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Abstract

Traffic characterization, admission control and packet scheduling are important
traffic management functions needed for provisioning QoS in Integrated Services Net-
works. In this thesis, we examine each of these functions in the context of generic
networks and virtual (private) networks providing integrated services.

We characterize burstiness of several long traces of video at different time scales
using burstiness function. We examine video compressed using JPEG, MPEG and
NV’s compression algorithms. JPEG video has low short term burstiness and a large
long term burstiness, MPEG video has burstiness at short as well as long time scale
whereas NV’s traffic has only short term burstiness. We discuss the implications of
burstiness at different time scale on bandwidth and buffer allocation.

We then focus on deterministic guarantees (which provide a bound on worst case
behavior) and compare the performance of leaky bucket traffic model with X,,in, Xang!
traffic model while using optimal admission control tests. We found that the leaky
bucket model outperforms the X,,;,, X4y, I model. We show that using good traffic
models and optimal admission control tests, even deterministic guarantees provide
reasonable network utilization.

An important contribution of this thesis is a new scheduling algorithm called
the Recursive Round Robin (RRR) scheduler. The proposed scheduler operates on
fixed sized packets and needs simple bit manipulation operations to make scheduling
decisions. Thus it can operate at very high speeds. We discuss several variants of the
basic scheduler, including the variable size packet scheduler. The delay and fairness
properties of the scheduler are analytically derived and discussed in detail. Efficient
hardware and software implementations of the scheduler are also suggested. The
scheduler has applications in ATM network interface cards, ATM switches and IP
routers.

We next show why traditional schedulers are inappropriate for providing bounded
delay services in virtual (private) networks. We define the concept of output bursti-
ness and show how generic latency-rate schedulers with bounded output burstiness
can provide good end-to-end delay bound in virtual networks. We suggest two vari-

ants of the RRR schedulers for virtual networks.

vil



The output burstiness constraint reduces the amount of sharing possible in virtual
networks. We propose a capacity resizing approach to improve sharing in virtual
networks. The capacity increase requests which are sent at a granularity of session
arrivals, are admission controlled, using a new technique called Stochastic Fair Sharing
(SES), which fairly redistributes the free link capacity among different traffic classes.
SE'S uses the concept of trunk reservation to give high priority to traffic classes with
low normalized usage. SFS can be used to achieve better link sharing in virtual
networks. We present simulation results for a single link and a twelve node network.
SFE'S achieves fair sharing on a single link and max-min fair sharing in a network with
fairness index between (.96 and 0.99, as compared to an index between (.66 and 0.97
for simple schemes like FCFS. The bandwidth penalty for using SF'S was less than 5%
and the signaling load for SFS in a network was less than 100 messages per second

per router.
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Chapter 1

Introduction

Traditional means of communications employ different networks for different services.
For instance, there is a separate telecommunications network for providing voice tele-
phony services. Similarly, there are different networks for television, radio and data
transport services. These networks were independently developed and are engineered

for the specific service they provide.

With the recent rapid advances in computer and communications technology, dif-
ferent communications services are converging into some form of Integrated Services
communication. Today, computers can generate and process information in the form
of different media like voice, video, text and data and use the same communication
networks to transport this information. In such a scenario, different applications can
potentially provide different services using the same underlying Integrated Services
Networks (ISN).

In addition to emulation of traditional services like voice telephony, video broad-
cast and data transfer, future Integrated Services Networks are expected to support
several novel applications like video conferencing, distributed games, real-time moni-
toring and control of remote systems etc. Most of these applications need to synchro-
nize their action in real-time, and for this they require that each of their sub-tasks
complete in a timely fashion. For instance, a video display application displaying 30
frames per second require that the display of a frame does not take more than 33ms

in the worst case. Similarly these applications need a performance bound (also called
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Quality of Service requirement) from the underlying communication network. Such
a performance bound is critical for correct functioning of the applications.

Consider a computer telephony application. Voice digitized at one end is pack-
etized and sent to the other end via a packet network. At the receiving end, the
application receives the voice packets and reconstructs the original voice. For such
an application to work correctly, additional constraints on network performance are
needed. If voice is digitized (without any compression) at telephone quality, its trans-
mission would require a dedicated bandwidth of 64 Kbps. Even if the network makes
the required bandwidth available to the application, the end-to-end delay of succes-
sive packets across the network may be highly variable because of variation in queue
lengths at intermediate nodes in the network. If the packet delay is not bounded, then
the application would not know how long to wait for a packet before reconstructing
the voice. If the network guarantees a bound on the maximum delay incurred by the
packets, the application can buffer the packets appropriately before regenerating the
voice. However, if the bound on the delay is large, the humans talking using this
application would perceive a large delay which may not be acceptable to them. In
general a small bound on maximum delay is desirable. Network may drop packets
because of various reasons, and it is also desirable to have a bounded packet loss rate.

Providing guaranteed QoS is vital to support various real-time services in Inte-
grated Services Network. The telephony application will not be able to send voice
if the desired bandwidth is not available. Distributed real-time games will become
highly unpredictable if there is no bound on packet delays. They may even become
unfair to players having large packet delays. A lost packet or a delayed packet can
play havoc on a real-time control system.

The QoS parameters defined for a connection (also called flow or session in a
connection-less network) between two (or more in case of multicast) communicating

applications are [73]:

Bandwidth. It identifies the amount of bandwidth which should be exclusively re-
served for the connection. Applications like video conferencing or voice tele-

phony require that a minimum bandwidth be available to them even during



peak congestion periods. If this bandwidth is not available, the applications

will simply fail to work.

Delay. Packets sent by applications incur a delay before they are received at the other
end. This delay has a fixed component and a variable component. The fixed
component is because of the signal propagation delay and constant processing
delay at intermediate switches and routers. The variable part of the delay
is due to the packet queues at various contention points in the network [5].
Most of the applications require the delay to be as small as possible. The
delay QoS parameter, bounds this packet delay for a connection. Depending
upon the definition of QoS parameters, the delay parameter could bound the
maximum packet delay of a connection, or the mean packet delay, or a percentile
of the delay. A low value of delay results in a faster response time between

communicating applications, and results in better interactive performance.

Delay-jitter. It is defined to be the difference between the maximum and the min-
imum packet delay of a connection. For some applications such as video on
demand, the delay jitter is more important than the absolute value of the maxi-
mum delay. The delay jitter bounds the maximum amount of (playback) buffer-

ing needed in these applications.

Loss-rate. Some of the packets sent on a connection may become corrupted because
of transmission errors and need to be dropped. Some other packets may also
have to be dropped because of buffer overflows caused by transient congestion
in the network. The QoS parameter loss rate bounds the loss rate of packets

because of these problems.

QoS guarantees can be provided using enhanced traffic management functions.
Traffic management is concerned with the problem of managing heterogenous traffic in
Integrated Service Networks such that a diverse range of service requests are satisfied
as efficiently as possible [73]. In traditional data networks, most of the service requests
are homogeneous and congestion is the most severe impediment to good performance.

Therefore, most of the traditional research on traffic management has focused on
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the problem of congestion control. However, in the context of Integrated Services
Networks, traffic management has assumed a new significance, as the issues related
to QoS need to be solved. In this thesis we examine the traffic management issues for
efficient provisioning of QoS in Integrated Services Networks. The key components
to provide QoS are traffic characterization, admission control and scheduling.
Depending upon the type of guarantees provided on these parameters, the QoS
guarantees may be classified into four classes: class based approaches, deterministic

QoS guarantees, statistical QoS guarantees and ad-hoc assurances.

Class-based Approaches: In these approaches, an application can request for QoS
only from a predefined set of QoS classes. This set should be generic enough to
fulfill the requirements of each potential application. The set contains classes

like MPEG video, audio, telnet traffic, world wide web traffic etc.

Deterministic Guarantees: In deterministic QoS guarantee, mathematically prov-
able worst case bounds on QoS parameters like delay, jitter and loss rate are pro-
vided. The QoS guarantees are quantitative. Moreover, whether the network is
honoring the QoS commitments or not, can easily be checked by monitoring the
traffic and its delay and loss pattern. Deterministic guarantees bound the worst
case behavior and are therefore expected to reserve resources for the extreme
case which may be very unlikely. For instance, they may reserve bandwidth
for a connection at its peak rate. This may result in lower network utilization.

This was a major criticism of deterministic guarantees.

Statistical Guarantees: Instead of bounding worst case parameters, statistical QoS
guarantees provide a bound on percentiles. In many cases, it is sufficient to
ensure that the expected fraction of packets exceeding the delay bound is very
small (say 10~7). These guarantees are based on a statistical model of the traffic.
Statistical guarantees may result in better network utilization as compared to
deterministic guarantees. However, because of their statistical nature, it is
difficult to measure the validity of statistical guarantees. It is also difficult to

police traffic based on a statistical model.



Ad hoc Guarantees: With the intent of minimizing implementation complexity
in a large datagram network, a differentiated services architecture has been
proposed in [22, 95, 94]. This architecture achieves scalability by aggregating
traffic classification state which is conveyed by means of packet marking us-
ing a special field in the packet header. Packets are classified and marked to
receive a particular per-hop forwarding behavior on nodes along their path. So-
phisticated classification, marking, policing, and shaping operations are only
implemented at network boundaries or hosts. Network resources are allocated
to traffic streams by service provisioning policies which govern how traffic is
marked and conditioned upon entry to such a network, and how that traffic
is forwarded within that network. The QoS is provided to aggregate traffic
in a particular class. There is a service level agreement between a customer
and a service provider which specifies the forwarding service a customer should
receive. Similarly there is a traffic conditioning agreement which specifies the
amount of traffic (of each class) which a customer is expected to generate. The
lifetime of these agreements are long (say a month or even more). The service
provider provisions its network to make sure that the service level agreements
of its customers are honored. This architecture achieves scalability by pushing
as much complexity to the network edges as possible. Admission control is also

expected to run only on aggregate traffic and on a longer time scale.

In this thesis we focus on deterministic QoS guarantees. Some of our proposed
algorithms and techniques are also applicable in the context of class-based approaches
and ad-hoc guarantees, but their analysis and simulation is mostly done in the context
of mathematically provable deterministic QoS guarantees. The deterministic service
model has been adopted in the ATM forum [1] for CBR and VBR service and in
the integrated services [20, 127, 108, 110] working group of IETF for the guaranteed
service class [108].

For guaranteeing QoS, there must be a way by which the network can limit its
traffic in case of overload. By controlling the entry of the traffic into the network, the

network can protect itself from overload and provide required performance guarantee
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to its traffic. This control is done in traditional networks using different closed loop
flow control algorithms. These flow control algorithms operate on a time scale of
several round-trip times. Therefore, reacting to overload may take several round-trip
times. The delay bounds required by the real-time applications are typically in the
range of a round-trip time or less. Therefore, the closed loop techniques are not
suitable for such traffic. An open-loop control method is used to control the traffic of
such applications. The application sending traffic characterizes its traffic to estimate
the resources (such as bandwidth, buffer) needed in the network. The application
then sends a request to reserve the required resources [132, 2, 1, 19] in the network
for its traffic. The application begins its data transfer only if the required resources
have been reserved. In case the required resources are not available in the network,
the application gets a busy tone, signalling this unavailability. The application tries to
reserve resources at a later time, when the network load is low. This is very similar to
getting a busy tone in a telephone network. The traffic is admitted into the network
only after the reservation of its resources. This process is called admission control.

In addition, there is a policing function in the network [73]. The policer checks
if the applications are sending data at a rate which is in agreement with its traffic
characterization. If an application sends data at a higher rate, its packets are either
discarded or marked as non-compliant by the policer. The non-compliant packets
are discarded as soon as there is overload or congestion in the network. Thus, by
using admission control and policing, the amount of traffic entering the network is
controlled in an open loop fashion.

Finally, there are packet scheduling algorithms at the switch which decide the
order in which packets are sent on a link. In a packet switching network, packets
from different connections interact with each other at each switch. Without proper
control, these interactions may adversely affect the network performance experienced
by clients. The scheduling algorithm at the switching nodes, which controls the
relative ordering in which packets from different connections are serviced, determines
how packets from different connections interact with each other.

Together with traffic modeling and connection admission control algorithms, sched-

ulers are the most important components for providing QoS guarantees. The connec-



tion admission control algorithms reserve resources during connection establishment
time. The packet scheduling algorithms allocate resources according to the reserva-
tion during data transfer. Three types of resources are being allocated by a scheduling
algorithm: bandwidth, promptness and buffer space, which in turn affects three QoS
parameters: throughput, delay and loss rate.

In the first half of this thesis, we examine these three important aspects of traf-
fic management in Integrated Services Networks: Traffic characterization, admission
control, and scheduling algorithms. In the second half we focus on traffic management
for Integrated Services Virtual Networks.

Virtual Networking is another important step in the evolution of communication
networks. A virtual network is a network overlaid on a physical network of a different
topology. The physical network may be based on legacy systems which cannot be
upgraded, and may only provide a small set of services as compared to the virtual
networks laid over it. Virtual networking allow quick deployment of new services over
legacy networks, ease network operation and management by hiding the unnecessary
details and presenting a simplified topology, allow development of experimental proto-
cols in a controlled and safe environment and ease inter-operability between networks
of different types.

A virtual network consists of virtual links which are realized either by a direct
physical link, or by a logical path in the physical network. These virtual links join the
virtual nodes of virtual networks. Some examples of virtual networks are an ATM
network carrying virtual connections over virtual paths [16] (for simpler network
operation and management), IP over ATM networks (for inter-operability), virtual
private networks (VPN) in the Internet [109] and IPV6, and the MBONE and 6-bone
virtual networks [30, 82] over the Internet (for deploying multicast services over the
legacy network).

In an ATM network, the virtual paths are often used to realize any virtual network
using a given physical network. A virtual path between two nodes acts logically like
a direct link between them. All the traffic entering a virtual path at its entry node
gets routed to its exit node as if there was a direct link connecting the two nodes.

The use of virtual paths helps reduce the complexity of the network by aggregating
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several virtual connections into a single virtual path. This makes the network more
scalable as the backbone switches only need to maintain the state corresponding to
virtual paths passing through them. The backbones do not need to maintain state
corresponding to individual connections. Use of virtual paths also simplifies operation
and management of the network.

The design of routing protocols (and many other protocols) in telephone networks
is often based on the assumption that all the central offices in an area are connected
to each other forming a complete graph. As the areas become bigger, it may not be
possible to lay a physical trunk between all the central office pairs. In such situations,
a completely connected virtual network is overlaid on the physical network.

In an enterprise wide private network, several offices of an enterprise are tra-
ditionally connected using leased lines. Now the leased lines are beginning to get
replaced by public networks to achieve the same functionality. Instead of a leased
line connecting two offices of an enterprise, virtual private network routers are placed
in the enterprise. These routers are connected to a common public network such as
the Internet. VPN routers tunnel their traffic through the public network giving the
impression that they are connected by a leased line.

Similarly IP over ATM is another example of a virtual IP network overlaid on an
ATM network.

MBONE makes extensive use of tunnels to overlay a multicast capable virtual
network on an IP network which does not have multicast support built in it.

The research related to QoS in virtual networks has been limited. In the second
part of this thesis we examine the issues pertaining to Integrated Services over virtual

networks.

1.1 Owur Research and Related Work

Digital video is an important component for multimedia applications. Video traffic
is bursty in nature. The variation of its bit-rate with time is large. Therefore,
efficient transport of real-time video in an Integrated Services Network requires a

good characterization of its bit-rate process. Chapter 2 of this thesis is devoted to
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video traffic characterization.

The bit-rate of VBR video has been modeled in [88] as a first order autoregressive
process with marginal Gaussian probability distribution function and an exponential
autocorrelation function. In [56], a more sophisticated autoregressive moving average
process (ARMA) was used to model the video traffic. Similarly a number of other
models, including the self-similar and long range dependent model have been proposed
in [113, 58, 81, 90, 45, 98]. Although it is clear how these models may be used to
construct synthetic video traces for simulations, or to estimate effective bandwidth
[29] for statistical QoS guarantees, it remains to be seen how these models may be
used in the context of deterministic QoS guarantees.

The ATM Forum uses the leaky bucket traffic model [1] for its deterministic QoS
guarantees and the Tenet group has proposed X, Xovg, I model [34] for determin-
istic guarantees. We use these models to characterize long traces of video. We have
examined video traffic generated by three different coding algorithms namely MPEG,
JPEG and compression algorithm of software NV. We have considered one to two
hour long traces of five video sequences of different types, ranging from a lecture in a
classroom to a basketball match. We also characterize the burstiness of video traffic
at different time scale using the burstiness function. We develop qualitative insights
to choose appropriate leaky bucket traffic descriptors for video traffic.

A major criticism of the deterministic guarantees is because of the fact that they
require the network to reserve resources for the worst possible case. This results in
low network utilization. We show in Chapter 3 that with the choice of proper traffic
model and optimal admission control tests, high network utilizations can be achieved.
The earlier admission control tests for deterministic guarantees were suboptimal. We
suggest new optimal admission control tests for the EDF scheduling algorithm. Using
these tests and video traffic traces we analyze the performance of deterministic QoS
guarantees. We show that the video traffic alone could result in high utilization of
the network.

While the admission control and resource reservation protocols reserve the required
resources for traffic streams, the packet scheduling algorithms on the switches and

routers actually allocate them. These algorithms allocate the bandwidth, promptness
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and buffer resources at switches and routers which control the three QoS parameters:
throughput, delay and loss rate.

The results related to scheduling algorithms in the context of hard real-time sys-
tems and queueing systems are not directly applicable to packet scheduling algorithms
in Integrated Services Networks. A typical real-time system is modeled as a single
server with periodic jobs where the job delay is bounded by its period [114]. However
in a network, traffic is bursty, packets typically travel a number of hops before reach-
ing their destination, and traffic dynamics is far more complex than a single server
environment. Queueing analysis is often intractable for realistic traffic models. The
classical queueing analysis usually studies average performance for aggregate traffic
[74, 75, 126], while in an integrated services network, performance bounds need to be
derived on a per connection basis [31, 76].

A packet scheduler in an Integrated Services Network should have the following

main properties:

Bandwidth Guarantee: The scheduler should provide a minimum bandwidth guar-

antee to individual traffic streams.

Delay /Jitter Bound: For deterministic QoS guarantees, the scheduler should pro-
vide a bound on the maximum queueing delay (and jitter) incurred by packets
of given traffic streams. It should be possible to compose these “per-node”

bounds to get tight end-to-end bounds on packet delays.

Buffer Bound: To guarantee a zero loss rate to traffic streams, the scheduler should
provide an upper bound on buffers needed at nodes. In most of the cases this
bound follows directly from the traffic descriptor and bandwidth and delay

guarantees.

Efficiency: In order to provide a given bound on delay, the scheduler should not over-
allocate bandwidth to streams. Efficient schedulers allow more traffic streams

to be admitted and increase the network utilization.

Fairness: The unused link bandwidth should be distributed to active traffic streams

in proportion to their bandwidth guarantees.
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Implementation Complexity: The time available for making a scheduling decision
is of the order of a few hundred nanoseconds. It should be possible to implement

the scheduling algorithm in a switch or a router operating at such speeds.

A number of packet scheduling algorithms for Integrated Services Networks have
already 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 first designed for
scheduling packets of variable sizes and were complex [26, 86, 100, 8]. In order to
make a scheduling decision, these algorithms may need to perform O(N) operations
in the worst case, where N is the number of traffic streams being scheduled. Minor
modifications in these scheduling algorithms result in faster schedulers [52, 129] with
similar QoS properties. These schedulers require O(log(/N)) operations to schedule
a packet. These algorithms typically tag each packet with a virtual timestamp and
then select the packet with the smallest tag. Tag computation may require operations
like multiplication and division and selecting a packet requires sorting via a priority
queue. Implementing these algorithms at high speeds poses a difficult challenge.
Among other schedulers amenable to high speed implementation, some have poor
delay and fairness properties [87], some are not scalable for fine rate granularity [99]
and some may need to over-allocate rate resulting in poor utilization of link bandwidth
[68].

In Chapter 4 of this thesis, we propose and describe a new scheduling algorithm
called recursive round robin scheduler (RRR), which is optimized for scheduling fixed
size packets, like cells in an ATM network. The scheduler has the required QoS
properties for deterministic guarantees. For a compliant stream of ATM cells of
rate r, and bucket size o, the scheduler provides a delay and jitter bound of %(0 +c),
where ¢ is a small constant. The work-conserving version of RRR satisfies the fairness
property. We analytically derive the bounds for the fairness index. The scheduler can
also be used for hierarchical scheduling in a link sharing [38] environment. RRR only
requires simple bit manipulation operations to make a scheduling decision. Therefore,
very high speed implementations of RRR are possible. We outline a simple software

implementation of RRR for network interface cards and a hardware implementation
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for high speed ATM switches. We generalize the basic RRR algorithm for scheduling
variable sized packets. We also list the delay and fairness properties of the variable
sized packet scheduler. Therefore, the RRR schedulers may be used in ATM network
interface cards, ATM switches, IP routers and IP host adapters.

In the second part of this thesis, we discuss traffic management in the context of
Integrated Services Virtual Networks.

Since virtual networking is a relatively newer concept, the research related to QoS
in virtual networks has been limited. The early work on virtual networks has focused
on developing new services or managing the virtual networks more efficiently. Virtual
Private Networks (VPNs) [39, 50, 66] are increasingly being used by organizations.
However, the research related to VPNs has been focused primarily on security en-
hancements [109], and operation and management. The Geoplex system [91] is an IP
based service platform that offers support for rapid automated deployment and man-
agement of overlay networks. Similarly the Genesis project [124] and the Netscript
project [36] aim towards developing programmable virtual networks. The need for
enabling QoS in virtual networks is increasingly being realized.

Packet scheduling algorithms are the key to providing QoS in any network. The
research related to scheduling algorithms for virtual networks has been limited. In
[38] the concept of link sharing has been proposed and scheduling algorithms to imple-
ment link sharing have been proposed in [9, 8, 129]. These algorithms hierarchically
partition the link bandwidth into classes and provide bandwidth and delay guarantees
to traffic streams from each subclass. However, it is not clear how these scheduling
algorithms can be used for integrated services in virtual networks.

The virtual network traffic is aggregated in the virtual links (or tunnels). Ideally,
the physical network should only keep the state information corresponding to the
aggregate traffic of virtual links and treat the virtual link traffic as if it was a single
session in the physical network. In the physical network, it is undesirable to maintain
state information corresponding to each session of virtual network.

Under these assumptions we show in Chapter 5 that traditional work-conserving
schedulers cannot provide bounded delay service in a virtual network. The problem

arises because traffic of a number of sessions sharing a virtual link in a virtual network
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is aggregated and tunneled through the physical network, which cannot isolate the
traffic of well behaved sessions from that of misbehaving sessions. We define a term
called output burstiness and show that this problem can be solved by regulating
output burstiness on virtual links. Using the theory of latency rate servers [117], we
show that latency rate servers with bounded output burstiness, may be used in a
virtual network to provide bounded delay service. This gives a method to design a
generic class of scheduling algorithms for virtual networks. We discuss how variants
of the RRR scheduling algorithm may be used in virtual network.

The output burstiness constraint limits the rate at which traffic may be sent on
virtual links of a virtual network. As a result, some packets may have to wait in
queues even while the physical link is idle. This reduces the overall throughput of the
network. In Chapter 6 we suggest a capacity resizing approach to improve sharing
among virtual networks.

In this approach the capacity of virtual links may be adjusted dynamically by
sending increase or decrease requests in the network. These capacity resizing requests
are sent at a time scale of session arrivals. The increase request is admission controlled
in the physical network. Carrying out this admission control naively (such as on
FCFS basis) may result in unfair capacity allocation on virtual links. Fairness is an
important issue especially in the context of virtual private networks (VPN) where
customers pay for a given capacity on virtual links.

We propose a new scheme called Stochastic Fair Sharing (SFS) to carry out fair
link sharing and fair sharing among leased virtual links. In the link sharing environ-
ment, SFS decides which sessions to accept and which to reject depending upon the
current utilizations and provisioned capacities of the classes. After accepting a ses-
sion, the underlying scheduler weights are adjusted to reflect the change in capacities.
SES gives protection to classes with low session arrival rate against classes with high
session arrival rates by ensuring them a low blocking probability.

In case of multi-hop virtual links, if the capacity increase requests are admis-
sion controlled using the SF'S admission control algorithm, the capacity allocations
converge to the max-min fair allocations. We describe the SFS scheme in detail in

Chapter 6. We also present simulation results for a single link as well as a network
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using different traffic mix.

The critical assumptions in the design of SFS are:

e Individual session bandwidth requirement is small as compared to virtual link

capacity.
e Most of the sessions have small holding time.
e The session arrival process is not very bursty.

The scheme is simple, efficient, robust and results in fair sharing of link capacity
when used for link sharing, and results in max-min fair sharing of capacities when used
in a network. The potential applications of SF'S are fair and efficient resource sharing
in telecommunication networks, ATM networks, virtual private networks (VPN) and

integrated services or differentiated services based IP networks.

1.2 Summary of Contributions

The contributions in this thesis broadly consist of:
e Traffic Characterization and Admission Control

— Characterization of long traces of video compressed using JPEG, MPEG
coding algorithms and NV software, using leaky bucket traffic model,

Xmin, Xavg, I traffic model and burstiness function.
— Performance evaluation of deterministic QoS guarantees and improved ad-
mission control tests.
e Scheduling
— A new scheduling algorithm called the recursive round robin scheduler
(RRR) for fixed size cells.

— Detailed analysis of QoS related properties of RRR and adaptation of RRR

for variable sized packets.
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e Scheduling in Virtual Networks

— Identification of problems with traditional schedulers when used in virtual

networks.

— Definition of the term called output burstiness and using it to design a

class of schedulers (including two variants of RRR) for virtual networks.
e Fair sharing in virtual networks

— A new resizing approach called Stochastic Fair Sharing (SFS) along with

admission control algorithm for fair sharing in virtual networks.

— Detailed simulations of SF'S for a single link and a large network scenario.

This thesis is organized as follows. In Chapter 2 we characterize traces of video
compressed using different coding algorithms. We develop qualitative methods to
characterize video traffic using the leaky bucket traffic descriptor. In Chapter 3 a
brief survey of service models for integrated services network is given. We then focus
on deterministic guarantees and develop optimal admission control tests for the EDF
scheduling algorithm. Using the optimal admission control tests and long traces of dig-
ital video, we show that the leaky bucket traffic model is better than the X,,;,, X,yq, 1
traffic model. We finally evaluate the performance of deterministic guarantees using
optimal admission control algorithms and long traces of digital video. In Chapter 4
we present the complete design and analysis of the RRR scheduling algorithm. In
Chapter 5 we discuss the difficulties encountered while using the traditional sched-
ulers in a virtual network. We suggest a method to design a class of schedulers for
virtual networks using the concept of output burstiness. Finally in Chapter 6 we
present the details of proposed Stochastic Fair Sharing (SFS) technique to carry out

fair sharing among virtual networks. The thesis concludes in Chapter 7.
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CHAPTER 1.

INTRODUCTION



Chapter 2

Video Traffic Characterization

It is important to understand the nature of video traffic in order to design and engi-
neer integrated service networks which efficiently support real-time video transport.
Parameters like average rate, ratio of peak rate to mean rate and burstiness of video
have significant influence on network design. For instance, if ratio of peak rate to
mean rate of video traffic is very high, and video is significantly bursty over a long
time scale, then very high traffic utilization with to video traffic alone may not be
achievable. In this case, it is desirable to design the network such that non real-time
traffic, or less bursty real-time traffic can make use of the residual capacity of the

network left from the video sources.

In this chapter, we study the characteristics of video data compressed using stan-
dard coding algorithms, namely JPEG, MPEG, and also that used by the video
conferencing software NV. We analyze a wide range of video sources, from movies to
a class lecture. Most of the traces are longer than one hour. We characterize the bit
rate of the traces using the leaky bucket model. We also show a method for choosing
appropriate leaky bucket parameters. The burstiness function is used to characterize
the burstiness of the video traffic at different time scales. Our studies indicate that
JPEG compressed video has very little short-term burstiness. MPEG and NV video
traffic shows high burstiness over small time scales. JPEG and MPEG video exhibit
some burstiness over long time scales, whereas NV has no burstiness over long time

scales. It is found that, for constant quality JPEG and MPEG compressed video, the
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leaky bucket parameters depend upon the contents of the video. For JPEG video,
the service rate is mainly determined by the peak rate, and for MPEG the service
rate is given by the peak rate of the smoothed MPEG stream. Although the traffic
generated by NV can be characterized independently of the actual video, one needs
information about QoS to come up with a good traffic descriptor. The target sending
rate of the software NV determines the service rate for its traffic if the required delay

bound is high.

2.1 Introduction

It is well known that constant quality video has variable bit rate and is bursty. The
burstiness of the traffic is related to the statistical multiplexing gain. The presence of
a larger variety of compression algorithms makes the task of traffic characterization
difficult. Since the video traffic streams have a complex structure, their effect on
the network is much more complex than that found by simple, analytically tractable
traffic models.

A first simplistic model of VBR video traffic appears in [88] where the video traffic
is modeled as a first order autoregressive process with marginal GGaussian probability
density function and an exponential autocorrelation function. A more sophisticated
autoregressive moving average process (ARMA) was used to model the video traffic
n [56]. Similarly, there are number of other traffic models for VBR video that have
been proposed [113, 58, 81, 90, 45, 98]. Although it is possible to construct synthetic
traces of video using these models, which may be used for various simulations, it is
not very clear how such characterization can help in network management functions
like admission control and policing. Also most of these studies have characterized
only one particular coding algorithm.

In this chapter, we characterize the video traffic using two widely known traffic
models - Leaky Bucket [43] and Tenet group’s X,in, Xag, I model [34, 33]. We
study bandwidth and buffer assignment for leaky bucket model in great detail. Leaky
bucket is likely to be an appropriate model to characterize the traffic. We give a simple

and effective method of choosing leaky bucket parameters for video traffic. We also
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characterize the burstiness of the traffic at various time scales using the burstiness
function as defined by Cruz [24].

