks
Virtual networking is an important step in the evolution of data networks. It allowsqui
k deployment of new servi
es over lega
y networks, eases network operation andmanagement by hiding the unne
essary details and presenting a simpli�ed topology,allows development of experimental proto
ols in a 
ontrolled and safe environmentand eases interoperability between networks of di�erent types.Providing QoS guarantees to real-time appli
ations in virtual networks is as impor-tant as in physi
al networks. For example, future 
orporate virtual private networks(VPN) will 
arry real-time voi
e and video 
onferen
e data along with the regularappli
ation data. In order to su

essfully transport this voi
e, video and multimediadata, QoS guarantees must be provided to su
h traÆ
. Most of the resear
h in vir-tual networks has been fo
used on developing new servi
es or managing the virtualnetworks more eÆ
iently. For instan
e, Virtual Private Networks [109℄ over the In-ternet are used by 
orporations for enhan
ed se
urity. The Geoplex system [91℄ is anIP based servi
e platform that o�ers support for rapid automated deployment andmanagement of overlay networks. The ongoing work in the Genesis proje
t [124℄ andthe Nets
ript proje
t [36℄ aim towards developing programmable virtual networks.TraÆ
 
hara
terization and admission 
ontrol fun
tions needed for providing QoSguarantees are not dependent on lower layer fun
tions of the network. Therefore129
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an be applied to virtual networks just as they are applied in physi
al networks.However the s
heduling algorithms and their properties heavily depend on how thetraÆ
 is a
tually transported. Therefore, there is a need to reexamine the s
hedulingalgorithms in the 
ontext of virtual networks.The resear
h related to s
heduling algorithms for virtual networks has been lim-ited. In [38, 129, 8, 9, 120℄ the 
on
ept of link sharing and pa
ket s
heduling algo-rithms to implement link sharing have been proposed. These algorithms hierar
hi
allypartition the link bandwidth into several 
lasses while providing bounded delay andrate guarantees to traÆ
 from ea
h sub
lass. Appli
ation of link sharing to build QoS
apable virtual networks, where a virtual link is realized by a sequen
e of logi
al linkshas not been dis
ussed.While providing QoS in a virtual network, it is desirable to maintain the par-titioning introdu
ed by the virtual network. The physi
al network should keep thestate information only for the tunnels, not for individual sessions of virtual network.The entire traÆ
 of a tunnel should be transported as if it was a single session of thephysi
al network. We dis
uss this approa
h in this 
hapter. An alternative approa
h
ould be to tag ea
h pa
ket with the QoS required by it (like delay bound or priority)and s
hedule the pa
kets individually at the physi
al network [21℄. This approa
his 
urrently not pra
ti
al as it requires signi�
ant per pa
ket pro
essing. The di�er-entiated servi
es working group [11℄ has proposed a s
heme for tagging pa
kets withtheir QoS. The s
heme is still evolving and its extension to virtual networks is yetto be explored. Another approa
h 
ould be to maintain, at every physi
al link, stateinformation 
orresponding to ea
h session of the virtual network passing through thelink and manage sessions individually at physi
al network. This not only introdu
ess
alability 
on
erns, but also requires integration of virtual network signaling withthat of the physi
al network. In addition, it requires that the s
hedulers at ea
h nodein the physi
al network distinguish between traÆ
 of di�erent sessions in the virtualnetwork, whi
h may not be possible be
ause of traÆ
 aggregation.We �rst des
ribe an abstra
t model of virtual networks in Se
tion 5.1. Based onthis model we show, in Se
tion 5.2 that work-
onserving s
hedulers 
an not providebounded delay to sessions of virtual network. We show that if work-
onserving s
hed-



5.1. VIRTUAL NETWORKS 131ulers are used at every pla
e of 
ontention in the network, then misbehaving sessions
an a�e
t QoS guarantees of well behaved sessions sharing the same virtual link. Thisproblem arises when traÆ
 at a rate larger than the allo
ated rate is sent on a vir-tual link. We quantify this ex
ess traÆ
 as output burstiness and show that outputburstiness is an inherent lower bound on worst 
ase session delays. In Se
tion 5.3we extend the theory of laten
y rate servers to show how laten
y rate servers withbounded output burstiness may be used to provide bounded delays to sessions of vir-tual network. This gives a 
exible method for designing a generi
 
lass of s
hedulingalgorithms whi
h may be used in virtual networks. Be
ause of the output burstiness
onstraint, the bandwidth sharing among real-time traÆ
 is limited within the samevirtual link. In Se
tion 5.4 we brie
y dis
uss how best-e�ort traÆ
 
an utilize theresidual bandwidth to a
hieve more sharing. We also present an example of s
hedulerfor virtual networks in Se
tion 5.5. We summarize our results in Se
tion 5.6.5.1 Virtual NetworksA virtual network is a network overlaid on another physi
al network. The underlyingphysi
al network may have a 
ompletely di�erent nature. It may be of large size andmay have limited 
apabilities like poor se
urity support. The physi
al network maybe based on lega
y systems whi
h 
annot be upgraded. It may even be running a
ompletely di�erent set of proto
ols. Overlaying a virtual network over a physi
alnetwork helps in rapid 
reation and deployment of new servi
es over the lega
y net-work [124, 36, 91℄. The virtual network may provide enhan
ed se
urity [109℄, andbetter network management and 
ontrol fun
tions. Virtual networks may also beused to provide interoperability between networks of di�erent types.Some examples of virtual networks are an ATM network 
arrying virtual 
onne
-tions over virtual paths [16℄ (for simpler network operation and management), IP overATM networks (for interoperability), virtual private networks in the Internet [109℄and IPV6, and the MBONE and 6-bone virtual networks [30, 82℄ over the Internet(for deploying multi
ast servi
es over the lega
y network).Figure 5.1 shows a virtual network overlaid on a physi
al network. It 
onsists of
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Virtual Network
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Physical Links
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Figure 5.1: Example of a virtual network.virtual nodes overlaid on the physi
al nodes. The virtual nodes are 
onne
ted to ea
hother by virtual links. A virtual link is either a dire
t link or a path between twonodes in the physi
al network. Pa
kets arriving on a virtual node are forwarded tothe next virtual node via a virtual link. This forwarding de
ision is made by lookingup the pa
ket header and routing table of the virtual network. In order to forwarda pa
ket on a virtual link, it is �rst en
apsulated [57, 112℄ into one or more pa
kets(a pa
ket may have to be fragmented) of the physi
al network. These pa
kets aretagged with the required header needed to route them to the destination physi
al node
orresponding to the next virtual node and sent on the physi
al link. The pa
ketspass through a series of physi
al nodes whi
h lie in the path of the virtual link beforearriving at the next virtual node. At ea
h physi
al node, the pa
kets are forwardedbased on their header and routing tables in the physi
al network. At the destinationnode, the en
apsulated pa
ket of the virtual network is re
onstru
ted and given tothe virtual node.Thus, the pa
ket forwarding in a virtual network is done at two levels. At ahigher level, pa
kets are forwarded at virtual nodes to di�erent virtual links. Thisis done by en
apsulating and tagging them with the header spe
i�
 to the virtuallink to whi
h they are forwarded. At lower level, pa
kets are forwarded to di�erent
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al links based on their header and the routing tables of the physi
al network.Note that the initial paths of two di�erent virtual links starting at the same virtualnode may be the same (they may diverge only after traversing some 
ommon physi
alnodes). The physi
al network distinguishes between pa
kets of di�erent virtual linksby the information present in their headers. These headers are 
reated at the timeof en
apsulation and are spe
i�
 to the virtual link on whi
h the pa
kets have beenforwarded. Therefore pa
kets of di�erent sessions, when tunneled through the samevirtual link, have the same headers, and the physi
al network gives the same treatmentto all the traÆ
 of a virtual link.With this approa
h the 
omplexities of the physi
al network as well as the virtualnetwork are redu
ed. The physi
al network only needs to manage the aggregatedtraÆ
 in the form of tunnels and the virtual networks are presented with a simpli�edtopology, hiding the irrelevant details.5.2 Drawba
k of Traditional S
hedulersPa
ket s
heduling algorithms are key in providing QoS in any network. In most ofthe swit
hes and routers, there is a s
heduling algorithm at ea
h output queue whi
hde
ides the relative order in whi
h pa
kets from di�erent sessions are sent on thelink. By 
ontrolling this ordering, a s
heduler 
an give rate and delay guarantees toindividual sessions. There are a number of properties whi
h a s
heduler must satisfy.It must provide a lo
al delay bound, i.e., a bound on the maximum delay in
urred bypa
kets of a session in the output queue. Similarly a s
heduler must also bound thedelay jitter and loss rate for the traÆ
. It should also provide a bounds on bu�ersneeded at various queues in the network. In addition a s
heduler must isolate onestream from other streams so that it is able to maintain the performan
e guaranteesfor su
h a stream even in the presen
e of misbehaving streams in the system. Finally,the s
heduler should be able to divide the available link bandwidth among 
ompetingstreams in a fair manner. This property is parti
ularly important for the design ofwork-
onserving s
hedulers.In general, s
hedulers 
an be 
hara
terized as work-
onserving or non-work-
onserving.
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heduler is said to be work-
onserving if the s
heduler is never idle when at leastone pa
ket is bu�ered in the system. A non-work-
onserving s
heduler may remainidle even if there are available pa
kets to transmit.Examples of work-
onserving s
hedulers are �rst 
ome �rst served, stati
 prioritiesand the 
lass of fair queueing s
hedulers like weighted fair queueing (WFQ) [86℄,virtual 
lo
k [131℄, self 
lo
ked fair queueing (SCFQ) [52℄ and re
ursive round robin(RRR) [44℄. Non work-
onserving s
hedulers in
lude rate 
ontrolled stati
 priority(RCSP) [130℄, delay earliest deadline �rst (Delay-EDF) [47℄ and jitter earliest deadline�rst (Jitter-EDF).In a virtual network, the s
heduling is done at two di�erent levels. At the level ofphysi
al network, there is a s
heduler, s
heduling aggregate traÆ
 of di�erent virtuallinks. We 
all this s
heduler as the link level s
heduler. The link level s
hedulers treatthe entire traÆ
 of a virtual link as a single session. They do not distinguish betweentraÆ
 of di�erent sessions of virtual network passing through the virtual link. At thelevel of a virtual node, the pa
kets from di�erent sessions are queued before they 
anbe en
apsulated and sent on the virtual links. There is a s
heduler whi
h de
idesthe relative ordering of pa
kets from di�erent session. We 
all this s
heduler as thevirtual s
heduler. The virtual s
heduler of a virtual link s
hedules pa
kets only if the
orresponding link level s
heduler s
hedules a pa
ket of its virtual link. This maybe visualized as a hierar
hi
al s
heduler [129℄ with two levels of hierar
hy. At thetop level of the hierar
hy, the link level s
heduler partitions the link bandwidth intovirtual links. At the next level, the virtual s
heduler divides the bandwidth of thevirtual link among the sessions. Note that a hierar
hi
al s
heduler is work-
onservingif and only if all the s
hedulers in the hierar
hy are also work-
onserving.In 
ase hierar
hi
al s
hedulers like those proposed in [8, 129, 120℄ are used ina virtual network, the 
omplete link sharing hierar
hy [38℄ needs to be maintainedat ea
h link. Therefore, the link level s
heduler would require relevant informationabout every session of virtual network passing through the link. This destroys thepartitioning introdu
ed by virtual networks. The physi
al network needs to knowabout sessions of the virtual network, whereas the virtual network needs to knowthe topology of the physi
al network down to the link level details. However, using
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Rate = 2 MbpsFigure 5.2: Queues at two di�erent nodes in the path of a virtual link.hierar
hi
al s
hedulers only at virtual nodes poses another diÆ
ulty. All the s
hed-ulers presented for hierar
hi
al link sharing are work-
onserving as they attempt toredistribute the residual bandwidth on a link in a fair manner. We next show thatif a virtual s
heduler and the link level s
heduler at a node in a virtual network, areboth work-
onserving, then it is impossible to provide bounded delay servi
e in a vir-tual network (unless the pa
kets themselves 
arry their delay information expli
itlyin their headers). As a result the s
hedulers presented in [8, 129℄ 
annot be used ina virtual network. This 
alls for a design of s
heduler whi
h 
an be used in a virtualnetwork.The basi
 di�eren
e in a virtual network is due to the fa
t that the physi
al net-work only di�erentiates between the traÆ
 of di�erent virtual links. The pa
ketsof di�erent sessions of virtual network, passing through the same virtual link aretunneled through the same path. If individual pa
kets headers do not 
arry any in-formation about their 
urrent delays, priorities or QoS required then the physi
alnetwork 
annot distinguish between pa
kets of di�erent sessions of virtual networkwhi
h pass through the same virtual link. As a result it 
annot give di�erent s
hedul-ing priorities to su
h pa
kets. All the traÆ
 traversing a virtual link is servi
ed in�rst 
ome �rst serve manner by the link level s
hedulers. Therefore, it is diÆ
ultto provide isolation between traÆ
 of di�erent sessions of the virtual network whi
hpasses through the same virtual link.Let a virtual link of rate 1:5Mbps be realized by a two hop path in the physi
alnetwork as shown in Figure 5.2. Let the �rst physi
al link in the path have a rate of45Mbps and let the se
ond physi
al link be of rate 2Mbps. Assume that one voi
esessions of rate 64Kbps and a video session of rate 1Mbps are 
arried by this virtual
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heduler and the virtual s
heduler at the �rstnode (node 1) are both work-
onserving. Assume that no other traÆ
 is present inthe system. Assume that for some reason, the video session misbehaves, and queuesup a large amount of data in its output queue. Sin
e the virtual s
heduler and thelink level s
heduler at the �rst node are both work-
onserving, the entire traÆ
 ofthe video session (along with a little traÆ
 of voi
e session) will be sent from the�rst node at a rate of 45Mbps. The rate available to the virtual link at the se
ondnode (node 2) is limited by the physi
al link rate whi
h is 2Mbps. This will result inlarge queues for the virtual link at node 2. The link level s
heduler 
annot distinguishbetween the traÆ
 of voi
e session and video session. It simply serves all the virtuallink traÆ
 in �rst 
ome �rst serve manner. This results in large delay at the se
ondnode for the voi
e traÆ
. Thus a session whi
h is well behaved may get penalizedbe
ause of a misbehaving session in the same virtual link, if the link level s
hedulersand virtual s
hedulers are both work-
onserving.Ea
h virtual link is allo
ated a rate to 
arry its traÆ
. The problem arises whena work-
onserving s
heduler sends ex
essive traÆ
 into a virtual link at a rate higherthan the rate allo
ated to the virtual link, whi
h gets queued up somewhere deepin the network. Sin
e there is no di�erentiation of the traÆ
 from di�erent sessionsafter the traÆ
 enters a virtual link, there may be large end to end delays even forthe sessions at the virtual link whi
h did not send any ex
ess data. We de�ne theterm output burstiness to 
hara
terize the ex
ess traÆ
 sent on a virtual link.De�nition 5.2.1 (Output burstiness) The output burstiness of a virtual link l isbl, if for any interval of the form (t1; t2℄ the following is true:S(t1; t2) � rl(t2 � t1) + blwhere S(t1; t2) is the amount of traÆ
 of virtual link s
heduled by its virtual s
hedulerin the interval (t1; t2℄ and rl is the rate of the virtual link l.The output burstiness of a virtual link is equal to the ex
ess traÆ
 sent by itsvirtual s
heduler, at a rate greater than the virtual link rate, as shown in Figure 5.3.
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Figure 5.3: The output burstiness of a virtual link.Bounded output burstiness provides an upper bound on the amount of the traÆ
whi
h may be sent on a virtual link in a given time interval. Output burstiness is aproperty of a virtual link whi
h depends upon its virtual s
heduler and the link levels
heduler at the �rst physi
al link in the path of the virtual link. It does not provideany stringent bound on the amount of traÆ
 on individual sessions whi
h may besent on the virtual link.An output burstiness of zero means that the rate of the traÆ
 sent on a virtuallink never ex
eeds the rate of the virtual link. This also implies that every pa
ketwill start a new session busy period at the next downstream node in the path of thevirtual link.Note the 
ase where session delays are greater than or equal to the output bursti-ness. Even if the downstream s
heduler is an ideal 
uid-
ow s
heduler serving at a
onstant rate of rl, it may take time equal to blrl to 
lear its queue. A large value ofoutput burstiness results in large delays at downstream nodes. It is therefore desirableto have the output burstiness as small as possible and independent of the number ofsessions passing through the virtual link.The hierar
hy of the virtual s
heduler and link level s
heduler at the entry node ofa virtual link may also be viewed as a single s
heduler a
ting on the sessions of virtualnetwork at that node. This gives us an option of using non hierar
hi
al s
hedulerslike EDF [47℄, RCSP [130℄ whi
h are non-work-
onserving. We now show that itis not possible to repla
e the hierar
hy of the virtual s
heduler and the link-level