The traces used for this chapter are from a variety of sequences and encoding al-
gorithms. The sequences were chosen to represent, a range of sequences present in real
life (broadcast TV, class lecture, full length movie). We study standard compression
algorithm like JPEG, MPEG, and traces of NV.

JPEG is a compression standard which was originally designed by the Joint Pho-
tographic Experts Group for coding and storing still photographic images [125, 104].
Since then it has found applications in many other fields, including digital video. To
encode digital video, each frame is compressed independently as a still picture using
the JPEG compression algorithm. The video consists of a series of independently
compressed JPEG pictures, which makes the algorithm an intra-frame compression
algorithm.

MPEG is a compression standard designed for storage and transmission of video
[42, 62, 63]. It is an inter-frame coding algorithm that exploits the spatial and tem-
poral redundancy of the video to achieve the compression. It also uses a DCT-based
coding as the JPEG algorithm. The frames are classified into 3 types : I-frames,
P-frames, and B-frames. [-frames are coded as still pictures and are independent of
other frames. This makes I-frames the largest in size. P-frames carry only the changes
between the last I-frame or P-frame and the current frame. B frames, which are the
smallest in size, carry changes in the current frame with respect to recent or future
[-frames or P-frames. A typical order of frames is [-B-B-P-B-B-P-B-B-1-B-B-. ..

NV is a popular software video tool used over the Internet to hold video conferences
at low bit rates [41]. The NV software tries to limit the bit rate while sending video.
This bound can be selected by the user, and is generally set to 128 Kbits per second
for sending data over the Internet. To achieve this rate control, the NV software
measures the actual rate at which it is sending the data. When it realizes that it has
sent too much data, it becomes inactive for about 1-2 seconds. This reduces its mean
sending rate. The coding algorithm used by NV is a variant of Harr transform, which
uses conditional replenishment for individual blocks.

In this chapter we show that JPEG compressed video has very little short-term
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burstiness. MPEG and NV video show high burstiness over small time scales. JPEG
and MPEG video streams exhibit burstiness over long time scales, whereas NV shows
no burstiness over long time scales.

We also show that for constant quality JPEG and MPEG compressed video, the
leaky bucket parameters depend upon the contents of the video. For JPEG video,
the service rate is mainly determined by the peak rate, and for MPEG the service
rate is given by the peak rate of the smoothed MPEG stream. The traffic generated
by NV can be characterized independently of the actual video. The service rate for
NV depends upon the QoS needed by the application. The target sending rate of NV
determines the service rate for its traffic if the delay bound is large.

The chapter is organized as follows. Section 2.2 discusses the leaky bucket model,
the X,nin, Xavg, I traffic model and the burstiness function, which is used in charac-
terizing the traffic. Section 2.3 discusses the sources of the traces, and the contents
of the actual video streams used. Sections 2.4, 2.5 and 2.6 discuss the characteristics
of the traffic generated by JPEG, MPEG and NV coding algorithms. Section 2.7
quantitatively analyzes the suggested approach to choose appropriate leaky bucket
traffic descriptor. Discussion of the results is presented in Section 2.8. The chapter

concludes with Section 2.9.

2.2 Traffic Models

The leaky bucket mechanism has been widely used to characterize and police the
traffic [105, 43, 28, 13]. It has two parameters - the bucket size o and the service rate
p. The bucket size specifies the maximum amount of data which may be sent by the
traffic source as a burst. The service rate specifies the maximum long term average
rate at which the source may send its data. A traffic stream is said to comply with
a leaky bucket descriptor having parameters (o, p) when the amount of data carried
by the stream in any interval of length I is bounded by o + pl. In other words, the
descriptor bounds the bit rate so that no burst can carry more than o bytes of data,
and the long-term average rate is bounded by p. The peak rate using the leaky bucket

descriptor remains unspecified since a burst of size 0 may be sent by the source at
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any rate. Thus the peak rate of traffic may be equal to the link speed on which it is
being sent.

Two leaky bucket descriptors are used to specify the peak rate along with the
average rate. Thus there are two tuples (o1, p1), (02, p2) characterizing the traffic,
with 07 < 09 and p; > ps. The parameter p; specifies the peak rate and py specifies
the average rate. The value of 0, is usually small to accommodate small bursts of data
(usually 4-5 packets or cells) sent at peak rate. The burst size is specified by o9 as in
the single leaky bucket descriptor. A traffic stream compliant to a two leaky bucket
descriptor should be individually be compliant to both the leaky bucket descriptors.

Any traffic can be made compliant with another leaky bucket descriptor with
the same rate and smaller bucket size by suitably buffering and delaying some of its
packets. If a traffic complies a leaky bucket descriptor with parameters (o7, p), then
it can be made compliant with parameters (09, p) (02 < 07) by suitable regulation.
The maximum buffer space needed to do this would be o; — 09 and the maximum
delay incurred by any packet due to this reshaping of traffic would be Lp”?. In the
extreme case when the output of the regulator is a smooth traffic having very small
bucket size, the maximum smoothing delays incurred by the traffic would be %, and
the buffer space required to do this smoothing would be o;.

In the Tenet scheme [34, 33], the traffic is described using four parameters,
Xmins Xavgs Ly Smaz. Xmin 18 the minimum inter-packet spacing of traffic generated
by the source. X, is the average inter-packet spacing of traffic generated by the
source. [ is the interval over which X, is measured. The minimum value of X,,,
is taken for all intervals of length I. This gives the worst case average rate over all
intervals of length 1. S,,., is the maximum packet size sent by the source.

Given the above traffic descriptor, the peak rate of the traffic is ;’"—“; The average

mi

rate is jfmT:Z This traffic descriptor is not appropriate because according to this
descriptor the peak rate and average rate depend upon the maximum packet size and
the minimum (or average) inter-packet spacing. If the traffic source generates one
packet of very large size and other small packets with small inter-packet spacing, the
peak rate and the average rate computed will be much more than the actual peak

and average rate.
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In order to have a reasonable representation of the traffic, in rest of the chapters
we assume that S,,,, is not very large as compared to other packets generated by a
traffic source. The traces of traffic which we use later for analysis have this property.
Cruz in [24] has presented a generalized model to characterize the burstiness of
the traffic by bounding its worst case behavior. The framework developed by him can
be used to provide local deterministic guarantees for a variety of service disciplines.

The burstiness function of a traffic source is defined as :
b(t) = Maximum amount of traffic sent in any interval of length ¢.

The burstiness function for a given traffic trace is unique. The value of burstiness
function at any point ¢ can be obtained by sliding the trace through a time window
of size ¢ and finding the maximum amount of traffic sent in any such window. Since
burstiness function measures the worst case average rate over all time scales, it is
the most general bounding traffic model which can be used to provide determinis-
tic performance guarantees. However, it would be impractical for a traffic source to
completely specify its burstiness function. As a result simple models with few pa-
rameters are used which essentially try to construct a bounding burstiness function.

A bounding burstiness function b(¢) of a trace satisfies the following inequality:
b(t) > Maximum amount of traffic sent in any interval of length ¢.

From the simple model one can reconstruct a bounding burstiness function which still
bounds the source’s traffic rate, though this bound would be loose as compared to
the burstiness function of the source.

The leaky bucket model is a special case when the bounding burstiness function
is represented using two parameters which bound the original burstiness function. A
traffic source compliant to leaky bucket parameter (o, p) is also compliant to bounding

burstiness function as defined by:
b(t) =0 + pt

One can also construct models with more parameters which give a tighter bound

for the burstiness function. For example. one can specify a series of o and p such that
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the traffic satisfies each of the constraint imposed by the leaky bucket of parameters

(0i, pi). Thus

b(t) < min(o;, pit)

In this case b(t) is piece wise linear and convex. In fact it can easily be shown that
if the burstiness function of a traffic source is bounded by a continuous, convex and
piecewise linear function, then there is an equivalent traffic descriptor in the form
of sequence of leaky bucket descriptors, which completely describe the burstiness
function. Each segment of the burstiness curve in this case, corresponds to a leaky
bucket descriptor.

Unlike the burstiness function, the leaky bucket parameters of a trace are not
unique. Any leaky bucket traffic descriptor (o, p) such that the amount of traffic sent
in any interval of length ¢ is less than o + pt is a valid characterization of the trace.
In general it is desirable to keep the parameters burst size and service rate as low as
possible. As a result, there is a tradeoff in characterizing a traffic using leaky bucket.
Reducing the service rate amounts to an increase in the bucket size and vice versa.
This tradeoff can be seen from the burstiness function directly. For any traffic a leaky
bucket traffic descriptor bounds the burstiness function by a straight line of slope p
and y-intercept o. For any burst size o, a bounding tangent from point (0, o) to the
burstiness function can be drawn as shown in Figure 2.1. The slope of the tangent
gives the service rate for a given value of burst size. It is straightforward to see that
as the burst size is increased, the service rate decreases. This tradeoff is later shown
for various traces we consider in the leaky bucket traffic descriptor graphs.

Choosing appropriate descriptor is an important issue while characterizing the
traffic using a leaky bucket descriptor. The definition of an appropriate descriptor
depends on how the characterization is further used. If the characterization is used
to perform admission control functions in the network, then the descriptor should
maximize the number of connections accepted by the network. In order to do this,
the values of o and p should be as small as possible. As o increases the service rate (p)
decreases. The appropriate descriptor would lie in a region where the increase in the

value of o would not be justified (in terms of number of accepted connections in the
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Figure 2.1: Tradeoff in o and p as seen from burstiness function.

network) by corresponding decrease in the value of p and vice-versa. The slope of the
graph would change very rapidly in this region (e.g. a knee point in the graph). This
gives us an intuitive criterion to characterize the traffic using leaky bucket model.
Such a characterization balances the two parameters o and p and gives maximum
network utilization.

Like the leaky bucket descriptor, the Tenet traffic descriptor also bounds the worst
case rate. Therefore, it is possible to construct a bounding burstiness function such
that a traffic stream compliant to the Tenet descriptor also complies with the bursti-
ness function. The burstiness function of a traffic with descriptors X,,in, Xavg: I, Smaa

is given by the following equation:

0= 2 ) i ) e

Intuitively, the traffic source may initially send packets at spacing of X,,;, as long

as the average rate criteria can be met. Since X,,, is calculated over an interval of

L

Xurs packets can be sent and then the source will have to wait till

length 7, at most
time I. This pattern is repeated and gives the above expression for the burstiness
function.

Although it is not possible to accurately reconstruct all the parameters of the
Xmin; Xavg, I model from the burstiness function, the important parameters X,,, and

I and the tradeoff between them can be observed. Note that b() is the maximum

amount of data sent in any interval of length I. So, the worst case average rate over
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b(I)

any interval of length I is b, . Therefore, the following expression relating X,, and

I may be used for analytic purposes:

I
X(wg = Smm‘m
The burstiness curves plot &’1) vs. I. b(I) is the maximum amount of data sent
in any interval of length /. Thus, @ is the average bit rate in the interval in which

the maximum amount of data is sent, which is the same as the worst-case average
rate of the traffic taken over an interval of length I. The worst-case average rate for
small intervals is close to the peak rate. As the rate increases, the worst-case average
rate tends to the eventual average rate. Note that the characterization using the
Xmin: Xavg, I model is also not unique. It appears desirable to characterize the traffic
using low average rate. This increases the averaging interval and as a result, the
admission control procedure becomes less effective and ends up reserving bandwidth
close to the peak rate. Thus a proper balance between parameters I and X, is
needed.

The slope of the burstiness curve (i.e. the rate of decrease of the worst-case average
rate with increase in the averaging interval) is a measure of the burstiness of the traffic
at various time scales. The slope at an interval I measures the additional smoothing
obtained when the bit rate is averaged over longer intervals, which characterizes the
burstiness of the traffic at a time scale of I. If the traffic is not bursty in the short
term, then averaging the bit rate over small intervals will not result in any smoothing.
As a result, the slope of the burstiness curve will be zero for small intervals. If the
traffic is not bursty in the long term, then all the smoothing would have happened
when the bit rate is averaged over a long enough interval. Increasing the interval size
will not result in any additional smoothing, and so the slope of the burstiness curve
will again be zero. Thus, the slope of the burstiness curve characterizes the burstiness
of the traffic at all time scales.

Let us illustrate this with an example. Figure 2.2 shows two sample traces of bit
rates. In trace A the bit rate changes randomly with time, but the average bit rate
over long period of time remains stationary. Thus, trace A is bursty over short time

scale and is smooth over longer time scales. The bit rate of trace B remains constant
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Figure 2.3: Burstiness curves for the sample traces.

when observed for short intervals of time. The changes in the bit rate occur after

large time intervals and the bit rate is stable after these changes. Therefore, trace B

has little burstiness in short term, and high burstiness in long term. This intuitive

notion of burstiness is characterized by the burstiness functions of these traces as

shown in Figure 2.3. For trace A, the slope of burstiness function is large for short

intervals, and it tends to zero for long intervals. On the other hand, the slope of

burstiness function for trace B is close to zero for small intervals and becomes large

for larger intervals.
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TRACE Approx  Frame rate Content
Duration (FPS)
LECTURE 56 min 30 Lecture of a graduate course
NEWS 122 min 30 News program
MUSIC 122 min 30 A music program
SPORT 122 min 30 Basketball game
STWAR 114 min 25 Entertainment movie

Table 2.1: Traces of JPEG compressed video.

2.3 Methodology of Data Collection

2.3.1 JPEG Compressed Video

The data contains traces of five independent 1-2 hours long video clips, summarized
in Table 2.1. The video clips were chosen to span a wide variety of video types ranging

from a lecture in a class to a basketball game.

The video corresponding to the trace LECTURE was a videotape of a graduate
course lecture. Most of the time, the video shows the instructor standing next to a
board. It would occasionally show a student asking questions. The traces NEWS,
MUSIC and SPORT correspond to real life video broadcast on popular TV channels.
These clips were chosen to span a variety of programs, possibly of different natures.
Since these videos are taken from TV channels, they are true representatives of a
large majority of real-life video sequences. The trace STWAR is a trace of the movie

“Star Wars”.

All the data except STWAR was collected in real-time using DEC’s JVIDEO
board, which is able to carry out the JPEG compression of the 232 x 320 pixel colored
images at the frame rate of 30 frames per seconds (fps). The compression was carried

out at the minimum possible quantization factor to get the best picture quality'. The

Tt is hard to define “constant” or “good” picture quality because it involves subjective perception.

We use the quantization factor as a crude measure of quality.
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TRACE Approx.  Frame rate Content

Duration (FPS)
LECTURE.mpg 60 min 15 Lecture of a graduate course
NEWS.mpg 58 min 15 News program

Table 2.2: Traces of MPEG compressed video.

quantization factor was kept constant in order to get a constant picture quality?. The
compressed data was discarded, only the frame sizes were recorded. The process of

capturing the data was timed to verify that the capture rate was actually 30 fps.

2.3.2 MPEG Compressed Video

The video clips were first compressed in JPEG and stored on a local disk in real-
time. The disk was just able to keep up at a frame rate of 15 fps. Then this data was
compressed off-line into MPEG using a software encoder®. For various reasons, 1-5%
of the frames were dropped before the final traces were obtained. The parameters
of the MPEG encoder were chosen to minimize the running time of the encoder and
to get a good picture quality. The quantization factors were kept constant to get a
constant picture quality?. Table 2.2 summarizes the information about the MPEG

traces. In the table X.mpg is the MPEG compressed version of the video X.

2.3.3 Traces of data sent by NV

The NV traces were collected using the tepdump program. The traces are of data

sent for MBONE?® [30] video-conferences held on XUNET® [40]. There was an active

2Default quantization matrices were used for the compression.

3We used the Berkeley software MPEG encoder to carry out the MPEG compressions.
4The encoded stream was an MPEG I stream with quantization factors of 2, 5 and 15 for I, P

and B-frames respectively. Default quantization matrices were used.
SMBONE stands for Multicast backBONE, which is a virtual network on the Internet created to

experiment with multicast.
6XUNET stands for eXperimental University NETwork. It is a wide-area network that serves as

a test-bed for research on data communication techniques.
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TRACE Approx. Date & time Sender

duration of conference
NVO 17 min  09/22/93, 12:05pm law.cs.berkeley.edu
NV1 74 min  10/20/93, 11:19am  law.cs.berkeley.edu
NV2 58 min  10/20/93, 11:19am law.cs.berkeley.edu

Table 2.3: Traces of traffic generated by NV.

participant on the same LAN segment on which the observations were taken. During
data collection, traces of all the packets on the network were captured. The fraction
of packets dropped was extremely small (176 packets out of 940695, for instance).
Packets not originating from the local participant were filtered out off-line. In all
the traces, since the sender was in the same LAN segment, the traffic characteristics
of the traces are expected to be close to the source traffic characteristics of the NV

program. Table 2.3 summarizes the information about the traces.

In the trace NV1 it was found that, after 58 minutes from the beginning, the
average bit rate went up to a value significantly higher than the routine 128 Kbps
and after three minutes, the bit rate came back to normal. Probably the participant
turned up the rate control knob of the NV software, and after 3 minutes he realized
his mistake and became “nice” to the network again. NV2 consists of the first 58

minutes of the NV1 trace.

The traces of NV are packet traces whereas the JPEG and MPEG traces are
frame traces. Thus, the NV traces are also affected by factors other than its coding
algorithm. These factors include rate control built in the software, the rate at which
the software can send packets into the network (limited by ethernet capacity in this
case) etc. It is still important to consider these traces because NV is one of the very
few applications that actually use the network to send live video. Studying these
traces would also help us understand the interaction of system level parameters with

traffic characterization.
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Datarateof trace LECTURE
Frame Size (bytes) x 103
30.00 \ —

25.00 — ]

20.00 — —

15.00 — —

10.00 — ]

5.00 — | \ \ \ | ;t'rafe Number x 103
0

0.00 20.00 40.00 60.00 80.00 100.

Figure 2.4: Bit rate of the trace LECTURE.

2.4 Characteristics of JPEG traffic

Figure 2.4 shows the bit rate of the trace LECTURE. The first ten minutes of the
corresponding video shows the clock tower of UC Berkeley. The bit rate remains
fairly constant during this period. The bit rate then shoots up as the text describing
the lecture is superimposed on the clock tower. The lecture then begins with the
instructor standing in front of a clean board. The time at which the lecture begins
can be precisely identified by a sudden drop in the corresponding bit rate. The bit
rate then increases steadily as more and more text is written on the board. The bit
rate drops down again when the instructor starts writing on the second board and

once again the video shows the instructor next to a clean board. The lecture goes on

Figure 2.5 shows the bit rate of a 130 second clip of the trace NEWS. It is in-
teresting to note that the bit rate remains nearly the same for some time, then it
suddenly changes to a new value, it stays at its new value for some time and then
this behavior is repeated. Analysis of actual video streams shows that in most of the
cases these abrupt changes in bit rate correspond to scene changes (or cuts) in the

video. For a scene showing the same people with the same background, the bit rate



2.4. CHARACTERISTICS OF JPEG TRAFFIC 31

NEWS
Frame Size (bytes) x 103
26.00 1 \ -

24.00
22.00
20.00

18.00 | e Number x 103
53.00 54.00 55.00 56.00 57.00

Figure 2.5: Bit rate of the trace NEWS.

remains nearly the same. As the background and orientation of people change, the

bit rate changes slowly.

From visual inspection of the bit rates, it is apparent that the frame sizes of
consecutive frames are highly correlated. The reason for this behavior is that the
size of a compressed frame is essentially determined by the complexity (information
content) of the image being compressed, and consecutive images of a video sequence
are very similar in visual appearance as well as in their information contents. This
similarity remains for longer runs of consecutive frames. As a result the bit rate is
highly correlated over that period. In the trace LECTURE, the bit rate increases as
the instructor writes more and more text on the board. As more text is written on the
board, there is more information in the corresponding image. This results in a lower
compression and hence a higher bit rate. Scene changes mean an abrupt transition
from one sequence of pictures to another. The two pictures at the boundary of a scene
change are not similar to each other, so the sizes of the corresponding compressed
frames are also uncorrelated. Therefore the bit rate changes abruptly at the boundary

of scene changes in the video.

The peak bit rate of a trace corresponds to a scene of high information content in
the corresponding video. The bit-rate remains close to the peak rate for the duration
of the scene, which will usually be of the order of seconds. Thus, the worst-case

average bit rate over an interval of length smaller than the peak scene length will be
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close to the peak rate. The burstiness curves in Figure 2.6 substantiate this claim.
Figure 2.6 plots the worst-case average bit rate of the traffic taken over an interval
against the interval length. If the interval length is small, then the worst case average
rate will be close to the peak rate. In the trace LECTURE, the worst-case average
rate remains close to the peak rate for intervals of length up to 10 seconds. This is
the approximate duration of the scene showing the clock tower along with the text
describing the lecture. For other traces this interval is smaller. As the interval length
increases, the worst-case average rate comes closer to the eventual average rate. For
an interval of length equal to the length of the trace, the worst-case average rate
is equal to the eventual average rate. It is interesting to note that the graphs in
Figure 2.6 are very similar to each other for different video sequences. All the graphs
start off with zero slope, which remains close to zero for intervals of length 300 ms
to 10 seconds. As the interval length increases, the magnitude of the slope increases.
Towards the end, the slope converges to a small negative value.

The same information is depicted numerically in Table 2.4, where average cor-
responds to the eventual average rate (in megabits per second) of the compressed
video. All the traces of JPEG compressed video have average rates in the range 5-6.7
Mbps. The column labelled burstiness corresponds to the ratio of the peak rate to the
eventual average rate, which is between 1.56 and 2.82. The peak bit rate varies from
19 Mbps to 7 Mbps. The subsequent columns list the ratio of the worst-case average
rate taken over an interval to the (eventual) average rate for different intervals. As
the interval size increases, this ratio becomes closer to 1. It should be noted that this
ratio for intervals of length 100 ms is close to the peak to mean ratio of the stream.
These numbers behave in a similar way for each of the four different traces of JPEG
compressed video. For example, the ratios of the worst case average rate over an
interval of 10 min to the average rate for different traces are between 1.00 and 1.25.

Figure 2.7 plots the leaky bucket traffic descriptor graphs for the traces. For each
trace, the service rate p varies from a little more than peak rate to the eventual
average rate. For each service rate, a bucket size is calculated by running the trace
through a leaky bucket simulation. This bucket size is plotted in the graph. An

interesting observation is about the knee points in these plots. In all of these curves,
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Figure 2.6: Burstiness curves for JPEG compressed video.
Trace Average Burstiness | Worst case average rates / Eventual average rate
(Mbps) I=100ms T=1sec. IT=100sec. IT=10 min
NEWS 5.04 2.13 2.13 1.88 1.47 1.24
MUSIC 4.23 2.41 2.35 2.22 1.24 1.09
LECTURE 4.02 1.73 1.72 1.71 1.31 1.09
SPORT 6.09 1.56 1.54 1.54 1.30 1.14
MOVIE 6.67 2.82 2.81 2.32 1.20 1.13
LECTURE.mpg 0.61 9.88 5.53 1.95 1.24 1.15
NEWS.mpg 0.51 11.84 6.74 3.54 1.88 1.20
NVO 0.127 43.48 31.16 2.82 1.03 1.01
NV1 0.121 47.54 33.12 9.03 5.60 2.06
NV2 0.101 48.22 35.37 3.64 1.26 1.12

Table 2.4: Effect of I on the worst-case average rate.
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Figure 2.7: Leaky bucket traffic descriptor graph for JPEG compressed video.

the position of the rightmost knee corresponds to the peak rate of the trace. The
bucket size o grows rapidly as soon as the service rate p becomes less than the peak
rate. For example, for the trace LECTURE, if the service rate is 80% of the peak
rate, then the bucket size becomes as large as 1.6 M-Bytes.

A reasonable characterization of JPEG compressed video traffic using a leaky
bucket descriptor would require that the service rate be close to the peak rate. If
one characterizes the video using a lower service rate, the bucket size required will be
very large, which is not an accurate characterization of the actual traffic. A traffic
characterized by a large bucket size can potentially inject a large burst of data in
the network, whereas the behavior of JPEG compressed video traffic tends to be
more regular. The large bucket size in this case is not because of any bursts in the
traffic instead, it is because, the instantaneous arrival rate remains a little higher
than the service rate for relatively long periods of time. The bursts are only due to
the individual frames.

The service rate of leaky bucket for our JPEG traces was between 19 Mbps and
7 Mbps, and the bucket sizes varied from 30 Kbytes to 80 Kbytes.

For constant quality JPEG compressed video, the bit rate depends upon the com-

plexity of the images in the video being compressed”. Thus, the peaks of the bit

"The property discussed here is not an inherent property of the algorithms proposed by JPEG
standards. It is only due to the fact that the encoder used in our experiments compressed the images

of individual frames at a constant picture quality.
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Figure 2.8: Bit rate of the trace LECTURE.mpg.

rate occur in bursts of length equal to the length of the scene having the high image
complexity. This implies that, if a scene of high complexity is being transmitted over
the network in real-time, then the network should have enough bandwidth available
over the length of the scene to support the transfer. Queueing inside the network
may not be able to accommodate high bit rate bursts. Thus, using a simple leaky
bucket descriptor to characterize traffic would not yield any statistical multiplexing
gains because it would require that the allocated rate be close to the peak bit rate of

the actual video.

2.5 Characteristics of MPEG traffic

Figure 2.8 shows the bit rate of a 20 second clip of the MPEG trace LECTURE.mpg.
The bit rate of this clip is very bursty. This burstiness is due to the three different
types of frames generated by the MPEG compression algorithm. Notice that I-frames,
P-frames and B-frames can be easily recognized in the figure. I-frames are the largest,
and B-frames are the smallest in size. Notice that the sizes of frames of the same

type are highly correlated.
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Figure 2.9: Average bit rate of the trace LECTURE.mpg.

Figure 2.9 shows the average bit rate of the trace LECTURE.mpg. The average
is computed by a moving average filter of length 1 second. An interesting observation
is the similarity of the graphs in Figures 2.4 and 2.9. The same lecture was encoded
into JPEG and MPEG separately, and the variation of the average bit rate of both

encodings appears to be very similar.

Figure 2.10 plots the burstiness curves for the MPEG traces. For small intervals,
the worst-case average rate decreases quickly as the interval length increases. As the
interval length becomes more than 1 second, the rate of decrease in the worst-case
average rate becomes smaller. Table 2.4 shows that the average rates of the MPEG
video streams are 0.61 and 0.51 Mbps respectively. From the same table we see that
the burstiness values of the two traces are 9.88 and 11.84. The peak rates are about
6.0 Mbps. After averaging the bit rate over an interval of 1 second, the videos show

burstiness of 1.95 and 3.54.

The graphs in Figure 2.10 are very similar to each other. Both have large negative
slope for small intervals. The magnitude of the slope is smaller for interval lengths
between 300 ms and 1 second. As the interval length increases further, the slopes

converges to a small negative value.

MPEG encoded video shows high burstiness when observed over short time scales.

This is due to the fact that the MPEG encoding algorithm generates different types
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Figure 2.10: Burstiness function for MPEG compressed video.

of frames whose sizes are inherently different®. However, when averaged over an
interval of length 1 second, the bit rate becomes smoother. This is because of the
characteristics of the MPEG encoding algorithm. One of the considerations while
designing MPEG was the ability to have random access to the frames. In order to
achieve this, intra-coded frames (I-frames) are periodically present in the stream.
Since I-frames are encoded independent of other frames, they provide random access
points in the stream. P-frames and B-frames, which occur more frequently, constitute
the rest of the video. As a result, MPEG video becomes a lot smoother if averaged
over an interval which contains 2 or more I-frames.

After smoothing, the bit rate starts showing dependency on the contents of the
video. This dependency can be clearly seen in Figure 2.9. Due to the periodic presence
of I-frames in the stream, the bit rate of MPEG video depends upon the complexity of
the pictures that are sent as I-frames. The inter-frame nature of the algorithm makes
the bit rate dependent on the motion in the video. In case of the video LECTURE,
the motion was relatively low. As a result, the bit rate averaged over periods covering
multiple I-frames showed a high correlation with the rate of the corresponding JPEG

trace.

81t is possible to have a valid MPEG stream which consists of only I-frames or only T-frames and
P-frames. The presence of all the three types of frames in the stream makes the compression ratio

higher.
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Figure 2.11 plots the leaky bucket traffic descriptor graphs for the MPEG traces.
The service rate p for each trace varies from peak rate to the eventual average rate.
It is interesting to note that the bucket size (o) does not increase even if the service
rate (p) is less than the peak bit rate. There is a knee in the curve after which
the bucket size starts increasing rapidly as the service rate decreases. The rate of
increase is comparable to that in Figure 2.7. The knee occurs at a rate which is
lower than the peak rate. This is so because the largest frame is of I-type, and it is
always followed by a number of small B-type frames. By the time the frame next to
the largest I-frame arrives, the bucket has enough space to accommodate it without
necessarily serving at the peak rate. The knee in the curve occurs at a rate close to

the worst-case average rate over an interval of length one second.

An appropriate characterization of MPEG video using the leaky bucket model
corresponds to the knee in the graphs of Figure 2.11. The service rate at these knees
correspond to the peak rate of the MPEG video obtained after smoothing its bit rate
over one second intervals. The bit rate of MPEG compressed video becomes highly
correlated after smoothing, and the changes in the bit rate are mostly due to the
contents of the video. Therefore, the knee points characterize the traffic accurately.
For the trace LECTURE.mpg, appropriate service rate and bucket size are 1.07 Mbps
and 50 Kbytes respectively.

MPEG compressed video exhibits burstiness on two time scales. On a short time
scale, the burstiness is due to the characteristics of the coding algorithm, which
generates three types of frames of different average sizes. The short-term burstiness
smoothes out when the bit rate is averaged over intervals of appropriate length?. This
length depends upon the periodicity of I-frames in the stream. After this smoothing,
the traffic remains bursty on a longer time scale. The long term burstiness for our
streams was 1.95 and 3.54 respectively, due to the changes in motion and the com-

plexity of scenes'®. Since the smooth bit rate remains correlated for longer periods of

Tt must be pointed out that this interval is not equal to the delay incurred in smoothing the bit

stream. The maximum delay incurred in smoothing is given by %. See Section 2.1 for details.
10The short-term burstiness property is an inherent property of the algorithms proposed by MPEG

standards. However, it also depends on the encoding process. In our case, short-term burstiness
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Figure 2.11: Leaky bucket traffic descriptor graph for MPEG compressed video.

time, additional buffering is unable to smooth the bit rate further. The knee point
in the leaky bucket traffic descriptor graphs show the same fact. The amount of
additional buffering needed to be able to serve at a rate lower than the rate of the
knee is large. Therefore the knee points give a proper leaky bucket characterization of
the video. Another implication of this is that, for transmission of MPEG video over
a network, the available bandwidth of the network at any instant should be greater
than the short-term average rate of the MPEG stream. In case this bandwidth is
not available, congestion would result in a series of localized packet losses. The size
of the leaky bucket can also act as a measure of the buffering needed to smooth the

short-term burstiness.

2.6 Characteristics of NV traffic

Characteristics of the traffic generated by NV are highly influenced by the rate control
built in the software. Figure 2.12 shows the inter-packet spacing for a series of packets
generated by NV. Most of the packets are spaced at 5 ms, which is probably the time
it takes to send a packet. The Inter-packet spacing of some packets periodically
becomes as large as 0.5-2 seconds. This is due to the fact that NV stops sending data

for 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 factors of I, P and B-frames.
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Figure 2.12: Inter packet spacing of packets produced by NV.

there are periods of activity when NV sends the data at high rate, and then there
are periods of inactivity, when NV “sleeps” to lower the mean bit rate. Another
observation in Figure 2.12 is that there are intervals during which the inter-packet
spacing becomes as high as 250 ms. This can be attributed to the periodic waking up
of other processes on the same host, or to other activity in the same LAN segment.
Since the NV program carries out the compression of video images in software, it is a
heavy user of the CPU which it shares with other processes. If other processes on the
same system become active, then NV takes a longer time to produce a packet, and
hence the inter-packet spacing can increase. This can also result from some periodic
network activity on the same LAN segment (e.g., routing updates), which would force
NV to wait to send data on the Ethernet.

The packet sizes are distributed between 0 and 1 Kbytes and the minimum inter
packet spacing is as small as 0.2 ms. So the peak rate of the traffic generated by NV
is very high. However, at averaging intervals of 1 sec, the worst-case average rate

becomes close to the eventual average rate.

Figure 2.13 plots the burstiness curves for the NV traces. The peak rate is close
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Figure 2.13: Burstiness curves for NV traffic.

to 6 Mbps, which is within a factor of two of the maximum available bit rate on an
Ethernet. The worst-case average rate is bounded by 130 Kbps for averaging intervals
of 10 seconds, which is because of the rate control built in the software. For the traces
NVO0 and NV2, the worst case average rate decreases rapidly with interval length till
the interval length is close to 3 seconds. For interval lengths between 3 and 10 seconds,
the rate of change of the worst-case average rate decreases. At intervals of length 10
seconds, the worst-case average rate becomes close to the eventual average rate. It
is interesting to note that, although NV0 and NV2 correspond to two independent
traces, their burstiness curves are nearly identical. The burstiness curves have a high
slope for small intervals but this becomes very close to zero as the interval length

increases to more than 10 seconds.

In Table 2.4 we see that the ratios of the worst-case average rate taken over
intervals of length 100 sec to the eventual average rate for the traces NVO and NV2
are 1.03 and 1.26 respectively. Trace NV1 is different because the target sending rate
of the software was changed for 3 minutes. In Figure 2.13 there is a knee in the graph

for NV1. This knee corresponds roughly to an interval of length 3 minutes.

Figure 2.14 plots the leaky bucket traffic descriptor graphs for the NV traces.
When the service rate is higher than the peak rate, the bucket size is c.lose to 1

Kbytes. As expected, the bucket size increases as the service rate decreases. Traces
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Figure 2.14: Leaky bucket traffic descriptor graph for NV traffic.

NVO0 and NV2 have a knee in the graphs at a service rate of 130 Kbps. Trace NV1
has a knee in the corresponding graph at 1 Mbps. The position of this knee gives a
reasonable characterization of the traffic using the leaky bucket descriptor.

The traffic generated by the NV program is highly bursty in the short term due to
its on-off nature. The long term behavior of NV traffic is highly predictable. A plot
of the average bit rate taken over 10 second intervals is nearly constant. Although
the traces NV0O and NV2 are from two different conferences, their characteristics are
nearly identical. This suggests that the characteristics of the traffic generated by NV
are fairly independent of the video which is being sent. Constant bit rate over a long
time scale is achieved by compromising the quality of the video being sent. Whenever
NV needs to reduce its bit rate, it reduces the frame rate of the video being sent. For
an NV program sending at a target rate of 128 Kbps, the appropriate service rate is

130 Kbps, and the bucket size is 30 Kbytes.

2.7 Choosing Leaky Bucket Traffic Descriptors

Choosing a traffic descriptor for a traffic is equivalent to picking up a point in the
leaky bucket traffic descriptor graph of the trace. An optimal traffic descriptor should
maximize the number of connections of given QoS. If each connection has different

traffic descriptor and different QoS requirements, then the optimal traffic descriptor
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Figure 2.15: Trace LECTURE.mpg.

not only depends upon the properties of traffic being analyzed, but also depends, in
general, on the QoS and the properties of the other traffic being multiplexed on the
same link. To simplify, we assume that all connections are homogeneous. They have
identical traffic descriptor and QoS parameters. Even with this simplification the
problem of choosing a good traffic descriptor is not easy. A traffic descriptor charac-
terizing a trace may be optimal if the connection requires a particular QoS, but the
same traffic descriptor may be sub-optimal for a different QoS. In other words, an op-
timal traffic descriptor depends upon QoS. For most of the traces analyzed, we found
that a traffic trace can be characterized by a single traffic descriptor which remains
reasonably close to the optimal descriptor for the range of QoS considered. There
are important implications of this finding. The single leaky bucket traffic descriptor
characterizing the trace, may be presented to the network during connections setup,

irrespective of the QoS required by the connection.

In order to analyze the effect of choosing traffic descriptor on number of connec-
tions, we assume a network of a single node having a bounded buffer and a single
output link. The parameters of the switch were taken from XUNET II switch [40].
The outgoing link was assumed to have rate of 200 Mbps. The total buffer space was
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Figure 2.16: Trace NEWS.mpg.
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Figure 2.17: Trace LECTURE.
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assumed to be 32 MBytes. We assume the optimum EDD scheduler at the output
link and use exact admission control tests proposed in [84] for admission control. We
assume homogeneous connections with identical traffic descriptor and QoS. The loss
rate is assumed to be zero. Delay bound is the only variable QoS parameter.

Figure 2.17 shows the maximum number of connections accepted as a particular
traffic descriptor is chosen to characterize the trace LECTURE.mpg. The X-axis
represents the service rate of the descriptor, the Y-axis for the solid line represents
the corresponding bucket size. The Y-axis for all other lines represent the maximum
number of connections accepted.

If bounded delay is not required, the number of connections accepted is maximum.
This is shown by the topmost line of the graph. The other lines show maximum
number of connections under different delay constraints. Note the common property
of all the graphs: the number of connections increase monotonically (starting from 0)
as the bucket rate increases up to a point. After this, the number of connections start
decreasing (with a break in slope) slowly and monotonically with increasing service
rate.

When the service rate is low, the bucket size typically becomes large. Large bucket
size results in failure of delay test while performing admission control. This limits the
number of connections. Even if the delay bound is unlimited, the buffers required for
each connection limits the number of connections. As the service rate increases, the
bucket size decreases which relaxes both buffer and delay constraints. Therefore the
number of permissible connections increases with increasing service rate. This trend
continues till the aggregate bandwidth required is less than the link speed. After this,
the link speed becomes the constraint and the number of connections decrease with
increasing service rate.

It is interesting to note that the traffic descriptor which results in maximum
number of connections is always close to the location of knee point in the traffic
descriptor graph. For this trace, the knee point is at a service rate of 1.1Mbps where
as service rate resulting in maximum number of connections for unlimited delay bound
is 0.95Mbps. For delay bounds bound of 100ms, 70ms, 40ms, and 10ms service rate

of 1.09Mbps gives maximum number of connections. Note that peak rate of this trace
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is 6.02Mbps and its mean rate is 0.68 Mbps. This shows that even with large peak
to average bit-rate ratio of the trace, the optimal traffic descriptors for different QoS
are within a narrow range which is next to the knee point in the leaky bucket traffic
descriptor graph of the trace. The same is true for the trace NEWS.mpg as shown in
Figure 2.16. The location of knee is at service rate of 1.64Mbps, whereas the optimal
traffic descriptors lie in the range 1.28Mbps to 1.64Mbps.

The characteristics of JPEG traffic is different from MPEG traffic. When the
service rate is close to the average rate of the trace, the bucket size does not decrease
significantly with increasing service rate. When the service rate approaches the peak
rate, the rate of decrease in bucket size increases. This is evident from Figure 2.7.
For the trace LECTURE, the effect of leaky bucket descriptor on number of possible
connections is shown in Figure 2.15. For each delay bound considered, number of
possible connections attain maximum value at service rate between 6.10Mbps and
6.90Mbps. This is very close to the position of knee, which occurs at a service rate
of 6.86Mbps, in the leaky bucket traffic descriptor graph of the trace. Similarly,
for the trace NEWS the number of connections achieve a maximum at service rate
between 8.29Mbps and 10.70Mbps, whereas the knee in the traffic descriptor graph
is at 9.50Mbps. This suggests that even for JPEG traffic, optimal traffic descriptors
for different QoS are close to the position of the knee. The knee itself may be a good
traffic descriptor for all QoS. All the other traces of JPEG compressed video are of
similar nature.

The traffic trace NV0 is very bursty. Figure 2.19 shows how number of connections
are affected by the choice of leaky bucket parameter. Unlike JPEG and MPEG
traffic, where the optimal traffic descriptors for different QoS were found to be close
to each other, in case of NV traffic, the optimal traffic descriptors for unlimited
delay and delay bounds of 100ms, 70ms, 40ms and 10ms have service rates 180Kbps,
960Kbps, 1.13Mbps, 1.39Mbps and 2.98Mbps respectively. This makes it difficult to
characterize the NV traffic optimally using a single traffic descriptor. There is a knee
in the traffic descriptor graph at service rate 130Kbps. The maximum number of
connections increase rapidly when the leaky bucket parameter is varied from average

rate (128Kbps) to this knee. After the knee, the rate at which number of connections
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increase is lower. The trace NV2 has similar characteristics as that of NVO0, but the
trace NV1 is different. Its traffic descriptor graph has different characteristics. There
is no well defined knee in the graph, but there are kinks at service rate of 0.98Mbps,
1.82Mbps and 3.00Mbps. The optimal traffic descriptors for this trace are in the
range 790Kbps to 2.30Mbps which is narrower than that of NVO and NV2, but still
it is difficult to come up with a single traffic descriptor which gives close to optimal
performance (in terms of maximum number of connections) for a wide range of QoS.
Choosing leaky bucket traffic descriptor at second knee which is a service rate 3Mbps
results in 66 connections which is within a factor (0.86 from the optimal for a delay
bound of 10ms and within a factor 0.23 for unlimited delay bound.

Table 2.5 and 2.6 show a comparison of the maximum number of connections using
optimal traffic descriptor and the knee point as the traffic descriptor. The table sug-
gests that the knee point gives a good traffic descriptor for JPEG and MPEG traffic.
For MPEG traces knee point gives optimal traffic descriptor in seven out of ten cases.
In other two cases, the number of connections accepted using the suggested traffic
descriptor is within 78% of the maximum possible. Only in one case the suggested
traffic descriptor performs badly (57% of optimal). For JPEG traces, the suggested
traffic descriptor is optimal in five out of ten cases whereas in other four cases it gives
73% of the optimal number of connections. Only in one case the suggested traffic
descriptor gives 60% of the maximum possible number of connections. For NV traffic
different traffic descriptors are needed for a trace depending on the required QoS.
A single traffic descriptor is not sufficient for all QoS. While the suggested traffic
descriptor for trace NVO gives 91% of optimal number of connections for unlimited

delay bound, it only gives 7% of the optimal for a delay bound of 10ms.

2.8 Discussion

The burstiness function characterizes the burstiness of the traffic at various time
scales. JPEG video exhibits no burstiness on small time scales. This can be seen
in the burstiness curves for JPEG traces by their zero slopes for small intervals.

However, JPEG video is bursty over longer time scales. The burstiness curves for
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Trace Delay Bound | Number of Connections Performance Ratio
(ms) Maximum Using suggested TD

LECTURE.mpg | Unlimited 211 181 0.85

100 50 50 1.00

70 35 20 0.57

40 20 20 1.00

10 5 5 1.00

NEWS.mpg Unlimited 156 122 0.78

100 49 49 1.00

70 34 34 1.00

40 19 19 1.00

10 4 4 1.00

LECTURE Unlimited 32 29 0.90

100 32 29 0.90

70 29 29 1.00

40 29 29 1.00

10 8 8 1.00

NEWS Unlimited 24 21 0.87

100 21 21 1.00

70 21 21 1.00

40 19 14 0.73

10 5 3 0.60

Table 2.5: Comparison of optimal traffic descriptor and traffic descriptor at knee for

JPEG and MPEG traffic.
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Trace | Delay Bound | Number of Connections Performance Ratio
(ms) Maximum Using suggested TD
NVO Unlimited 1105 1016 0.91
100 208 79 0.37
70 177 55 0.31
40 143 31 0.21
10 98 7 0.07
NV1 Unlimited 253 66 0.23
100 184 66 0.35
70 161 66 0.40
40 134 66 0.49
10 86 66 0.86
NV2 Unlimited 1110 1072 0.96
100 201 83 0.41
70 176 58 0.32
40 147 33 0.22
10 102 8 0.07
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Table 2.6: Comparison of optimal traffic descriptor and traffic descriptor at knee for

NV traffic.
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JPEG traces have a negative slope in the corresponding region.

MPEG video is bursty on short as well as long time scales. The burstiness curves
for MPEG video have a high negative slope for small intervals. For larger intervals
the magnitude of the slope is relatively small. This implies that MPEG video is more
bursty on small time scales than on large time scales.

The traffic generated by NV is highly bursty over short periods of time, but is very
smooth when averaged over an interval of 10 seconds or more. This is reflected in
the burstiness curves by a large negative slope for small intervals and a zero slope for
intervals greater than 10 seconds. The burstiness curve for the trace NV1 is different
because, in the case of NV1, the target sending rate was increased for 3 minutes. As
a result, NV1 has burstiness over a long time scale also. The burstiness curve for
NV1 has a knee at an interval of length 3 minutes. The slope of the burstiness curve
is steeper to the right of knee. This implies that NV1 is more bursty when observed
over intervals of length a little more than 3 minutes, as compared with intervals of
length slightly less than 3 minutes.

Leaky bucket traffic descriptor graphs for JPEG and MPEG video traffic have
well defined knees. If the chosen service rate for leaky bucket is less than that of the
knee point, then the bucket size becomes too large to be an accurate descriptor of
the traffic. On the other hand, if the service rate is larger than that of the knee, then
the reduction in the bucket size is small. The tradeoff of decreasing the bucket size
by increasing the service rate above the service rate of the knee point may not be
justified. Therefore, the knee points in the leaky bucket traffic descriptor graphs give
appropriate leaky bucket parameters to characterize the video traffic irrespective of
the requested QoS. In case of NV traffic, the knee points are not very well defined.
In fact, the service rate of optimal traffic descriptor varies significantly with the QoS
requested.

The appropriate service rate for JPEG compressed video is close to its peak rate.
The service rate for MPEG compressed video is approximately equal to the peak
rate of the MPEG stream after smoothing. The service rate of NV traffic is slightly
more than its target sending rate if no delay bound is required. As delay bound for

NV traffic is decreased, it needs higher service rate. For a delay bound of 10ms the
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required service rate can be as high as 1Mbps. For the trace NV1 the target sending
rate was increased for 3 minutes. Thus, the service rate for NV1 is found to be higher
(a little more than its maximum target sending rate) even with unbounded delay.
The bucket size parameter depends heavily upon the way the application delivers
data to the network. In the case of JPEG and MPEG compressed video, we assume
that the application delivers data in the form of frames, at a constant frame rate.
Therefore, the bucket sizes obtained are close to the size of the largest frame present
in the stream (30 - 80 Kbytes). If the application decides to break each frame into
packets and send the packets uniformly over one frame time, then the bucket sizes
will be different. The bucket size can be made arbitrarily small by suitably delaying
%. For JPEG
streams this delay was found to be 33 ms, which is equal to one frame time. This

the packets. The maximum delay incurred in this process is given by

means that if the burst size of JPEG video is reduced, then the largest frame will be
sent uniformly over one frame time. This delay for the MPEG trace LECTURE.mpg
is 380 ms, which corresponds to about 6 frame times. For NV, the bucket size is
between 5 and 10 Kbytes (equivalent to 3-6 packets of buffering) when the service
rate is high. When the service rate is close to its target sending rate, a bucket size
of about 30 Kbytes (sufficient to keep one frame worth of packets) is needed. The
smoothing delays for NV is found to be 1.85 seconds, which is close to the measured

off periods of NV.

2.9 Conclusions

Long traces of real video compressed using three different compression algorithms,
namely JPEG, MPEG and NV, have been studied in this chapter. The chapter
characterizes the traces using a leaky bucket model, and shows a way of choosing
appropriate leaky bucket parameters. The burstiness function is used to characterize
the burstiness of the traffic at various time scales. The impact of burstiness on
network congestion is discussed.

It was found that the leaky bucket parameters for constant quality JPEG and

MPEG compressed video depend upon the actual video streams. For JPEG streams,



54 CHAPTER 2. VIDEO TRAFFIC CHARACTERIZATION

the appropriate service rate was found to be close to the peak bit rate of the com-
pressed video. As a result, characterizing JPEG video using a leaky bucket descriptor
is not expected to give any statistical multiplexing gains. The service rate of the JPEG
compressed streams under study varied from 7 to 18 Mbps. The bucket sizes were
found to be between 30 and 80 Kbytes. MPEG compressed video could be charac-
terized with a service rate lower than its peak rate. The service rates for our traces
were found to be 1.05 and 1.65 Mbps, which are 2-4 times the eventual average rate.
The corresponding bucket sizes were approximately equal to 50 Kbytes. Due to the
rate control built in the software, the traffic generated by NV can be characterized
independent of its contents. The service rate depends upon the target sending rate
set on the program. For a target rate of 128 Kbps, if the delay bound is set to un-
limited, the required service rate was found to be 130 Kbps, and the bucket size was
30 Kbytes. The service rate increases as the delay bound is decreased. The service
rate for a delay bound of 10ms is 2.3Mbps.

It was shown how burstiness curves can be used to characterize the burstiness of
the traffic at different time scales. Using these burstiness curves, JPEG compressed
video has shown to exhibit low burstiness over small time scales, whereas MPEG
and NV traffic shows high burstiness. On long time scales, JPEG and MPEG video
exhibit burstiness, whereas NV shows no burstiness.

Short-term burstiness, which is a property of the coding algorithms, is easier to
handle. A traffic having short-term burstiness can be made smoother at the cost of
additional delays. Even if the traffic is not smoothed, the worst-case buffer require-
ments to serve such a traffic at a constant bit rate are small. Long-term burstiness is
more difficult to handle.

One way to handle long-term burstiness is by eliminating it in the encoder. En-
coders are being designed which support constant bit rate operation. Since the bit
rate depends upon motion and complexity of the video being encoded, such encoders
will operate at a constant bit rate by reducing the picture quality of the scenes that
have high motion or information content (for example, scenes showing a black-board
full of text in a class room). On the other hand, the scenes which do not have much

information (scenes showing a clean black-board) would be compressed at extremely
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good picture quality. This kind of behavior is certainly undesirable. One might want
to limit the peak rate of the video to a high value by designing appropriate encoders,
but, in normal mode of operation, one would like to have a video whose quality
remains fairly constant.

Another approach for wide area networks might be to reserve the bandwidth at
peak bit rate for connections carrying video. Policing in this case would involve peak
rate enforcement, but finding the peak rate for live video in advance may be difficult.
The problem can be solved if the encoder limits the peak rate of its output stream.
The quality of scenes requiring higher bit rate can be compromised. The long-term
burstiness is found to be between 2 and 4 for our traces. By reserving the bandwidth
at the peak rate, the video connections can utilize the network up to 25-50%. If
the non-real-time data traffic, which can adapt to congestion in the network, is able
to take the rest of the available bandwidth, then higher network utilizations can be
achieved.

One may want to reserve bandwidth somewhere between peak and average rate,
and “hope” that statistical multiplexing among various video streams will smooth
the aggregate bit rate. It could be hard to deal with congestion as all the clients
can potentially send their data at peak rate. The multiplexing behavior of constant
quality video needs to be studied in more detail.

Adapting the sending rate according to the feedback received from the network
has also been proposed [69]. The network signals congestion to the application, and,
based on this congestion signal, the application sending video adapts to a different
rate by having a different compression ratio. This scheme may work well for in-
teractive video, which encodes the video on the fly, but is difficult for stored video
because changing the bit rate of stored video may involve additional processing. The

additional complexity of this scheme may not be justified.
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Chapter 3

Deterministic Guarantees:

Performance Evaluation

In this chapter we discuss several approaches to providing Quality of Service (QoS)
guarantees in an integrated service network. In particular, we focus on determin-
istic guarantees. We evaluate the performance of schemes providing deterministic
performance guarantees to real-time network clients with variable bit-rate (VBR)
traffic. Contrary to expectations, we found that deterministic guarantees can give
good network utilizations. The primary reason for poor performance of determinis-
tic guarantees was poor traffic models and sub-optimal admission control tests. We
propose new and improved admission control tests for the EDF scheduler using a
generic traffic model. Using these admission tests, we compare the performance of
the X nin, Xavg, I traffic model initially proposed by Tenet Group at UC Berkeley with
the leaky bucket model. Our studies supplement that leaky bucket model as speci-
fied in UNI signaling specifications of ATM-Forum is better than X,,;,, X, I traffic
model. We use long traces of video compressed using different algorithms for our
analysis. We also compute the maximum achievable network utilization for real-time
VBR only traffic. The maximum achievable network utilization for real-time VBR
traffic is found to vary between 14.4 % to 70 %. If the fraction of CBR and ABR
traffic is large then very high network utilization can be achieved. We conclude that if

better admission control tests and suitable traffic models are used, then deterministic

o7
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guarantees can give high network utilizations.

3.1 Introduction

Several approaches to provide QoS guarantees in an integrated service network have
been proposed. The most important component of any approach is its service model.
A service model defines various parameters related to the quality of service (QoS). It
defines the parameters using which a user can express the desired QoS. For instance, in
one service model a user may be allowed to numerically represent various parameters
like bit rate, delay, delay jitter etc. As a result a user may be able to request a
connection with any combination of these QoS parameters. In another service model
a user may be restricted to choosing a QoS only from some predefined QoS classes.
In this case the set of predefined classes is designed carefully to cater to all possible
user needs which are expected to be important. This set may consist of classes like
MPEG video, telephone audio, high quality audio, ordinary data and priority data.

The second component in providing QoS guarantees is the set of mechanisms
needed to implement a service model. Most often, the choice of service model itself
depends upon the ability to efficiently implement the underlying mechanisms needed
to support it. For instance, due to the tremendous increase in communications bit
rate in the past decade, packet switching is increasingly becoming a bottleneck in the
communication path. Therefore service models which require significant overhead in
the switching path are less desirable. Approaches which tend to add small overhead
in the switching path are favored. For this reason, the ATM service model defines the
transport of fixed size cells of 53 bytes through the network. Fixed cell size results in
faster and more efficient switching.

This leads to a tradeoff in defining a service model. On one hand, the model
should be generic enough to represent the QoS requirements of the current as well
as future applications. On the other hand, the mechanisms needed to implement
the service model should be simple and efficiently realizable in a large network. The
decision whether a service model is sufficiently generic is very subjective. Even after

many years of research, no consensus has emerged. From discussions, newsgroups
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and mailing lists it is evident that the debate on the choice of proper service model
is going to continue in the research community. However, the mechanisms needed
to realize a particular service model can be explored more scientifically. Various
properties of these mechanisms like implementation complexity, speed, scaling with
network size can be evaluated. We now list some important requirements which any

implementation must meet.

3.2 Requirements

In a packet switching network, several communication links are interconnected through
a switching node (often called a switch in the context of ATM networks or a router
in the context of IP networks). A switching node forwards each incoming packet
on a link to the appropriate output link depending upon the information stored in
the packet header. In order to support QoS in an integrated service network the
switching nodes need to carry out several other functions in addition to their basic
function of packet forwarding. These functions can be broadly classified into packet
classification, packet scheduling and buffer management.

A switching node needs to infer the QoS with which the packet should be treated
based upon the information in the packet header. Before beginning data transmis-
sion, an application typically makes a resource reservation request in the network
for its desired QoS. Data transmission begins only if the resource reservation request
succeeds. The network stores the information about QoS and resource reservation in
all the nodes in the data path of the application’s traffic. When a packet arrives at
a switching node, it finds out the amount of resources reserved for the traffic class to
which the packet belongs, and services the packet accordingly. In ATM environment,
a unique connection identifier called virtual connection identifier (VCI) is allocated
for each connection at each switch. Each cell is tagged with the VCI of its connection.
Thus the VCI can uniquely identify the connection to which the cell belongs. If the
resources are reserved on a per connection basis, the VCI of a cell can directly give
index into a table containing the desired information. This approach of direct table

lookup indexed by VCI is feasible because the number of distinct VCIs at a switch
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is typically small (of the order of 10’s of thousands) and these VCIs can be allocated
in a contiguous manner. In IP environment, there is no notion of a connection in the
routers. This makes the problem of packet classification harder. There is a notion of
flow identified by the tuple (source IP address, source port, destination IP address,
destination port). In order to identify the flow to which a packet belongs, its address
and port number tuple must be matched with a list of all currently active flows. The
IP address field is 32 bits in length and the port number field is 16 bits wide. Thus the
total possible flows at a router can be as large as 2°¢, which makes packet classification
based on direct table lookup impossible. The complexity of packet classification is a
serious drawback of the integrated services approach [20, 108, 110, 127] proposed by
IETF to provide QoS in IP networks. To solve this problem, several newer schemes
like differentiated services [22, 95, 94], IPV6 [25, 59] have been proposed that make
use of a separate field in the packet header to mark its QoS.

Once a packet has been classified it has to be treated according to its QoS. Packet
from low delay connections should be given priority over packets from high delay
connections. Similarly a packet belonging to a connection requiring low loss rate
should be given preference in allocating buffers. In case of buffer overflows, packets
from connections with higher loss rate tolerance should be dropped first. This is done
by using appropriate scheduling and buffer management policies at switching nodes.

Scheduling is an important function needed at a switching node. There is a sched-
uler at each output link of a node which decides the order in which packets from its
output queue are transmitted. The scheduler ensures that each connection (or traffic
class) gets its desired share of resources like bandwidth, delay etc. Since scheduling
operation is needed for each packet, it is desirable to have low complexity sched-
ulers. If the service model provides arbitrary delay bounds to individual connections
or traffic classes, then complex schedulers like earliest deadline first (EDF) [47] or
multi level priority [130] are required at each node. However, if there are limited and
predefined QoS classes, then simple schedulers based on say few priority queues may
be sufficient.

Buffer management schemes provide a control on the loss behavior of traffic. Due

to the inherent burstiness of the traffic, the instantaneous arrival rate of traffic at a
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link may become larger than the link rate. As a result traffic is queued in the buffers
at the link. These queues may become excessively large especially at points where
several high speed links are connected to a low speed link. This leads to frequent buffer
overflows. A buffer management scheme decides which packets must be dropped in
case of buffer overflow. In addition to controlling the loss behavior of traffic with
different QoS, a buffer management scheme can also enhance the overall network
performance. For instance cell dropping schemes for enhancing the performance when
TCP traffic is transported through an ATM network have been proposed in [107, 14,
67, 71, 121]. Similarly, schemes for packet dropping in IP routers for enhancing the
performance of TCP have been proposed in [37, 85].

Another issue closely related to buffer management is packet marking. When
traffic from a particular class exceeds its allocated rate, then instead of dropping
the excess (or non conforming) packets, the switching node can simply mark the
packets as non conforming. These non conforming packets are transported as long
as bandwidth and buffer space is available in the network. In case of buffer overflow,
the non conforming packets are among the first to be dropped. This ensures that if
the network is lightly loaded, the applications can send data at high rate to increase
network utilization. In case of congestion, the applications are guaranteed to get only
their reserved share.

Amount of control state needed at switching nodes is increasingly becoming a
scaling bottleneck in the network. The growth of networks has resulted in several
millions of end users connected to the network. Each user can open multiple connec-
tions which pass through the same backbone in the network. If a service requires the
switching nodes to maintain state for each connection passing through it, the amount
of state information could very easily become unmanageable. Thus approaches are
devised using which the amount of state information needed at each node is kept to its
minimum. For instance, in ATM networks, using a common virtual path identifier,
a bunch of connections are grouped together into a single virtual path. Interme-
diate switches only need to keep the information about the virtual paths, not of
connections within the paths. Another approach using a VC-bunch to group several

connections together has been proposed in [55]. In the differentiated services frame-
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work [22, 95, 94], which provides QoS guarantees in IP networks, care has been taken
to make sure that the connection specific information is pushed to the edge of the
network as far as possible. The intermediate routers do not need connection specific

information.