138 CHAPTER 5. SCHEDULERS FOR VIRTUAL NETWORKSs
heduler at virtual nodes by a non-hierar
hi
al s
heduler, while still providing lowdelay bounds to sessions of virtual network. We show that in 
ase single level 
ats
hedulers are used, the output burstiness of virtual links be
omes proportional to thenumber of sessions passing through the virtual link. Sin
e the worst 
ase delays aregreater than or equal to the output burstiness, the delay bound be
omes proportionalto the number of sessions passing through the virtual link.Consider a physi
al link of one unit bandwidth partitioned into two virtual linksof rate 0:5 units ea
h. Let this physi
al link be the �rst link in the path of both thevirtual links. Assume that there are N sessions passing through ea
h of the virtuallinks. Let these sessions be numbered from 1 to 2N and let all of them be allo
atedthe same bandwidth of 12N . Any non-hierar
hi
al s
heduler will s
hedule pa
ketsfrom these sessions without taking into a

ount the grouping of these sessions intothe virtual links. Therefore the order in whi
h pa
kets are s
heduled is independentof the virtual links to whi
h these sessions belong.Assume that ea
h session sends 
onstant size pa
kets of size S ea
h. Also assumethat ea
h session always has pa
kets waiting to be served. Sin
e the rate allo
atedto the sessions is exa
tly equal to the link rate, and the sessions always have data tosend, the s
heduler 
annot remain idle for an unbounded amount of time. Let t be atime instant su
h that the s
heduler is not idle for time more than S in the interval[t; t+NS). Let the �rst N � 1 pa
kets served by the s
heduler in this interval belongto sessions 
1; 
2; : : : ; 
m; m � N � 1. Sin
e the s
heduler is non-hierar
hi
al, thes
heduling order will remain the same irrespe
tive of the assignment of these sessionsto virtual links. Let us assign the sessions 
1; 
2; : : : ; 
m to virtual link l1 and rest ofthe sessions to virtual link l2. Note that the number of sessions on virtual link l1 isat most N � 1, therefore the rate allo
ated to virtual link l1 is less than N�12N . Alsonote that the total traÆ
 sent on this virtual link in interval [t; t + NS) is at least(N � 1)S. Therefore we have: rl1 � N � 12N (5.1)Sl1(t; t+NS) � (N � 1)S (5.2)



5.3. BOUNDED DELAY SERVICE IN VIRTUAL NETWORKS 139From the above two equations we have:Sl1(t; t+NS)� rl1NS � 12(N � 1)S (5.3)Therefore the output burstiness for virtual link l1 is at least 12(N � 1)S, whi
h isproportional to the number of sessions passing through the virtual link.Thus a non hierar
hi
al s
heduler 
annot repla
e the hierar
hy of the virtuals
heduler and the link level s
heduler at virtual nodes, while providing low delaybounds to sessions.5.3 Bounded Delay Servi
e in Virtual NetworksThe theory of laten
y rate servers is presented in [117℄ . This theory provides a gen-eral model to study the worst 
ase behavior of individual sessions in a network ofs
hedulers where the s
hedulers in the network may employ a broad range of s
hedul-ing algorithms. Using this theory, tight end to end delay bounds for an arbitrarynetwork of s
hedulers 
an be proved. The theory of laten
y rate server provides ameans to des
ribe the worst 
ase behavior of a broad range of s
heduling algorithmin a simple and elegant manner. For a s
heduling algorithm in this 
lass, it is onlyrequired that the average rate of servi
e of servi
e o�ered by the s
heduler to a busysession, over every interval starting at time � from the beginning of the busy period,is at least equal to its reserved rate. A number of s
hedulers in
luding weighted fairqueueing (WFQ or PGPS), virtual 
lo
k, SCFQ, weighted round robin, de�
it roundrobin, and re
ursive round robin belong to the 
lass of laten
y rate servers.An obvious approa
h to provide bounded delay servi
e in a virtual network wouldbe to apply the theory of laten
y rate servers to a virtual network. Unfortunately,this theory 
annot be used in its present form in a virtual network. Even if all thes
hedulers in the virtual network belong to the 
lass of laten
y rate servers, the worst
ase delays for individual sessions 
annot be bounded. In a physi
al network, thes
hedulers at every node in the network satisfy a laten
y rate property for traÆ
of every session passing through the node. In a virtual network, traÆ
 of multiple



140 CHAPTER 5. SCHEDULERS FOR VIRTUAL NETWORKSsessions is aggregated into a virtual link. The link level s
hedulers present at inter-mediate nodes in the path of virtual link satisfy laten
y rate property for aggregatetraÆ
 on the virtual link, but they do not satisfy the same property for individualsessions of the virtual link. The main reason for this is that the link level s
hedulers
annot provide isolation between di�erent sessions of virtual network in the presen
eof large output burstiness.We extend the 
on
ept of laten
y rate servers so that it is also appli
able to virtualnetworks. We show that if output burstiness of a s
heduler is bounded and it satis�esthe laten
y rate property, then a tandem of su
h s
hedulers also satis�es the laten
yrate property, even if the downstream s
hedulers a
t on aggregate traÆ
. As a result,there is no need to satisfy the laten
y rate property for individual sessions in the pathof a virtual link. In parti
ular, if a virtual link passes through a series of link levels
hedulers su
h that: (a) ea
h of the s
heduler 
an be modeled as laten
y rate serversfor the aggregate traÆ
 on the virtual link, (b) the virtual s
heduler at the beginningof the virtual link 
an also be modeled as laten
y rate server for individual sessionsof the virtual network, and (
) the output burstiness of the virtual link is bounded,then the virtual link along with its virtual s
heduler a
ts as a laten
y rate server forindividual sessions. In a virtual network, a session passes through a series of virtuallinks. The laten
ies of the virtual s
hedulers of these virtual links 
an be 
ombined toobtain tight end to end delay bounds for individual sessions (as in physi
al networks).Thus the theory of laten
y rate servers may be extended to the environment where atsome nodes in the network, laten
y rate property is satis�ed for aggregate traÆ
, notfor individual sessions. As a result, this theory 
an be applied to a virtual networkto 
arry out a tight analysis of end to end delay bounds and bu�er bounds.We �rst de�ne laten
y rate servers and then dis
uss their properties. We thendis
uss the network model of a virtual network. We then show that a tandem oflaten
y rate s
hedulers with bounded output burstiness in a virtual network is also alaten
y rate server. We analyti
ally derive the laten
y of the equivalent server. Wethen show how this result 
an be used in designing virtual networks.Before formally de�ning a laten
y rate server, we need the following de�nitionstaken from [115℄.



5.3. BOUNDED DELAY SERVICE IN VIRTUAL NETWORKS 141De�nition 5.3.1 (Session Busy Period) A session i busy period is a maximal in-terval of time (t1; t2℄ su
h that for any time t 2 (t1; t2℄, pa
kets of session i arrivewith rate greater than or equal to the allo
ated rate ri of the session. If Ai(t1; t2) isthe amount of session i traÆ
 arriving in the interval (t1; t2℄ thenAi(t1; t) � ri(t� t1); t 2 (t1; t2) (5.4)De�nition 5.3.2 (Session Ba
klog period) A session ba
klog period at a serveris the maximal interval during whi
h the session has a positive ba
klog.De�nition 5.3.3 (Laten
y Rate Server) Let � be the beginning of a busy periodof a session and S(�; t) be the amount of session traÆ
 served by the server in theinterval (�; t℄. A server is in the 
lass of laten
y rate servers if and only if for alltimes t after � and until all the pa
kets arriving in the busy period beginning at time� are servi
ed, S(�; t) � r(t� � � �): (5.5)The parameter r is 
alled the rate of the server and the parameter � is 
alled laten
yof the server.Note that the laten
y rate server provides a lower bound on the rate at whi
htraÆ
 is served after the starting of a busy period. The average rate of servi
e o�eredby any laten
y rate server to a session after a delay of � from the beginning of a busyperiod is at least its allo
ated rate.If a leaky bu
ket 
ompliant session is served by a laten
y rate server of rate greaterthan or equal to the token rate of the bu
ket then the maximum delay experien
edby any pa
ket in the server is bounded.Lemma 5.3.1 (Single Node Delay Bound) If (�; r0) is the leaky bu
ket des
rip-tor of a session served by a laten
y rate server of parameters (�; r) su
h that r � r0,then the delay d of any pa
ket in the server is bounded by the following equationd � �r + � (5.6)



142 CHAPTER 5. SCHEDULERS FOR VIRTUAL NETWORKSLemma 5.3.2 (Network Delay Bound) The maximum delay d of a session withleaky bu
ket des
riptors (�; r0), in a network of laten
y rate servers, 
onsisting of Kservers in series, is bounded as d � �r + KXj=1 �j (5.7)where �j is the laten
y of jth server in the network for the session and every serverhas a rate greater than or equal to r and r � r0.Lemma 5.3.3 (Bu�er Bound) The maximum ba
klog Qk(t) in the kth node of asession is bounded as Qk(t) � � + r kXj=1 �j (5.8)where �j is the laten
y of the jth server and rate of ea
h server is at least r.Lemma 5.3.4 (Network of laten
y rate servers) A network of K laten
y rateservers, with parameters (�j; rj), 
onne
ted in series is also a laten
y rate server withlaten
y � = PKj=1 �j and rate r = minKj=1 rj.A number of s
heduling dis
iplines in
luding weighted fair queueing, have beenshown in [117℄ to belong to the 
lass of laten
y rate servers. However, we have shownthat no work-
onserving s
heduler in
luding weighted fair queueing may be used asvirtual and link level s
heduler to provide end to end delay bound to individualsessions. Thus the theory of laten
y rate servers is not dire
tly appli
able to virtualnetworks. A generi
 laten
y rate server 
annot be used at all the pla
es in the network.This is so be
ause a laten
y rate server only bounds the minimum servi
e rate whi
hsessions are guaranteed to get. It doesn't provide any upper bound on the servi
erates. Thus a laten
y rate server may also send ex
ess data on a virtual link (dueto some misbehaving sessions) whi
h gets queued up at downstream nodes in thenetwork 
ausing ex
essive delays to even well behaved sessions.A tandem of laten
y rate servers in a physi
al network is also a laten
y rate server.But this may not be true in a virtual network be
ause at link level aggregate traÆ
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al model of a virtual network 
onsisting of s
hedulers satisfyingthe laten
y rate property.is s
heduled. Therefore the link level s
hedulers may a
t as a laten
y rate server forvirtual link traÆ
, but not for traÆ
 of individual sessions of the virtual network.The logi
al model for a virtual network is shown in Figure 5.4.The traÆ
 of the virtual network is �rst s
heduled by the virtual s
heduler atvirtual nodes. It is then s
heduled by a series of link level s
hedulers in the physi
alnetwork until it rea
hes the next virtual node. The virtual s
hedulers in the pathof a session's traÆ
 may be modeled as laten
y rate servers for individual sessions,but the link level s
hedulers at the physi
al nodes are laten
y rate servers only forthe aggregate traÆ
 on the virtual links, not for the individual sessions of the virtualnetwork. We show that if the output burstiness of a virtual link is bounded then thetandem of laten
y rate servers as shown in Figure 5.4 is also a laten
y rate serverwith respe
t to the session traÆ
.Consider a virtual link in the path of a session. Assume that the virtual s
hedulerof the virtual link 
an be modeled as a laten
y rate server of rate r1 and laten
y �1.Let the rate of the virtual link be rl. Also assume that the output burstiness of thevirtual link is bl. Let the aggregate traÆ
 of the virtual link be served by a series oflink level s
hedulers whi
h are also laten
y rate servers. By Lemma 5.3.4 this seriesof s
hedulers 
an be modeled as a single laten
y rate server. Let the rate of thisequivalent laten
y rate server be r (r � rl) and its laten
y be �. We 
laim that thistandem of two laten
y rate servers (shown in Figure 5.4) is also a laten
y rate serverfor the session traÆ
 with rate r1 and laten
y �1 + � + blr .We begin by introdu
ing some notation. Let Ss1(t1; t2) denote the amount of
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 served by the �rst s
heduler (virtual s
heduler) in the interval (t1; t2℄.Similarly let Ss2(t1; t2) denote the amount of session traÆ
 served by the se
ond server(equivalent link level server) in the interval (t1; t2℄. Let S1(t1; t2) denote the amountof total traÆ
 of the virtual link served by the virtual s
heduler in the interval (t1; t2℄.Similarly let S2(t1; t2) denote the total traÆ
 of the virtual link served by the linklevel server in the interval (t1; t2℄.The session traÆ
 served by the 
ombination of the two servers is given by Ss2(:).In order to prove that the tandem of the two s
hedulers is also a laten
y rate serverfor session traÆ
, we need to provide a lower bound on Ss2(:) over a session busyperiod at the virtual s
heduler. Following theorem summarizes our main result.Theorem 5.3.1 The amount of session traÆ
 served by the 
ombination of serversshown in Figure 5.4 at any instant t2 in the session busy period starting at t1, isbounded by: Ss2(t1; t2) � r1(t2 � t1 � �1 � � � blr ) (5.9)At time t2 there is some positive ba
klog of the session traÆ
 in the system. Thisba
klog is either divided between the virtual s
heduler and the link level s
hedulersor the entire ba
klog is 
on
entrated on only one of the s
hedulers. In 
ase the linklevel s
heduler has no ba
klog of session traÆ
, we may 
laim that the session traÆ
served by the virtual s
heduler in the interval [t1; t2℄ has also been served by the linklevel s
heduler. Therefore in this 
ase:Ss2(t1; t2) = Ss1(t1; t2) (5.10)Sin
e virtual s
heduler is a laten
y rate server and t1 marks the beginning of a sessionbusy period at virtual s
heduler, we have:Ss1(t1; t2) � r1(t2 � t1 � �1) (5.11)After substituting Ss1(t1; t2) from Eq. 5.10, the above equation may be rewritten asEq. 5.9.Now we need to establish Eq. 5.9 in 
ase the link level s
hedulers have someba
klog at time t2. Assume that the last session busy period before t2 at link level
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heduler started at time t0. We look at the last pa
ket served on or before t2 at thelink level s
heduler. Let the arrival time of this pa
ket at the link level s
heduler bet00. We 
laim that: t00 � t2 � � � blr (5.12)We prove this by 
ontradi
tion. Assume thatt00 < t2 � � � blr (5.13)Sin
e the 
urrent session busy period started at time t0 we have t00 � t0. From thelaten
y rate property of the equivalent link level server we have:S2(t0; t2) � r(t2 � t0 � �) (5.14)Sin
e all of the above traÆ
 arrived in the interval (t0; t00℄ from the virtual s
hedulerwe have: S1(t0; t00) = S2(t0; t2) (5.15)� r(t2 � t0 � �) (5.16)Substituting t2 from Eq. 5.13 to get:S1(t0; t00) > r((t00 + � + blr )� t0 � �) (5.17)= r(t00 � t0) + bl (5.18)� rl(t00 � t0) + bl (5.19)This implies that the virtual s
heduler violates the output burstiness 
onstraint forthe virtual link, whi
h is impossible. Hen
e:t00 � t2 � � � blr (5.20)The link level s
heduler serves all the traÆ
 on a virtual link in �rst 
ome �rstserve manner. So, if it servi
es all its traÆ
 arriving till the time t00, it also servi
esall the session traÆ
 arriving till time t00. Thus we have:S2(t1; t2) = S1(t; t00) (5.21)) Ss2(t1; t2) = Ss1(t1; t00) (5.22)