As mentioned earlier an application desiring QoS reserves required network re-
sources before beginning any data transfer. The resource may be reserved by the
signaling protocol itself as in ATM networks [2, 19, 6]. Alternatively there could be a
separate resource reservation protocol like RSVP [132] in IP networks. This protocol
introduces overhead in network management. It is evident from the current trend
in the Internet that individual connections tend to be short lived [3] and applica-
tions like web browsers open multiple parallel connections to reduce their latency
[97]. Short connection lifetimes result in large number of connections to transfer a
particular amount of data. This increases the overheads in connection setup and
resource reservation. It is therefore desirable to have a little overhead in signalling
and resource reservation. Resource reservation involves admission control :- a test to
decide whether new connections can be admitted in the network without degrading
the QoS of currently established connections. Admission control has to be done at
each node in the path of the connection. Admission control at a node requires a
computation involving traffic characteristics and QoS of all the connections passing
through the node. A naive admission control scheme may take time proportional to
the number of connections passing through the node. Smarter schemes aggregate the

resource reservation information to reduce the complexity of admission control.

Finally, the overall network utilization achievable is a very important property
of a service model. Generic service models tend to lower the network utilization as
they need to accommodate a wider range of traffic mix. Also, models which are
mathematically well defined are expected to have a lower utilization as compared to

several other ad-hoc qualitative models.
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3.3 A Survey of Service Models

Several service models have been proposed in the literature [60, 77, 80, 78, 79, 61, 34,
33, 20, 29, 133, 106, 17, 22, 95, 94]. These can be classified into four major categories:
class based approaches, deterministic QoS guarantees, statistical QoS guarantees and

ad-hoc assurances.

e (Class based approaches: In these approaches an application can request for QoS
only from a predefined set of QoS classes. This set should be generic enough to
fulfill the requirements of each potential application. The set contains classes
like MPEG video, audio, telnet traffic, world wide web traffic etc. The concept
of schedulable region is defined for admission control. If there are N classes,
then schedulable region is defined as a region in N dimensional space. Each axis
in N dimensions represent number of connections of a particular QoS class. A
point (ny,ns, ..., ny) is in schedulable region if and only if it is possible to admit
ny connections of QoS class 1, ny connections of QoS class 2 and so on, such
that each connection gets its QoS. Schedulable region is estimated empirically.
Admission control test is equivalent to finding out if a point belongs to the

schedulable region.

e Deterministic guarantees provide mathematically provable bounds on QoS pa-
rameters like delay, delay-jitter and loss rate. In a deterministic service model
an application can ask for arbitrary (but realistic) delay bound for its traffic.
If the QoS request succeeds, the network makes sure that the delay incurred in
transporting any packet is always less than the delay bound. This property of
delay bound can be proved mathematically. In a similar fashion an application

can request for a bound on delay-jitter and loss rate.

There are two important observations regarding deterministic guarantees. Firstly
the QoS guarantees are quantitative and there is a mathematical proof of the
guarantees. Moreover, whether the network is honoring the QoS commitments
can easily be checked by monitoring the traffic and its delay and loss pattern.

Secondly, the guarantees bound the worst case behavior like the worst cases
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delay, worst case loss rate. As a results, the deterministic guarantees are very
conservative. Consider a set of N identical on-off sources. Let the on period
be T and the off period be 27. Assume that these sources begin their cycle
at random times. Now the probability that two sources are on at same time
is less than half. Therefore the probability that all the N sources are simul-
taneously on is less than 2", This number becomes almost equal to zero for
large values of N. In practice, although it is highly unlikely that all sources
are on at the same time, but it is still a possibility. Therefore, while reserving
bandwidth, deterministic approaches will need a rate of Nr (where r is the
sending rate of individual source). Because of this conservative approach net-
work utilization for deterministic guarantees is expected to be low. This was a
major criticism of deterministic guarantees. We will show later in this chapter
that with careful admission control and traffic characterization, higher network
utilizations can be achieved on a network providing deterministic guarantees.
The traffic models used in earlier studies were very simplistic like peak rate [15],
jumping window, moving window [105], and the Tenet traffic model [34, 33]. We
show that with leaky bucket characterization better utilizations can be achieved.
Earlier approaches used peak rate based admission control. Later some studies
improved admission control tests for first-come-first-serve scheduling algorithm
[35]. Deterministic guarantees can be implemented using a variety of schedul-
ing disciplines like first-come-first-serve, static-priorities, earliest-deadline-first,

weighted-fair-queueing and its variants etc.

Statistical Guarantees: Instead of bounding worst case parameters, statistical
QoS guarantees provide a bound on percentiles. In many cases, instead of
bounding worst case delay, it is sufficient to ensure that the expected fraction
of packets exceeding the delay bound is very small (say 1077). These guarantees
are based on a statistical model of the traffic. A simple and widely used traffic
model is the on-off source [54]. Statistical bounds obtained using the on-off
sources have shown to be an upper bound in a fairly generic setting. Some of

the work characterizes the traffic as Markov modulated autoregressive process
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and proposes admission control based on this model [56, 113, 88, 58]. Recently
it has been shown that a variety of traffic has long range dependency and can

be modeled only by a self similar process [102, 83, 46, 103].

Admission control tests have been worked out for on-off sources and Markov
modulated sources. Some of these tests are based on the concept of calculation of
effective bandwidth of the source [29]. These tests are based on the assumption
that traffic sources can be modeled as a stochastic process with some “nice”
properties. These assumptions may not be valid in real practice. There are other
admission control schemes that are based on the theory of large deviations [133,
106, 17]. These do not make any assumption about the traffic sources except
that the bit rate distribution is stationary. Based on this and the empirical
distribution of bit rate, and theory of large deviations, admission control tests
have been derived. Queueing analysis of long range dependent and self similar
traffic is very difficult. Studies of their queueing behavior has been only limited

so far [49].

Most of the studies of statistical queueing and loss behavior of traffic are limited
for a first come first serve scheduler. The studies for other schedulers are also

very limited.

Statistical guarantees may result in better network utilization as compared to
deterministic guarantees. However, because of their statistical nature, it is
difficult to measure the validity of statistical guarantees. Similarly it is difficult

to police a traffic based on a statistical model.

e Ad-hoc Guarantees: An architecture with the intent of minimizing implementa-
tion complexity in a large datagram network have been proposed in [22, 95, 94].
This architecture achieves scalability by aggregating traffic classification state
which is conveyed by means of packet marking using a special field in the packet
header. Packets are classified and marked to receive a particular per-hop for-
warding behavior on nodes along their path. Sophisticated classification, mark-
ing, policing, and shaping operations are only implemented at network bound-

aries or hosts. Network resources are allocated to traffic streams by service
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provisioning policies which govern how traffic is marked and conditioned upon
entry to a such a network, and how that traffic is forwarded within that net-
work. QoS is provided to aggregate traffic in a particular class. There is a service
level agreement between a customer and a service provider which specifies the
forwarding service a customer should receive. Similarly there is a traffic con-
ditioning agreement which specifies the amount of traffic (of each class) which
a customer is expected to generate. The lifetime of these agreements are long
(like a month or more). The service provider provisions its network to make
sure that the service level agreements of its customers are honoured. This ar-
chitecture achieves scalability by pushing as much complexity to the network
edges as possible. Admission control is also expected to run only on aggregate

traffic and on a longer time scale.

3.4 The Tenet Scheme

In the Tenet scheme [34, 33] a framework for building real-time networks providing
guaranteed performance is discussed. In this scheme the underlying packet switching
network is assumed to be based on virtual circuits. An end to end connection is
mapped to a virtual circuit. Quality of Service (QoS) guarantees are provided to
individual connections.

The scheme provides deterministic as well as statistical guarantees. The QoS is
represented by the the delay bound D, violation probability Z and loss probability p.
According to the contract the probability that a packet exceeds the delay bound D
is less than or equal to Z. The probability of a packet loss due to buffer overflows is
bounded by p. This becomes deterministic guarantee if 7 is equal to 0 and p is equal
to 0. The traffic is specified by four parameters (X,in, Xavg, I, Smaz) Where X,
is the minimum inter-packet spacing of the traffic, X,,, is the worst case average
inter-packet spacing over any interval of length I, and S,,,; is the maximum packet
size which will be sent through the connection. Note that X,,;, gives the peak rate
and X,,, gives the average rate of the traffic.

During the connection setup, the path from source node to the destination node
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is traversed and best possible resources are tentatively allocated at each switching
node. During this forward phase of connection setup if it is found that the resources
are inadequate to provide the requested QoS, the connection setup is stopped and all
the allocated resources are deallocated. The application is informed about the failure
of connection setup. However, if the network resources are adequate for the requested
QoS, then after reaching the destination node the excess resources are divided equally
among all the switching nodes in the path. The excess resources are deallocated and
rest are committed on the way back from destination to source. The application is
informed of the successful connection setup.

At any point in time the application may request to tear-down the connection. The
virtual path of the connection is deleted and the resources allocated to the connection
are deallocated. The application may be billed for the network usage.

A major criticism of deterministic guarantees is that the network has to reserve
the resources for the worst possible case. This translates to peak rate reservation
for bandwidth. Thus the network utilization is contemplated to be low. However,
this is not true. In [35] it has been shown that for variable bit rate traffic peak rate
reservation is not required.

We evaluate the performance of these admission control tests using actual real-
time data. The data used consists of a variety of 1-2 hours long traces of VBR
traffic generated by compressing real-time video using different coding algorithms.
The characteristics of the video traces are discussed in detail in Chapter 2.

EDF scheduling algorithm, which is optimal is assumed for the purpose of analysis.
Better admission control tests are derived for EDF scheduling algorithm. The tests
are based on the generic burstiness function traffic descriptor described in [24].

The performance parameters we use are delay bound and long term network

1

utilization'. We show how a proper choice of traffic model and admission control

tests can help in improving delay bounds and network utilization. There is a clear

!'Throughout this chapter, by utilization we mean the network utilization due to variable bit
rate real-time channels requiring deterministic guarantees. There can be other real-time and non
real-time traffic in the network at a lower priority level. Thus the total network utilization will be

a lot better than the utilization we discuss in the chapter.
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improvement in network performance by using leaky bucket traffic descriptor instead
of Tenet group’s X,,in, Xqyg, I traffic descriptor. This improvement is due to bet-
ter admission control tests which make use of statistical multiplexing to give better
network performance.

The rest of this chapter is organized as follows. We begin with properties of EDD
scheduler in section 3.5. In section 3.6 admission control tests for EDD scheduler are
derived. In section 3.7 the performance of the network is evaluated. A comparison of
the two traffic descriptors is done from the point of view of network utilization. The

chapter concludes in section 3.8.

3.5 Scheduling Algorithms

A number of scheduling algorithms have been proposed in the literature like rate
controlled static priority [128], weighted fair queueing [86], hierarchical round robin
[68] for providing QoS guarantees to the network traffic.

Our purpose is to evaluate the performance of deterministic guarantees. Therefore
we do not attempt to compare different scheduling algorithms. Instead we use the
the best scheduling algorithm for our purpose of performance evaluation.

Earliest Deadline First (EDF) scheduling algorithm is the optimal scheduling al-
gorithm. Suppose there are N connections from which packets are scheduled on an
output link. Let connection ¢ have a local delay bound of d;. Suppose packet j of
connection 7 arrives at time q;;. With EDF scheduling the packet is stamped with a
deadline of a;; + d; upon its arrival. The packets are scheduled on the output link
in increasing order of their deadlines. The packet with earliest deadline is scheduled
first.

We state without proof the well known fact that EDF scheduling algorithm is

optimal if the traffic is known in advance.

Theorem 3.5.1 Let there be a set of M jobs with deadline of job i equal to d;. Also
assume that the job i takes s; of service time. If the given set of jobs can be scheduled

for service such that no job misses its deadline, then EDF scheduler also schedules
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the jobs such that no job misses its deadline.

This theorem can easily be extended to the on-line case when the timings of packet
arrivals are not known in advance. Detailed discussion of the EDF scheduler can be
found in [47].

Admission control test for providing deterministic guarantees using Delay-EDF
scheduling discipline were first proposed in [123]. The admission control tests are
based on the X,,;,, X4y, I traffic model and are not optimal. These tests don’t make
full use of the traffic descriptor. Peak bandwidth is reserved during resource allocation
which means that the parameters X,,, and I are not at all used during admission
control.

We have developed improved admission control tests for EDF scheduler using
generic traffic descriptor: the burstiness function b(¢). To simplify admission control
tests, we approximate the burstiness function as a piecewise linear function. Unlike
the previous tests the new admission control tests for Delay-EDF scheduling discipline
do not reserve bandwidth at peak rate. Therefore the new tests are expected to

improve the network utilization.

3.6 Admission Control for EDF scheduler

Let us assume a single connection with burstiness function b(¢). Recall from Chapter 2
that b(¢) bounds the maximum data sent in any interval of length ¢. Let us also assume
without loss of generality that the backlog at time 7" = ( is zero. Assume that a first
packet in the connection arrives at time 7" = 0. Amount of data arriving in the
interval [0,7] is less than b(7). Assume that the link is continuously busy in the
interval [0, T]. So, the amount of traffic served by the link in the interval is [T, where
[ is the link rate. Therefore, backlog at time T is less than or equal to b(7T') —IT. Since
packets from a connection are served in first come first serve manner, a packet arriving
when the backlog is maximum will experience maximum delay. The scheduling delay
of a packet arriving at time 7" is equal to the time taken in clearing the backlog at

time 7', which is less than or equal to 76(7) — T. Hence the maximum scheduling
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delay is maxpso(3b(T) — T).

Now assume that there are N connections labelled from 1 to N. Let the delay
bound of connection i be d; and its bounding burstiness function be b;(.). Let a;; be
the arrival time of kth packet (p;) of connection i. Assume without loss of generality
that busy period of scheduler starts at time 0. We limit our discussion to this busy
period. We will first bound the amount of traffic which may be serviced before the
packet p;r. From this bound, we compute the time by when this packet is guaranteed
to be serviced. Thus the delay bound for p;;, may be obtained. This gives the necessary
and sufficient conditions for admission control.

The packet p;; is tagged with a deadline of a;;, + d;. Any traffic on connection ¢
arriving before time a;; will be serviced before the packet p;, since it is tagged with a
deadline less than a;;, +d;. Amount this traffic (including the p;;) is less than or equal
to b;(a;). Any packet of connection j arriving before time a;; + d; — d; will have a
deadline less than a;; 4+ d;, and hence may be serviced before the packet p;,. Amount
of such traffic of connection j is bounded by b;(a;x + d; — d;). Therefore total such
traffic is bounded by ZjN:] bj(air + d; — di). Tt is also possible that a packet with a
deadline greater than a,;, + d, is serviced before p;;,. To see this, assume that d; > d;
for some j, and a packet of connection j arrives at time 0 and immediately after this,
at time T = 0T, a packet connection 7 arrives. Since at time 0, there was no other
packet, the first packet of connection j is served. Deadline of this packet is d; which
is greater than d;.

We first assume that no packet with deadline greater than a;, + d; is serviced
before p;z. We will work with more generic case in next step. Now, the maximum
traffic (of packets tagged with deadline less than or equal to a; + d;) which has to
be serviced before p;; is sz:] bi(aix +d; —d;). All of this traffic has to be serviced
by time a;; + d; to meet the delay bound for packet p;. Since the scheduler is never

idle till p; is serviced, time when p;; is serviced (s;) is given by:
1N

j=1

The delay of packet p;, is sir — a; which should be less than d;. Therefore s;, <



3.6. ADMISSION CONTROL FOR EDF SCHEDULER 71

air + d;. Thus we have the following sufficient condition:

1 N

7 > bjlaw +di —dj) < (aw+d;) (3.2)
j=1
N
J=1

Since all packets of the connection must meet their delay bounds, it is sufficient

to satisfy the following condition:

N
Ve D bjlaw +di — dj) < la + dy) (3.4)

j=1

Substituting ¢ in place of a;; we get following sufficient condition for the admission

control:
N
Viso D bj(t+di —d;) < U(t+d;) (3.5)
j=1
N
=4 V,«,Zdi Z bj (t — d]) < It (36)
j=1
N
E Vo Y bt —dj) < It (3.7)
Jj=1

Now consider the case when one or more packets with deadline greater than a;, +d;
are serviced before p;,. Let s; be the time at which p;;, is serviced. Let ¢’ be the
largest time less than s;;, when a packet with deadline greater than a;; + d; begins
service. Since t' is largest such instant, all the packets served in the interval (¢'; s;]
have deadline less than or equal to a;, + d;. Also, t' < a;, or else the scheduler
will schedule p;; instead of the packet with greater deadline. This implies that the
delay bound of packet serviced at time ¢’ is larger than d;. Moreover, all the packets
backlogged at time #' (including the packet serviced at time #') have a deadline larger
than a;, + d;. Therefore none of the packets backlogged at time ¢ will be serviced in
the interval (¢, s;r]. Thus, except for the packet serviced at time #', only the packets
arriving in the interval [, s;z] may be served in the interval. Out of these packets,
only the packets having a deadline less than a;, + d; will be serviced before p;. The

amount of traffic of connection j, arriving after time ¢’ with deadline less than a;; + d;
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is bounded by b;(a;, + d; —t' — d;). Therefore the maximum traffic serviced at or
after time ¢’ till p;; is serviced is bounded by Z;L bj(air +di —d;j —t')+ S, where S
is the size of packet which began service at time ¢'. In order to meet the delay bound
of the packet p;, all of this traffic must be serviced by time a;; + d;. Therefore it
is sufficient to satisfy the following equation to satisfy the delay bound condition for

packet pjp:

1 N
—O o bilaw —t' +di—dj)+S) < ay—t+d; (3.8)
7=1

o~

am—t —|—d —d) S S l(aik—t'—i—d,;) (39)

HMZ

Since all packets of the connection must meet their delay bounds, it is sufficient

to have:
N
Vkij(a,ik *tl—i—di - d]) —|—S S l(a,ik *tl—l-di) (310)
=1

Substituting ¢ in place of a;, — t' we get following sufficient condition for the

admission control:

N
Viso D bi(t+di—d;) +S < Ut +dy) (3.11)
=
N
& Visa, ) bj(t—dj) +5 < It (3.12)
=1

If dpnin is the minimum delay bound among all the connections, and S,,,, is the

maximum packet size, then we have:

N
Visdpin Dbt = dj) + Spae < 1t (3.13)
j=1
N
& max (O bi(t —dj) + Smaz — 1t) < 0 (3.14)
mzn ] ]

Note that the above expression doesn’t depend on i. This implies that the test
for all the connections is the same. So the test is needed only once when a new
connection is added. If the test is satisfied then packets from all the connections will

meet their delay bound.
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3.6.1 Computation of admission control tests

Note that the burstiness function of a traffic is based on the worst case traffic pattern
of the connection. It may be obtained from the traffic trace and is typically not a
mathematically well defined function. Therefore, it is difficult to maximize the left
hand side of Equation 3.14 in general. The burstiness function can be approximated
as a piecewise linear function, with sufficient number of segments. In this case, the
function to minimize on the left hand side of Equation 3.14 also becomes piecewise
linear. A piecewise linear function is optimized either at boundaries or at its points
of discontinuity of slope. Therefore the required maxima may be computed by eval-
uating the function at all the segment boundaries and then taking the maximum of
the computed values. Note that the test will be satisfied at ¢ = oo if and only if
lim;_, o ZjN:] %bj(t) < [. This is same as saying that the sum of the average bit rate

required by all the connections is less than the link rate.

If the number of segments is large, then computation of this test becomes inef-
ficient. In most of the traffic models, the number of segments is small. The leaky
bucket model represents the traffic using two parameters: The burst size o and the
service rate p. The amount of traffic sent in any interval of length ¢ is bounded by
o + pt. The burstiness function can represent this model accurately. The burstiness
function for the leaky bucket model is given by b(t) = o + pt for t > 0 and b(t) = 0
for ¢ < 0. Note that this function is piece wise linear with two segments. In or-
der to compute the admission control test, we only need to evaluate the expression
f(t) = (Z;-V:l bi(t —d;) + Spmas — It) at t = d; for all i. To carry out this computation,
we arrange the connections in increasing order of their delay bounds. Let the indices
of the connection be rearranged such that d; < dy < dsz.... We start by evaluating
f(t) at d; and from this value we evaluate f(dy) and then f(d3) and so on. For leaky

bucket model, the burstiness function of connection j is given by b;(t) = o; + p,t. So,
f(dl) =01+ Simar — ldy (315)

We also maintain g; = Z§:1 pj. Now f(d;) and g; are related to f(d;_,) and g;_1 by
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Figure 3.1: Burstiness function for Tenet traffic model.

the following expressions:

f(di) = f(dier) + (gi1 — D) (di — dizq) + 03 (3.16)
9i = 9i—1 + pi (3.17)

Using the above expressions, the admission control tests can be computed in O(N)
time for the leaky bucket traffic model, where N is the number of connections.

In the Tenet scheme [34, 33], the traffic is described using four parameters,
Xmins Xavg, I, Smaz- Xmin 18 the minimum inter-packet spacing of traffic generated
by the source. X, is the average inter-packet spacing of traffic generated by the
source. [ is the interval over which X, is measured. The minimum value of X,,,
is taken for all the intervals of length I. This gives the worst case average rate over
all intervals of length I. S,,,, is the maximum packet size sent by the source. The

burstiness function for this model is given by:

b(t) = (mn qf )rr;:dﬂ | {XIQD + m ; {XIQD ¥ Soma (3.18)

This is a step function with steps at mI + nX,,;, where m,n are integers and

m > 0 and ;(L > n > 0. Intuitively, in the beginning the source may send packets

min
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Figure 3.2: Network model.
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at peak rate (with inter-packet spacing of X,,;,) but it may only send packets.
After this it has wait till time I to meet the average rate constraint. At time [ the
source may again send a burst of packets at the peak rate. This is shown in Figure 3.1.
To reduce the number of segments in the burstiness function, we replace the steps
due discrete packets sent at a spacing of X,,;, by a bounding straight line. We get

a bounding burstiness function as shown in Figure 3.1. This bounding burstiness

function is given by:

bt) = (min ((t+X;?anod ! [XIQD N m . [X]!,D % Spar (3.19)
(3.20)

Typically, the value of I is significantly greater than the delay bounds d;s. So,

the maxima in Equation 3.14 is usually at points when 7 is either d; or [;5=L, [;.
- ' avgj -

3.7 Performance Evaluation

In this section we evaluate the admission control tests for two models: X, Xy, 1
model and o, p model. The main focus of our study is to find out the best achievable
network utilization for variable bit-rate real-time channels while providing determin-
istic guarantees. We also study which of the two models describing traffic character-
istics is better suited for providing deterministic guarantees. The parameters we use
to evaluate the models are best possible delay bound which can be promised by the
network and the long term network utilization. We also investigate if it is possible to
improve the network utilization while still providing deterministic guarantees.

The analysis assumes a single node with bounded buffer as shown in figure 3.2.
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The parameters of the switch were taken from XUNET II switch [40]. The out-
going link was assumed to have bandwidth of 200 megabits per seconds (MBPS) and
the total buffer space was assumed to be 32 M Bytes.

One could possible carry out analysis of deterministic guarantees in the context of
a more general network setting having multiple nodes. In case of a general network
other parameters like network topology, distribution of connections, bottlenecks in
network etc. come in the picture. In order to keep the number of variable parameters
as small as possible we focus on a single node analysis.

The admission control tests were evaluated for homogeneous traffic types with
each connection having same QoS requirements. The QoS parameter of main con-
cern is the delay bound. The performance parameters are the maximum number of
homogeneous network connection with a specified delay bound, the scheduling region
and the network utilization.

The delays we consider are the end to end delays as perceived by the application.
For example an application sending video in form of JPEG frames can deliver one
frame full at a time to the network at the intervals of 30 frames per second. The
network will then break the frame up into packets of smaller size to be able to send
them. The network may decide to space these small packets uniformly over a frame
interval (as done by RTIP). In this case the maximum end to end delay as perceived
by the application will be the sum of maximum packet delay of network and one
frame time. We assume that for X,,,, I model the network breaks up the frame into
packets of size 2K bytes and spaces them uniformly over one frame interval. Since we
don’t have any control over transmission and propagation delays we exclude them.

For a given trace, graphs of X,,, vs I and o vs. p were constructed. It was
assumed that the traffic parameters of all the connections are same as those of the
trace being considered (i.e. the traffic is homogeneous with same QOS requirements).
For example if trace NEWS was being considered then it was assumed that all the
connections have traffic characteristics same as that of the trace NEWS. A graph
between the minimum achievable delay and number of connections accepted was
then plotted by choosing the best possible value of (o, p) or (Xgwg, I) from the o
vs. p or X, vs I graphs constructed. The best possible delay bound is computed
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by varying the parameters of the of the model to all possible values and choosing
the ones which give the smallest delay bound. For example in case of o, p model the
range of meaningful values which (o and p) can take is given by set of all points in the
graphs of figure 2.7, 2.11 and 2.14. Given number on connections, all possible values
of (o, p) were tried to get a delay bound. The value of (o, p) which gives the least
bound was selected. It turns out from the nature of the o-p graphs that one doesn’t
have to check for all possible values of (o, p). The largest value of p using which the
bandwidth test is satisfied gives the best possible delay bound. Similar analysis was
carried for the tenet model also. Graphs are drawn for each of the 10 traces being
considered.

Figures 3.3, 3.4 and 3.5 show the results. On X-axis is the number of homogeneous
connections set up. Y-axis gives the best possible delay bound for those set of connec-
tions. The number of connections vary from 1 to the point when no more connections
can be accepted for all possible parameters describing the traffic. Figure 3.3 shows
the results for traffic generated by JPEG compressed video, figure 3.4 shows it for
MPEG compressed video and figure 3.5 for NV type of traffic. For a comparison of
the two models, graphs for both the models are plotted for them in the same figure.
The scheduling region for any trace is the area above and left of the its corresponding
curve in figures 3.3, 3.4 and 3.5.

It is apparent that using o, p model gives a better delay bound in all the cases.
Also in all the cases by using o, p model network is able to accept more connections

as compared to using Xg,,, I model.

3.7.1 Performance on JPEG Compressed Video

From figure 3.3 one can observe that for JPEG compressed video there is knee in the
curve for both the models after which as more connections are accepted the delay
bound shoots up rapidly. This knee corresponds to the point when the sum of peak
rates of all the connections become equal to the link bandwidth and hence the position
of the knee is same for both the models. The number of additional connections which

can be accepted after the knee is small. This essentially means that queuing inside
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Figure 3.3: A comparison of delay bounds for JPEG compressed video.

the network can’t smooth out the burstiness of the video traffic generated by similar
JPEG encoders and one has to reserve bandwidth close to peak in order to provide

deterministic guarantees.

The delay bound when the number of connections is less than the knee point is
fairly constant for X,,;,, X4, I model and is close to one frame time. This delay
is incurred at the point when the frames are broken up into individual packets. The
queueing delay in the network is negligible as compared to this delay. For the o, p
model we assume that there is no peak rate control. The frame is broken up into
packets which are sent back-to-back on the network. The delay bound starts with
a small value and eventually catches up with that of the tenet model. However this
doesn’t imply that peak rate control is undesirable. We should take into account
that above is just a single node analysis. If the packets are sent through multiple
nodes then in case of the X,,;,, X,,4, I model the delay due to peak rate control is
incurred only once. The queueing delays per node are added up. Since the queueing
delays are small the total increase in delay bound for a multiple hop path remains
small. For o, p model there is no delay due to peak rate control. The delay is only
the queueing delay. When the same analysis is extended to multiple nodes the total
delay bound is expected to increase linearly with number of nodes in the path. Peak

rate control and small packet size seems necessary for providing low delays in large
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networks. If peak rate control is to be done then this model needs to be relaxed to a
model with 4 parameters (01, p1, 09, pa) where oy, p; represent maximum packet size
of the network and peak rate and oy, py represent the average rate. The generalized

admission control tests developed can easily be used for this model.

3.7.2 Performance on MPEG compressed video

Figure 3.4 shows that delay bounds and number of accepted connections are better
for the o, p model. We should be careful in concluding anything about delay bounds.
The delay bounds for this model may increase much faster than that for the X,,;,,
Xavg, I as the number of nodes in the path increases. However with the proposed
modification of the model and peak rate control, both the models are expected to
give similar results even for large networks. However it is very clear that using the o,
p model enables the network to accept more connections. This is expected to remain
so in large network also. Another noticeable observation is the knees in the graphs.
The delay bound increases rapidly when additional connections are accepted beyond
the knee. The number of additional connections accepted after the knee is small.
This behavior resembles the behavior on JPEG encoded video. The position of knee
corresponds to the position of knee in the o, p curves. This gives us a simple and
powerful method to select appropriate parameters for the o, p model. The optimal
(0, p) remain close to the knee for most of the time. Whereas I of the X,,;,,, Xqyg, I
model increases smoothly as the number on connections is increased. Thus there is a
problem in choosing a value of I. If I is chosen to be small then the connection will
reserve more resources than actually needed and would result in worse utilization of
the network. On the other hand if a large value of I is chosen then the network will
not be able to guarantee the best possible delay bound. The guaranteed delay bound

will be higher than the one which can be obtained using the o, p model.

3.7.3 Performance on NV type traffic

In figure 3.5 comparison of the two models for NV type traffic is done. The o, p model

outperforms the X,,,. X4y, I model both in terms of delay bounds and number of
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Figure 3.4: A comparison of delay bounds for MPEG compressed video.

connections accepted. It is interesting to note that although NVO0 and NV2 are traces
of two different video streams, the graphs for both of them are extremely close to each
other. In the trace NV1 the rate control of the NV software was probably made higher
for about 3 minutes which results in a different behavior. Thus in the absence of any
change in parameters of the coding algorithm for the NV software, the characteristics
of the traffic generated is nearly independent of the contents of the video being sent.

Another noticeable observation is that the delay bounds given by the o, p model
are significantly better as compared to the ones given by the X,,;,, X,,4, I model.
Since the data was already packetized no additional peak rate control was done for any
of the models. This observation reinforces that the o, p model is able to characterize
the traffic in a way which is closer to the actual traffic. As a results tighter bounds

are achieved.

3.7.4 Analysis of Network Utilization

Table 3.1 presents a comparison of maximum achievable network utilization of the
network using the two traffic models. For a particular trace all the connections are
assumed to have characteristics same as that of the trace. Then maximum number
of homogeneous connections that can be set up through the single node is computed.

The delay is set to unlimited so that delay is never a bottleneck. Utilization tells
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Figure 3.5: A comparison of delay bounds for traffic type produced by NV.

the maximum achievable network utilization through a single node and traffic having
same characteristics and same QOS requirements. Multiplexing gain is the ratio of

sum of peak rates to the link bandwidth.

For JPEG compressed video the utilization of the network varies from 0.334 to
0.700. A part of this variation in utilization is due to the fact that different traces are
being used. Another part is because of different traffic descriptors and hence different
admission control tests.

For example the variation in network utilization for the trace NEWS is from 0.454
to 0.580 is just because of using a better traffic descriptor. The o, p model performs
better as compared to the other model. The multiplexing gain varies from 0.940 to
1.411. Although the admission control tests for Delay-EDF scheduling disciplines
using the X, Xgyg. I model reserve bandwidth at peak rate, their performance is

not terribly worse.

For MPEG compressed video the X, Xy, I model for Delay-EDF scheduling
discipline performs significantly worse than all the other cases. This is so only because
the current admission control tests for Delay-EDF scheduling discipline are not tight
enough for the Tenet traffic descriptor. The current tests carry out reservation of
bandwidth at peak rate which is not required. The generalized admission control

tests developed can be adopted for both the models. The o, p model gives a better
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Xonins (Xavg, 1) model (o, p) model

Trace Utilization Multiplexing | Utilization Multiplexing
gain gain
NEWS 0.454 0.966 0.580 1.234
MUSIC 0.402 0.968 0.592 1.427
LECTURE 0.563 0.974 0.603 0.941
SPORT 0.639 0.998 0.700 1.092
MOVIE 0.334 0.940 0.500 1.411
LECTURE.mpg 0.101 0.994 0.598 5.906
NEWS.mpg 0.084 0.993 0.357 4.227
NVO 0.023 0.994 0.401 17.449
NV1 0.021 0.978 0.143 6.817
NV2 0.021 0.998 0.314 15.122

Table 3.1: Network utilization for deterministic real-time channels.

network utilization in all the cases. The multiplexing gain goes as high as 5.906 which
means the the required bandwidth to send a MPEG compressed video can be as low
as one fifth of the sum of the peak rates. Peak rate reservation which has been one of
the major criticism of deterministic guarantees is not at all needed if one uses proper
traffic model and admission control tests. The best achievable network utilization

can be up to 0.598 (for real-time VBR only traffic) which is very encouraging.

Traffic generated by the NV software is a lot more burstier than other traffic types
discussed. Thus the network utilization is smaller and the multiplexing gain is larger.
If we exclude the Delay-EDF scheduling discipline with X,,;,, X4y, I model then the
network utilization varies from 0.112 to 0.401 and the multiplexing gain varies from

6.817 to 17.449.
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3.8 Conclusions

Peak rate reservation is not necessary for providing deterministic guarantees. The
multiplexing gain reaches up to 17 in our experiments. Use of appropriate traffic
models and admission control tests is necessary to achieve such a high utilization.
The o, p model is shown to produce better results in all the cases. The generalized
admission control tests are developed which can be specialized for multiple leaky
bucket descriptor model. We expect that two leaky bucket descriptor will outperform
single leaky bucket traffic descriptor. However this has to be substantiated with
proper studies.

The analysis done above is a single node analysis of network carrying homogeneous
traffic. Thus the utilization figures obtained are in some sense a upper bound on max-
imum achievable utilization. Heterogeneous traffic having different QoS requirements
is expected to put more stringent demands on the network. Thus the average uti-
lization is expected to be lower in a more general setting. A more extensive study is
needed to see the effect of heterogeneous traffic with different QoS requirements.

Another limitation of the current study is lack of study on network with multiple
nodes Our study has given a good insight into the network performance. One need not
consider Tenet traffic descriptor anymore while carrying out multiple node analysis.
In a network having multiple nodes various other factors like resource fragmentation,
bottlenecks etc. come in play and reduce the overall network utilization. It would be
very interesting to study these factors.

The results obtained are fairly general and consistent. For three totally different
type of traffic the results seem to agree. Therefore with a high confidence we can say

that these results are going to remain valid even for other types of traffic.
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Chapter 4

RRR: Recursive Round Robin
Scheduler

Scheduling has been an interesting problem since its inception. In the context of
real-time networks, a scheduling algorithm is concerned with dispatching streams of
packets sharing the same bandwidth such that certain guaranteed performance for
each stream like rate and delay bound is provided. Packet scheduling is required in
many network elements such as host adaptors, routers and switches. In this chapter,
we propose and discuss a new scheduling algorithm which we call recursive round
robin (RRR) scheduler for scheduling fixed size packets in an integrated services
network. It is based on the concept of a scheduling tree in which distinct cell streams
are scheduled recursively. Special emphasis is placed on the design and analysis of
the scheduler. A delay bound is analytically derived for the scheduler and verified
using simulation. The scheduler can work in either a work-conserving mode or non-
work-conserving mode. It is shown that the work-conserving version of the scheduler
is fair. Fairness indices for the work-conserving scheduler are analytically derived.
The simple nature of this algorithm makes it possible to implement it at very high
speeds, while considerably reducing the implementation cost. Another variant of the
scheduler can schedule variable sized packets. The delay and fairness properties of
the variable sized packets scheduler are looser than the fixed sized packet scheduler,

and its time complexity is little higher.
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4.1 Introduction

One of the most important issue in providing QoS in an integrated service network
is the choice of packet scheduling algorithms at the switches. In a packet switching
network, packets from different connections compete for some shared resources at each
switch. Without proper control, these interactions may adversely affect the network
performance experienced by clients. The scheduling algorithm at the switching nodes,
which controls the relative ordering in which packets from different connections are

serviced, determines how packets from different connections interact with each other.

Although scheduling algorithms and associated performance problems have been
widely studied in the context of hard real-time systems and queueing systems, results
from these studies are not directly applicable in the context of providing guaranteed
QoS to connections in an integrated services network. Analyses of hard real-time
systems usually assume a single server environment, periodic jobs, and the job delay
is bounded by its period [114]. However, the network traffic is bursty, and the delay
constraint for each individual connection is independent of its bandwidth require-
ment. In addition, bounds on end to end performance need to be guaranteed in a
networking environment, where traffic dynamics are far more complex than in single
server environment. (Queueing analysis is often intractable for realistic traffic models.
Also, classical queueing analysis concentrate on average performance for aggregate
traffic [74, 75, 126], while in an integrated services network, performance bounds
need to be derived on a per connection basis [31, 76, 5]. In addition to the challenge
of providing end to end, per connection performance guarantees to heterogeneous and
bursty traffic, scheduling algorithms must be simple so that they can be implemented

at very high speeds.

In general, schedulers can be characterized as work-conserving or non-work-conserving.
A scheduler is said to be work-conserving if the scheduler is never idle when at least
one packet is buffered in the system. A non-work-conserving scheduler may remain
idle even if there are available packets to transmit. Recently, a number of new schedul-
ing algorithms that are aimed to provide per connection QoS guarantees have been

proposed in the context of integrated services networks [47, 130, 128, 120, 26, 86, 100,
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131, 8,9, 129, 52, 115, 116, 119, 122, 68, 51, 99].

Many of these scheduling algorithm, were designed for scheduling packets of vari-
able sizes and were complex [26, 131, 128]. Some of them were later adopted for
scheduling ATM cells [122]. However the inherent complexity remains and typical
operations needed to schedule a cell are addition, multiplication and division. In ad-
dition they also need a multi-level priority queue. Among the schedulers optimized
for scheduling ATM cells, some have poor delay and fairness properties [87], some
are not scalable for fine rate granularity [99] and some may need to over-allocate rate
resulting in poor utilization of link bandwidth [68].

In this chapter we propose a new scheduling algorithm called recursive round robin
scheduler (RRR), which is optimized for scheduling fixed size packets. The proposed
scheduler is based on the concept of a scheduling tree in which distinct streams are
scheduled recursively. In order to schedule a cell, the scheduling tree is traversed
starting from its root down to a leaf. While traversing the tree, the data stored
in its nodes is modified using simple addition or bit manipulation operations. The
scheduling tree is modified each time a stream is added or deleted at the link. The
rate of each packet stream is represented in a floating point binary fraction normalized
with respect to the link capacity. Most of the properties of the scheduler depend upon
the count ¢ of number of ones in the binary representation of normalized rate. For a
compliant stream of ATM cells of rate r, and bucket size o, the scheduler provides a
delay and jitter bound of (o + c).

We show that the work-conserving version of the RRR algorithm is fair. The
residual link capacity is evenly divided among active streams. The service fairness
index of two streams i, j is (i— + j—j) where 7; and r; are rates of the two streams,
¢; and c¢; are the counts of number of ones in the binary representation r; and r;
respectively. The worst case fair index of work-conserving RRR is bounded by =.

The algorithm has good scaling properties. The size of the scheduling tree is
bounded by the number of streams times the rate granularity. In a naive software
implementation, the time taken to schedule a packet, is proportional to the granularity
of rate representation. The optimized algorithm for fixed packet size needs only bit

manipulation operations to schedule a cell. Maximum time taken to add new streams
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or remove old streams is proportional to the maximum depth of the scheduling tree,
which is equal to the log of ratio of link rate to minimum supported rate. However, by
combining several nodes of the tree, the time complexity of software implementation
can be further improved. As a result it can be implemented on high speed low cost
ATM host adaptors where the scheduling overhead of the algorithm can be as little
as two memory accesses to schedule an ATM cell. The hardware implementation of
the fixed cell size RRR can operate at clock speeds. Its implementation cost varies
linearly with the number of streams and the rate granularity. The algorithm is also
suited for scheduling in high speed ATM switches, especially on the edge of ATM
network where traffic policing and isolation is required.

We also generalize the RRR scheduling algorithm for scheduling variable sized
packets. The delay and fairness properties of this variant are a little worse than that
of the fixed size packet scheduler. Important concepts such as link sharing [38], class
based queuing etc. can be implemented using the RRR scheduler.

This chapter is organized as follows. In Section 4.2 we discuss the properties
of a good scheduler. In Section 4.3 description of the RRR scheduling algorithm
is presented. Section 4.4 describes delay and fairness properties of the scheduler.
Section 4.5 discusses variants derived out of RRR. Section 4.6 describes simulation
results. Section 4.7 discusses implementation issues and tradeoffs for hardware and

software implementations of RRR. The chapter concludes in Section 4.8.

4.2 Background

4.2.1 Model

We consider a network with arbitrary topology of links and switches. Packets arriving
on an input link of a switch are switched to an output link depending upon their
headers and forwarding tables at the switch. This switching is typically done by a
cross-connect which is usually made fast to avoid excessive queueing at the input
links [70]. Therefore, most of the packets are queued for transmission at the output

links. With these assumptions, a connection in such a network can be modeled as
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traversing a number of queueing servers, with each server modeling the output link

of a switch.

4.2.2 Quality of Service Parameters

The most important clause in the service model is the specifications of performance
requirements and traffic characteristics. In the deterministic service model, the sin-
gle most important performance parameter is the end-to-end delay bound, which is
essential for many applications which have stringent real-time requirements. While
throughput guarantee is also important, it is provided automatically with the amount
specified by the traffic characterization. Another important parameter is the end to
end delay jitter bound. The delay jitter for a packet stream is defined to be the
maximum difference between delays experienced by any two packets [31, 32]. For
continuous media playback applications, the ideal case would be that the network
introduces only constant delay, or zero delay jitter. Having a bounded delay jitter
service from the network makes it possible for the destination to calculate the amount
of buffer space needed to eliminate the jitter. The smaller the jitter bound, the less
the amount of buffer space needed. Since it is more important to provide end to end
delay and delay jitter bounds than average low delays, packets arriving too early may
not even be desirable in such an environment. In fact, the earlier a packet arrives ,
the longer it needs to occupy the buffer. This is one of the most important differences
between the performance requirements of the bounded delay service and the best ef-
fort service provided by the traditional computer networks. Performance bounds are
more important for guaranteed service while average performance indices are more
important for the best-effort service.

A third important parameter is the loss probability. Packet loss can occur due
to buffer overflow or delay bound violation. A statistical service allows non zero loss
probability while a deterministic service guarantees zero loss. With a deterministic
service, all packets meet their performance requirements even in the worst case. With
a statistical service, stochastic or probabilistic bounds are provided instead of worst

case bounds. Statistical service allows the network to over-book resources beyond
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the worst case requirements, thus one may increase the overall network utilization by

exploiting statistical multiplexing gain.

4.2.3 Properties of Scheduling Algorithms

Together with traffic modeling and connection admission control algorithms, sched-
ulers are the most important components for providing QoS guarantees. While con-
nection admission control algorithms reserve resources during connection establish-
ment time, packet scheduling algorithms allocate resources according to the reserva-
tion during data transfer. Three types of resources are being allocated by a scheduling
algorithm: bandwidth, promptness and buffer space, which in turn affects three QoS
parameters: throughput, delay and loss rate.

Although it is possible to build real-time services on top of a vast class of schedul-

ing algorithms, it is desirable for the scheduling algorithm to satisfy certain properties.

Efficiency

To guarantee certain performance requirements, we need a connection admission con-
trol policy to limit the real-time traffic load in the network, or limit the number of
real-time connections that can be accepted. A scheduling algorithm is more efficient
than another one if it can meet the same end-to-end performance guarantees under a
heavier load of guaranteed service traffic. An efficient scheduler will result in a higher

utilization of the network.

Isolation

The network should protect well behaving real-time streams from three sources of
variability: ill-behaving users, network load fluctuations and best-effort traffic. It
has been observed in operational networks that ill-behaving users and malfunctioning
equipments may send packets to a switch at a rate higher than declared. Also, network
load fluctuations may cause a higher instantaneous arrival rate from a connection at
a switch, even though the connection satisfies the traffic constraint at the entrance

to the network. Another source of variability is the best-effort traffic. Although the



4.2. BACKGROUND 91

real-time traffic load is limited by connection admission control, best-effort packets
are not constrained. It is essential that the scheduling algorithm should meet the
performance requirements of packets from well behaving real-time clients, even in the
presence of ill behaving users, network load fluctuations and unconstrained best-effort

traffic.

Sharing

Under-utilized links may have some spare bandwidth available. Even heavily loaded
links may have spare bandwidth available for short intervals of time due to the vari-
ability in load. The scheduler should allow sharing of the residual bandwidth among
connections in a fair manner. The distribution of excess bandwidth to connections
should be done in proportion to their allocated rate. Thus, a connection with higher
rate allocation (which is possibly paying higher charges) gets a larger share of the
spare bandwidth. According to the generalized processor sharing (GPS) [100, 101]
criteria, if two streams ¢ and j are continuously backlogged in the interval [ty 5],
then the amount of service received by them should be proportional to their allocated
rates. If W;(t1,t2) represent the amount of service given to the stream 7 in the interval

[t1, 2] and r; represent the rate allocated to stream 7 then:

Wi(ti,ty)  Wj(t, ta)

T; T

GPS is an idealized service discipline based on the fluid flow model. It cannot be
realized in discrete packet switching networks. Therefore, it is impossible to achieve
perfect fairness in discrete packet scheduler. A measure of fairness based on the
GPS criteria called service fairness index (SFI) has been proposed in [52] to compare
fairness properties of discrete packet schedulers.

SFT is defined as the maximum difference between the relative services offered to
two sessions which are continuously backlogged in the same interval. If sessions ¢ and
j are continuously backlogged in the interval [t, t5] then:

Wilti,t2)  Wilti, ta)

T ’I“j

SFI <| |
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Figure 4.1: Example of a link sharing hierarchy.

Hierarchical Scheduling

The concept of link sharing has been proposed in [38]. Link sharing allows a link to
be hierarchically split into several classes. Consider the example shown in Figure 4.1.
The link is partitioned into six logical links, with the first link taking fifty percent of
the link bandwidth and remaining five links taking ten percent each. These links may
be assigned to six different organizations. In addition, to avoid starvation of best-
effort traffic, twenty percent of the fifty percent assigned to the first link, is allocated
to the best-effort traffic.

The hypothetical hierarchical GPS (H-GPS) sharing algorithm [129] defines a
flexible framework to support hierarchical link sharing and traffic management for
different service classes. Similar to GPS, the H-GPS is an idealized service discipline
based on the fluid flow model. However the hierarchical versions of packetized ap-
proximations of GPS such as PGPS [100] do not work well to approximate H-GPS [9].
Packet scheduling algorithms to approximate H-GPS have been proposed in [8, 129].
The term worst case fairness index (WFI) has been defined [129] to evaluate how
closely a scheduler can approximate H-GPS. A packet scheduler with small SFI and
WFI may be stacked hierarchically to approximate H-GPS and thus implement the
link sharing hierarchy. WFT is defined as follows:

The WFI for a stream i of rate r; is less than or equal to %’ if in any interval

[t1, 3], over which the stream is continuously backlogged, the amount of traffic of
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stream 7 scheduled is bounded by:

Wi(ty,ta) > (ta — t1)ri — C;

Simplicity

The scheduling algorithm should be conceptually simple to allow tractable analysis
and mechanically simple to allow high speed implementation.

The algorithms like WFQ or PGPS [86, 100], WF2Q [8], SCFQ [52] and EDF [47]
tag each incoming packet with a stamp. At each step, a packet with smallest stamp
is selected for scheduling. These algorithms need to maintain a sorted priority queue
of the packets in order to select packets with the smallest stamp. If N streams are
passing through a link, the inherent time complexity of each scheduling operation is
at least log N. Some algorithms like PGPS [100] and WF2Q [8] need to carry out a
simulation of fluid flow system, which in the worst case, may take time proportional
to N to schedule a packet.

The time available to make a scheduling decision is very small. For a 622Mbps
ATM interface, the time available to carry out switching, copying and scheduling of
cells is only 680ns. Therefore it should be possible to implement the scheduling algo-
rithms in the hardware working at clock speeds, especially in the backbone switches.
On a network interface card, a software implementation may be feasible but it can
only make 4-5 memory accesses (memory accesses being the slowest operation) in

order to make a scheduling decision.

4.3 Scheduler Description

We use the term stream to refer to flow or session. The term cell is used to describe
packets of fixed size. Subscript ¢ is usually used to identify a stream. For each stream
(i) a rate is allocated at an output link. We refer to this rate as allocated rate (r;).
We divide all the rates by the link rate. As a result the link rate becomes equal
to 1. We refer to the rate so obtained as normalized rate. Further we will assume

that the rate is represented in fixed point binary fraction with ¢ bits of granular-
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Figure 4.2: Scheduling tree (no stream).
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Output Schedule: 0101...

Figure 4.3: Scheduling tree (1 stream).

ity. Rate allocated by the scheduler r; is hence represented by an array of ¢ bits
bi1, bz, bis, . .., big, and r; = 1 bir27%. Another assumption is that sum of rates
from input streams is exactly equal to the output link rate which is 1. In order to
achieve this, we add a null stream (or stream labelled 0), with an appropriate rate
such that the sum of the rates of all the streams (including the null stream) becomes
equal to 1. In the output schedule, whenever the null stream occurs, either the link
is left idle or a cell from non real-time class (for example the best-effort traffic) is

scheduled, or a cell from the “next stream” is scheduled.

4.3.1 Basic Scheduler

We now describe the scheduler, initially by examples and later with algorithmic de-
scription. The scheduler is constructed in the form of a binary tree (also referred as
scheduling tree). We defer the method of constructing the scheduling tree to a later
stage. Let us begin with some simple examples to illustrate the basic idea of a RRR
scheduler. Upon startup, the scheduler has no incoming stream. The scheduling tree
is initialized to a single node as shown in Figure 4.2. The output schedule is simply
0,0,0,....

On the addition of a new constant stream of rate 0.5 the root node of the tree
splits into two nodes as shown in Figure 4.3. The output schedule in this case is
0,1,0,1,....

As a new stream (stream 2) of rate 0.25 is added, a node at level 1 is split into
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Output Schedule: 01210121 ...

Figure 4.4: Scheduling tree (2 streams).

Figure 4.5: Scheduling tree (general case 1).

two nodes at level 2 and the tree takes the shape as shown in Figure 4.4. In this case,

the output schedule of the RRR would be 0,1,2,1,0,1,2,1....

A more general case is depicted in Figure 4.5, where stream i has a rate of 274,
In this case, a leaf at level [; of the scheduling tree is allocated to stream 7. If no
such leaf exists, then a node labelled 0 at largest level [ < [; is split into two leaves
labelled 0 at level [+ 1. If [4+1 < [; then one of the newly formed leaf is further split.
Such split is carried out until two leaves at level [; are created. One of these leaves
is allocated to stream 7. The algorithm for constructing the tree (adding stream) is
isomorphic to the binary subtraction algorithm. Similarly, the procedure of deleting

stream is isomorphic to the binary addition algorithm.

In the most general case, as shown in Figure 4.6, a node of the scheduling tree at
level [; is allocated to a stream if and only if /;th bit in the stream’s rate representation
is 1. In other words, if the rate of a stream is equal to 327_, 527", then a leaf of level

k will be allocated to the stream if and only if b is equal to 1.

Given a set of rates, it is possible to construct a tree which satisfies the above

described property. The tree has two kind of nodes, internal nodes and leaf nodes. A
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om

Figure 4.6: Scheduling tree (general case 2).

stream number is associated with each leaf node (in other words, the leaf is allocated
to the stream). There is a bit associated with each internal node which keeps track
of its subtree visited last. This bit is initialized to 0. In order to schedule a cell, the
scheduler starts from the root of the tree and descends down to a leaf, scheduling
cells from the stream number associated with the leaf. If the bit associated with an
internal node is zero, the scheduler traverses its left subtree, otherwise it traverses the
right subtree. In any case, the scheduler flips the bit associated with each internal
node it visits. Thus the first cell would be scheduled from stream associated with
the left most leaf and the second cell will be from the stream associated with the left
most leaf of the right subtree of the root. Figure 4.7 gives the algorithmic description
of the scheduler.

It may be noted that the service rate of a node m at level [, is equal to 27'=. A
node m is visited every 2= time units. A cell from the stream associated with leaf m
is periodically scheduled in the interval of 2" time units.

We now define two terms, level and phase, associated with each node of the tree.

Definition 4.3.1 (Level) Levell(m) of node m is defined as the distance of the node

from the root of the tree.

The level of the root is zero. The level of a child is one more than that of its

parent.
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Scheduler () {
for_each(node) /* Initialization */
node.bit = 0;
for_ever

schedule_one_cell (root);

schedule_one_cell (node) {
if (node == leaf)
output (node.stream_number);
else_if (node.bit == 0) {
node.bit = 1;
schedule_one_cell (node.left_child);
}
else_if (node.bit == 1) {
node.bit = 0;
schedule_one_cell (node.right_child);

Figure 4.7: The RRR scheduling algorithm.
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Evolution of Scheduling Tree

Figure 4.8: Adding stream 1 of rate 0.0101.

Definition 4.3.2 (Phase) Phase ¢(m) of a node m is the first time instant at which

the node is visited.

The phase of the root node is 0. The phase of the left child (m) of a node (n) is
equal to that of the parent node. The phase of the right child (m) of node (n) is 2"

more than that of the node. Formally

b(n) if m is left child of n

¢(m) = ] . . . .
¢(n) + 2™ if m is right child of n

A cell from the stream associated with a leaf m is scheduled at times ¢(m), ¢(m)+
21m) h(m) 422! p(m)+3%2™ .. Note that if more than one leaf of scheduling
tree are allocated to a stream, there is one such sequence corresponding to each
allocated leaf. The time instants at which cells of a stream are scheduled is given by

the union of these sequences.

4.3.2 Adding and Deleting Streams

Adding a stream with a given allocated rate is isomorphic to the deletion algorithm
for binary numbers. One can view the addition of a stream with rate r as taking
away 7 units of rate from the null stream. Similarly deleting a stream of rate r is
isomorphic to binary addition, as r units of rate become free and get added to the

rate of the null stream.
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The scheduling tree is modified dynamically as streams are added or removed.
However any modifications to the scheduling tree must be made carefully so that the
delay bounds of the existing streams are not violated. We now define the property of

unfragmented rate allocation which must be satisfied by every stream.

Definition 4.3.3 (Unfragmented rate allocation) A stream i is said to have un-
fragmented rate allocation if and only if for any level | of the scheduling tree, there is

at most one node allocated to the stream 1.

The basic idea is to ensure all the streams (including the null stream) have un-
fragmented rate allocation each time a stream is added or deleted from the scheduling
tree. Unfragmented rate allocation bounds the number of leaves allocated to a partic-
ular stream. If the height of the scheduling tree is £ and a stream has unfragmented
rate allocation, then at most k£ nodes in the scheduling tree can be allocated to the
stream. We will show that the number of leaves is directly related to delay and fair-
ness properties. It also limits the size of the scheduling tree, and hence the amount
of state and complexity of implementation.

To add a stream 7 with the requested rate r;, the first step is to check if the
requested rate is available. If the link does not have adequate rate, the requested
stream is denied to be added to the scheduling tree. If the link has adequate rate,
i.e., r; <rg, then we proceed further.

Assume
g
—k
k=1

The procedure begins with the least significant bit (k = g downto 1) of the requested
rate, from a node at the largest level. If b;; is zero, no actions need to taken and £ is
simply decremented. If both b;; bor are equal to 1, then the node at level k previously
allocated to the null stream is allocated to the current stream 2. This requires simple
relabelling in the scheduling tree.

However, if b;; = 1 and bo, = 0, a borrow operation is performed from level k of
the scheduling tree. During this operation, we move up to level £k —1 in the scheduling

tree and find if there is a leaf allocated to the null stream at £ — 1 level. If the answer
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is no, we move up the scheduling tree again till such a leaf is found. It is always
possible to find such a leaf if r; < rg and the null stream has unfragmented rate
allocation. After a leaf allocated to the null stream at level k' is found, it is split
into two children at level &' + 1. One of the children is allocated to the null stream
while the other child is used for performing the split operation again. This process is
continued till level & is reached. At level k, one of the two new children is allocated
to stream ¢ and the other to the null stream.

The above procedure is continued till the root of the scheduling tree is reached.
ro is decremented by r; to update the residual bandwidth (ro = rg — r;). It may be
noted that at this stage, the scheduling tree has unfragmented rate allocation for all
the streams.

The above procedure 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 to
represent a rate.

Evolution of the scheduling tree when stream 1 of rate 0.0101 is added for schedul-
ing on an idle link is shown in Figure 4.8(a) to (f). Initially there is no stream, so
all the bandwidth is allocated to the null stream. The scheduling tree is single leaf
as shown in (a). Since 4th bit of rate of stream 1 is 1, a node at level 4 must be
allocated. Since there is no leaf allocated to the null stream at level 4, the borrow
operation is performed. The first leaf allocated to the null stream is the root itself.
Thus the root is split into two children at level 1. One of the children is allocated to
the 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 borrow
operation is carried as shown in (d) and (e). As the leaf node in (d) is split again,
two leaves at level 4 associated with the null stream are created. One of the leaf is
allocated to stream 1. Now there is a leaf at level 2 allocated to the null stream. This
leaf is allocated to stream 1 resulting in the scheduling tree as shown in (f).

Figure 4.9 and Figure 4.10 are self explanatory as the borrow operation is not
needed in allocating the nodes, while adding stream 2 of rate 0.0100 and stream 3 of
rate 0.0011.

To delete stream i, all its allocated nodes are re-allocated to the null stream.
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Figure 4.9: Adding stream of 2 rate 0.0100.
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Figure 4.10: Adding stream 3 of rate 0.0011.

)

[o] [2]

(@

oo R
Qo7 |0
;Q gzgz?%mmnﬂ;e

(©)

Evolution of Scheduling Tree

Figure 4.11: Deleting stream 1.
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At this stage, the null stream may have fragmented rate allocation. In order to
unfragment the rate allocation of the null stream, the inverse of the split (join) and
borrow operation (carry) is performed.

If there are two nodes at the same level assigned to the null stream, they should
be joined together to form a parent at a higher level. The join operation can be
applied only on siblings (two nodes with a common parent). Assume that the n; and
no are the nodes allocated to the null stream at the same level say [. If n; and ny are
siblings then the join operation is directly applied and the two nodes are replaced by
a leaf node at level [ — 1. In case n; and ny are not siblings. Let ns be the sibling of
n1. Now the nodes ny and ng are swapped. This operation is called phase exchange'.
After the phase exchange, n; and ny become siblings and the join and carry operation

is performed to unfragment rate allocation of the null stream.

The above procedure is carried out from the largest level to the root of the schedul-
ing tree, until the rate allocation of the null stream becomes unfragmented. Finally
ro is updated to the value of the currently available bandwidth (rg = ro + r;).

In continuation with the examples described in Figure 4.8 to Figure 4.10, we
illustrate deleting stream 1 in Figure 4.11. The initial scheduling tree is shown in
(a). In order to delete stream 1 all the leaves allocated to it are allocated to the null
stream as shown in (b). Now there are two leaves at level 2 allocated to the null
stream. Thus the null stream is now fragmented. In order to unfragment the null
stream, the phase exchange between two leaves (one allocated to stream 2 and the
other to stream 0) at level 2 is carried out, resulting in the scheduling tree as shown
in (¢). Finally the two siblings allocated to the null stream are merged together to
move up, resulting in a leaf allocated to the null stream at level 1 as shown in (d).