146 CHAPTER 5. SCHEDULERS FOR VIRTUAL NETWORKSFrom Eq. 5.11, substituting the value of Ss1(t1; t00) in the above equation, we get:Ss2(t1; t2) � r1(t00 � t1 � �1) (5.23)Substituting the value of t00 from Eq. 5.20 we have:Ss2(t1; t2) � r1(t2 � t1 � �1 � � � blr ) (5.24)This shows that the tandem of two laten
y rate servers as dis
ussed above is alsoa laten
y rate server with rate r and laten
y �1 + � + blr .With the above property we 
on
lude that a virtual link whi
h has a boundedoutput burstiness a
ts as a laten
y rate server for individual sessions even if thelink level s
hedulers in the path of the virtual link do not provide any guarantee toindividual sessions. With the help of this property, the entire theory of laten
y rateservers may be used in designing bounded delay servi
e in a virtual network. Wenow show how to design virtual s
hedulers whi
h have bounded output burstinessand satisfy the laten
y rate property for individual sessions.5.4 Best-E�ort Servi
e in Virtual NetworksThe output burstiness 
onstraint limits the rate at whi
h traÆ
 may be sent on avirtual link. Sending ex
ess traÆ
 may result in large queues at downstream nodesin the path of the virtual link 
ausing large delays to the traÆ
 of the virtual link.This redu
es the extent of statisti
al multiplexing whi
h 
ould have been a
hieved ifthe entire network was a single layered physi
al network. The amount of statisti
almultiplexing is limited among the traÆ
 going through the same virtual link. Theoutput burstiness 
onstraint limits the aggregate virtual link traÆ
 served by thes
heduler in a given time, it does not limit the individual session traÆ
 servi
ed bythe s
heduler. This means that a
tive sessions may make use of the ex
ess bandwidthavailable on a virtual link be
ause of unallo
ated bandwidth or ina
tive sessions onthe same virtual link. However, real-time sessions may not be able to use ex
essbandwidth on other virtual links even if these virtual links are 
arried on the samephysi
al link.
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lassify s
hedulers as work-
onserving or nonwork-
onserving, with respe
t to a virtual link. We de�ne a virtual s
heduler of avirtual link to be work-
onserving, if it permits the sharing of ex
ess bandwidth onthe virtual link. Formally, a virtual s
heduler is virtual link is work-
onserving ifthere exists a 
onstant z su
h that in any ba
klog period (t1; t2) of the virtual link,the amount of traÆ
 servi
ed is bounded below byS(t1; t2) � r(t2 � t1)� z (5.25)This ensures that in presen
e of ba
klog, the s
heduler will never be idle for aperiod more than zr . For a work-
onserving s
heduler on a physi
al link, z = 0. Inthe 
ase of a virtual link, there may be some irregularity in s
heduling the virtuallink traÆ
 be
ause of dis
rete pa
ket boundaries resulting in a non-zero value of z.The bandwidth sharing among di�erent virtual links may be a
hieved by the best-e�ort traÆ
. Sin
e there are no tight delay 
onstraints on best-e�ort traÆ
, the ex
essfrom this traÆ
 may be sent on a virtual link to utilize the available bandwidth onthe physi
al link. At ea
h virtual s
heduler a separate queue for best-e�ort traÆ
 ismaintained. At link level s
hedulers, a separate best-e�ort queue is maintained forall the virtual links. The queues 
ontaining real-time traÆ
 are given higher priorityover the best-e�ort queues. TraÆ
 is s
heduled from best-e�ort queues if real-timetraÆ
 
annot be s
heduled. Any work-
onserving fair pa
ket s
heduler like weightedfair queueing may be used at the link level to ensure fairness to the non real-timetraÆ
 from di�erent virtual links.The link level s
hedulers need to distinguish the best-e�ort traÆ
 from the real-time traÆ
 of a virtual link. So there is a need to separate the two type of traÆ
.The separation between best-e�ort and real-time traÆ
 of a virtual link may eitherbe obtained using one bit marking (like CLP in 
ase of ATM) in the pa
ket header orby using di�erent tunnels (using di�erent virtual paths in 
ase of ATM) for real-timeand best-e�ort traÆ
 of a virtual link.There is an an end to end 
ongestion 
ontrol algorithm for ea
h best-e�ort sessionwhi
h 
ontrols the rate at whi
h the traÆ
 is sent. This algorithm adjusts the sendingrate to utilize the ex
ess bandwidth available in the path of the session. Typi
al end
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 laten
y rate s
heduler with bounded output burstiness.to end 
ongestion 
ontrol algorithms do not require the nodes in the path to expli
itlymaintain any state 
orresponding to ea
h session. Therefore these algorithms 
ontinueto work well in virtual networks.

5.5 Example S
hedulers for Virtual NetworksFigure 5.5 shows a generi
 s
heduler with bounded output burstiness. The virtuals
heduler for ea
h virtual link is a laten
y rate server like WFQ. There is a rate
ontrol after ea
h virtual s
heduler whi
h introdu
es inter-pa
ket spa
ing equal tothe pa
ket size divided by the rate of the virtual link. Be
ause of this rate 
ontrol,the virtual link appears just like a physi
al link to the virtual s
hedulers. Be
ause ofdis
rete servi
e boundaries, the rate 
ontrol introdu
es an output burstiness of Smaxrlwhere Smax is the size of the maximum pa
ket on the virtual link and rl is the rateof the virtual link. After the rate 
ontrol, the pa
kets are queued before the linklevel s
heduler, whi
h is again a laten
y rate server like WFQ. There is an in
rease inend to end delay bounds of a session by Smax=rl for ea
h virtual link l that it passesthrough, as 
ompared to a general hierar
hi
al s
heduler. This in
rease is expe
tedto be small as 
ompared to the laten
y of a single s
heduler whi
h is of the order ofSmax=ri, where ri is the rate allo
ated to a session. In a typi
al situation, a virtuallink will 
arry thousands of sessions (rl � 1000ri). Therefore the in
rease in thedelay bound is expe
ted to be less than 0:1 per
ent. On the other hand, with thisarrangement, the virtual link traÆ
 may be 
arried by the physi
al network just likeordinary sessions saving a lot of book keeping at the physi
al network.
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Figure 5.6: A two level hierar
hi
al RRR arrangement for virtual networks.5.5.1 Hierar
hi
al RRR s
hedulerIn the above arrangement, the queues need to be maintained at the virtual s
heduler aswell as the 
orresponding link level s
heduler. In addition, the virtual s
heduler needsto use asyn
hronous timers to implement the rate 
ontrol. By using a hierar
hi
alRRR s
heduler, it is possible to have a simpler implementation. In the rest of this
hapter, we assume binary RRR s
heduler for �xed pa
ket size. The other variantsmay also be used in the same manner.Assume that a virtual s
heduler s
hedules sessions on m di�erent virtual linkswhi
h are labelled from 1 to m. Assume that virtual link i has ni sessions passingthrough it. The virtual s
heduler 
onsists of one instan
e of level-0 RRR s
hedulerand m instan
es of level-1 RRR s
hedulers as shown in Figure 5.6.The level-0 RRR s
heduler partitions the link bandwidth among the m virtuallinks. This s
heduler is non work-
onserving whi
h results in a bounded outputburstiness for ea
h virtual link. There are m level-1 RRR s
hedulers whi
h s
hedulethe traÆ
 from di�erent sessions. These s
hedulers may be work-
onserving or nonwork-
onserving.With this arrangement, the leaves of the level-0 s
heduling tree now point to
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Figure 5.7: A sample s
heduling tree arrangement for hierar
hi
al RRR in a virtualnetwork.a level-1 s
heduling tree 
orresponding to the virtual link represented by the leaf.While traversing the level-0 s
heduling tree, when the level-0 RRR s
heduler rea
hesa leaf. It traverses the 
orresponding level-1 s
heduling tree and upon rea
hing itsleaf, s
hedules traÆ
 from the 
orresponding session. If the level-1 s
heduler is work-
onserving and the s
heduler rea
hes a unallo
ated leaf or the session 
orrespondingto the leaf has no data, the level-1 s
heduling tree is traversed again starting from itsroot to go to the next stream. Figure 5.7 shows a sample s
heduling tree arrangementfor two virtual links.Let the session with rate ri be s
heduled on a virtual link of rate r using a twolevel RRR s
heduler. Let the physi
al link have a rate of l. Assume that 
i is the
ount of the number of ones in the binary representation of ri=r and 
 is the 
ount ofnumber of ones in the binary representation of r=l. We have the following propertiesof this s
heduler:Lemma 5.5.1 The output burstiness of the virtual link s
heduled by the hierar
hi
alRRR s
heduler is 
Smax, where 
 is the 
ount of number if ones in the normalizedbinary representation of the virtual link rate.The top level s
heduler is non work-
onserving RRR. If S(0; t) is the amount of traÆ
of the virtual link servi
ed in the interval (0; t) then from simpli�
ation of Equation 4.1
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Smax (5.26)where r is the rate allo
ated to the virtual link and 
 is the 
ount of the number ofones in the binary representation of the normalized virtual link rate. Sin
e the 
hoi
eof origin is arbitrary in the above equation, we may rewrite it as:S(t1; t2) � r(t2 � t1) + 
Smax (5.27)This shows that the output burstiness of the virtual link is bounded by 
Smax.Lemma 5.5.2 The two level RRR a
ts as a laten
y rate server for the session withrate ri and laten
y (
i=ri+ 
l=rl)Smax, where rl is the rate of the virtual link, 
l is the
ount of the number of ones in the normalized rate of the virtual link and 
i is the
ount of number of ones in the normalized rate of the session.It has been shown in [129℄ that the worst 
ase fairness index (WFI) of hierar
hi
als
heduler is sum of the individual WFI of the s
hedulers in the hierar
hy. The WFIof level-0 RRR is 
lrlSmax and the WFI for level-1 RRR is 
iriSmax. Therefore the WFIfor the two level s
heduler is ( 
iri + 
lrl )Smax. The WFI of a s
heduler is also an upperbound on its laten
y. Therefore the two level RRR is a laten
y rate server withlaten
y ( 
iri + 
lrl )Smax.5.5.2 Flat RRR with virtual link based node allo
ationWe have shown in Se
tion 5.2 that if a s
heduler does not take into a

ount thebandwidth partitioning indu
ed be
ause of virtual links, then the output burstinessof a virtual link 
an be
ome very large (proportional to the number of 
onne
tionspassing through the virtual link). In this se
tion we show that with a 
areful nodeallo
ation strategy in the s
heduling tree of the RRR s
heduler, the output burstinessof ea
h virtual link 
an be bounded by a small 
onstant. In this node allo
ationstrategy the rates are �rst allo
ated to virtual links and then from the virtual links,the rate are allo
ated to individual streams. We 
all this allo
ation strategy as virtual
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ation. As a result, RRR with virtual link node allo
ation strategyis suitable for a virtual network. This results in lower laten
y as 
ompared to thehierar
hi
al RRR.Re
all that in the RRR s
heduler, a (binary) s
heduling tree is 
onstru
ted whi
hrepresents the rate allo
ation to various streams. The s
heduling algorithm generatesits s
hedule by traversing the s
heduling tree in a re
ursive round robin order. Thes
heduling tree is modi�ed only when new 
onne
tions are added or old 
onne
tionsare removed. The leaves of the tree are labelled with stream numbers. We say thata leaf has been allo
ated to a stream if it is labelled with its stream number. Thiss
heduling tree has the property 
alled unfragmented rate allo
ation. A

ording tothis property, two nodes of the tree at the same depth 
an never to allo
ated tothe same stream. This property is 
ru
ial for delay, bu�er and fairness propertiesof the s
heduler. However unfragmented rate allo
ation of the null stream (or theunallo
ated nodes) is not essential for these properties. Unfragmented rate allo
ationof the null stream is only needed for bounding the size of the s
heduling tree.In the virtual link based node allo
ation strategy, we relax the unfragmented rateallo
ation restri
tion for null stream. This gives more 
exibility in node allo
ationwhi
h helps in redu
ing the output burstiness. Ea
h stream is identi�ed by a tuple(virtual link number, stream number). The stream number is de�ned in the 
ontext ofits virtual link. Following the 
onventions of the RRR s
heduling tree, the virtual linknumbered 0 
orresponds to the unallo
ated bandwidth on the physi
al link. Similarly,the stream numbered 0 of every virtual link 
orresponds to the unallo
ated bandwidthat the virtual link.Constru
tion of the s
heduling treeThe s
heduling tree is 
onstru
ted in two phases. In the �rst phase, the rate of ea
hvirtual link is represented relative to the link rate and a s
heduling tree is 
onstru
tedas in normal RRR s
heduler. This s
heduling tree has unfragmented rate allo
ationfor all the virtual links in
luding the virtual link numbered 0. This s
heduling treeis 
onstru
ted at the time of 
reation of virtual links and is rarely modi�ed. This