Now all the streams have unfragmented rate allocation.

Note that the procedure for construction of scheduling tree when rates are repre-

!The phase exchange has to be carried out carefully such that it doesn’t affect the delay bound
and other properties of the stream associated with ny. The phase exchange is carried out in two
steps. Firstly node ng allocated to null stream is reallocated to the stream associated with ny. At
this stage the stream gets more share of link rate. If current time is ¢t then node ns is reallocated to

null stream at time ¢ 4+ 2'. This deallocation can be done asynchronously as the second step.
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sented in floating point, is an obvious extension of the method described above.

4.3.3 Allocation for Floating Point Rates

In this section we will discuss the rate allocation for the scheduling tree when the
rate is represented in the form of floating point. Let the rate r < 1 be represented in
simple binary floating point with ¢ bits of mantissa and e bits of unsigned exponent.
Let F be the value of exponent. Now r = 277 %7 _, g—’,; The rate allocation for this
rate is possible if the height of the scheduling tree is E'+ c¢. If Emax is the maximum
value which the exponent can take, then the rate allocation as discussed earlier is
possible provided the height of the scheduling tree is Fmax + c.

It is important to note that even if the height of the scheduling tree has been
increased to a larger value, the number of nodes allocated for a stream is still bounded
by g, the mantissa (granularity) of rate representation. Keeping this fact in mind is
possible to implement the scheduler in hardware as well as software with reasonable
complexity. The implementation of the floating point rate representation will be
very similar to that of the basic scheduler. The bounds and other properties of the
scheduler change marginally if the floating point rate allocation is carried out. In the
rest of the chapter, the fixed point rate representation is used to simplify descriptions

and proofs.

4.3.4 Over allocation and Bit Rate Granularity Tradeoff

One can reduce the granularity of rate allocation by reducing the number of bits to
represent the mantissa of the normalized rate. The delay and fairness bounds are
directly proportional to the rate granularity. The size of the scheduling tree, and the
time needed to make a scheduling decision is also proportional the rate granularity.
Reducing the rate granularity results in better delay and fairness properties and faster
and more efficient implementation. The cost incurred in reducing the rate granularity
is rate over allocation. Consider g bits of rate granularity. In order to satisfy the rate
constraint, the rate allocated to a stream must be greater than or equal to the rate of

the stream. However, since only finite precision floating point rate representation is
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used, not all possible rates can be represented in the format. Therefore, the allocated
rate should be the smallest floating point number (using g bits of mantissa) greater
than or equal to the rate of the stream. This results in an over allocation in rate.
In the worst case, the fraction of rate over allocated is bounded by 2'79. Thus using
1 bits of mantissa to represent rate results in at most 100 percent over allocation in
rate. This is permissible if the best-effort traffic is expected to take more than 50
percent of the link rate. However, for a rate granularity of 8 bits, this over allocation

is less than one percent.

4.3.5 Work-Conserving RRR

We refer to the scheduler discussed before as basic scheduler or basic RRR. The
obvious extension of the basic scheduler is to a work-conserving scheduler.

In the basic RRR scheduling, the time slots which a stream gets is fixed once the
allocation of leaves for that stream has been completed. The slots are independent of
traffic on other streams. It might happen that a scheduling slot of a stream arrived
but there is no pending cell to be scheduled. In such a case no cell will be scheduled
if the RRR is used. The work-conserving RRR will however schedule a cell from the
next non back-logged stream. Figure 4.12 describes the work-conserving variant of

RRR.

4.3.6 Scheduling Variable Size Packets

In order to schedule variable sized packets, each internal node of the scheduling tree
stores the amount of service given to the node. The service given to a subtree is
defined to be the sum of service given to its leaves. Thus, if the link rate is [ and the
scheduler is always busy, then the service given to the root node in time ¢ is [¢. While
descending down the tree, child with the smallest service given is selected. After
reaching the leaf, a packet from the stream corresponding to the leaf is scheduled and
the corresponding service variable is incremented by the packet size, at each node in
the path from root to the leaf. In case of the non work-conserving version of RRR, it

there is no packet of the stream corresponding to the leaf, a packet from the best-effort
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Scheduler () {
for_each(node) /* Initialization */
node.bit = 0;
for_ever

schedule_one_cell (root);

schedule_one_cell (node) {
if (node == leaf) {
if (there are no pending cells)
return; /* Scheduler is idle */
if there is a pending cell on stream (node.stream number)
output (node.stream_number);
else
schedule_one_cell (root)
else_if (node.bit == 0) {
node.bit = 1;
schedule_one_cell (node.left_child);
}
else_if (node.bit == 1) {
node.bit = 0;
schedule_one_cell (node.right_child);

Figure 4.12: Work-Conserving RRR.
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Scheduler () {
for_each(node) /* Initialization */
node.service = 0;
for_ever

schedule_one_packet (root);

schedule_one_packet (node) {
if (node == leaf) {
if there are no pending cells on (node.stream_number)
service = Sy,4.; /* To indicate virtual service */
else {
output (node.stream_number);
service = node.stream_number.packet_size;
}
else_if (node.left_child.service < node.right_child.service)
service = schedule_one_packet (node.left_child);
else
service = schedule_one_packet (node.right_child);
node.service += service;

return service;

Figure 4.13: Variable packet size scheduler (work-conserving).
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queue is scheduled and the corresponding service variables are incremented by the size
of the best-effort packet. In case of work-conserving variant, the service variables in
the path are incremented by the maximum packet size (to indicate virtual service)
and the tree is traversed again from root to get the next packet to be scheduled.
Figure 4.13 gives an algorithmic description of the work-conserving version of the

variable size packet scheduler.

It is not necessary to maintain the absolute value of the service given to a node
from the beginning. Only, the difference between the services given to left and right
subtree of a node need to be maintained. We will see in Section 4.4.5 that the
difference between the service given to two children of a node is bounded by S;,4.-

Therefore, an integer in the range [0, 2S,,,, + 1] is sufficient at each node.

4.3.7 Discussion

In the last section we presented the main idea behind the scheduler. The link band-
width is partitioned into two equal halves by splitting the node at root of the schedul-
ing tree into two nodes at level 1. While scheduling, these two nodes are visited in
round robin order. Both the nodes at level 1 can be further split into two nodes each
at next level, further partitioning the link bandwidth. Continuing in this manner,
the link bandwidth can thus be partitioned hierarchically giving rise to a scheduling

tree. Traversal of nodes of the tree becomes recursive round robin.

The concept of scheduling tree is abstract. It is not always necessary to construct
the scheduling tree for generating the schedule. Hardware implementation sketched
in section 4.7 does not explicitly store the scheduling tree data structure. Therefore,
the time complexity of the scheduler should not be judged by the time complexity
of algorithm previously described in Figure 4.7. Several implementations of the algo-
rithm are possible and the tradeoff is discussed in section 4.7. We believe that efficient
hardware implementation of the scheduler can schedule one cell per clock cycle. The

amount of hardware needed scales linearly with the rate granularity g.
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Symbol | Meaning

A;(t) | Number of cells of stream 7 arriving in interval [0, ]

SI(t) | Number of cells of stream 7 scheduled at node j in time [0, ¢]

B,(t) | Backlog of stream ¢ at time instant ¢

b;j(t) | Burstiness function of stream i

Normalized rate allocated to stream ¢ at link j

J

7

SRS | s

Count of number of 1s in r

Table 4.1: Notations.

4.4 Main Properties of RRR Scheduler

We will show that all the properties of RRR scheduler scale linearly with granularity
of rate allocation, ¢g. Specifically, for a stream i all the properties depend on ¢;, which
is count of number of ones in binary representation of 7;. ¢; is bounded by granularity
of rate allocation, g.

The notations used are summarized in Table 4.1. Let S(#) be equal to the number

of cells of the stream scheduled by the basic RRR scheduler in the interval [0, ¢]. Then

50 < SIS (41

k=1

where b;; is k' bit in the normalized rate (r;) allocated to stream i, and ¢(b;;,) is phase
of corresponding the k" bit. The right hand side of equation 4.1 is involved in all
the proofs. Intuitively, the contribution to S;(¢) is only from terms in the summation
where b;; is non zero. For each k such that b;, is equal to 1, cells are scheduled at
time instants @ (b, ), d(bi) + 2%, ¢(bix) +2 % 2%, ... Summing this over all values of k

gives the equation 4.1.

4.4.1 Delay Bound for Single Node

For a stream, say i which is continuously backlogged in the interval [0, ¢] we have

S0 > SIS (4.2

k=1
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Equation 4.2 is true for both basic RRR scheduler and work-conserving RRR. The
equation is true even in the presence of phase exchanges described in section 4.3.2.

This gives the following upper bound (d;) for delay.

Theorem 4.4.1 (Single node delay bound) The delay bound d; of a stream i,

which is compliant to the leaky bucket parameters (o;maz, ) 1S given by:

1
d, < ;(Uim(l.’E‘Fci) (4.3)

where r; 1s the rate allocated to the stream sich that r; > r and c¢; is the count of

number of ones in the normalized binary representation of rate r;.

We use the notation shown in Table 4.1 in our proof. Let b(f) be a bounding
burstiness function of the stream under consideration (see Chapter 2). This function
was defined in [24] and in Chapter 2. Let r be the allocated rate of RRR scheduler
for scheduling the compliant stream. The rate r should be chosen carefully while per-
forming admission control as it might affect the network utilization. Some guidelines
to choose r are described in Chapter 2. For constant rate streams r could be chosen
which is close to the bit rate of the stream. The rate r of the compliant stream can
take arbitrary value in [0, 1). Given rate r, it is desirable to pick r, > r such that the
number of times 1 occurs in the g bit binary representation of 7 is minimized without
adding significantly to the overhead. Such a selection can further minimize the jitter
introduced in the stream by the scheduler.

Without loss of generality, we assume that the busy period, in which a cell incurs
maximum delay, starts at time £ = (. Also assume that the value of time ¢ is limited
to this busy period. Let A(t) be the number of cells of a compliant stream arrived
in the interval [0,%]. Assume that the cell arrived at time t' suffers the maximum
scheduling delay.

Let d be the delay of cell arriving at time ¢'. This implies that all the traffic

arriving in the interval [0, ¢] is serviced exactly till time ¢ + d. Therefore,

A(t) =St +d) (4.4)
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Substitution of S(t) of Eq.( 4.2) in Eq.( 4.4), after some manipulation, yields

Shoy [ B | 1)y, <

At (4.5)
= S0 15 — e <A
A

7

—~
s
SN—
—~
Iy
D
SN—

= rd+rt' —c <
Since A(t) < b(t) we get
rd < b(t') —rt' +c (4.8)

The burst size is defined as omax = max;(b(t) — rt). Substituting omax in above

equation we get

rd < Omax + € (49)

[Umax + C] (4.10)

After de-normalization, when the unit of rate is cells per second and the unit of

omax is number of cells, the above equation gives the delay bound in seconds.

The worst case delay (for compliant streams) is given by Eq.( 4.10). It may be
noted that Eq.( 4.2) gives a lower bound on S(t). Therefore, the same proof applies
to the work-conserving RRR and the RRR with dynamic addition and removal of
streams (This inequality would hold true in phase shift operation needed to unfrag-

ment the rate of the null stream).

The term ZHA4X s because of inherent burstiness of the traffic being scheduled,

93

and the term 2 is because of the non uniformity in the output schedule.

Compare this bound with that of “optimal fair scheduler” WFQ which is T%((fimax+
1). Typically the burst size is large as compared to the parameter ¢;. For instance
assume a stream of MPEG video of rate 5 Mbps (r = 11.8 K’ ATM cells per second),
and burst size of 10K B (189 cells) is scheduled by RRR scheduler with 16 bits of rate
allocation. The total delay bound would be 17.2ms. The corresponding bound for

WEFQ scheduler is 16.1ms.
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4.4.2 Delay Bound for Multiple Nodes

Theorem 4.4.2 (Network delay bound) If a stream compliant with leaky bucket
parameters (omagz, 7) passes through N nodes with rate allocation of v/ > r at node
j, then its end-to-end delay bound d is given by:

1 N

r k=1

where ¢ is the count of number of ones in the normalized binary representation of r7.
Consider a stream across /N nodes in the network. Assume basic RRR scheduler
is being used at each node. Let the rate allocated to the stream at various nodes be

(rt,r2, ... r ).

For technical reason we assume that ' < r?2 < 3., < rV2. We
prove delay bound by first showing that output stream is compliant to a leaky bucket
parameter. The delay bound for single node case is then used to bound the delay at
each node.

A stream scheduled by basic RRR scheduler complies to leaky bucket parameter
(¢, 7). The number of cells arriving in time interval (0, ] is equal to S(¢). For basic
RRR,

It — o(br)
S(t) < ZHTJ + 1]by
k=1
Simplification of above yields:

S(t) <rt+c

Therefore, the output stream complies to leaky bucket with parameter (¢, 7). The
output stream of first node complies to leaky bucket with parameters (¢',r'). So the
delay at second node is bounded by = (c' 4 ¢*). Summing this over all k, after some
simplifications yields an end to end delay bound of

1

N
—](O'max + 2 Z Ck)
r k=1

In many situations, this bound is close to that of network of GPS schedulers as

the term ZMAX dominates the expression.

2We show in next chapter that tighter network delay bounds (2 (Umax—l—z,]::l ck)) can be obtained

b
using the theory of latency-rate servers [117]. The assumption of monotonically increasing rate along

the path is also not required.
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4.4.3 Buffers Needed at Intermediate Nodes

The output stream of basic RRR scheduler is smooth. As a result a bound on number
of buffers needed at an intermediate node to guarantee zero cell loss is obtained.
At node k, maximum backlog B¥(t) is bounded by S*(t) — A¥(t). The arrival
AF(t) satisfies
AR(t) < rF 4 M

For a busy period beginning at ¢ < 0, the output S*(¢) satisfies
S*(t) > rFt — c*

If ¥ = =1 then

BF(t) <tk

The maximum backlog is also a bound on the buffer required.
At link j, ¢! + ¢/ cells of buffer is needed to guarantee zero cell loss. Thus, if
20 bits of rate representation is used, then an average of 20 cells of buffer per stream

would be needed at intermediate nodes.

4.4.4 Fairness Properties

In case a link is under-utilized by streams scheduled on it, the remaining link capacity
should be distributed to active (or backlogged) streams fairly, i.e. in proportion of
their allocated rate [100]. Ideally, if stream 7 and stream j are continuously backlogged

in the interval [t1, 5] then amount of service in the interval should be related by:

Si(t1,12) _ S;(ti,t9) (4.12)

T ’I“j

In practice it is impossible to achieve ideal fairness because of cell boundaries. So

a measure of fairness, called “service fairness index” (SFI) is defined to quantify the

fairness.
Si(t1, 1)) Si(ty,t
SFI = max | (t) St t) | (4.13)
t1,t2 r; T
Small values of SFI correspond to more fairness. SFI = 0 corresponds to ideal

fairness.
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Theorem 4.4.3 (Service fairness index) The service fairness index (SFI) for

work-conserving RRR is given by:

G459 (4.14)

T
If two streams i and j are continuously backlogged in the interval (¢, %] and the
rate allocated to them is r; and r; and S;(t1,t2) and Sj(ty,t2) is the number of cells
of stream ¢ and stream j scheduled by the RRR scheduler in the interval (¢, t5] then
SFT is defined as:
(t1,t2)  Sj(t1, 1)

S.
SFI = max | — - |
t1,t2 7"7: Tj

Without loss of generality, assume that SFI is maximized when #; = 0. Let S;(?)
denote S;(0,%). Let v(t) be the number of leaves of the scheduling tree visited in time
(0,¢]. v(t) is similar to the notion of virtual time used in the context of fair schedulers
(like weighted fair queueing). Note that v(¢) = ¢ is all the streams are continuously
backlogged in the interval [0,%]. We first lower bound 5l ag follows:

Ti

= o(t) = o(bin)
Sit) = Yll——=r—] +1lbu (4.15)
k=1
I, v(t) — o(b,
> Z[UQﬂkmm (4.16)
k=1
9. b
> (03 2 -« (4.17)
k=1
> v(t)ri— ¢ (4.18)
> t) — — 4.19
= -z )= (4.19)
Similarly, we upper bound q;—m as
SZ(YL) C;
< t) + — 4.20
o< w2 (4.20)
Equations 4.19 and 4.20 give
(t (t Oy
:‘S()757()| < ((’_ Q) (4.21)
ri rj Ti Ty
= SFI = (9459 (4.22)
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Equation 4.22 gives a bound on service fairness index of work-conserving RRR.
The bound on SF'T increases linearly with increasing granularity, as ¢; and ¢; are

bounded by g.

Another measure of fairness is based on the worst case delay for clearing the
backlog of a stream’s queue. A scheduler has worst case fair index (WFI) of < for

stream 7 if C; is the smallest number satisfying the equation:
Si(ti,t2) > (t2 — t1)ri — C; (4.23)

The normalized worst case fair index would be C;. This measure is important
in hierarchical scheduling [129]. The delay bound of hierarchical scheduler increases

with increasing WFI.

Theorem 4.4.4 (Worst case fairness index) The worst case fariness index (W FI)

of work-conserving RRR scheduler is bounded by .
2

If C; is the smallest number satisfying the equation:
Si(t1,t2) > (t2 — t1)ri — C; (4.24)

then WFI = <.
Since v(t) > t, Eq.( 4.18) yields

So WFT for stream i is bounded by . Normalized WFT is bounded by c¢;, which

in turn is bounded by g, the granularity of rate allocation.

4.4.5 Bounds for Variable Packet Size Scheduler

The most important property for proving bounds for the variable packet size scheduler
is that the service given to a node is divided almost equally among its children. The

following theorem describes this property for the binary RRR scheduler.
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Theorem 4.4.5 If S(t1,ty) is the amount of service given to a node in interval [ty ts)
and Si(t1,t3) and S,(t1,t2) are the portion of this service given to its left and right
child respectively, then:

1 1
§S(t1: t2) - Smafr, S Sl(tla tQ) S ES(th tQ) + Smafr, (426)
1 1
§S(t],t2) o Smam S Sr(t] ) f?) S §S(f17f2) + Smam (427)

where Sy 15 the mazimum size of packets in the network.

Let S(t), Si(t) and S,(t) represent the amount of service given to a node and its
left and right child respectively in the interval [0,%]. Note that if there is no packet
waiting to be served at a leaf, then we give some virtual service to the leaf (and its
parent nodes) and either serve a packet from the best-effort queue, or move to the
next schedule. The service S(.) represents the sum of real and virtual service given
to the nodes. The amount of service given to a node is divided among its left child

and right child. Therefore,
S(t) = Si(t) + S, (t) (4.28)

If the node is visited during tree traversal, its child with less service received will
also be visited. This implies, the service given to a node will always be passed to
the child which has received less service. The maximum non preemptable unit of this
service is Sy, and in the beginning (at ¢ = 0) every node is initialized to indicate

equal (zero) service received. Thus we have the following lemma.

Lemma 4.4.1 The absolute difference between service given to left and right child of

a node 1s bounded by the maximum packet size. Mathematically:
| Sit) — Sp () [< Smaw (4.29)

We prove this lemma by induction. Let 7; be the time instant just after the node is
visited for the kth time (79 = 0). We apply induction on k. The base case when 7 =0
is trivially satisfied since s;(0) = s,(0) = 0. Assume that the induction hypothesis is

true for a given k. Thus:

| Si(mk) — Sr(7k) |< Shnaa (4.30)
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Assume that
Si(1e) > Sy (k) (4.31)

Now, when the parent node is visited for the k + 1th time, the service is given to its
right child because S, (7x) is smaller. The maximum quantum of service is bounded

by Synaz. Therefore we have:

ST(T]C-H) < Sr(Tk) + SmaT (432)
Si(Tt1) = Si(7k) (4.33)
= Sr(Th+1) < Si(7k) + Smaz (4.34)
= Sl(Tk+1) + Smm« (435)
= ST(Tk+]) - Sl(Tk+]) < Smam (436)

From Eq. 4.30 and 4.31 we also have
Sl(Tk) - Sr(Tk) S SmaT (437)

Since Sy(1g+1) = Si(7x) and S, (7k41) > S, (7%) we have

Sl(Tk+]) - ST(T/C~H) S Smaaz (438)

Combining Eq. 4.36 and 4.38 we get
‘ Sl(Tk+]) - ST(Tk+]) |§ Smaaz (439)

The case when Sj(7x,) < S,(7%) is symmetric and can be proven is exactly the same
way. When Si(7) = S,(7) then the tie is broken arbitrarily and service is given to
one of the children. The maximum amount of service is bounded by S,,,., therefore
we can again claim that | S;(7x41) — Sr(7k41) |< Smaz- This shows that if induction
hypothesis is true for any k, it is also true for £+ 1. Therefore it is true for all values
of k. This completes proof of the lemma.

The following lemma will establish Theorem 4.4.5.
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Lemma 4.4.2 The amount of service given to a node is divided among its left child

and right child according to the following equation:

%(S(t)  Sas) < Sit) < %(S(t) + Sonas) (4.40)
SS() ~ Suae) < 5:(1) < L(S(1) + S (1.41)

There are two cases. In case S;(t) > S,(r) then Eq. 4.29 may be written as:
Sit) = Se(t) < Smas (4.42)
= Sr(t) > Si(t) — Smax (4.43)
Substituting this value of S, (¢) in Eq. 4.28 we get:

Si(t) + Si(t) — Smaz < S(2) (4.44)

= 10 < S(S(0) + S (1.45)

Also since Si(t) > S,(t) Eq. 4.28 gives:

25,(t) > S(t) (4.46)
S oS0 > %S(t) (4.47)
Therefore
£5(1) < (1) < 5(S1) + S (4.48)
Substituting S;(¢) from Eq. 4.28 we get
S5 Spar) < S(1) < 35() (1.49)

The above two equations may be rewritten in the form of Lemma 4.4.2. The other
case when S;(t) < S, () is symmetric and a similar proof applies. This completes of
proof of Lemma 4.4.2.
The service given to any node in an interval [t1, t5] may be written as:
S(ti,t2) = S(ta) = S(t) (4.50)
Si(ti,ta) = Si(ta) — Si(t1) (4.51)
Sr(ti,ta) = Sp(t2) — Sp(t1) (4.52)
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Using the above equations and Lemma 4.4.2 we get Theorem 4.4.5.

Using Theorem 4.4.5, successively on the descendents of a node, we can establish

a relationship between the service given to a node and another node in its subtree.

Theorem 4.4.6 The service S(t1,1t2) given to a node and the service given to another

node S, (t1,t9) in its subtree are related by:

1 1
S(t1,ta) — 2Sman(1 — 2—n) < Splty,ta) < S(ty,ta) + 2Sma2(1 — 2—n) (4.53)

where n is the difference between the depths of the two nodes.

Note, if n = 1 then nodes have parent child relationship and Theorem 4.4.5 becomes
a special case of the Theorem 4.4.6.
Therefore, the amount of service (real and virtual) given to stream i in interval

[t1,ts] is given by:

I b
Si(ti,ta) > > Q—k(S(tl, t2) — 2Smaa) (4.54)
k=1
9 by,
= (Z Q_k)s(h ) fQ) - 2CiSma,m (455)
k=1
- %](fQ - 7L]) - QCiSmaaz (456)
= 71i(ta —t1) — 2¢iSmaz (4.57)

If stream 7 is continuously backlogged in the interval [¢;, t5] then all its service received
will be real service. Therefore Eq. 4.57 can be used to compute delay and fariness
bounds for the variable packet size RRR scheduler. Note the term 2¢;S,,,, in the
right hand side of Eq. 4.57. The properties like delay bound, latency, buffer bound

and fairness properties all depend directly on this term. The latency of this scheduler

2¢;
Ti

the SFI is 2(% + ) S mar and WFT is 254z Most of the properties of variable

Tj

is equal to =4 S,,,,., the buffer bound at intermediate nodes is equal to 2¢;S,,., and

packet size scheduler are double of the corresponding properties of the fixed packet

size scheduler.
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Scheduler Latency SFI WFI | Implementation
GPS [100] 0 0 0 Impossible
WFQ [26] %4 Smae O(max %) | O(n) | O(n)
WEF2Q [8] 5y Smes O (max &) 51 0(n)
Virtual Clock [131] %’ + Smas 00 oo | O(logn)
SCFQ [52] f—: + Smer(p — 1) | O(max %’) O(logn)
SPFQ [118] %’ + Sma O(max %’) O(n) | O(logn)
WEF2Q+ [129] % Smes O (max ) 51 O(logn)
FFQ [116] % Smas O(F) O(F) | O(logn)
HRR [68] O(F) O(1)

DRR [111] O(F) O(F) O(n) | O(1)

RRR [4] g gOmax =) | g5 | 0(y)
RRR-Variable 292 290 (max ) | 292 | O(g)

Table 4.2: Comparison of properties of RRR.

4.4.6 Comparison with Other Scheduler

Table 4.2 lists the main properties of RRR along with that of other schedulers. The
latency, SFI and WFT for GPS scheduler are all zero. The GPS is a hypothetical
scheduler based on the fluid flow model which cannot be realized in practice. The
WEFQ is an approximation of GPS for scheduling discrete packets, but is not ideal
for hierarchical scheduling, as it has a high WFI. The WF2(Q has been shown to be
the closest packet-by-packet approximation of GPS [8]. However, it is difficult to
implement WF2Q in real practice as its implementation requires a simulation of the
original GPS algorithm. An implementation of WF2Q may take O(n) time to schedule
a packet in the worst case. All these algorithms first stamp a packet with a tag (based
on the simulation of the GPS) and then insert the packet in a sorted priority queue.
The packets are scheduled in increasing order of their tags. The algorithm to calculate
the timestamp takes O(n) time in these algorithms. The Virtual Clock, self clocked
fair queueing (SCFQ), start potential fair queueing (SPFQ) scheduler have a simpler

algorithm for calculation of this tag, but these algorithms do not have good fairness
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properties. The WF2Q+ algorithm has a fast tag calculation algorithm and has good
delay and fairness properties, but in order to select a packet, the scheduler needs to
sort all the packets on the basis of their tags. This may take O(logn) time, in the worst
case to schedule a packet which may be unacceptable. The frame based scheduling
algorithms like frame based fair queueing (FFQ), hierarchical round robin (HRR),
deficit round robin (DRR) are faster, but most of their delay and fairness properties
are directly proportional to their frame size (F'). This means the the frame size needs
to be kept small for good delay and fairness properties. A small frame size limits
the rate allocation granularity. In most of the cases the rate allocation granularity is
reciprocal of the frame size. This may lead to under utilization of bandwidth due to
rate over allocation. In case of basic RRR scheduler, the schedule is repeated after
a period of 29 (if fixed point rate representation is used). Thus it may be viewed
as a frame based scheduler with a frame size of 29. All the properties of the RRR
scheduler are proportional to the rate granularity (g), which may be viewed as the log
of the frame size. RRR trades a little of speed for much improved delay and fairness
properties as compared to the frame based schedulers. The basic operations in case
of RRR are simple bit manipulations, as a result of which it is suitable for high speed

implementation.

4.5 Variants of RRR

Now we are ready to introduce and discuss variants of RRR.

4.5.1 With k-way branching: k-ary RRR

In k-ary RRR scheduler, the scheduling tree is not binary. The degree of the schedul-
ing tree is k. In order to schedule one cell, the tree is traversed recursively starting
from the root node. Every non-leaf node contains an index which takes a value from
0 to k — 1. The index is initialized to 0. For any internal node, the child pointed by
the index of the node is recursively visited. The index of the node is incremented by

1 (mod k), each time the node is visited.
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In case of the k-ary variant of the variable packet size RRR, while traversing the
tree, the scheduler attempts to equalize the service given to all the children of a node.
Thus, every time a node is visited, the child receiving the minimum service is selected
for traversal. As a result the services given to any node in a given time interval,
remain fairly close to its share.

The properties of the k-ary scheduler can be derived along the lines of binary
scheduler. The normalized rate is now represented in base k. The delay bound, SFI
and WFT are now proportional to the sum of digits in the normalized representation.
In general, these bound are a factor £ — 1 larger (in the worst case) than that of
binary scheduler (assuming that scheduling trees of same depth are used). In certain
special cases, for instance when the set of normalized rates are a power of 1/k, the

bounds for k-ary RRR may become better than that of binary RRR.

4.5.2 Generalized RRR

In generalized RRR, the degree of nodes at different levels of the tree can be different.
For each level [ there is a degree parameter d;. Each internal node at level [ has d,
children. The scheduling tree is traversed recursively as in the k-ary RRR scheduler,
except that the parameter index of a node at level [ can take a value from 0 to d; — 1.
The index at level [ is incremented modulo d;. The variable packet size scheduler

always selects the child with minimum service received.

4.5.3 Recursive Tree Based Scheduling

This is the most general form of recursive scheduling. In this case the scheduling
tree can be arbitrary. Each node in the tree contains the count of the number of its
children. In order to schedule a cell the tree is traversed recursively. While visiting an
internal node, its index is incremented modulo its number of children. The tree need
not be static. New internal nodes of different degrees can be created when needed.
The nodes at various parts in the tree can be brought together and combined into a
single node. In order to schedule variable packet sizes, while descending the tree, the

scheduler selects the child with minimum service received.
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4.5.4 Recursive DAG Based Scheduling

It is also possible to traverse a directed acyclic graph (DAG) with a unique root (node
with zero indegree) in a recursive round robin manner. At every step the scheduler
starts with the root and descends down the DAG to reach a leaf (node with zero
outdegree). Each node stores an index to keep track of the last visited decendent.
Each time a node is visited, the decendent corresponding to its index is traversed and
the index is incremented (modulo node’s outdegree).