5.5. EXAMPLE SCHEDULERS FOR VIRTUAL NETWORKS 153tree needs to be modi�ed only if the bandwidth allo
ation to the virtual links are
hanged. In the se
ond phase, the allo
ation to individual streams is done. The ratesof individual streams are represented relative to the rate of the physi
al link. Therate allo
ation for the streams is 
arried out as if it is being done on the physi
allink, with a small restri
tion. During this allo
ation if a stream is being added ordeleted on virtual link numbered j, then only the nodes labelled with virtual linkj are manipulated. The operations needed for addition or deletion of streams areallo
ate, split, deallo
ate, join and phase ex
hange. We now dis
uss how to 
arry outthese operations in the se
ond phase.� Allo
ate: In normal RRR s
heduling tree, a free leaf is allo
ated to the streamby writing the label of the stream number on the leaf. In the virtual link basedallo
ation, if stream i is added to virtual link j, then only free leaves of virtuallink j (labelled (j; 0)) 
an be allo
ated to stream i by relabelling them to (j; i).� Split: In normal RRR s
heduling tree, if there is no free leaf at the desireddepth, then a free leaf at a smaller depth is split re
ursively until free leavesat the desired depth are 
reated. In the virtual link based allo
ation, if streami is added to virtual link j and a split operation is needed, only free leaves ofvirtual link j (labelled (j; 0)) are split into two free leaves of the same virtuallink at one greater depth.� Deallo
ate: In normal RRR s
heduling tree, the leaf whi
h is deallo
ated issimply labelled 0. In virtual link based allo
ation, the stream number of theleaf to be deallo
ated is 
hanged to 0, the virtual link number of the leaf remainsthe same.� Join: In normal RRR s
heduling tree, two free sibling nodes are joined to giverise to one sibling at one lower depth. In virtual link based allo
ation, only twofree sibling nodes of same virtual link may be joined to give rise to one freesibling of the same virtual link at one lower depth.� Phase Ex
hange: In normal RRR s
heduling tree, one free leaf at a level may beswapped (with a 
areful relabelling in a parti
ular order) with another node at
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ation, this swapping 
an be performedonly if the free leaf and the node belong to the same virtual link.With the above set of operations, it 
an be shown by using exa
tly the sameargument as in normal RRR that if the available rate at a virtual link is greater thanor equal to the rate of a new stream, it 
an be added in the virtual link. Similarly,it 
an be shown that all the streams (in
luding the null stream) of every virtual linkhas unfragmented rate allo
ation.Note that the set of unallo
ated leaves may not be unfragmented as there maybe two unallo
ated leaves of di�erent virtual links at the same depth. These leaves
annot be 
ombined be
ause the join and phase ex
hange operations 
an only beperformed between nodes of the same virtual link. However, the unallo
ated leavesof the same virtual link are indeed unfragmented.If there are m virtual links and the virtual link j has nj streams then the numberof leaves allo
ated to the virtual link j is bounded by (nj + 1)g, where g is themaximum depth of the s
heduling tree. Therefore the number of leaves of s
hedulingtree is bounded by (Pmj=1 nj + m + 1)g. There are three terms in this expression.The term (Pmj=1 nj)g 
orresponds to the leaves allo
ated to the streams. The termmg 
orresponds to the free leaves in m virtual links and the term g 
orresponds tothe free bandwidth at the physi
al link. The in
rease in size of the tree be
ause offragmented rate allo
ation of the null stream is only mg. This is just a 0:1 per
entin
rease if there are about thousand sessions per virtual link.The s
hedule generated by the re
ursive round robin traversal of the s
hedulingtree 
onstru
ted above satis�es the delay bound and bu�er bound properties forindividual sessions. Therefore it is a laten
y rate server for traÆ
 of session i withlaten
y 1ri 
iSmax and rate ri, where ri is the rate of session i and 
i is the 
ount ofnumber of ones in the normalized rate representation of session i with respe
t to therate of the physi
al link.In addition to this, the tree has the following interesting property. If all the siblingleaves whi
h belong to the same virtual link are joined until no two siblings 
an bejoined, the resulting tree has at most 
 leaves per virtual link. This tree is identi
al to
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onstru
ted in the �rst phase of the rate allo
ation. The output s
hedule ofthese two trees is identi
al if individual stream numbers are ignored and only virtuallink numbers of the output s
hedule are 
onsidered. As a result of this property, ea
hvirtual link has bounded output burstiness. If Sl(0; t) is the amount of traÆ
 of avirtual link l servi
ed in the interval (0; t) thenSl(0; t) � rlt+ 
lSmax (5.28)where rl is the rate allo
ated to the virtual link and 
l is the 
ount of the number ofones in the binary representation of the normalized virtual link rate. Sin
e the 
hoi
eof origin is arbitrary in the above equation, we may rewrite it as:Sl(t1; t2) � rl(t2 � t1) + 
lSmax (5.29)This shows that the output burstiness of the virtual link is bounded by 
lSmax.5.6 Con
lusions and Future WorkWe have shown that traditional work-
onserving s
hedulers in
luding the hierar
hi
als
hedulers are inappropriate for providing bounded delay servi
e in generi
 virtualnetworks. The traÆ
 of multiple sessions of a virtual network is tunneled throughthe physi
al network whi
h treats the entire traÆ
 of the tunnel as if it belongs to asingle session. As a result, the physi
al network is not able to prote
t the well behavedsessions from misbehaving session whi
h share the same virtual link. The problem
an be solved by restri
ting the rate at whi
h traÆ
 may be sent on a virtual link.We introdu
e a term 
alled output burstiness whi
h we use to extend the theory oflaten
y rate servers. We show that if a laten
y rate server also has a bounded outputburstiness for ea
h virtual link, it may be used in a virtual network to provide end toend delay bounds for sessions of the virtual network. This gives us a generi
 methodto design a 
lass of s
hedulers whi
h may be used in virtual networks.We have shown how laten
y rate s
hedulers used in ordinary networks 
an bemodi�ed for virtual networks by adding an output rate 
ontrol. We proposed twoversions of the re
ursive round robin s
heduler for virtual networks. The hierar
hi
al



156 CHAPTER 5. SCHEDULERS FOR VIRTUAL NETWORKSRRR allows the sharing of residual bandwidth in a virtual link. The 
at RRR withvirtual link allo
ation does not allow sharing, but results in smaller laten
y and hen
esmaller delay bounds for sessions.We show that real-time sessions of the virtual networks 
annot use the residualbandwidth at other virtual links, sharing the same physi
al link. However, this band-width may be utilized by the best-e�ort traÆ
. In order to a
hieve bandwidth sharingby the best-e�ort traÆ
, the physi
al network needs to distinguish the best-e�ort traf-�
 of a virtual link from its real-time traÆ
. This may be done either by 
reatingseparate tunnels for best-e�ort and real-time traÆ
 or by marking the best-e�orttraÆ
 if it is sent over the same tunnel. Further work is needed in this dire
tion toexplore the tradeo�s. Some 
ongestion 
ontrol algorithms require the parti
ipation ofintermediate nodes in the path of the sessions. In some of these algorithms, the inter-mediate nodes only need to propagate 
ongestion information to the sour
es, while inothers the intermediate nodes need to 
arry out operations on a per session basis (likeper session queueing, bu�er management and s
heduling). In a virtual network, persession operations may only be 
arried out on virtual nodes. The physi
al nodes 
anonly 
arry out operations on the aggregate traÆ
. The performan
e study of thesealgorithms in a virtual network is an area of further study. It would also be interestingto 
ome up with s
hemes for adapting these algorithms for virtual networks.



Chapter 6
Fair Sharing in Virtual Networks
6.1 Introdu
tionIn this 
hapter we address the issue of sharing of residual bandwidth on physi
al linkswhi
h 
arry multiple virtual links. In the last 
hapter we showed that virtual links ofan Integrated Servi
es virtual network 
annot 
arry traÆ
 at a rate higher than theirallo
ated 
apa
ity even if the underlying physi
al links have large spare 
apa
ity to
arry the traÆ
. Sending traÆ
 at a rate higher than the allo
ated 
apa
ity of thevirtual link results in large output burstiness whi
h deteriorates the QoS properties ofdelay sensitive traÆ
 on the virtual link. This results in wastage of unused 
apa
ityin the physi
al network. As a partial solution, to improve sharing we suggested usingseparate virtual links for real-time and best-e�ort traÆ
. Thus the best-e�ort traÆ
,whi
h is not too sensitive to delays, may make use of the unused bandwidth on thephysi
al links. However even with this, it is not possible to handle the best-e�ort ses-sions that need a minimum bandwidth guarantee. Some bandwidth may be reservedeven for the best-e�ort tunnels, and the best-e�ort session requiring a minimum band-width guarantee may be admission 
ontrolled. This introdu
es additional undesirablepartitioning of the virtual link 
apa
ity into best-e�ort and real-time 
lasses and thesharing is still limited only to the \elasti
" portion of best-e�ort traÆ
 only. There-fore an integrated approa
h is needed whi
h 
an extend residual 
apa
ity sharing evento real-time traÆ
 and handle the best-e�ort traÆ
 in the same framework.157



158 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSIn this 
hapter, we propose a new approa
h 
alled Sto
hasti
 Fair Sharing (SFS)to improve sharing among virtual links of virtual networks. SFS resizes the 
apa
ityof virtual links, depending upon their traÆ
 demand and residual 
apa
ity in the un-derlying physi
al network. The underlying s
heduling weights are adjusted a

ordingto resized 
apa
ities. The 
apa
ity resizing is done at a granularity of session arrivalsand therefore the resized 
apa
ity is available for session holding time. As a result,even the real-time traÆ
 
an make use of the in
reased 
apa
ity. While resizing redis-tributes the free 
apa
ity at the time-s
ale of session holding times, the pa
ket levelsolutions (fair s
hedulers like WFQ, RRR) take 
are of instantaneous free 
apa
itiesat the time-s
ale of pa
ket transmission times.This kind of approa
h is shown to result in fa
tor 1:5 to 3 sharing gain in [27℄.Similarly in [53℄ a pipe resizing approa
h for AT&T swit
hed network is shown toresult in a sharing gain of 2.An important issue, whi
h has not been dis
ussed in any of these approa
hes isprote
tion and fairness. In most of the 
ases every virtual link will have a provisioned
apa
ity allo
ated at the time of establishment of the link. In 
ase of virtual privatenetworks (VPN), this provisioned 
apa
ity may also be in
luded as a part of servi
elevel agreement (SLA) between the VPN 
ustomer and the servi
e provider. It ispossible that one virtual link resize its 
apa
ity to a large amount, whereas othervirtual links may not be able to resize even to their provisioned 
apa
ities. A

ordingto the prote
tion 
riteria, every virtual link should be able to resize its 
apa
ity to itsprovisioned value (within a reasonable time), even if its 
urrent 
apa
ity is lower thanthe provisioned value. This ensures that well behaved virtual links are not a�e
tedby misbehaving virtual links (those who asked for low provisioned 
apa
ity and thentry to resize it to a large value) even in extreme 
onditions. Prote
tion enables thelightly loaded virtual links to release their 
apa
ity for redistribution by the network.The virtual links may release their residual 
apa
ity only if they 
an get it ba
k whenthey need it. A

ording to the fairness 
riteria, the residual link 
apa
ities should beredistributed to virtual links in proportion to their provisioned 
apa
ities. In 
ase ofa network, this 
riteria is same as weighted max-min fair [64℄ allo
ation.SFS ensures prote
tion by allowing fair sharing of residual 
apa
ities. In 
ase of



6.1. INTRODUCTION 159a single link, the proposed SFS te
hnique extends the admission 
ontrol algorithm atthe link and de
ides whi
h sessions to a

ept and whi
h to reje
t. For simpli
ity ofexposition, we assume that QoS requirement of a session is expressed using a singlebandwidth parameter. For VBR traÆ
 the 
on
ept of equivalent bandwidth [54℄may be used, for delay sensitive traÆ
 the delay parameter may be translated to abandwidth parameter (assuming that rate allo
ating s
hedulers [117℄ are used at thislink), and for best-e�ort traÆ
 the minimum bandwidth requirement of the sessionmay be used. In order to make a de
ision about a new session, the 
lasses are �rstsorted in in
reasing order of their normalized usage (
urrent reservation divided byallo
ated 
apa
ity). A new session of a 
lass is a

epted only if the free 
apa
ity aftera

epting the session is greater than or equal to the sum of the trunk reservations of
lasses with lower normalized usage. On
e a session is a

epted, the 
orrespondingweights in the underlying hierar
hi
al fair pa
ket s
heduler (if any) are adjusted tore
e
t the 
hange. In this way, this s
heme attempts to equalize the normalized usageof 
lasses by giving higher priority to 
lasses with low normalized usage. Thus, SFSa

ounts for long term 
u
tuations in usage by 
arrying out 
apa
ity redistributionover a time-s
ale of session holding times, while the underlying hierar
hi
al pa
ket fairqueueing algorithms handle short term 
u
tuations in traÆ
 load by redistributingfree 
apa
ities over the s
ale of pa
ket transmission times. SFS ensures that whilethe free 
apa
ity of a 
lass has been redistributed to other 
lasses, it has low sessionblo
king probability and 
an qui
kly regain its share of 
apa
ity as its session arrivalrate in
reases.In 
ase of multi-hop virtual links of virtual networks, we assume that every virtuallink has a provisioned 
apa
ity allo
ated by the servi
e provider on its path at thetime of establishment of the virtual link. However, depending upon its 
urrent andestimated load, a 
ustomer may request a 
hange in the 
urrent 
apa
ity of its virtuallink by sending an in
rease or de
rease request in the provider's network. The in
reaserequest is admission 
ontrolled using SFS at ea
h link of the provider's network. Af-ter pro
essing these requests, the 
orresponding s
heduling weights in the providernetwork are adjusted a

ordingly. In 
ase of overload, the provider network gener-ates redu
e messages to request down-sizing of over-allo
ated virtual link 
apa
ities.



160 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSWith this s
heme we show that, the unbottlene
ked virtual links a
hieve throughputequal to their 
urrent demand, and the equivalent 
apa
ity of 94% of bottlene
kedvirtual links is within 90 � 105% of their weighted max-min fair 
apa
ity (weightedby provisioned 
apa
ity).SFS 
an be used by servi
e providers to ensure that bandwidth distribution isfair even in 
ase of high and uneven load. SFS provides fairness by ensuring thatevery virtual link 
an in
rease its 
apa
ity up to its fair share within an interval oftwo mean session holding times. This also ensures that well behaving 
ustomers areprote
ted from misbehaving ones (those who asked for low 
apa
ity paths and resizeit to higher 
apa
ities).A similar s
heme to 
arry out virtual partitioning of a single link has been pro-posed in [12℄. This s
heme 
ategorizes ea
h 
lass as underloaded or overloaded. Theunderloaded 
lasses are given priority over the overloaded 
lasses using the te
hniqueof trunk reservation. While this s
heme ensures that the residual 
apa
ity of a 
lassmay be utilized by other 
lasses, it does not attempt to do a fair redistribution ofthis free 
apa
ity. While using virtual partitioning, a 
lass having a high session ar-rival rate may take the residual 
apa
ity of all the 
lasses. The hierar
hi
al virtualpartitioning [93℄ su�ers from the same drawba
k and is not appli
able to multi-hopvirtual links.The proposed SFS s
heme is simple, robust and 
an be implemented in largenetworks without signi�
ant overheads. In our simulations, the bandwidth penaltyfor using SFS was less than 2% and its average signaling load was less than 100messages per se
ond per router.SFS may be used in tele
ommuni
ation networks to a
hieve better sharing andlower 
all blo
king probabilities. It may be used in the 
ontext of ATM networksto dynami
ally 
arry out fair bandwidth allo
ation to virtual paths [96℄. Use ofSFS to 
arry out dynami
 bandwidth allo
ation to virtual links in a virtual networkmay result in better network utilization and fair resour
e sharing. In the 
ontextof di�erentiated servi
es [11℄ in IP based networks, SFS may be integrated with theproposed bandwidth broker ar
hite
ture to a
hieve fair sharing of portions of thenetwork among several administrative domains.



6.2. MODEL 161This 
hapter is organized as follows. We des
ribe our model in Se
tion 6.2. SFSadmission 
ontrol pro
edure is des
ribed in Se
tion 6.3. We dis
uss the 
ase of multi-hop virtual links in Se
tion 6.4. An approximate model to determine the trunkreservation parameter is presented in Se
tion 6.5. Single link simulations of SFSare presented in Se
tion 6.6 and simulations of SFS on a network are presented inSe
tion 6.7. We des
ribe future dire
tions in Se
tion 6.8 and 
on
lude in Se
tion 6.9.6.2 ModelWe �rst des
ribe the single link 
ase. We assume that a link of 
apa
ity C is to bepartitioned into N logi
al links (or 
lasses) of 
apa
ities Ci, su
h that PNi=1 Ci � C.We assume that real-time sessions with bandwidth requirement arrive randomly as asto
hasti
 pro
ess. Bandwidth is reserved upon session arrivals and is released uponsession 
ompletion (using a proto
ol like RSVP [132℄, PNNI [2℄ or OpeNet [19℄).We work with simplisti
 assumptions of Poisson session arrivals and exponentialsession holding times. In a typi
al s
enario, these logi
al links will belong to di�erentnetworks (of di�erent organizations). We therefore assume that the session arrivalsat these links are independent of ea
h other.There is an admission 
ontrol entity at the link whi
h de
ides whether the linkhas adequate free 
apa
ity to a

ept the reservation requests of sessions. In 
asethe reservation request of a session 
an't be a

epted, we say that the session isblo
ked. An important performan
e parameter, in the 
ontext of tele
ommuni
ationsnetworks is the session blo
king probability. In these networks, the link 
apa
ities areprovisioned to keep the 
all blo
king probabilities below a spe
i�ed value (say 0:02).The session blo
king probabilities of sessions having di�erent bandwidth requirementmay be di�erent. Therefore it is more appropriate to analyze the bandwidth blo
kingprobability [89℄, whi
h is the average of session blo
king probability weighted bysession bandwidth. The other performan
e parameter is average throughput.Let ri denote the 
urrent bandwidth reservation of logi
al link i. If the link wasstati
ally partitioned, then the admission 
ontrol pro
edure 
ould simply 
he
k ifsum of the 
urrent reservation (ri) and the reservation requested by new session (r),



162 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSis less than or equal to the logi
al link 
apa
ity (Ci). The two main drawba
ks of thestati
 partitioning approa
h are inability to do 
apa
ity sharing and loss of statisti
almultiplexing.Imagine a situation where one of the logi
al links is heavily loaded and its 
urrentreservation is 
lose to its 
apa
ity, and other logi
al links are lightly loaded and havelarge free 
apa
ities. The stati
 partitioning approa
h would not allow redistributionof this free 
apa
ity and would blo
k sessions of the heavily loaded logi
al link evenif the physi
al link has enough 
apa
ity to 
arry them. This would lower the overallutilization of the link.Even if the session arrival rates at ea
h of the logi
al links were 
lose to ea
hother (assuming that logi
al links have equal 
apa
ities), stati
 partitioning resultsin higher session blo
king probabilities be
ause of loss of statisti
al multiplexing.The randomness in the session arrival pro
ess results in 
u
tuations in the reserved
apa
ity. Even if the average reserved 
apa
ity is lower than the link 
apa
ity, thereare instan
es when the reserved 
apa
ity approa
hes the link 
apa
ity and sessionsarriving at these instan
es have to be blo
ked. As the link 
apa
ity in
reases, these
u
tuations tend to have smaller impa
t on session blo
king probabilities be
ause ofthe law of large numbers. However, if the link is partitioned, the statisti
al variationsin reserved 
apa
ity of logi
al links result in higher session blo
king probabilities.Given a partitioning of a link into several logi
al links, the Sto
hasti
 Fair Sharing(SFS) admission 
ontrol de
ides whi
h session reservation requests to a

ept andwhi
h to blo
k. This de
ision pro
ess is more 
omplex than simply 
he
king if the
urrent free 
apa
ity of the logi
al link is greater than or equal to the requestedbandwidth1. The reservation in a logi
al link is allowed to ex
eed its 
apa
ity as longas it does not signi�
antly a�e
t the performan
e parameters of other logi
al links.The de
ision pro
ess is designed to a
hieve the following:Partitioning The link 
apa
ity is partitioned into logi
al links.Fair Sharing If some of the logi
al links are lightly loaded, their free 
apa
ity should1In this 
hapter we dis
uss sto
hasti
 fair sharing in the 
ontext of link sharing, but the te
hniqueis generi
 enough to a
hieve fair sharing of a resour
e in a loss network [72℄.



6.2. MODEL 163be fairly redistributed to other logi
al links. The notion of fairness used inpa
ket s
heduling algorithms [100℄ 
an be generalized as follows. The aver-age throughput of logi
al links whi
h have blo
king probability greater than athreshold (say 0:05) should be proportional to their equivalent 
apa
ity.Statisti
al Multiplexing Sin
e the traÆ
 of all the logi
al links is 
arried on thesame physi
al link, the bandwidth blo
king probabilities while using SFS shouldbe less as 
ompared to stati
 partitioning.Isolation For sessions of a logi
al link it should appear as if the logi
al link 
apa
ityhas been dedi
ated to them. A high session arrival rate on other logi
al linksshould not signi�
antly in
rease the steady state bandwidth blo
king probability(or redu
e average throughput) of the logi
al link. The bandwidth blo
kingprobabilities of a logi
al link using SFS should be 
omparable to that usingstati
 partitioning in the worst 
onditions.If all the sessions require equal bandwidth, if the session arrival rate is a Poissonpro
ess and if a session holding time is exponentially distributed, then the sessionblo
king probability for a link 
an be obtained using the well known Erlang's formula[10, 48℄. E(�; C) = �C=C!PCi=0 �i=i!where � is the mean session arrival rate multiplied by the mean session holding time(� is also 
alled arrival rate in Erlangs) and C is the link 
apa
ity (in units of numberof sessions it 
an 
arry). Note that as � and C are in
reased in equal proportion, theblo
king probability is redu
ed resulting in better statisti
al multiplexing.Let Ti and pi be the mean throughput and blo
king probability on logi
al link i.The mean arrival rate �i on the logi
al link is given by �i = Ti1�pi . The equivalent
apa
ity (Cei ) of the logi
al link is de�ned as the 
apa
ity at whi
h the arrival rateTi1�pi results in a blo
king probability of pi.Cei = C : E( Ti1� pi ; C) = pi (6.1)
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Figure 6.1: Session blo
king probabilities using the Erlang's formula when link ispartitioned into di�erent number of logi
al links.Note that Cei is unique for a given pi and Ti and is always greater than Ti. As piapproa
hes 1, Cei approa
hes Ti. A

ording to the fairness 
riteria, the equivalent
apa
ity of logi
al links with signi�
ant blo
king probability (pi > pt, pt = 0:05 say),should be proportional to their provisioned 
apa
ities (Ci). Formally,CeiCi = CejCj 8ffi : pi > ptg ^ fj : pj > ptgg (6.2)The term CeiCi represents the fa
tor by whi
h the 
apa
ity of logi
al link i is in
reasedbe
ause of unused 
apa
ity of other logi
al links. This quantity is always equal to 1 in
ase of stati
 link partitioning, and is expe
ted to be greater than one (representingthe degree of sharing) for SFS. The variation of this quantity a
ross the logi
al links(with pi � pt) represents a measure of unfairness of this sharing.In a more general setting, the 
losed form expression for 
all blo
king probabilityis very diÆ
ult to obtain and simulations are used for its estimation.The variation in session blo
king probability as session arrival rate in
reases isshown in Figure 6.1. We assumed a OC3 link of 155Mbps 
arrying video sessionsof 2Mbps with a mean holding time of 3 minutes. The sessions arrive as a Poissonpro
ess with exponentially distributed session holding time. Graphs are plotted for
ases when the link is partitioned into 2; 4; 10 and 20 logi
al links of equal 
apa
ity.The arrival rate at ea
h logi
al link is kept the same. When the arrival rate is low,the session blo
king probability is almost zero and it in
reases as the session arrival
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Figure 6.2: Expe
ted throughput using the Erlang's formula when link is partitionedinto di�erent number of logi
al links.rate in
reases. The arrival rate in
reases up to 155 
alls per minute whi
h is twotimes the rate needed to saturate the link, when the session blo
king probabilitybe
omes more than 0:5. As the number of logi
al links are in
reased, the bandwidthblo
king probability is in
reased, indi
ating the loss of statisti
al multiplexing dueto partitioning. The variation in expe
ted throughput as 
omputed by the Erlang'sformula is given in Figure 6.2. The loss of statisti
al multiplexing is again evidentfrom the graphs.SFS a
hieves lower bandwidth blo
king probability when the arrival rate is high,at the expense of slightly higher bandwidth blo
king probability when the arrival rateis low. When the arrival rate at a logi
al link is low, some of its free 
apa
ity is fairlyredistributed to other logi
al links, whi
h marginally in
reases its bandwidth blo
kingprobability. However, the links with heavy load experien
e lower bandwidth blo
kingprobability be
ause of better statisti
al multiplexing and redistributed 
apa
ity. Asa result, the overall throughput is in
reased signi�
antly.6.3 The SFS Admission ControlLet ri be the amount of this 
apa
ity already reserved (read used) by logi
al linki. The normalized usage of logi
al link i is given by ni = ri=
i. A logi
al link with



166 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSnormalized usage less than 1 is underutilized whereas a logi
al link with normalizedusage greater than 1 is using more than its allo
ated 
apa
ity. If the given link isstati
ally partitioned, ni is always less than or equal to 1. In 
ase of sto
hasti
 fairsharing, if some logi
al link is underutilized, other logi
al links may make use of itsunused 
apa
ity and have a normalized usage of greater than 1.Let the logi
al links be relabelled in in
reasing order of their normalized usage(link 1 has lowest normalized usage and link N has the highest). The link withlowest normalized usage is given the highest priority. A new session for logi
al link1 is a

epted if the free 
apa
ity of the physi
al link is greater than or equal to thebandwidth requirement of the session. A new session for logi
al link 2 (whi
h hasthe se
ond lowest normalized usage) is a

epted only if enough free 
apa
ity (t1)would be left in the physi
al link, for logi
al link 1 after a

epting the session. Thisreserved 
apa
ity is 
alled the trunk reservation for logi
al link 1 (a term adopted fromtele
ommuni
ations networks) [48℄. In general, a session of logi
al link i is a

epted ifthe free 
apa
ity after a

epting the session is at least equal to the sum of the trunkreservations of the logi
al links with lower normalized usage. Formally, a new sessionof logi
al link i, with bandwidth request of r is a

epted if and only if:NXj=1 rj + r +Xj<i tj � C (6.3)A session from the most heavily loaded logi
al link is a

epted only if Pj<N tj
apa
ity remains free after a

epting this session. This s
heme gives higher priorityto sessions of logi
al links having low normalized usage and thus attempts to equalizethe normalized usage of di�erent logi
al links.It has been shown in the 
ontext of tele
ommuni
ations networks that even asmall amount of trunk reservation gives almost absolute priority to one 
lass of 
allsover the other [7, 92℄. If there are only two types of 
alls arriving on a link and
ertain amount of trunk reservation (equivalent to that needed by 1-10 
alls) is setaside for high priority 
alls, then as 
all arrival rate in
reases, the high priority 
allsstart o

upying most of the link. However, if the arrival rate of high priority 
allsis not large enough to saturate the link, the low priority 
alls o

upy the rest of thelink. This is shown in Figure 6.3. Sessions with bandwidth requirement of 2Mbps
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Figure 6.3: Average throughput of two links in presen
e of trunk reservation.and mean holding time of three minutes arrive at a link of 155Mbps. There is a trunkreservation for high priority sessions. The arrival rate of low priority sessions is kepthigh at 310 Erlangs and the arrival rate of high priority sessions is varied. The graphshows that even small amount (4 Mbps) of trunk reservation gives almost absolutepriority to high priority sessions.In the proposed SFS approa
h, sessions in the link having the least normalizedusage are given priority over the rest of the sessions. Therefore, its usage is expe
tedto in
rease. As soon as its usage be
omes larger than that of next link, its priority isredu
ed. Similarly, the link having the highest normalized usage is given the lowestpriority, allowing it to only make use of the leftover 
apa
ity of all other logi
al links.As a result, this approa
h attempts to equalize the normalized usage of the logi
allinks.Consider a link partitioned into two logi
al links of equal 
apa
ity. The state ofthe link at any given time is represented by the 
urrent bandwidth reservation of thetwo logi
al links. Figure 6.4 shows the state spa
e diagram of the system. The xand y axis represent the 
urrent reservation of the �rst and the se
ond logi
al linkrespe
tively. The 
urrent state of the link 
an be represented by a point in the statespa
e diagram. The shaded region represents the possible states where the systemmay be present at any given time. Clearly, the sum of the reservations 
an not bemore than the link 
apa
ity as shown by the negatively sloped line on the right.
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Figure 6.4: State spa
e diagram for a link.When a new session on �rst logi
al link is a

epted, the system moves to theright in the state spa
e diagram. Similarly, upon a

eptan
e of a new session onse
ond logi
al link, the system moves up. When sessions of �rst or se
ond logi
allink 
omplete, the system moves towards left or downwards. Assume that trunkreservation for both the links is same. As long the total free 
apa
ity is more thanthe trunk reservation, the system may move in any dire
tion (assuming that thebandwidth requirement of sessions is small). The area shaded as gray represents thisregion. In the region where the available 
apa
ity is less than the trunk reservation(the area between the two slanting lines), session of the �rst logi
al link 
an bea

epted only if the 
urrent reservation of the �rst logi
al is less than that of these
ond logi
al link. Thus, the system 
an move left, right or down but not upwards.This region is represented by horizontal shading. Similarly, the region shaded byverti
al lines represents the state spa
e where the system 
an freely move upwardsbut not towards the right.If the link was stati
ally partitioned, then its state spa
e is limited to the re
t-angular region OPSV and is free to move in any dire
tion in this region. If thereis no partitioning, then the state spa
e of the system would be the region OYZ andthe system would be free to move in any dire
tion in this region. The sto
hasti
 fairsharing approa
h is between these two extreme 
ases.



6.3. THE SFS ADMISSION CONTROL 169Note that the region WSX of the state spa
e is 
hara
terized by roughly equal andmoderate to high load on both the logi
al links. In the stati
 partitioning approa
h,the system is free to move in either dire
tion in this region, whereas in the SFSapproa
h its movement is restri
ted. This may result in higher blo
king probabilitiesfor SFS if the system is expe
ted to be in this region most of the time. Thus theperforman
e of the SFS approa
h may be
ome worse than that of stati
 partitioning.The situation is worse if the trunk reservation is more than half the link 
apa
ity. Wetherefore propose a minor modi�
ation to our basi
 s
heme des
ribed earlier.If the normalized usage of a logi
al link is 
lose to its fair share, then it is notne
essary to have a large value of trunk reservation for the logi
al link. In this 
ase,we redu
e the trunk reservation of the logi
al link. Logi
al link i has a stati
 trunkreservation parameter bti whi
h is the maximum value of trunk reservation for thelink. The fair share (fi) of 
apa
ity for ea
h logi
al link is dynami
ally 
omputed.If the di�eren
e between the fair share and 
urrent reservation of a logi
al link isless than its stati
 trunk reservation, then trunk reservation for the link is set tothe di�eren
e. Otherwise the trunk reservation is set to the stati
 value. Formally,ti = min[bti; fi � ri℄.The fair share of logi
al link 1 is given by f1 = C1PNj=1 CjC. The fair share of theother logi
al link is 
omputed by redistributing the free 
apa
ity of logi
al links withlower normalized usage as follows:fi = CiPNj=iCj (C � i�1Xj=0(rj + tj))The above expression is a natural extension of the fairness 
riteria [100℄ used inpa
ket s
hedulers. The �rst term of the produ
t in the above expression representsthe fra
tion of residual 
apa
ity whi
h should be given to logi
al link i. The se
ondterm represents the residual 
apa
ity after taking out the usage of logi
al links whi
hare more lightly loaded than logi
al link i. Thus, if the usage of the logi
al link is lessthan its fair share, then the free 
apa
ity is fairly redistributed among heavily loadedlinks after keeping aside a small trunk reservation.The state spa
e diagram for this approa
h is shown in Figure 6.5. Now the systemis free to move towards a
hieving utilization of its entire 
apa
ity as long as normalized
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OFigure 6.5: State spa
e diagram of a link while using SFS.usage of both the logi
al links is 
lose to ea
h other.Note that the goals of isolation and sharing are somewhat 
ontradi
tory in nature.For perfe
t isolation, the link has to be stati
ally partitioned, resulting in no sharing.Redistributing even a small unused 
apa
ity of a logi
al link, will result in somein
rease in its session blo
king probability. The stati
 trunk reservation parameter(simply 
alled trunk reservation in rest of the 
hapter) 
an be used to balan
e isolationand sharing. If the trunk reservation is set to zero, then the entire link 
apa
ity isshared and there is no isolation. In this 
ase a new session is a

epted if and onlyif the free 
apa
ity in the physi
al link is greater than or equal to the bandwidthrequirement of the session. As the trunk reservation is in
reased, the sharing isredu
ed and isolation is improved. If the trunk reservation of a logi
al link is equal toits 
apa
ity then the SFS s
heme emulates stati
 partitioning (assuming that sessionshave �xed bandwidth requirement, and the 
apa
ity of ea
h logi
al link is an integralmultiple of session bandwidth).6.4 SFS for Multi-Hop Virtual LinksIn 
ase of virtual networks, the virtual links are realized by paths in the servi
eprovider's network. Ea
h virtual link has a provisioned 
apa
ity allo
ated at the