The service given to a node is equally divided among its decendents. The normal-
ized service rate of root is one. This information can be propagated down the DAG
to compute the normalized service rate of each node.

The properties of recursive DAG based scheduler can be derived along the same
lines as that of binary RRR. The delay and fairness properties of a stream depend

upon the number of leaves of DAG allocated to it.

4.5.5 Hierarchical Scheduling

The schedulers discussed so far schedule streams on an output link. It may be useful
to schedule a set of input streams to get an output stream. There may be a number of
such schedulers generating a number of output streams. These streams can in turn be
scheduled by another scheduler on a link. This process can be repeated hierarchically
over a number of levels. The motivation behind building such schedulers is to use
simple schedulers like static priority, RRR etc. as basic building blocks so as to
construct hierarchical schedulers which meet the desired requirements. This idea first
appeared in the rate control static priority scheduler as described in [128] and was
later refined and formalized for the fair queuing algorithms in [129]. work-conserving
RRR has a bounded worst case fairness index (WFT). Therefore, the corresponding
hierarchical scheduler approximates H-GPS. As a result, RRR can be directly applied
to implement concepts such as link sharing.

Finally it is noted that the variants of RRR discussed above in this section share
most of the good properties of the basic RRR algorithm outlined in the chapter,

namely, simplicity, 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 Mbps

Figure 4.14: Simulation scenario.

mentation and possibility of distributed implementation. The proofs of fairness and

delay bound can be easily extended to these variants.

4.6 Simulation Results

In this section, we present some preliminary simulation results for RRR. The sim-
ulation scenario consists of several input streams scheduled on same output link as
shown in Figure 4.14. Input streams are chosen from a uniform distribution between
1 and 6Mbps (6Mbps is expected bit rate of MPEG-II streams). The streams are
scheduled on a synchronous output link of 156Mbps. Fifteen bits were used to rep-
resent a rate, to ease the simulation on 32 bit computers. Note that the basic RRR
algorithm provides perfect isolation. The delay of a cell of a stream is independent of
arrival pattern of cells of other streams. Therefore the delay distribution of cells of a
single stream will remain same irrespective of the cross traffic.

While constructing the scheduling tree, the phase at each level was assigned ran-
domly. They were repeated a number of times with different seeds of random number
generator to make sure that the results are consistent and the simulations are correct.
Figure 4.15 shows the delay of successive cells of a stream for a part of a simulated
period.

Figure 4.16 plots the statistical delay distribution of cells of the stream. The X-
axis represents the delay of cells which varies from zero to the theoretical delay bound.
The Y-axis plots the cumulative number of cells having delay in the corresponding
range. It was found that with the random phase allocation, the delay bound was never
reached. However with a specific phase allocation the tail of the delay distribution
approached close to the theoretical delay bound.

The statistical delay distribution of cells of the stream was found to be a bell
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Figure 4.15: Delay of successive cells.
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Figure 4.16: Distribution of delay of cells.

shaped curve, with maximum delay less than the delay bound. With the random
phase allocation, the delay bound was never reached, but the simulation showed that

the delay bounds were reasonably tight.

4.7 Implementation Considerations

It may be noted that the number of leaves in the tree is bounded by ¢ times the
number of streams being scheduled (). Therefore the space requirement for the
scheduler to store the scheduling tree is bounded by 2Ng.

In order to schedule a cell, the scheduler descends down the scheduling tree to a
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leaf. The height (the maximum level of a node in the tree) of the tree is bounded by g.
Thus, in the worst case, a naive implementation will take no more than g operations
to schedule a single cell.

However, clever implementations can give better performance in terms of the time
needed to schedule a cell. Given a binary RRR scheduling tree with any rate allocation
for streams, it is straightforward to construct a corresponding 4-ary RRR scheduling
tree by merging nodes at every odd level of the binary tree with their parent, such
that the schedule generated by the binary and 4-ary schedulers on the corresponding
tree is identical. The tree is constructed starting from the root node and collapsing
two levels of the binary RRR tree into a single level of 4-ary tree. In case there is a
leaf node in the first level of the binary RRR tree, two copies of the node are made
in the 4-ary tree. The four children of the root node in the 4-ary scheduling tree are
positioned so that they are visited in the same order as in the binary RRR tree. This
process is continued till all the nodes (including leaves) of the binary RRR tree are
collapsed into the 4-ary scheduling tree.

The height of 4-ary tree will be §. As a result, § operations are needed in order

to schedule one cell. This improvement in the number of operations is at the cost of
4

a factor 3 increase in space needed to store the 4-ary scheduling tree. The number
of leaves in 4-ary scheduling tree are bounded by two times the number of leaves of
corresponding binary tree i.e. 2N¢. The number of internal nodes in the 4-ary tree
will be §2Nc. There is a % factor increase in storing space to reduce the number of op-
erations in scheduling a cell by factor of two. For any software implementation, there
is a tradeoff between time required to schedule a cell, amount of memory available to
scheduler to maintain its data structures.

For the fixed point rate representation, both the space requirements and the num-
ber of operations to schedule a cell are dependent on the maximum number of streams
to be scheduled (N), and the the rate granularity (g) is clear from the above expres-
sions. Similarly for the floating point rate representation, the rate range (the maxi-
mum value the exponent of rate can take) will also be a factor in the dependence.

The basic unit of a counter based hardware implementation of the RRR scheduler

is shown in Figure 4.17. There is one such unit for each leaf node in a binary scheduling
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Figure 4.17: The basic unit of a suggested hardware implementation of RRR sched-

uler.

tree. The output of each such unit is connected to the same tri-state bus. Let E be the
maximum range which the exponent of the normalized rate can take. The maximum
depth of scheduling tree is bounded by E + g. The counter and comparator has a

QIGvel—phase) of its corresponding leaf.

width of E+g. Every counter is initialized to (
The level of the leaf and its stream number are stored in corresponding registers upon
initialization. All the counters are clocked by the same clock and are incremented

QIQVGI, it is reset to 0 and

every clock cycle. As soon as the counter reaches a value of
the associated stream number is output to the tri-state bus. If the phases and level of
each counter is initialized in accordance with the scheduling tree, then at each clock
cycle, exactly one counter is guaranteed to reset and output its corresponding stream
number at the tri-state bus. This output is exactly same as the schedule generated

by the RRR scheduling tree. This can be used to select the appropriate output queue
to copy cells to the output link.

Corresponding to the Ng leaves in a scheduling tree, there are N g counters and the
same number of associated registers. Each counter counts up to 2°79—1. Each register
will store the phase information of E + ¢ bits, the level information of log(FE + g) bits
and the stream number of log N bits.

The amount of logic needed for this implementation is Ng(E + g) for the counters,
Ng(log(E + g) + log N) for the registers and Ng(F + g) for the comparator. The
speed of this hardware implementation depends upon the delay of the tri-state bus

and the clock skew. The delay of the tri-state bus as well as the clock skew depends
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upon Ng. We believe that it is possible to implement such a hardware at very high

clock speeds.

4.8 Conclusions

A simple and new scheduling algorithm called recursive round robin (RRR) has been
described in this chapter. This scheduler can be used to schedule streams on a link
with certain constraints. The scheduling algorithm guarantees a delay and jitter
bound on compliant streams. Proofs of delay bound and jitter bound are provided
for generic traffic descriptors. Several variants of the RRR scheduling algorithm, in-
cluding the variable packet size scheduler are described. It has been shown that the
work-conserving version of the RRR is fair. Bounds on two different fairness indices
are analytically derived. Because of bounded worst case fairness index, it is argued
that hierarchical scheduler derived from work-conserving RRR approximates H-GPS.
It would be easy to generalize this result to other work-conserving variants of RRR.
Proof of worst case delay bound remains valid for the work-conserving RRR. Imple-
mentation tradeoffs for hardware and software implementation have been discussed.

Proof of delay bound has been supplemented by simulations. The delay bound
proven for the RRR scheduling algorithm is tight but there is a room for further
improvement by finding efficient node allocation strategies. Another area that this
work can further be extended is to study the detailed performance for those proposed
variants of the basic RRR.

Because of its bounded delay, bounded buffer and bounded fairness properties,
the RRR scheduling algorithm is suited for scheduling packets in real-time networks.
Simplicity, low implementation complexity, and possibility of very high speed imple-
mentations, make this algorithm particularly suitable for ATM networks. Software
implementation may be deployed in network interface cards whereas hardware imple-
mentation is well suited for high speed ATM switches and high end network interface
cards.

Application of RRR algorithm in designing media access control (MAC) protocol

for wireless ATM networks is an area of further work. It is possible to implement
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RRR in distributed environment. Since RRR already provides guaranteed QoS and
good fairness properties, a distributed implementation can act as a MAC protocol
which in addition to high link utilization, also provides QoS guarantees to individual

connections.



Chapter 5

Schedulers for Bounded Delay

Service in Virtual Networks

Virtual networking is an important step in the evolution of data networks. It allows
quick deployment of new services over legacy networks, eases network operation and
management by hiding the unnecessary details and presenting a simplified topology,
allows development of experimental protocols in a controlled and safe environment
and eases interoperability between networks of different types.

Providing QoS guarantees to real-time applications in virtual networks is as impor-
tant as in physical networks. For example, future corporate virtual private networks
(VPN) will carry real-time voice and video conference data along with the regular
application data. In order to successfully transport this voice, video and multimedia
data, QoS guarantees must be provided to such traffic. Most of the research in vir-
tual networks has been focused on developing new services or managing the virtual
networks more efficiently. For instance, Virtual Private Networks [109] over the In-
ternet are used by corporations for enhanced security. The Geoplex system [91] is an
IP based service platform that offers support for rapid automated deployment and
management of overlay networks. The ongoing work in the Genesis project [124] and
the Netscript project [36] aim towards developing programmable virtual networks.

Traffic characterization and admission control functions needed for providing QoS

guarantees are not dependent on lower layer functions of the network. Therefore

129
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they can be applied to virtual networks just as they are applied in physical networks.
However the scheduling algorithms and their properties heavily depend on how the
traffic is actually transported. Therefore, there is a need to reexamine the scheduling
algorithms in the context of virtual networks.

The research related to scheduling algorithms for virtual networks has been lim-
ited. In [38, 129, 8, 9, 120] the concept of link sharing and packet scheduling algo-
rithms to implement link sharing have been proposed. These algorithms hierarchically
partition the link bandwidth into several classes while providing bounded delay and
rate guarantees to traffic from each subclass. Application of link sharing to build QoS
capable virtual networks, where a virtual link is realized by a sequence of logical links
has not been discussed.

While providing QoS in a virtual network, it is desirable to maintain the par-
titioning introduced by the virtual network. The physical network should keep the
state information only for the tunnels, not for individual sessions of virtual network.
The entire traffic of a tunnel should be transported as if it was a single session of the
physical network. We discuss this approach in this chapter. An alternative approach
could be to tag each packet with the QoS required by it (like delay bound or priority)
and schedule the packets individually at the physical network [21]. This approach
is currently not practical as it requires significant per packet processing. The differ-
entiated services working group [11] has proposed a scheme for tagging packets with
their QoS. The scheme is still evolving and its extension to virtual networks is yet
to be explored. Another approach could be to maintain, at every physical link, state
information corresponding to each session of the virtual network passing through the
link and manage sessions individually at physical network. This not only introduces
scalability concerns, but also requires integration of virtual network signaling with
that of the physical network. In addition, it requires that the schedulers at each node
in the physical network distinguish between traffic of different sessions in the virtual
network, which may not be possible because of traffic aggregation.

We first describe an abstract model of virtual networks in Section 5.1. Based on
this model we show, in Section 5.2 that work-conserving schedulers can not provide

bounded delay to sessions of virtual network. We show that if work-conserving sched-



5.1. VIRTUAL NETWORKS 131

ulers are used at every place of contention in the network, then misbehaving sessions
can affect QoS guarantees of well behaved sessions sharing the same virtual link. This
problem arises when traffic at a rate larger than the allocated rate is sent on a vir-
tual link. We quantify this excess traffic as output burstiness and show that output
burstiness is an inherent lower bound on worst case session delays. In Section 5.3
we extend the theory of latency rate servers to show how latency rate servers with
bounded output burstiness may be used to provide bounded delays to sessions of vir-
tual network. This gives a flexible method for designing a generic class of scheduling
algorithms which may be used in virtual networks. Because of the output burstiness
constraint, the bandwidth sharing among real-time traffic is limited within the same
virtual link. In Section 5.4 we briefly discuss how best-effort traffic can utilize the
residual bandwidth to achieve more sharing. We also present an example of scheduler

for virtual networks in Section 5.5. We summarize our results in Section 5.6.

5.1 Virtual Networks

A virtual network is a network overlaid on another physical network. The underlying
physical network may have a completely different nature. It may be of large size and
may have limited capabilities like poor security support. The physical network may
be based on legacy systems which cannot be upgraded. It may even be running a
completely different set of protocols. Overlaying a virtual network over a physical
network helps in rapid creation and deployment of new services over the legacy net-
work [124, 36, 91]. The virtual network may provide enhanced security [109], and
better network management and control functions. Virtual networks may also be
used to provide interoperability between networks of different types.

Some examples of virtual networks are an ATM network carrying virtual connec-
tions over virtual paths [16] (for simpler network operation and management), IP over
ATM networks (for interoperability), virtual private networks in the Internet [109]
and TPV6, and the MBONE and 6-bone virtual networks [30, 82] over the Internet
(for deploying multicast services over the legacy network).

Figure 5.1 shows a virtual network overlaid on a physical network. It consists of
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Figure 5.1: Example of a virtual network.

virtual nodes overlaid on the physical nodes. The virtual nodes are connected to each
other by virtual links. A virtual link is either a direct link or a path between two
nodes in the physical network. Packets arriving on a virtual node are forwarded to
the next virtual node via a virtual link. This forwarding decision is made by looking
up the packet header and routing table of the virtual network. In order to forward
a packet on a virtual link, it is first encapsulated [57, 112] into one or more packets
(a packet may have to be fragmented) of the physical network. These packets are
tagged with the required header needed to route them to the destination physical node
corresponding to the next virtual node and sent on the physical link. The packets
pass through a series of physical nodes which lie in the path of the virtual link before
arriving at the next virtual node. At each physical node, the packets are forwarded
based on their header and routing tables in the physical network. At the destination
node, the encapsulated packet of the virtual network is reconstructed and given to

the virtual node.

Thus, the packet forwarding in a virtual network is done at two levels. At a
higher level, packets are forwarded at virtual nodes to different virtual links. This
is done by encapsulating and tagging them with the header specific to the virtual

link to which they are forwarded. At lower level, packets are forwarded to different
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physical links based on their header and the routing tables of the physical network.
Note that the initial paths of two different virtual links starting at the same virtual
node may be the same (they may diverge only after traversing some common physical
nodes). The physical network distinguishes between packets of different virtual links
by the information present in their headers. These headers are created at the time
of encapsulation and are specific to the virtual link on which the packets have been
forwarded. Therefore packets of different sessions, when tunneled through the same
virtual link, have the same headers, and the physical network gives the same treatment
to all the traffic of a virtual link.

With this approach the complexities of the physical network as well as the virtual
network are reduced. The physical network only needs to manage the aggregated
traffic in the form of tunnels and the virtual networks are presented with a simplified

topology, hiding the irrelevant details.

5.2 Drawback of Traditional Schedulers

Packet scheduling algorithms are key in providing QoS in any network. In most of
the switches and routers, there is a scheduling algorithm at each output queue which
decides the relative order in which packets from different sessions are sent on the
link. By controlling this ordering, a scheduler can give rate and delay guarantees to
individual sessions. There are a number of properties which a scheduler must satisfy.
It must provide a local delay bound, i.e., a bound on the maximum delay incurred by
packets of a session in the output queue. Similarly a scheduler must also bound the
delay jitter and loss rate for the traffic. It should also provide a bounds on buffers
needed at various queues in the network. In addition a scheduler must isolate one
stream from other streams so that it is able to maintain the performance guarantees
for such a stream even in the presence of mishehaving streams in the system. Finally,
the scheduler should be able to divide the available link bandwidth among competing
streams in a fair manner. This property is particularly important for the design of
work-conserving schedulers.

In general, schedulers can be characterized as work-conserving or non-work-conserving.
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A scheduler is said to be work-conserving if the scheduler is never idle when at least
one packet is buffered in the system. A non-work-conserving scheduler may remain
idle even if there are available packets to transmit.

Examples of work-conserving schedulers are first come first served, static priorities
and the class of fair queueing schedulers like weighted fair queueing (WFQ) [86],
virtual clock [131], self clocked fair queueing (SCFQ) [52] and recursive round robin
(RRR) [44]. Non work-conserving schedulers include rate controlled static priority
(RCSP) [130], delay earliest deadline first (Delay-EDF) [47] and jitter earliest deadline
first (Jitter-EDF).

In a virtual network, the scheduling is done at two different levels. At the level of
physical network, there is a scheduler, scheduling aggregate traffic of different virtual
links. We call this scheduler as the link level scheduler. The link level schedulers treat
the entire traffic of a virtual link as a single session. They do not distinguish between
traffic of different sessions of virtual network passing through the virtual link. At the
level of a virtual node, the packets from different sessions are queued before they can
be encapsulated and sent on the virtual links. There is a scheduler which decides
the relative ordering of packets from different session. We call this scheduler as the
virtual scheduler. The virtual scheduler of a virtual link schedules packets only if the
corresponding link level scheduler schedules a packet of its virtual link. This may
be visualized as a hierarchical scheduler [129] with two levels of hierarchy. At the
top level of the hierarchy, the link level scheduler partitions the link bandwidth into
virtual links. At the next level, the virtual scheduler divides the bandwidth of the
virtual link among the sessions. Note that a hierarchical scheduler is work-conserving
if and only if all the schedulers in the hierarchy are also work-conserving.

In case hierarchical schedulers like those proposed in [8, 129, 120] are used in
a virtual network, the complete link sharing hierarchy [38] needs to be maintained
at each link. Therefore, the link level scheduler would require relevant information
about every session of virtual network passing through the link. This destroys the
partitioning introduced by virtual networks. The physical network needs to know
about sessions of the virtual network, whereas the virtual network needs to know

the topology of the physical network down to the link level details. However, using
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Figure 5.2: Queues at two different nodes in the path of a virtual link.

hierarchical schedulers only at virtual nodes poses another difficulty. All the sched-
ulers presented for hierarchical link sharing are work-conserving as they attempt to
redistribute the residual bandwidth on a link in a fair manner. We next show that
if a virtual scheduler and the link level scheduler at a node in a virtual network, are
both work-conserving, then it is impossible to provide bounded delay service in a vir-
tual network (unless the packets themselves carry their delay information explicitly
in their headers). As a result the schedulers presented in [8, 129] cannot be used in
a virtual network. This calls for a design of scheduler which can be used in a virtual

network.

The basic difference in a virtual network is due to the fact that the physical net-
work only differentiates between the traffic of different virtual links. The packets
of different sessions of virtual network, passing through the same virtual link are
tunneled through the same path. If individual packets headers do not carry any in-
formation about their current delays, priorities or QoS required then the physical
network cannot distinguish between packets of different sessions of virtual network
which pass through the same virtual link. As a result it cannot give different schedul-
ing priorities to such packets. All the traffic traversing a virtual link is serviced in
first come first serve manner by the link level schedulers. Therefore, it is difficult
to provide isolation between traffic of different sessions of the virtual network which

passes through the same virtual link.

Let a virtual link of rate 1.5Mbps be realized by a two hop path in the physical
network as shown in Figure 5.2. Let the first physical link in the path have a rate of
45Mbps and let the second physical link be of rate 2Mbps. Assume that one voice

sessions of rate 64Kbps and a video session of rate 1Mbps are carried by this virtual
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link. Also assume that the link level scheduler and the virtual scheduler at the first
node (node 1) are both work-conserving. Assume that no other traffic is present in
the system. Assume that for some reason, the video session misbehaves, and queues
up a large amount of data in its output queue. Since the virtual scheduler and the
link level scheduler at the first node are both work-conserving, the entire traffic of
the video session (along with a little traffic of voice session) will be sent from the
first node at a rate of 45Mbps. The rate available to the virtual link at the second
node (node 2) is limited by the physical link rate which is 2Mbps. This will result in
large queues for the virtual link at node 2. The link level scheduler cannot distinguish
between the traffic of voice session and video session. It simply serves all the virtual
link traffic in first come first serve manner. This results in large delay at the second
node for the voice traffic. Thus a session which is well behaved may get penalized
because of a misbehaving session in the same virtual link, if the link level schedulers
and virtual schedulers are both work-conserving.

Each virtual link is allocated a rate to carry its traffic. The problem arises when
a work-conserving scheduler sends excessive traffic into a virtual link at a rate higher
than the rate allocated to the virtual link, which gets queued up somewhere deep
in the network. Since there is no differentiation of the traffic from different sessions
after the traffic enters a virtual link, there may be large end to end delays even for
the sessions at the virtual link which did not send any excess data. We define the

term output burstiness to characterize the excess traffic sent on a virtual link.

Definition 5.2.1 (Output burstiness) The output burstiness of a virtual link [ is

b, if for any interval of the form (t1,ts] the following is true:
S(ty,ta) <1t —t1) + by

where S(tq,ty) is the amount of traffic of virtual link scheduled by its virtual scheduler

in the interval (ty,ts] and ry is the rate of the virtual link .

The output burstiness of a virtual link is equal to the excess traffic sent by its

virtual scheduler, 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 traffic
which may be sent on a virtual link in a given time interval. Output burstiness is a
property of a virtual link which depends upon its virtual scheduler and the link level
scheduler at the first physical link in the path of the virtual link. It does not provide
any stringent bound on the amount of traffic on individual sessions which may be
sent on the virtual link.

An output burstiness of zero means that the rate of the traffic sent on a virtual
link never exceeds the rate of the virtual link. This also implies that every packet
will start a new session busy period at the next downstream node in the path of the
virtual link.

Note the case where session delays are greater than or equal to the output bursti-
ness. Even if the downstream scheduler is an ideal fluid-flow scheduler serving at a
constant rate of r,, it may take time equal to % to clear its queue. A large value of
output burstiness results in large delays at downstream nodes. It is therefore desirable
to have the output burstiness as small as possible and independent of the number of
sessions passing through the virtual link.

The hierarchy of the virtual scheduler and link level scheduler at the entry node of
a virtual link may also be viewed as a single scheduler acting on the sessions of virtual
network at that node. This gives us an option of using non hierarchical schedulers
like EDF [47], RCSP [130] which are non-work-conserving. We now show that it

is not possible to replace the hierarchy of the virtual scheduler and the link-level
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scheduler at virtual nodes by a non-hierarchical scheduler, while still providing low
delay bounds to sessions of virtual network. We show that in case single level flat
schedulers are used, the output burstiness of virtual links becomes proportional to the
number of sessions passing through the virtual link. Since the worst case delays are
greater than or equal to the output burstiness, the delay bound becomes proportional
to the number of sessions passing through the virtual link.

Consider a physical link of one unit bandwidth partitioned into two virtual links
of rate 0.5 units each. Let this physical link be the first link in the path of both the
virtual links. Assume that there are N sessions passing through each of the virtual
links. Let these sessions be numbered from 1 to 2N and let all of them be allocated
the same bandwidth of ﬁ Any non-hierarchical scheduler will schedule packets
from these sessions without taking into account the grouping of these sessions into
the virtual links. Therefore the order in which packets are scheduled is independent
of the virtual links to which these sessions belong.

Assume that each session sends constant size packets of size S each. Also assume
that each session always has packets waiting to be served. Since the rate allocated
to the sessions is exactly equal to the link rate, and the sessions always have data to
send, the scheduler cannot remain idle for an unbounded amount of time. Let ¢ be a
time instant such that the scheduler is not idle for time more than S in the interval
[t,t+ NS). Let the first N —1 packets served by the scheduler in this interval belong
to sessions ¢, Ca, ..., Cpm,m < N — 1. Since the scheduler is non-hierarchical, the
scheduling order will remain the same irrespective of the assignment of these sessions
to virtual links. Let us assign the sessions ¢y, ¢s, ..., ¢, to virtual link /; and rest of
the sessions to virtual link [,. Note that the number of sessions on virtual link [; is
at most N — 1, therefore the rate allocated to virtual link [; is less than % Also
note that the total traffic sent on this virtual link in interval [t,¢ + NS) is at least
(N —1)S. Therefore we have:

T S — (51)

Si(t,t+NS)> (N —1)S (5.2)
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From the above two equations we have:

Si(t,t+ NS)— NS > =(N—1)S (5.3)

DN | —

Therefore the output burstiness for virtual link Iy is at least $(N — 1)S, which is
proportional to the number of sessions passing through the virtual link.

Thus a non hierarchical scheduler cannot replace the hierarchy of the virtual
scheduler and the link level scheduler at virtual nodes, while providing low delay

bounds to sessions.

5.3 Bounded Delay Service in Virtual Networks

The theory of latency rate servers is presented in [117] . This theory provides a gen-
eral model to study the worst case behavior of individual sessions in a network of
schedulers where the schedulers in the network may employ a broad range of schedul-
ing algorithms. Using this theory, tight end to end delay bounds for an arbitrary
network of schedulers can be proved. The theory of latency rate server provides a
means to describe the worst case behavior of a broad range of scheduling algorithm
in a simple and elegant manner. For a scheduling algorithm in this class, it is only
required that the average rate of service of service offered by the scheduler to a busy
session, over every interval starting at time € from the beginning of the busy period,
is at least equal to its reserved rate. A number of schedulers including weighted fair
queueing (WFQ or PGPS), virtual clock, SCFQ, weighted round robin, deficit round
robin, and recursive round robin belong to the class of latency rate servers.

An obvious approach to provide bounded delay service in a virtual network would
be to apply the theory of latency rate servers to a virtual network. Unfortunately,
this theory cannot be used in its present form in a virtual network. Even if all the
schedulers in the virtual network belong to the class of latency rate servers, the worst
case delays for individual sessions cannot be bounded. In a physical network, the
schedulers at every node in the network satisfy a latency rate property for traffic

of every session passing through the node. In a virtual network, traffic of multiple
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sessions is aggregated into a virtual link. The link level schedulers present at inter-
mediate nodes in the path of virtual link satisfy latency rate property for aggregate
traffic on the virtual link, but they do not satisfy the same property for individual
sessions of the virtual link. The main reason for this is that the link level schedulers
cannot provide isolation between different sessions of virtual network in the presence
of large output burstiness.

We extend the concept of latency rate servers so that it is also applicable to virtual
networks. We show that if output burstiness of a scheduler is bounded and it satisfies
the latency rate property, then a tandem of such schedulers also satisfies the latency
rate property, even if the downstream schedulers act on aggregate traffic. As a result,
there is no need to satisfy the latency rate property for individual sessions in the path
of a virtual link. In particular, if a virtual link passes through a series of link level
schedulers such that: (a) each of the scheduler can be modeled as latency rate servers
for the aggregate traffic on the virtual link, (b) the virtual scheduler at the beginning
of the virtual link can also be modeled as latency rate server for individual sessions
of the virtual network, and (c) the output burstiness of the virtual link is bounded,
then the virtual link along with its virtual scheduler acts as a latency rate server for
individual sessions. In a virtual network, a session passes through a series of virtual
links. The latencies of the virtual schedulers of these virtual links can be combined to
obtain tight end to end delay bounds for individual sessions (as in physical networks).
Thus the theory of latency rate servers may be extended to the environment where at
some nodes in the network, latency rate property is satisfied for aggregate traffic, not
for individual sessions. As a result, this theory can be applied to a virtual network
to carry out a tight analysis of end to end delay bounds and buffer bounds.

We first define latency rate servers and then discuss their properties. We then
discuss the network model of a virtual network. We then show that a tandem of
latency rate schedulers with bounded output burstiness in a virtual network is also a
latency rate server. We analytically derive the latency of the equivalent server. We
then show how this result can be used in designing virtual networks.

Before formally defining a latency rate server, we need the following definitions

taken from [115].
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Definition 5.3.1 (Session Busy Period) A session i busy period is a mazimal in-
terval of time (t1,t] such that for any time t € (t1,t3], packets of session i arrive
with rate greater than or equal to the allocated rate r; of the session. If A;(tq,ts) is

the amount of session i traffic arriving in the interval (t,t;] then
A7(t1,t) > Ti(t—tl),t € (tl,tg) (54)

Definition 5.3.2 (Session Backlog period) A session backlog period at a server

18 the mazimal interval during which the session has a positive backlog.

Definition 5.3.3 (Latency Rate Server) Let 7 be the beginning of a busy period
of a session and S(7,t) be the amount of session traffic served by the server in the
interval (1,t]. A server is in the class of latency rate servers if and only if for all
times t after T and until all the packets arriving in the busy period beginning at time

T are serviced,
S(r,t) >r(t—1—0). (5.5)

The parameter r is called the rate of the server and the parameter 6 is called latency
of the server.

Note that the latency rate server provides a lower bound on the rate at which
traffic is served after the starting of a busy period. The average rate of service offered
by any latency rate server to a session after a delay of € from the beginning of a busy
period is at least its allocated rate.

If a leaky bucket compliant session is served by a latency rate server of rate greater
than or equal to the token rate of the bucket then the maximum delay experienced

by any packet in the server is bounded.

Lemma 5.3.1 (Single Node Delay Bound) If (o,r') is the leaky bucket descrip-
tor of a session served by a latency rate server of parameters (0,r) such that r > r',

then the delay d of any packet in the server is bounded by the following equation

d<

o
r

+6 (5.6)
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Lemma 5.3.2 (Network Delay Bound) The mazimum delay d of a session with
leaky bucket descriptors (o,r'), in a network of latency rate servers, consisting of K

servers in series, is bounded as
d< —+ Z 0, (5.7)
, .

where 0; is the latency of jth server in the network for the session and every server

has a rate greater than or equal to r and r > r'.