6.4. SFS FOR MULTI-HOP VIRTUAL LINKS 171time of establishment of the link. This provisioned 
apa
ity is determined based onthe long term expe
tation of the traÆ
 in the virtual network and is in
luded in theservi
e level agreement (SLA) with the provider. In addition, ea
h virtual link alsohas a 
urrent 
apa
ity whi
h 
an be 
hanged by sending in
rease or de
rease requestsin the provider network. These requests travel along the path of the virtual link. Atea
h node in the provider network, the SFS state 
orresponding to ea
h virtual linktraversing the node is maintained. Variable ri of SFS state represents the 
urrent
apa
ity of virtual link i and Ci represents its provisioned 
apa
ity.Upon re
eipt of an in
rease request of amount r, SFS admission 
ontrol test(Eq. 6.3) is evoked to de
ide if the request 
an be a

epted. If the test su

eeds,SFS state at the node is updated (ri is in
reased), and the request is forwarded tothe next node. If the test fails, a failure indi
ation is sent ba
k along the same path.While this failure indi
ation travels ba
k, ea
h link in the path de
reases its respe
tiveri. If the in
rease request rea
hes the other end of the virtual link, a su

ess mes-sage is sent ba
k. While this message travels the reverse path, the s
heduler weightsare adjusted. For a de
rease request, ri's are de
reased and s
heduler weights areadjusted in the forward path.Now, on a session arrival, the virtual link 
an simply send an in
rease request 
or-responding to the session bandwidth requirement, and a

ept the session if and onlyif the in
rease request is a

epted in the provider network. Similarly, upon a session
ompletion, the virtual link may send a de
rease request in the provider network.While this approa
h would a
hieve weighted max-min fair sharing, it may 
ood theprovider network with in
rease and de
rease requests, parti
ularly if individual VPNsessions require only a small fra
tion of the virtual link bandwidth. It would alsoresult in higher 
all setup laten
ies in the VPN as the signaling message will traversethe virtual link twi
e.Therefore, we set a minimum step size (Cmin) by whi
h the virtual link 
apa
ities
an be 
hanged. In order to prevent rapid os
illations in virtual link 
apa
ity aroundinteger multiples of Cmin we introdu
e hysteresis in sending in
rease and de
reaserequests. The de
rease request is sent only if the free virtual link 
apa
ity is at least1:5Cmin.
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tion 
reates the following problem. The SFS algo-rithm for a single link relies on the fa
t that session holding times are �nite. If theusage of a logi
al link is above its fair share (be
ause of low traÆ
 on other logi
allinks in the re
ent past), new sessions on that logi
al link will not be a

epted, andongoing sessions will eventually 
omplete and release the bandwidth. However, if theminimum step size is �xed (say Cmin) and bandwidth requirements of sessions is smallas 
ompared to Cmin, then, instead of a de
rease request, a session 
ompletion willgenerate some free 
apa
ity in the virtual link. At this stage, if a new session arrivesit 
an be a

epted without going through SFS admission 
ontrol. Thus the virtuallinks may not automati
ally redu
e their 
apa
ity even while they are operating atusage higher than their fair share.To 
ounter this problem, we introdu
e a network initiated redu
e message. Afterpro
essing an in
rease request at a link, the node �nds out virtual links on whi
ha small de
rease request, 
annot be immediately followed by a su

essful in
reaserequest of the same amount (i : PNj=1 rj +Pi�1j=1 tj > C), and sends redu
e request tothese virtual links. After introdu
ing hysteresis, the 
ondition to generate a redu
erequest for virtual link i be
omes (PNj=1 rj+Pi�1j=1 tj > C+Cmin). Upon re
eipt of theredu
e request, the virtual link stops admitting new sessions until it sends a de
reaserequest. This ensures that 
apa
ity 
an be qui
kly re
laimed from virtual links usingmore than their fair share.Finally, some virtual links may still overwhelm the provider network by qui
klyand repeatedly sending in
rease requests most of whi
h fail. We therefore impose a
onstraint that after an in
rease request fails, a virtual link is not allowed to sendanother in
rease request for a �xed interval (taken as 1 se
. for simulations).The key ideas needed to extend SFS to multi-hop virtual links are summarized asfollows.� In
rease and de
rease requests in the provider network to dynami
ally resizevirtual link 
apa
ity.� Use of SFS admission 
ontrol at ea
h provider link for in
rease requests.� A minimum resize 
apa
ity to limit signaling load.
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λµλµ λµ λµ

cµ(c-t) µ µ(c-1)

0tFigure 6.6: An approximate bounding model for estimating session blo
king proba-bility in worst 
ase.� Network initiated redu
e request to signal highly loaded virtual links to 
utdown their traÆ
.� Hysteresis in algorithms generating in
rease, de
rease and redu
e requests.6.5 Determining Trunk Reservation ParameterThe trunk reservation parameter should balan
e the degree of sharing and isolation ofdi�erent logi
al links. For the isolation property, it is suÆ
ient to bound the sessionblo
king probability of a lightly loaded link, when all other links have high sessionarrival rates. In order to 
ompute the session blo
king probability, we work with thefollowing simpli�ed and approximate model.Assume that sessions have �xed bandwidth requirement, and 
apa
ities of logi
allinks are integral multiple of session bandwidth. We s
ale down the 
apa
ities bysession bandwidth requirement. A 
apa
ity of k means that the link 
an a

ept ksessions. Let the 
apa
ity of the physi
al link be C. Assume that sessions arrive inde-pendently as a Poisson pro
ess with exponentially distributed mean session holdingtimes. Assume that all logi
al links ex
ept link labeled 1 have high session arrivalrates. Let t be the trunk reservation for logi
al link 1. Sin
e the arrival rate on allthe other links is high, the sessions are expe
ted to utilize most of the link, leaving afree 
apa
ity less than or equal to t, whi
h is prote
ted by the trunk reservation.We therefore assume that the free 
apa
ity is always less than or equal to t and
onsider a simpli�ed Markov 
hain having t+1 states as shown in Figure 6.6. State irepresents a free 
apa
ity of i in the physi
al link. First, assume that the normalizedusage of logi
al link 1 is the lowest among all the other links. Let the session arrival



174 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSrate at link 1 be �1�. Let the mean session holding time be 1=�. The system 
anmove from state i to i� 1 (i � t) only upon arrival of a session of link 1 (whi
h has amean �1�). However, if any of the 
� i sessions 
omplete, the system 
an move fromstate i to i + 1. If P (i) represent the steady state probability that the system is instate i, then P (t� i) = P (t) �i1�ij=1(C � t + j)If C is large as 
ompared to t, then we 
an approximate C � t+ j as C. ThereforeP (t� i) = P (t)(�1C )iThe session blo
king probability is given by P (0).P (0) = (�1=C)tPti=0 (�1=C)iNow 
onsider the 
ase when the normalized usage of some other link be
omes lessthan that of logi
al link 1. There is at least one session with a usage lower than thatof link 1. Therefore, its free 
apa
ity will be redistributed and some of it will be givento link 1. As a result, the fair share of link 1 will at least be equal to its 
apa
ity.Thus, the blo
king probability for a new session of this link, is expe
ted be less thanthe blo
king probability of the stati
 partitioning approa
h (E(�1; C1)). Thereforethe blo
king probability for link 1, for a given trunk reservation t is bounded by:p(t) � max E(�1; C1); (�1=C)tPti=0 (�1=C)i! (6.4)A 
omparison of blo
king probability as given by the above model, with the blo
k-ing probabilities obtained by simulations is given in Figure 6.7. The link of 155Mbpsis partitioned into two logi
al links of equal 
apa
ities. We assume video sessions witha �xed bandwidth requirement of 2Mbps. The session arrival rate at one of the linksis kept high at the rate of 310 Erlangs and is varied at the other link. The measuredsession blo
king probabilities while using SFS are plotted for di�erent values of trunkreservation. The blo
king probabilities as given by the model are also plotted. Thegraphs indi
ate that the observed blo
king probabilities are in good agreement withthe model. When the session arrival rate is low, the Markov 
hain of Figure 6.6 is
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Figure 6.7: A 
omparison of session blo
king probability as given by model with thatgiven by simulation, in 
ase of overload.a good model of the system, and Eq. 6.4 gives a reasonable estimate of the blo
k-ing probability. As the arrival rate in
reases, the system starts behaving as if it wasstati
ally partitioned and the blo
king probabilities are given by the Erlang's formula.In order to 
al
ulate the trunk reservation for a logi
al link, we �rst sele
t a targetblo
king probability p. In the extreme 
onditions, when there is high arrival rate onall the other logi
al links and the arrival rate on this link is very low, we aim for ablo
king probability less than or equal to p. In 
ase the arrival rate on this link ishigher, the blo
king probability will be 
lose to that given by the stati
 partitioningapproa
h. Therefore we need P (t) � p in the region where E(�1; C1) � (�1=C)tPti=0 (�1=C)i .Thus, p � (�1=C)tPti=0 (�1=C)i( p � (�1C )t( t � log(p)log(�1=C)In order to 
ompute a bound on t, we put �1 as C1 (the arrival rate is just enough tosaturate the link 
apa
ity). We get the following 
ondition on trunk reservation:t � log(p)log(C1=C) (6.5)For a path traversing N hops, the target blo
king probability may be divided by



176 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSN to get a per-hop target blo
king probability. Note that the above expression isjust to get a rough estimate of the trunk reservation parameter for a given worst
ase target blo
king probability. The model is simpli�ed, approximate and does notmodel the system well when the bandwidth requirements of sessions are variable. Westill used Eq. 6.5, with a worst 
ase blo
king probability, p, of 0:01 to 
al
ulate thetrunk reservation parameter for single link simulations. The variation in the trunkreservation parameter was small (between 3 and 5 sessions). Therefore, for networksimulations, we used a �xed trunk reservation of 10 Mbps (equivalent to t = 5 for Cmin= 2 Mbps). This gave us satisfa
tory results. If the session bandwidths are variable,we use the average bandwidth requirement of sessions to s
ale the 
apa
ities. Oursimulations give satisfa
tory results for most 
ases. In the extreme 
ase when thephysi
al link of 155Mbps was partitioned into 20 logi
al links, the 
al
ulated trunkreservation was 3Mbps whi
h was less than the maximum bandwidth requirement ofa session (3:75Mbps). This resulted in poor blo
king probabilities of lightly loadedlinks in 
ase of overload.6.6 Single Link SimulationsSFS 
riti
ally relies on the assumptions that (a) bandwidth requirement of individualsessoins is small as 
ompared to the link 
apa
ity, (b) most sessions have small holdingtime, and (
) the session arrival pro
ess is not very bursty.A

urate models for the arrival pro
ess of sessions with QoS requirements arenot available. The only models available are for 
all arrivals in tele
ommuni
ationsnetworks where resear
hers have extensively used Poisson 
all arrival model (witharrival rate as a fun
tion of the time of day) with exponential holding time (with amean of about 3 minutes). The assumptions required for SFS are de�nitely true intele
ommuni
ations networks.These assumptions also seem reasonable for future Integrated Servi
es Networks.For instan
e, the bandwidth requirement of MPEG video stream is between 1 � 6Mbps, whi
h is reasonably small as 
ompared to link speeds of 155 Mbps to 2:4Gbps. The average throughput of a typi
al web 
onne
tion is also small (4 Kbps
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Figure 6.8: Bandwidth blo
king probabilities under same arrival rate on all logi
allinks.to 128 Kbps) [4℄ as 
ompared to the link speeds. Though the holding time for web
onne
tions is shown to be heavy tailed [23℄, most of the 
onne
tions are still short-lived. The session arrival pro
ess is also not as bursty as the data arrival pro
ess.We therefore simulated using the most simplisti
 model. We assume that sessionsarrive as a Poisson pro
ess having exponentially distributed holding times with amean of three minutes. The bandwidth requirement of these sessions vary uniformlyat random from 250Kbps to 3:750Mbps in in
rements of 250Kbps. The mean sessionbandwidth is 2Mbps. Though these assumptions do not a

urately model the sessionarrival pro
ess, we do expe
t them to give a glimpse into the SFS performan
e. Weassume an OC3 link of 155 Mbps, partitioned into logi
al links.6.6.1 Statisti
al MultiplexingFigures 6.8 and 6.9 show how SFS 
an a
hieve more statisti
al multiplexing. Thephysi
al link is partitioned into �ve logi
al links. The session arrival rate in ea
h of thelinks is kept the same and the total session arrival rate is in
reased till 155 Erlangs (twotimes the rate required to saturate the link). The bandwidth blo
king probability,whi
h is the same for ea
h logi
al link, is measured and plotted for di�erent s
hemes.\No partitioning" refers to the s
heme in whi
h a new session is a

epted if thephysi
al link has enough free 
apa
ity. In \Stati
 partitioning", a new session is
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Figure 6.9: Average throughput under same arrival rate on all logi
al links.a

epted only if free 
apa
ity of its logi
al link is greater than or equal to its bandwidthrequirement. The bandwidth blo
king probability and the average throughput ofSFS is 
lose to that of the \no partitioning" approa
h whi
h is the best a
hievable.Therefore, SFS regains most of the statisti
al multiplexing lost by �xed partitioning.6.6.2 IsolationThe performan
e parameters of a logi
al link should not degrade in the presen
e ofoverload on the other logi
al links. To see this, we have simulated two overload s
e-narios. We partition the physi
al link into �ve logi
al links and assign high sessionarrival rates on four of the links. The session arrival rate on other logi
al link (whi
his lightly loaded) varies from 0 to 31 Erlangs (two times the rate needed to saturatethe logi
al link). In the \
onstant overload" s
enario, the session arrival rate on over-loaded logi
al links was kept to 310 Erlangs, whereas in the \proportional overload"s
enario the arrival rate on the overloaded links was kept ten times the arrival rate onthe lightly loaded link. If there is adequate isolation, the bandwidth blo
king prob-abilities of the lightly loaded link would not be mu
h worse than that of the stati
partitioning approa
h.Figure 6.10 plots the bandwidth blo
king probability of the lightly loaded link asits session arrival rate in
reases. Note that the blo
king probability in the presen
e ofoverload is very 
lose to that of stati
 partitioning. This shows that the SFS approa
h
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Figure 6.10: Bandwidth blo
king probability of lightly loaded link, when other linksare overloaded.
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Figure 6.11: Bandwidth blo
king probability of lightly loaded link, when other linksare overloaded.
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Figure 6.12: Average throughput of the two logi
al links.a
hieves isolation even in the presen
e of overload in other links. The same graphis shown in log s
ale in Figure 6.11. Note that when the arrival rates are very low,and the blo
king probability is 0:01 (the target blo
king probability) or less, thenthe blo
king probability of the SFS approa
h does not redu
e as fast as in stati
partitioning. In this range of operation, the free 
apa
ity of lightly loaded links isredistributed to overloaded links resulting in higher blo
king probability. However, ifthe arrival rates on all the links is equal, then blo
king probability is redu
ed.6.6.3 Fair SharingIn order to illustrate sharing, we assume that the physi
al link is divided into twologi
al links of equal 
apa
ity. Again, one of the links is lightly loaded whereas theother link is overloaded. The overloaded link has a 
onstant session arrival rate of310 Erlangs, whi
h is eight times the rate required to saturate the physi
al link.The arrival rate in the other logi
al link varies from 0 to 77:5 Erlangs. Figure 6.12shows the variation in the average throughput as the arrival rate in the lightly loadedlink in
reases. At zero session arrival rate, most of the free 
apa
ity is used by theoverloaded link. However as the session arrival rate in
reases, the average throughputof the lightly loaded link in
reases. The graph showing average throughput of thelightly loaded link overlaps with the graph showing the same if stati
 partitioningwas used, indi
ating that there is virtually no loss of throughput at the lightly loaded
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Figure 6.13: Graphs showing fair sharing of residual 
apa
ity while using SFS.
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Figure 6.14: Sharing of residual 
apa
ity while using virtual partitioning.link even if its 
apa
ity is redistributed to other links. The total average throughputwhile using stati
 partitioning varies from 77 Mbps to 155 Mbps. The total averagethroughput while using SFS in
reases from 140Mbps to 155Mbps, indi
ating that thetrunk reservation of the lightly loaded link is also utilized as its arrival rate in
reases.To demonstrate fairness of sharing, we assume that the physi
al link is partitionedinto three logi
al links of equal 
apa
ity. One of the logi
al links is overloaded withan arrival rate of 77:5 sessions per minute (three times the nominal load), the otherlink is loaded with an arrival rate of 33:58 Erlangs (1:3 times the nominal load)and the arrival rate at the third link is varied from 0 to 51:6 Erlangs (two timesthe nominal load). The ratio of equivalent 
apa
ity to provisioned 
apa
ity for linkshaving blo
king probability greater than 0:05 is plotted in Figure 6.13. The same
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Figure 6.15: Topology of simulated network.graph is plotted for the virtual partitioning s
heme [12℄ in Figure 6.14. Points withzero ratio indi
ate that the bandwidth blo
king probability is smaller than 0:05. Inthe 
ase of virtual partitioning, the free 
apa
ity is taken almost entirely by thelogi
al link having high arrival rate. When the arrival rate on one of the logi
al linksis low, there is a large free 
apa
ity. In this range, the equivalent 
apa
ity of the linkhaving an arrival rate of 77:5 Erlangs, is 1:8 times its provisioned 
apa
ity whereasthe equivalent 
apa
ity of the other link with arrival rate 33:58 Erlangs is only 1:15times its provisioned 
apa
ity. As the arrival rate on one of the links in
reases, thefree 
apa
ity de
reases and eventually be
omes equal to zero. In this region of thegraph, equivalent 
apa
ity of virtual links approa
h their provisioned 
apa
ity. Thegraphs for SFS show that the ratio of equivalent 
apa
ity to provisioned 
apa
ity isvery 
lose to ea
h other for the entire range of arrival rate on one of the logi
al links.This indi
ates that SFS redistributes the residual 
apa
ity fairly among the logi
allinks in a

ordan
e with our fairness 
riteria.6.7 Simulations for a NetworkWe report the results for simulations 
arried out on a twelve node approximate AT&TWorldnet topology (also used in [27℄) as shown in Figure 6.15. Ea
h link is assumedto be of 
apa
ity 2:4 Gbps and propagation delay 20ms. We setup a leased virtuallink between every pair of these nodes. Therefore, there are 132 unidire
tional virtual



6.7. SIMULATIONS FOR A NETWORK 183links. A �xed trunk reservation of 10 Mbps and a minimum in
rease/de
rease stepsize of 2 Mbps was used.6.7.1 Max-min FairnessWe assume that all the 132 virtual links have the same provisioned 
apa
ity. Weassume, as in Se
tion 6.6, that sessions with rate uniformly distributed between 0:25Mbps and 3:75 Mbps in in
rements of 0:25 Mbps, randomly arrive (as a Poissonpro
ess) at these virtual links. The session holding time is exponentially distributedwith a mean of three minutes (1=� = 3min.). A load of 1 on a virtual link implies asession arrival rate of f�=r, where f is its max-min fair 
apa
ity, r is its mean sessionbit-rate. In the (0.0-2.0) s
enario, the load on ea
h virtual link is set uniformly atrandom between 0 and 2. In the (0.5-1.5) s
enario, the load on virtual links is setuniformly at random in the range 0:5 and 1:5. In the 5% misbehaving s
enario, 5per
ent of the virtual links misbehave with a load of 10. The other virtual links havea load of 1.We 
ompared SFS with the simplest �rst 
ome �rst serve (FCFS) s
heme. InFCFS, ea
h virtual link sends in
rease and de
rease requests as in SFS, but theadmission 
ontrol pro
edure in the provider network grants these requests in �rst
ome �rst serve order (i.e., as long as there is free 
apa
ity on the link).Simulations were run for 2000 simulated se
onds. In the end, ea
h virtual link was
lassi�ed as bottlene
ked or non-bottlene
ked, depending upon whether or not its ses-sion blo
king probability was more than a given threshold (pth = 0:05). The averagethroughput of non-bottlene
ked virtual links was subtra
ted from the link 
apa
itiesin its path. For rest of the virtual links, weighted max-min fair share was 
omputedusing the residual 
apa
ities. Now, using the Erlang's formula, the throughput ofnon-bottlene
ked virtual links was adjusted upwards, depending upon their sessionblo
king probabilities, to re
e
t their equivalent 
apa
ity. The fairness ratio repre-sents the ratio of equivalent 
apa
ity to max-min fair 
apa
ity. The experiment wasrepeated a number of times with di�erent random seeds.Figure 6.16 shows the 
umulative distribution fun
tion of the fairness ratio of all
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6.7. SIMULATIONS FOR A NETWORK 185the virtual links for di�erent loading s
enarios. From the �gure, it is evident thatSFS 
onverges reasonably well to the weighted max-min fair share in the providernetwork. For 90% of the 
ases, the fairness ratio of SFS is between 0:75 and 1:00, for(0.0-2.0) and (0.5-1.5) s
enarios. Note that the Erlang's formula is only appli
ablefor 
onstant bandwidth sessions. Therefore 
omputing the equivalent 
apa
ity usingthe Erlang's formula even in the presen
e of variable bandwidth sessions, introdu
esa small error. A signi�
ant portion of the spread in fairness ratio 
an be attributedto this error. When 
onstant bandwidth sessions are used in the simulations thefairness ratio remains between 0:90 and 1:05 for about 95% of the 
ases as shown inFigure 6.17.As the variation in load in
reases from (0.5-1.5) to (0.0-2.0), the spread in fairnessratio for FCFS in
reases, whereas for SFS this spread remains nearly the same. Thefairness ratio ranges from 0:09 to 3:02 for FCFS and from 0:43 to 1:38 for SFS.In the 
ase of 5% misbehaving virtual links, the FCFS allo
ates large 
apa
ities tothe misbehaving virtual links, resulting in a signi�
antly lower fairness ratio of mostof the well behaved virtual links. In 
ase of SFS, the fairness ratio of well behavingvirtual links remains nearly same as before, indi
ating that they are well prote
tedfrom the misbehaving virtual links. The range of fairness ratios for FCFS and SFSfor this s
enario are 0:22 to 5:23 and 0:40 to 2:08 respe
tively.Another measure of fairness has been proposed in [65℄. The fairness index isde�ned as I = (Pni=1 fi)2=(n(Pni=1 fi2)), where fi is the fairness ratio of virtual linki and n is the number of virtual links. A fairness index of 1 implies perfe
t fairnessand fairness index 0 implies gross unfairness. The fairness index ranges of SFS forthe three s
enarios are (0:989� 0:997); (0:993� 0:998); (0:963� 0:974). These rangesfor the FCFS are (0:938� 0:985); (0:869� 0:973); (0:644� 0:658). A

ording to thisindex of fairness, SFS a
hieves 
lose to perfe
t fairness for all the s
enarios, whereasFCFS performs signi�
antly worse in the 5% misbehaving s
enario.All these results indi
ate that SFS a
hieves its primary obje
tive of prote
tionand max-min fair sharing in a generi
 network.



186 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSSignaling load Per
entage of Low Bandwidth TraÆ
(messages / se
) 0 30 60 90Avg. (out) v-links 1.36 1.33 1.33 1.60Max. (out) v-link 5.66 6.00 6.50 8.42Avg. (VPN) v-link 2.13 21.59 41.03 59.9Max. (VPN) v-link 9.41 94.23 178.62 263.18Avg. over routers 76.20 74.24 74.09 88.48Max. over routers 120.37 118.06 118.57 144.71Addnl. setup laten
y (ms)Avg. over v-links 29.27 2.78 1.32 0.92Max over v-links 76.77 7.63 4.13 2.96Table 6.1: Signaling load and additional 
all setup laten
y for di�erent mix of high-bandwidth and low-bandwidth traÆ
.6.7.2 Signaling LoadSome fra
tion of low bandwidth traÆ
 (64Kbps sessions) was mixed with the highbandwidth traÆ
, and the signaling load on virtual links and routers was measured.Table 6.1 shows the results for one simulation run of 2000 se
onds. On ea
h vir-tual link, the number of in
rease, de
rease requests sent and redu
e requests re
eivedwas measured. The table indi
ates that the average rate of these signaling requestsremains fairly 
onstant in the range 1:33 to 1:60, even if the fra
tion of low band-width sessions in the VPN in
reases. The number of average VPN signaling requestspro
essed by virtual links in
reases to up to 59:9 as the per
entage of low band-width sessions in
rease. However, most of these requests are �ltered by the virtuallinks and do not result in a signaling message in the provider network. The rate ofsignaling message in the provider network remains fairly independent of the traÆ
mix in the VPN. The maximum signaling requests were usually generated by theDenver-Chi
ago (4-7) virtual link (between 5:66 and 8:14 messages per se
ond for dif-ferent traÆ
 mixes). The table indi
ates that the average signaling load on providerrouters using SFS is also fairly 
onstant over di�erent traÆ
 mixes (between 74:09
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urrent reservation on a virtual link, when arrival rate was
hanges at 500, 1000 and 1500 se
onds.and 88:48), and is quite manageable2. The maximum signaling load was on Chi
agoand SF routers (up to 144:71 messages per se
ond) whi
h also have maximum numberof links 
onne
ted. This indi
ates that using SFS in a large network is quite feasibleand does not require a large signaling overhead for the in
rease, de
rease and redu
erequests.6.7.3 Other ParametersUse of SFS may introdu
e additional session setup laten
y in VPN be
ause the setuprequest may trigger an in
rease request on a virtual link and then the setup requesthas to wait till the response of this in
rease request 
omes ba
k. Table 6.1 also showsthe average and maximum of additional session setup laten
ies. If the traÆ
 mix
onsists of high bandwidth traÆ
 only, then approximately two session arrivals on avirtual link result in one in
rease request. So, the additional setup laten
y is abouthalf the round-trip time on virtual links. As the fra
tion of low bandwidth sessionin
reases, this setup laten
y goes down signi�
antly. Only a very small fra
tion oflow bandwidth sessions generate an in
rease request and therefore have low averagelaten
y.2Note that SFS admission 
ontrol is evoked on less than 1=4th of these messages (only on in
rease-fwd out of in
rease-fwd, in
rease-bwd, de
rease-fwd, de
rease-bwd and redu
e).



188 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSAdaptability is another important parameter while using SFS in a network. Whathappens if session arrival rate on one of the virtual links 
hanges? How qui
kly 
anSFS adapt to 
hange in traÆ
 patterns? Figure 6.18 gives the answers. It showsthe variation of reserved bandwidth on Seattle-Orlando virtual link with time. Wesimulate with only high-bandwidth sessions in the network, and randomly 
hange thesession arrival rate on the Seattle-Orlando virtual link at time T = 500; 1000 and1500 se
. The initial arrival rate on the virtual link was less than that needed tosaturate its max-min fair 
apa
ity. Therefore, the reservation level steadily in
reasedto 70 Mbps and then varied randomly till T = 500. The blo
king probability was 0 inthis interval. At T = 500 the arrival rate be
ame large enough to saturate the max-min fair 
apa
ity. So the average reservation in
reases rapidly and stabilizes arounda max-min 
apa
ity of 200Mbps. The blo
king probability is 0:3 in this interval.At T = 1000, the arrival rate be
omes small again. Now the average reservationredu
es exponentially to 56Mbps in till T = 1500. The blo
king probability in thisregion is 0:025. At T = 1500, the arrival rate is in
reased again, but is insuÆ
ientto saturate the max-min 
apa
ity. Therefore the reservation varies between 170Mbpsand 200Mbps. The blo
king probability in this region is again 0. If the arrivalrate is in
reased, it takes about 180 se
onds (the mean 
all holding time) for thereservation level to rea
h 
lose to its steady-state value. If the arrival rate is redu
ed,the de
ay in reservation is slow and exponential (whi
h 
an be attributed entirelyto the exponential holding time of sessions). Thus, the rate of adaptation of SFS isprimarily limited by the mean session holding time.The trunk reservation used by SFS may lead to some bandwidth wastage. Toestimate this, we measured the total number of bits 
arried while using SFS and
ompared it with FCFS (no partitioning, in
rease request served in FCFS order).The average throughput per virtual link of SFS for s
enarios (0.5-1.5), (0.0-2.0) and\misbehaving" were 404 Mbps, 373 Mbps and 432 Mbps respe
tively. The averagethroughputs of FCFS for these s
enarios were 409 Mbps, 379 Mbps and 429 Mbpsrespe
tively. For the \misbehaving" s
enarios, SFS outperforms FCFS whereas inthe other two s
enarios the average throughput of SFS is within 98% of FCFS. Thus,the bandwidth wastage in SFS is small as 
ompared to the potential resizing gains



6.8. FUTURE WORK 189(around 2 as reported in [27℄), while the prote
tion and fairness bene�ts are largewhi
h is essential for any resizing approa
h to work in pra
ti
e.6.8 Future WorkA di�erent te
hnique to do fair sharing based on the idea of dynami
 threshold [18℄
an be designed. For every logi
al link i, a 
apa
ity threshold is 
omputed from theunused link 
apa
ity as follows:Ti = CiC f 0�C � NXj=1 rj1A (6.6)where f(:) is a monotoni
 positive fun
tion. A new session of bandwidth r on logi
allink i is a

epted if and only if: Ci + r � Ti (6.7)The 
apa
ity threshold (Ti) for ea
h logi
al link is proportional to the provisioned
apa
ity (Ci) of the logi
al link. Thus the 
apa
ity distribution is fair in the steadystate. In the simplest s
heme, the 
apa
ity threshold may be set to a multiple of theunused 
apa
ity as follows: Ti = �CIC 0�C � NXj=1 rj1A (6.8)The 
apa
ity left unused by this s
heme in the best 
ase (when ri = Ti) will be C1+� .The admission 
ontrol de
ision with this s
heme 
an be made very qui
kly as itinvolves simple multipli
ation, division and 
omparison.In 
ase of a network, the admission 
ontrol may be performed using the dynami
threshold as given by Eq. 6.6 and 6.7. If the 
urrent reservation of a virtual linkbe
omes greater than its threshold (Tk) at any node in its path, the redu
e message
ontaining the threshold may be sent. The virtual link end point, on re
eipt of aredu
e message resizes its 
apa
ity to the threshold (Tk) 
ontained in the message.The design and performan
e analysis of this s
heme and other similar s
hemesand their 
omparison with SFS is a topi
 of future resear
h.



190 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSAn important pra
ti
al question left unanswered in the dis
ussion is the following.Why would a VPN 
ustomer ever redu
e the 
apa
ity of his/her virtual links (eithervoluntarily or upon the re
eipt of a redu
e message)? In order to re
laim the unused
apa
ity of a virtual link, either some (�nan
ial) in
entive should be provided to the
ustomer, or the behavior of a 
ompliant 
ustomer should be de�ned and in
ludedas a part of the servi
e level agreement (SLA) between the 
ustomer and the servi
eprovider. However, a reasonable de�nition of 
ompliant 
ustomer itself seems diÆ
ultto obtain. Moreover, dete
ting non 
ompliant 
ustomer is also a diÆ
ult task.The alternative of providing �nan
ial in
entive appears more promising. With theadvent of ele
troni
 
ommer
e (e-Commer
e), the enormous book-keeping and billingpro
ess required 
ould be automated. The network management proto
ol may beaugmented to 
arry out limited �nan
ial transa
tions also. For instan
e, the responseto a de
rease message 
ould 
arry a dis
ount in the form of ele
troni
 
ash (or afuture bandwidth option) and an in
rease message should 
arry the required 
ash (orbandwidth option) to buy the required 
apa
ity. Another option 
ould be to 
arry outan online real-time au
tion of the available network 
apa
ity. The viability, formatand stru
ture of su
h in
entives is a matter of future investigations.6.9 Con
lusionsIn this 
hapter we presented a new s
heme 
alled sto
hasti
 fair sharing (SFS) to
arry out fair link sharing and max-min fair sharing among leased virtual links ofVPNs. We argue that fair s
heduling algorithms like (WFQ) 
arry out ex
ess 
apa
ityredistribution over time-s
ales of pa
ket transmission time and therefore fair sharinggains 
an only be utilized by \elasti
" non real-time traÆ
. In the previous 
hapterwe showed that in the 
ase of virtual links of virtual networks, due to the outputburstiness 
onstraint, even the non real-time traÆ
 may not be able to make fulluse of all the free 
apa
ity available on physi
al links. Even if separate tunnels forreal-time and best-e�ort traÆ
 are 
reated, the sharing is limited only in the \elasti
"portion of the best-e�ort traÆ
.The proposed SFS s
heme 
arries out fair sharing by dynami
ally resizing vir-



6.9. CONCLUSIONS 191tual link 
apa
ity at the granularity of session arrivals. The redistributed 
apa
ityis available for session lifetime, and thus real-time sessions 
an make use of it byappropriately adjusting the weights in the underlying s
hedulers.As a result of sharing, the unused 
apa
ity of lightly loaded virtual links is re-distributed to heavily loaded virtual links, resulting in higher aggregate throughput(and possibly higher revenues). This 
apa
ity redistribution is 
arried out in su
ha way that blo
king probability of lightly loaded logi
al links is not signi�
antly af-fe
ted. Therefore, the lightly loaded logi
al links 
an qui
kly regain their share of link
apa
ity if their session arrival rate is in
reased. This ensures adequate prote
tion tolightly loaded virtual links, whi
h enables them to release their unused 
apa
ity forreallo
ation by the network.The key 
omponents of the SFS s
heme are SFS admission 
ontrol, whi
h de
ideswhether a 
apa
ity resizing request should be a

epted, the algorithm to generate anexpli
it redu
e request to request down-sizing of some virtual links, and the networklevel signaling proto
ol whi
h 
arries out 
apa
ity resizing with minimal overheads.In link sharing environment, only the SFS admission 
ontrol is required. Thismakes it very simple to implement. In 
ase the arrival rates at logi
al links are pro-portional to their link 
apa
ities, no sharing is possible. In this 
ase SFS results ina lower blo
king probability be
ause of better statisti
al multiplexing of aggregatedtraÆ
. We illustrate these fa
ts by 
arrying out simulations under simplisti
 assump-tions of Poisson session arrivals and exponentially distributed session holding time. In
ase the load on logi
al links is uneven, SFS 
arries out fair redistribution of unused
apa
ity. We give simulation results to supplement this. We also 
ompare SFS withvirtual partitioning s
heme [12℄ whi
h does not 
arry out this redistribution fairly.In a network environment, other parameters like signalling load, in
rease in setuplaten
y also be
ome important. We des
ribe some simple algorithms to generate the
apa
ity resizing requests, network initiated redu
e requests whi
h may be used withSFS admission 
ontrol to ensure that the signaling load and the setup laten
ies arealso low.We 
arry out simulations for the network environment for di�erent traÆ
 mixes.The simulations indi
ate that SFS a
hieves max-min fair sharing. With 
onstant



192 CHAPTER 6. FAIR SHARING IN VIRTUAL NETWORKSbandwidth sessions of 2 Mbps, 94 per
ent of virtual links a
hieve an equivalent 
a-pa
ity within �10 to +5 per
ent of their max-min fair 
apa
ities. With variablebandwidth sessions (0:25 Mbps to 3:75 Mbps), 90 per
ent of virtual links 
onvergewithin 25 per
ent of their max-min fair share. We attribute a part of this spread toina

ura
y in 
omputing the equivalent 
apa
ity. The fairness index [65℄ is shown tovary between 0:96 and 0:99 even in the extreme situations.The signaling load to implement SFS is shown to be small (between 75 and 90messages per se
ond per router) and relatively insensitive to the traÆ
 mix. The loadremains in this range even if a high fra
tion of low bandwidth sessions is present.The bandwidth penalty for using SFS was found to be less than 2%. The rate ofadaptation of SFS is of the order of mean session holding time. If the arrival ratesare 
hanged suddenly, our simulations indi
ate that SFS 
onverges to the 
hangeds
enario within two mean session holding times.SFS is ideal for a
hieving fair link sharing in tele
ommuni
ation networks andATM networks. It may be used to 
arry out dynami
 bandwidth allo
ation of virtualpaths in ATM networks. In addition to a
hieving fair link sharing, SFS may beused in virtual networks to 
arry out dynami
 bandwidth allo
ation of virtual links.Thus, SFS 
an provide fair resour
e sharing in virtual networks. In the 
ontext ofdi�erentiated servi
e in IP based networks, SFS may be integrated with bandwidthbrokers to implement fair resour
e sharing in networks. The SFS te
hnique is generi
enough to 
arry fair sharing of resour
e in a generi
 loss network. A simple extensionof SFS 
an 
arry out the resour
e partitioning hierar
hi
ally.



Chapter 7
Con
luding Remarks
In the �rst part of this thesis we examined the three important aspe
ts of traÆ
 man-agement in Integrated Servi
es Networks: traÆ
 
hara
terization, admission 
ontroland s
heduling. In the se
ond part we examined these aspe
ts in the 
ontext ofIntegrated Servi
es Virtual Networks.Sin
e video traÆ
 is expe
ted to have a signi�
ant share of the real-time traÆ
 wefo
used on video traÆ
 
hara
terization. Most of the work on video traÆ
 
hara
ter-ization either used small tra
es, or analyses traÆ
 generated by only one 
ompressionalgorithm. We have attempted to be more exhaustive in this respe
t. We have lookedat traÆ
 generated by three 
oding algorithms namely JPEG, MPEG and 
ompres-sion algorithm of the software NV. We have 
onsidered one to two hour long tra
esof �ve video sequen
es of di�erent types, ranging from a le
ture in a 
lassroom to abasketball mat
h.We 
hara
terized burstiness of video traÆ
 at di�erent time s
ales using the bursti-ness fun
tion. We found that the 
onstant quality video is inherently bursty in thelong term be
ause of 
hanges in its s
ene 
omplexity and the amount of informa-tion present in di�erent s
enes. The MPEG 
ompression algorithm adds short termburstiness whi
h is spe
i�
 to the algorithm. Similarly the 
ompression algorithm ofthe software NV adds the algorithm spe
i�
 short term burstiness, but removes thelong term burstiness by redu
ing the s
ene quality of 
omplex s
enes.Traditional work on video traÆ
 
hara
terization is a two step pro
ess. First,193



194 CHAPTER 7. CONCLUDING REMARKSa statisti
al model of the video traÆ
 is built and then admission 
ontrol tests forthis model are derived. We adopted a more dire
t approa
h where the traÆ
 is
hara
terized using the pra
ti
al models already in use for admission 
ontrol tests.We 
ompared the Xmin; Xavg; I traÆ
 model with the leaky bu
ket traÆ
 modeland found that the leaky bu
ket model results in better network utilization. We alsodis
ussed some insights that help us 
hoose a leaky bu
ket traÆ
 des
riptor for videotraÆ
. The knee point in the leaky bu
ket traÆ
 des
riptor graph of JPEG andMPEG video traÆ
 turns out to be a good 
andidate for its traÆ
 des
riptor.The earlier admission 
ontrol tests for deterministi
 guarantees were suboptimal.We suggested new optimal admission 
ontrol tests for the EDF s
heduling algorithm.Using these tests and video traÆ
 tra
es we analyzed the performan
e of deterministi
QoS guarantees. We showed that video traÆ
 alone 
ould result in high utilizationof the network.Together with traÆ
 modeling and 
onne
tion admission 
ontrol algorithms, s
hed-ulers are the most important 
omponents for providing QoS guarantees. While 
on-ne
tion admission 
ontrol algorithms reserve resour
es during 
onne
tion establish-ment time, pa
ket s
heduling algorithms allo
ate resour
es a

ording to the reserva-tion during data transfer.Many of the s
heduling algorithm proposed in the literature, were �rst designedfor s
heduling pa
kets of variable sizes and were 
omplex [26, 131, 128℄. Some of themwere later adopted for s
heduling ATM 
ells [122℄. However the inherent 
omplexityremains and typi
al operations needed to s
hedule a 
ell are addition, multipli
ationand division. In addition they also need a multi-level priority queue. Among thes
hedulers optimized for s
heduling ATM 
ells, some have poor delay and fairnessproperties [87℄, some are not s
alable for �ne rate granularity [99℄ and some may needto over-allo
ate rate resulting in poor utilization of link bandwidth [68℄.We developed a new s
heduling algorithm 
alled the re
ursive round robin s
hed-uler (RRR) for very high speed networks. We outlined a spe
ialized high speedhardware implementation of the RRR s
heduling algorithm assuming that the s
hed-uler works on �xed size pa
kets. We also presented a method to speedup generalsoftware implementation so that it takes only four to six memory a

esses to s
hedule



195a pa
ket. We analyti
ally analyzed the delay and fairness properties of the s
heduler.We showed that the s
heduler has all the properties needed to provide QoS in anintegrated servi
es network. We then adapted the s
heduler for variable sized pa
ketsand brie
y dis
ussed the properties of the variable size pa
ket s
heduler.In the se
ond half of this thesis we fo
used on Integrated Servi
es in virtual net-works. We showed why traditional s
heduling algorithms are not suitable for pro-viding QoS guarantees in virtual networks. We introdu
ed a term 
alled outputburstiness and showed that s
hedulers having low output burstiness in virtual net-works have good delay properties. We extended the theory of laten
y rate servers forvirtual networks and using this theory presented two variants of the RRR s
hedulingalgorithm for virtual networks.The output burstiness 
onstraint limits the rate at whi
h traÆ
 may be sent onvirtual links of a virtual network. As a result, some pa
kets may have to wait inqueues even while the physi
al link is idle. This redu
es the overall throughput ofthe network. One of our suggested solutions was to use separate virtual links forreal-time and best-e�ort traÆ
. Bounded output burstiness is a 
onstraint only forreal-time virtual links whi
h require stri
t delay guarantees. Sin
e there is a 
losed-loop 
ongestion 
ontrol algorithm for best-e�ort traÆ
, best-e�ort virtual links maysend traÆ
 at high rate utilizing all the available 
apa
ity of the physi
al links.This introdu
es diÆ
ulty in handling best-e�ort traÆ
 with minimum bandwidthguarantees. To support this, the virtual link 
apa
ity needs to be partitioned forreal-time and best-e�ort links. This limits the sharing bene�ts only to the \elasti
"portion of the best-e�ort traÆ
.We �nally proposed a 
apa
ity resizing approa
h to enhan
e sharing among real-time traÆ
. In this solution, the 
apa
ities of virtual links are dynami
ally adjusteddepending on their traÆ
 demand and load on the physi
al network. This kind ofapproa
h has also been proposed re
ently by other resear
hers [27, 53℄ and shownto result in signi�
ant gains (fa
tor of 2 to 3). Prote
tion and fairness are two keyproperties needed for su
h a resizing approa
h to work in pra
ti
e. Our proposedte
hnique 
alled sto
hasti
 fair sharing (SFS) provides both fairness and prote
tion.SFS has two major 
omponents. The SFS admission 
ontrol pro
edure de
ides
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h resize requests to a

ept su
h that the link 
apa
ity is shared in a fair manner.The se
ond 
omponent is algorithms to generate the resize requests and proto
ol to
arry them a
ross the network. Some of the resize requests (in
rease, de
rease) aregenerated by the virtual links and some (redu
e) by the network.We showed how SFS 
an be used in a link sharing environment, where a singlelink is partitioned among several 
lasses. In this 
ase only the SFS admission 
ontrolalgorithm is used. For sessions of every traÆ
 
lass, SFS de
ides whether to a

eptthe session or not depending on the 
urrent utilization of the 
lass and the overallutilization of the physi
al link. After a session is a

epted, the underlying s
hedulerweights are adjusted. SFS ensures that if a 
lass is lightly loaded, its residual 
apa
ityis redistributed to heavily loaded 
lasses in a fair manner. SFS also ensures that theblo
king probability of lightly loaded 
lasses is kept low so that its per
eived QoS (interms of blo
king probabilities) is not signi�
antly a�e
ted and the 
lass 
an qui
klyregain its fair share as its session arrival rate in
reases.We showed how SFS 
an be used in the 
ase of multi-hop virtual links of VPNs.In this 
ase the virtual links send 
apa
ity resizing requests whi
h are admission 
on-trolled in physi
al network using SFS. We presented simulation results for a twelvenode network indi
ating that using SFS, equivalent 
apa
ity of virtual links 
onvergeto their max-min fair 
apa
ity, with a fairness index of 0:97 even in extreme situa-tions. When only 
onstant bandwidth sessions of 2 Mbps were present, the equivalent
apa
ity of 94% of virtual links 
onverged within �10% to +5% of their max-min fairshare. When the session rates were uniformly distributed between 0:25 Mbps and3:75 Mbps, equivalent 
apa
ity of 90% of virtual links was within 25% of their max-min fair share. A part of this spread was be
ause of inability to 
ompute the exa
tequivalent 
apa
ity of virtual links.The average signaling load of the proto
ol was less than 100 messages per se
ondper router and was found to be insensitive to the traÆ
 mix. Thus, ea
h sessionarriving on a virtual link does not generate a 
apa
ity resize request on the virtuallink. The bandwidth penalty for using SFS was found to be less than 2%.SFS is ideal for a
hieving fair sharing in tele
ommuni
ations networks and ATMnetworks. It may also be used in integrated servi
es and di�erentiated servi
es based



197IP Virtual Private Networks (VPNs). The SFS te
hnique is generi
 enough to 
arryfair sharing of resour
e in a generi
 loss network. A simple extension of SFS 
an 
arryout the resour
e partitioning hierar
hi
ally.Thus, SFS alongwith s
hedulers with bounded burstiness may be used to provideIntegrated Servi
es in virtual networks.
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