Lemma 5.3.3 (Buffer Bound) The mazimum backlog Q(t) in the kth node of a

session is bounded as
Qu(t) <o+1) 0, (5.8)
where 0; is the latency of the jth server and rate of each server is at least r.

Lemma 5.3.4 (Network of latency rate servers) A network of K latency rate
servers, with parameters (0;,7;), connected in series is also a latency rate server with

_ K g K
latency 0 = i1 6; and rate r = min

j=1T3-

A number of scheduling disciplines including weighted fair queueing, have been
shown in [117] to belong to the class of latency rate servers. However, we have shown
that no work-conserving scheduler including weighted fair queueing may be used as
virtual and link level scheduler to provide end to end delay bound to individual
sessions. Thus the theory of latency rate servers is not directly applicable to virtual
networks. A generic latency rate server cannot be used at all the places in the network.
This is so because a latency rate server only bounds the minimum service rate which
sessions are guaranteed to get. It doesn’t provide any upper bound on the service
rates. Thus a latency rate server may also send excess data on a virtual link (due
to some misbehaving sessions) which gets queued up at downstream nodes in the
network causing excessive delays to even well behaved sessions.

A tandem of latency rate servers in a physical network is also a latency rate server.

But this may not be true in a virtual network because at link level aggregate traffic
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Figure 5.4: A logical model of a virtual network consisting of schedulers satisfying

the latency rate property.

is scheduled. Therefore the link level schedulers may act as a latency rate server for
virtual link traffic, but not for traffic of individual sessions of the virtual network.

The logical model for a virtual network is shown in Figure 5.4.

The traffic of the virtual network is first scheduled by the virtual scheduler at
virtual nodes. It is then scheduled by a series of link level schedulers in the physical
network until it reaches the next virtual node. The virtual schedulers in the path
of a session’s traffic may be modeled as latency rate servers for individual sessions,
but the link level schedulers at the physical nodes are latency rate servers only for
the aggregate traffic on the virtual links, not for the individual sessions of the virtual
network. We show that if the output burstiness of a virtual link is bounded then the
tandem of latency rate servers as shown in Figure 5.4 is also a latency rate server

with respect to the session traffic.

Consider a virtual link in the path of a session. Assume that the virtual scheduler
of the virtual link can be modeled as a latency rate server of rate r; and latency 6.
Let the rate of the virtual link be r;. Also assume that the output burstiness of the
virtual link is b;. Let the aggregate traffic of the virtual link be served by a series of
link level schedulers which are also latency rate servers. By Lemma 5.3.4 this series
of schedulers can be modeled as a single latency rate server. Let the rate of this
equivalent latency rate server be r (r > r;) and its latency be §. We claim that this
tandem of two latency rate servers (shown in Figure 5.4) is also a latency rate server

for the session traffic with rate r; and latency 6, + 6 + };—’

We begin by introducing some notation. Let Sj(#1,%2) denote the amount of



144 CHAPTER 5. SCHEDULERS FOR VIRTUAL NETWORKS

session traffic served by the first scheduler (virtual scheduler) in the interval (¢, %s].
Similarly let S5(¢;,t2) denote the amount of session traffic served by the second server
(equivalent link level server) in the interval (t1,¢s]. Let Si(t1,t2) denote the amount
of total traffic of the virtual link served by the virtual scheduler in the interval (t;, Z5].
Similarly let Sy(#;,%5) denote the total traffic of the virtual link served by the link
level server in the interval (¢, 1,].

The session traffic served by the combination of the two servers is given by S5(.).
In order to prove that the tandem of the two schedulers is also a latency rate server
for session traffic, we need to provide a lower bound on Sj(.) over a session busy

period at the virtual scheduler. Following theorem summarizes our main result.

Theorem 5.3.1 The amount of session traffic served by the combination of servers
shown in Figure 5.4 at any instant ty in the session busy period starting at ti, is
bounded by:

b
S;(tl,tg) Z Tl(tg - tl — 91 — 0 — ?l) (59)

At time ¢, there is some positive backlog of the session traffic in the system. This
backlog is either divided between the virtual scheduler and the link level schedulers
or the entire backlog is concentrated on only one of the schedulers. In case the link
level scheduler has no backlog of session traffic, we may claim that the session traffic
served by the virtual scheduler in the interval [¢;, 5] has also been served by the link

level scheduler. Therefore in this case:
S;(tl,tg) — Sf(tl,tg) (510)

Since virtual scheduler is a latency rate server and ¢; marks the beginning of a session

busy period at virtual scheduler, we have:
Sf(tl,tg) Z Tl(tg—tl —91) (511)

After substituting S;(¢1,t2) from Eq. 5.10, the above equation may be rewritten as
Eq. 5.9.
Now we need to establish Eq. 5.9 in case the link level schedulers have some

backlog at time ?5. Assume that the last session busy period before ¢, at link level
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scheduler started at time #'. We look at the last packet served on or before t, at the
link level scheduler. Let the arrival time of this packet at the link level scheduler be
t". We claim that:

b
">ty —0— = (5.12)
T

We prove this by contradiction. Assume that

b
" <ty—f0—— (5.13)
T

Since the current session busy period started at time ¢’ we have t” > ¢'. From the

latency rate property of the equivalent link level server we have:
So(t',te) > r(ty —t' — 6) (5.14)

Since all of the above traffic arrived in the interval (¢',#"] from the virtual scheduler

we have:

Si(t',t") = Sy(t', o) (5.15)
> r(ty —t' —0) (5.16)

Substituting ¢y from Eq. 5.13 to get:

b
Sit1") > r((t"+0+ ) 1 6) (5.17)
= (" —1)+0 (5.18)
> (" — 1)+ (5.19)

This implies that the virtual scheduler violates the output burstiness constraint for

the virtual link, which is impossible. Hence:

b
>ty —0— = (5.20)
T

The link level scheduler serves all the traffic on a virtual link in first come first
serve manner. So, if it services all its traffic arriving till the time ¢", it also services

all the session traffic arriving till time ¢”. Thus we have:

SQ(tl,tQ) — Sl(t,t”) (521)
:>S§(t],t2) - S]S(t],t”) (522)
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From Eq. 5.11, substituting the value of S§(¢;,¢") in the above equation, we get:
SS(t] s tg) 2 IS (t” - t] — 9]) (523)

Substituting the value of ¢ from Eq. 5.20 we have:

b
S;(tl,tg) Z Tl(tg — tl — 91 — 60— ?l) (524)

This shows that the tandem of two latency rate servers as discussed above is also
a latency rate server with rate r and latency 6; 4+ 0 + ’;—’

With the above property we conclude that a virtual link which has a bounded
output burstiness acts as a latency rate server for individual sessions even if the
link level schedulers in the path of the virtual link do not provide any guarantee to
individual sessions. With the help of this property, the entire theory of latency rate
servers may be used in designing bounded delay service in a virtual network. We
now show how to design virtual schedulers which have bounded output burstiness

and satisfy the latency rate property for individual sessions.

5.4 Best-Effort Service in Virtual Networks

The output burstiness constraint limits the rate at which traffic may be sent on a
virtual link. Sending excess traffic may result in large queues at downstream nodes
in the path of the virtual link causing large delays to the traffic of the virtual link.
This reduces the extent of statistical multiplexing which could have been achieved if
the entire network was a single layered physical network. The amount of statistical
multiplexing is limited among the traffic going through the same virtual link. The
output burstiness constraint limits the aggregate virtual link traffic served by the
scheduler in a given time, it does not limit the individual session traffic serviced by
the scheduler. This means that active sessions may make use of the excess bandwidth
available on a virtual link because of unallocated bandwidth or inactive sessions on
the same virtual link. However, real-time sessions may not be able to use excess
bandwidth on other virtual links even if these virtual links are carried on the same

physical link.
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Based on this observation we may classify schedulers as work-conserving or non
work-conserving, with respect to a virtual link. We define a virtual scheduler of a
virtual link to be work-conserving, if it permits the sharing of excess bandwidth on
the virtual link. Formally, a virtual scheduler is virtual link is work-conserving if
there exists a constant z such that in any backlog period (¢, s) of the virtual link,

the amount of traffic serviced is bounded below by
S(t] s tg) 2 T(tg — t]) — Z (525)

This ensures that in presence of backlog, the scheduler will never be idle for a
period more than Z. For a work-conserving scheduler on a physical link, z = 0. In
the case of a virtual link, there may be some irregularity in scheduling the virtual
link traffic because of discrete packet boundaries resulting in a non-zero value of z.

The bandwidth sharing among different virtual links may be achieved by the best-
effort traffic. Since there are no tight delay constraints on best-effort traffic, the excess
from this traffic may be sent on a virtual link to utilize the available bandwidth on
the physical link. At each virtual scheduler a separate queue for best-effort traffic is
maintained. At link level schedulers, a separate best-effort queue is maintained for
all the virtual links. The queues containing real-time traffic are given higher priority
over the best-effort queues. Traffic is scheduled from best-effort queues if real-time
traffic cannot be scheduled. Any work-conserving fair packet scheduler like weighted
fair queueing may be used at the link level to ensure fairness to the non real-time
traffic from different virtual links.

The link level schedulers need to distinguish the best-effort traffic from the real-
time traffic of a virtual link. So there is a need to separate the two type of traffic.
The separation between best-effort and real-time traffic of a virtual link may either
be obtained using one bit marking (like CLP in case of ATM) in the packet header or
by using different tunnels (using different virtual paths in case of ATM) for real-time
and best-effort traffic of a virtual link.

There is an an end to end congestion control algorithm for each best-effort session
which controls the rate at which the traffic is sent. This algorithm adjusts the sending

rate to utilize the excess bandwidth available in the path of the session. Typical end
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Figure 5.5: An generic latency rate scheduler with bounded output burstiness.

to end congestion control algorithms do not require the nodes in the path to explicitly
maintain any state corresponding to each session. Therefore these algorithms continue

to work well in virtual networks.

5.5 Example Schedulers for Virtual Networks

Figure 5.5 shows a generic scheduler with bounded output burstiness. The virtual
scheduler for each virtual link is a latency rate server like WFQ. There is a rate
control after each virtual scheduler which introduces inter-packet spacing equal to
the packet size divided by the rate of the virtual link. Because of this rate control,
the virtual link appears just like a physical link to the virtual schedulers. Because of
discrete service boundaries, the rate control introduces an output burstiness of S’;‘%
where S, is the size of the maximum packet on the virtual link and r; is the rate
of the virtual link. After the rate control, the packets are queued before the link
level scheduler, which is again a latency rate server like WFQ. There is an increase in
end to end delay bounds of a session by S,,../r; for each virtual link [ that it passes
through, as compared to a general hierarchical scheduler. This increase is expected
to be small as compared to the latency of a single scheduler which is of the order of
Smaz/Ti, where 7; is the rate allocated to a session. In a typical situation, a virtual
link will carry thousands of sessions (r; &~ 1000r;). Therefore the increase in the
delay bound is expected to be less than 0.1 percent. On the other hand, with this
arrangement, the virtual link traffic may be carried by the physical network just like

ordinary sessions saving a lot of book keeping at the physical network.
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Figure 5.6: A two level hierarchical RRR arrangement for virtual networks.

5.5.1 Hierarchical RRR scheduler

In the above arrangement, the queues need to be maintained at the virtual scheduler as
well as the corresponding link level scheduler. In addition, the virtual scheduler needs
to use asynchronous timers to implement the rate control. By using a hierarchical
RRR scheduler, it is possible to have a simpler implementation. In the rest of this
chapter, we assume binary RRR scheduler for fixed packet size. The other variants
may also be used in the same manner.

Assume that a virtual scheduler schedules sessions on m different virtual links
which are labelled from 1 to m. Assume that virtual link ¢ has n; sessions passing
through it. The virtual scheduler consists of one instance of level-0 RRR scheduler
and m instances of level-1 RRR schedulers as shown in Figure 5.6.

The level-0 RRR scheduler partitions the link bandwidth among the m virtual
links. This scheduler is non work-conserving which results in a bounded output
burstiness for each virtual link. There are m level-1 RRR schedulers which schedule
the traffic from different sessions. These schedulers may be work-conserving or non
work-conserving.

With this arrangement, the leaves of the level-0 scheduling tree now point to
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Figure 5.7: A sample scheduling tree arrangement for hierarchical RRR in a virtual

network.

a level-1 scheduling tree corresponding to the virtual link represented by the leaf.
While traversing the level-0 scheduling tree, when the level-0 RRR scheduler reaches
a leaf. It traverses the corresponding level-1 scheduling tree and upon reaching its
leaf, schedules traffic from the corresponding session. If the level-1 scheduler is work-
conserving and the scheduler reaches a unallocated leaf or the session corresponding
to the leaf has no data, the level-1 scheduling tree is traversed again starting from its
root to go to the next stream. Figure 5.7 shows a sample scheduling tree arrangement
for two virtual links.

Let the session with rate r; be scheduled on a virtual link of rate r using a two
level RRR scheduler. Let the physical link have a rate of [. Assume that ¢; is the
count of the number of ones in the binary representation of r;/r and ¢ is the count of
number of ones in the binary representation of r/l. We have the following properties

of this scheduler:

Lemma 5.5.1 The output burstiness of the virtual link scheduled by the hierarchical
RRR scheduler is ¢Sp,a., where ¢ is the count of number if ones in the normalized

binary representation of the virtual link rate.

The top level scheduler is non work-conserving RRR. If S(0, ?) is the amount of traffic

of the virtual link serviced in the interval (0, ¢) then from simplification of Equation 4.1
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we get:
S(0,t) <71t + cShmae (5.26)

where r is the rate allocated to the virtual link and ¢ is the count of the number of
ones in the binary representation of the normalized virtual link rate. Since the choice

of origin is arbitrary in the above equation, we may rewrite it as:
S(t] s tg) S ’I"(tg — t]) + CSma:I: (527)
This shows that the output burstiness of the virtual link is bounded by ¢S4

Lemma 5.5.2 The two level RRR acts as a latency rate server for the session with
rate T; and latency (c;/7i + ¢/71)Smaz, where vy is the rate of the virtual link, ¢, is the
count of the number of ones in the normalized rate of the virtual link and c¢; is the

count of number of ones in the normalized rate of the session.

It has been shown in [129] that the worst case fairness index (WFI) of hierarchical
scheduler is sum of the individual WFI of the schedulers in the hierarchy. The WFI
of level-0 RRR is %Smam and the WFT for level-1 RRR is £5,,4,. Therefore the WFT

for the two level scheduler is (£ + %)Smam. The WEFT of a scheduler is also an upper
bound on its latency. Therefore the two level RRR is a latency rate server with

Ci
Ti Ty

latency (

5.5.2 Flat RRR with virtual link based node allocation

We have shown in Section 5.2 that if a scheduler does not take into account the
bandwidth partitioning induced because of virtual links, then the output burstiness
of a virtual link can become very large (proportional to the number of connections
passing through the virtual link). In this section we show that with a careful node
allocation strategy in the scheduling tree of the RRR scheduler, the output burstiness
of each virtual link can be bounded by a small constant. In this node allocation
strategy the rates are first allocated to virtual links and then from the virtual links,

the rate are allocated to individual streams. We call this allocation strategy as virtual
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link based node allocation. As a result, RRR with virtual link node allocation strategy
is suitable for a virtual network. This results in lower latency as compared to the
hierarchical RRR.

Recall that in the RRR scheduler, a (binary) scheduling tree is constructed which
represents the rate allocation to various streams. The scheduling algorithm generates
its schedule by traversing the scheduling tree in a recursive round robin order. The
scheduling tree is modified only when new connections are added or old connections
are removed. The leaves of the tree are labelled with stream numbers. We say that
a leaf has been allocated to a stream if it is labelled with its stream number. This
scheduling tree has the property called unfragmented rate allocation. According to
this property, two nodes of the tree at the same depth can never to allocated to
the same stream. This property is crucial for delay, buffer and fairness properties
of the scheduler. However unfragmented rate allocation of the null stream (or the
unallocated nodes) is not essential for these properties. Unfragmented rate allocation
of the null stream is only needed for bounding the size of the scheduling tree.

In the virtual link based node allocation strategy, we relax the unfragmented rate
allocation restriction for null stream. This gives more flexibility in node allocation
which helps in reducing the output burstiness. Each stream is identified by a tuple
(virtual link number, stream number). The stream number is defined in the context of
its virtual link. Following the conventions of the RRR scheduling tree, the virtual link
numbered 0 corresponds to the unallocated bandwidth on the physical link. Similarly,
the stream numbered 0 of every virtual link corresponds to the unallocated bandwidth

at the virtual link.

Construction of the scheduling tree

The scheduling tree is constructed in two phases. In the first phase, the rate of each
virtual link is represented relative to the link rate and a scheduling tree is constructed
as in normal RRR scheduler. This scheduling tree has unfragmented rate allocation
for all the virtual links including the virtual link numbered 0. This scheduling tree

is constructed at the time of creation of virtual links and is rarely modified. This
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tree needs to be modified only if the bandwidth allocation to the virtual links are
changed. In the second phase, the allocation to individual streams is done. The rates
of individual streams are represented relative to the rate of the physical link. The
rate allocation for the streams is carried out as if it is being done on the physical
link, with a small restriction. During this allocation if a stream is being added or
deleted on virtual link numbered 7, then only the nodes labelled with virtual link
j are manipulated. The operations needed for addition or deletion of streams are
allocate, split, deallocate, join and phase exchange. We now discuss how to carry out

these operations in the second phase.

e Allocate: In normal RRR scheduling tree, a free leaf is allocated to the stream
by writing the label of the stream number on the leaf. In the virtual link based
allocation, if stream ¢ is added to virtual link 7, then only free leaves of virtual

link j (labelled (j,0)) can be allocated to stream i by relabelling them to (7, 7).

e Split: In normal RRR scheduling tree, if there is no free leaf at the desired
depth, then a free leaf at a smaller depth is split recursively until free leaves
at the desired depth are created. In the virtual link based allocation, if stream
¢ is added to virtual link j and a split operation is needed, only free leaves of
virtual link j (labelled (j,0)) are split into two free leaves of the same virtual

link at one greater depth.

e Deallocate: In normal RRR scheduling tree, the leaf which is deallocated is
simply labelled 0. In virtual link based allocation, the stream number of the
leaf to be deallocated is changed to 0, the virtual link number of the leaf remains

the same.

e Join: In normal RRR scheduling tree, two free sibling nodes are joined to give
rise to one sibling at one lower depth. In virtual link based allocation, only two
free sibling nodes of same virtual link may be joined to give rise to one free

sibling of the same virtual link at one lower depth.

e Phase Exchange: In normal RRR scheduling tree, one free leaf at a level may be

swapped (with a careful relabelling in a particular order) with another node at
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the same level. In virtual link based allocation, this swapping can be performed

only if the free leaf and the node belong to the same virtual link.

With the above set of operations, it can be shown by using exactly the same
argument as in normal RRR that if the available rate at a virtual link is greater than
or equal to the rate of a new stream, it can be added in the virtual link. Similarly,
it can be shown that all the streams (including the null stream) of every virtual link
has unfragmented rate allocation.

Note that the set of unallocated leaves may not be unfragmented as there may
be two unallocated leaves of different virtual links at the same depth. These leaves
cannot be combined because the join and phase exchange operations can only be
performed between nodes of the same virtual link. However, the unallocated leaves
of the same virtual link are indeed unfragmented.

If there are m virtual links and the virtual link j has n; streams then the number
of leaves allocated to the virtual link j is bounded by (n; + 1)g, where g is the
maximum depth of the scheduling tree. Therefore the number of leaves of scheduling
tree is bounded by (37, n; +m + 1)g. There are three terms in this expression.
The term (37", n;)g corresponds to the leaves allocated to the streams. The term
mg corresponds to the free leaves in m virtual links and the term ¢ corresponds to
the free bandwidth at the physical link. The increase in size of the tree because of
fragmented rate allocation of the null stream is only mg. This is just a 0.1 percent
increase if there are about thousand sessions per virtual link.

The schedule generated by the recursive round robin traversal of the scheduling
tree constructed above satisfies the delay bound and buffer bound properties for
individual sessions. Therefore it is a latency rate server for traffic of session 7 with
latency rli(:ZS,mﬂE and rate r;, where r; is the rate of session 7 and ¢; is the count of
number of ones in the normalized rate representation of session 7 with respect to the
rate of the physical link.

In addition to this, the tree has the following interesting property. If all the sibling
leaves which belong to the same virtual link are joined until no two siblings can be

joined, the resulting tree has at most ¢ leaves per virtual link. This tree is identical to
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the tree constructed in the first phase of the rate allocation. The output schedule of
these two trees is identical if individual stream numbers are ignored and only virtual
link numbers of the output schedule are considered. As a result of this property, each
virtual link has bounded output burstiness. If S;(0,#) is the amount of traffic of a

virtual link [ serviced in the interval (0,t) then
Sl(O, t) S Tﬂf + ClSmaa: (528)

where r; is the rate allocated to the virtual link and ¢; is the count of the number of
ones in the binary representation of the normalized virtual link rate. Since the choice

of origin is arbitrary in the above equation, we may rewrite it as:
Sl(t],tg) S Tl(tg — TL]) + ClSma:L‘ (529)

This shows that the output burstiness of the virtual link is bounded by ¢S54

5.6 Conclusions and Future Work

We have shown that traditional work-conserving schedulers including the hierarchical
schedulers are inappropriate for providing bounded delay service in generic virtual
networks. The traffic of multiple sessions of a virtual network is tunneled through
the physical network which treats the entire traffic of the tunnel as if it belongs to a
single session. As a result, the physical network is not able to protect the well behaved
sessions from misbehaving session which share the same virtual link. The problem
can be solved by restricting the rate at which traffic may be sent on a virtual link.
We introduce a term called output burstiness which we use to extend the theory of
latency rate servers. We show that if a latency rate server also has a bounded output
burstiness for each virtual link, it may be used in a virtual network to provide end to
end delay bounds for sessions of the virtual network. This gives us a generic method
to design a class of schedulers which may be used in virtual networks.

We have shown how latency rate schedulers used in ordinary networks can be
modified for virtual networks by adding an output rate control. We proposed two

versions of the recursive round robin scheduler for virtual networks. The hierarchical
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RRR allows the sharing of residual bandwidth in a virtual link. The flat RRR with
virtual link allocation does not allow sharing, but results in smaller latency and hence
smaller delay bounds for sessions.

We show that real-time sessions of the virtual networks cannot use the residual
bandwidth at other virtual links, sharing the same physical link. However, this band-
width may be utilized by the best-effort traffic. In order to achieve bandwidth sharing
by the best-effort traffic, the physical network needs to distinguish the best-effort traf-
fic of a virtual link from its real-time traffic. This may be done either by creating
separate tunnels for best-effort and real-time traffic or by marking the best-effort
traffic if it is sent over the same tunnel. Further work is needed in this direction to
explore the tradeoffs. Some congestion control algorithms require the participation of
intermediate nodes in the path of the sessions. In some of these algorithms, the inter-
mediate nodes only need to propagate congestion information to the sources, while in
others the intermediate nodes need to carry out operations on a per session basis (like
per session queueing, buffer management and scheduling). In a virtual network, per
session operations may only be carried out on virtual nodes. The physical nodes can
only carry out operations on the aggregate traffic. The performance study of these
algorithms in a virtual network is an area of further study. It would also be interesting

to come up with schemes for adapting these algorithms for virtual networks.



Chapter 6

Fair Sharing in Virtual Networks

6.1 Introduction

In this chapter we address the issue of sharing of residual bandwidth on physical links
which carry multiple virtual links. In the last chapter we showed that virtual links of
an Integrated Services virtual network cannot carry traffic at a rate higher than their
allocated capacity even if the underlying physical links have large spare capacity to
carry the traffic. Sending traffic at a rate higher than the allocated capacity of the
virtual link results in large output burstiness which deteriorates the QoS properties of
delay sensitive traffic on the virtual link. This results in wastage of unused capacity
in the physical network. As a partial solution, to improve sharing we suggested using
separate virtual links for real-time and best-effort traffic. Thus the best-effort traffic,
which is not too sensitive to delays, may make use of the unused bandwidth on the
physical links. However even with this, it is not possible to handle the best-effort ses-
sions that need a minimum bandwidth guarantee. Some bandwidth may be reserved
even for the best-effort tunnels, and the best-effort session requiring a minimum band-
width guarantee may be admission controlled. This introduces additional undesirable
partitioning of the virtual link capacity into best-effort and real-time classes and the
sharing is still limited only to the “elastic” portion of best-effort traffic only. There-
fore an integrated approach is needed which can extend residual capacity sharing even

to real-time traffic and handle the best-effort traffic in the same framework.

157
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In this chapter, we propose a new approach called Stochastic Fair Sharing (SFS)
to improve sharing among virtual links of virtual networks. SFS resizes the capacity
of virtual links, depending upon their traffic demand and residual capacity in the un-
derlying physical network. The underlying scheduling weights are adjusted according
to resized capacities. The capacity resizing is done at a granularity of session arrivals
and therefore the resized capacity is available for session holding time. As a result,
even the real-time traffic can make use of the increased capacity. While resizing redis-
tributes the free capacity at the time-scale of session holding times, the packet level
solutions (fair schedulers like WFQ, RRR) take care of instantaneous free capacities
at the time-scale of packet transmission times.

This kind of approach is shown to result in factor 1.5 to 3 sharing gain in [27].
Similarly in [53] a pipe resizing approach for AT&T switched network is shown to
result in a sharing gain of 2.

An important issue, which has not been discussed in any of these approaches is
protection and fairness. In most of the cases every virtual link will have a provisioned
capacity allocated at the time of establishment of the link. In case of virtual private
networks (VPN), this provisioned capacity may also be included as a part of service
level agreement (SLA) between the VPN customer and the service provider. Tt is
possible that one virtual link resize its capacity to a large amount, whereas other
virtual links may not be able to resize even to their provisioned capacities. According
to the protection criteria, every virtual link should be able to resize its capacity to its
provisioned value (within a reasonable time), even if its current capacity is lower than
the provisioned value. This ensures that well behaved virtual links are not affected
by misbehaving virtual links (those who asked for low provisioned capacity and then
try to resize it to a large value) even in extreme conditions. Protection enables the
lightly loaded virtual links to release their capacity for redistribution by the network.
The virtual links may release their residual capacity only if they can get it back when
they need it. According to the fairness criteria, the residual link capacities should be
redistributed to virtual links in proportion to their provisioned capacities. In case of
a network, this criteria is same as weighted max-min fair [64] allocation.

SFES ensures protection by allowing fair sharing of residual capacities. In case of
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a single link, the proposed SFS technique extends the admission control algorithm at
the link and decides which sessions to accept and which to reject. For simplicity of
exposition, we assume that QoS requirement of a session is expressed using a single
bandwidth parameter. For VBR traffic the concept of equivalent bandwidth [54]
may be used, for delay sensitive traffic the delay parameter may be translated to a
bandwidth parameter (assuming that rate allocating schedulers [117] are used at this
link), and for best-effort traffic the minimum bandwidth requirement of the session
may be used. In order to make a decision about a new session, the classes are first
sorted in increasing order of their normalized usage (current reservation divided by
allocated capacity). A new session of a class is accepted only if the free capacity after
accepting the session is greater than or equal to the sum of the trunk reservations of
classes with lower normalized usage. Once a session is accepted, the corresponding
weights in the underlying hierarchical fair packet scheduler (if any) are adjusted to
reflect the change. In this way, this scheme attempts to equalize the normalized usage
of classes by giving higher priority to classes with low normalized usage. Thus, SFS
accounts for long term fluctuations in usage by carrying out capacity redistribution
over a time-scale of session holding times, while the underlying hierarchical packet fair
queueing algorithms handle short term fluctuations in traffic load by redistributing
free capacities over the scale of packet transmission times. SFS ensures that while
the free capacity of a class has been redistributed to other classes, it has low session
blocking probability and can quickly regain its share of capacity as its session arrival
rate increases.

In case of multi-hop virtual links of virtual networks, we assume that every virtual
link has a provisioned capacity allocated by the service provider on its path at the
time of establishment of the virtual link. However, depending upon its current and
estimated load, a customer may request a change in the current capacity of its virtual
link by sending an increase or decrease request in the provider’s network. The increase
request is admission controlled using SF'S at each link of the provider’s network. Af-
ter processing these requests, the corresponding scheduling weights in the provider
network are adjusted accordingly. In case of overload, the provider network gener-

ates reduce messages to request down-sizing of over-allocated virtual link capacities.
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With this scheme we show that, the unbottlenecked virtual links achieve throughput
equal to their current demand, and the equivalent capacity of 94% of bottlenecked
virtual links is within 90 — 105% of their weighted max-min fair capacity (weighted
by provisioned capacity).

SES can be used by service providers to ensure that bandwidth distribution is
fair even in case of high and uneven load. SFS provides fairness by ensuring that
every virtual link can increase its capacity up to its fair share within an interval of
two mean session holding times. This also ensures that well behaving customers are
protected from misbehaving ones (those who asked for low capacity paths and resize
it to higher capacities).

A similar scheme to carry out wirtual partitioning of a single link has been pro-
posed in [12]. This scheme categorizes each class as underloaded or overloaded. The
underloaded classes are given priority over the overloaded classes using the technique
of trunk reservation. While this scheme ensures that the residual capacity of a class
may be utilized by other classes, it does not attempt to do a fair redistribution of
this free capacity. While using virtual partitioning, a class having a high session ar-
rival rate may take the residual capacity of all the classes. The hierarchical virtual
partitioning [93] suffers from the same drawback and is not applicable to multi-hop
virtual links.

The proposed SEF'S scheme is simple, robust and can be implemented in large
networks without significant overheads. In our simulations, the bandwidth penalty
for using SFS was less than 2% and its average signaling load was less than 100
messages per second per router.

SEFS may be used in telecommunication networks to achieve better sharing and
lower call blocking probabilities. It may be used in the context of ATM networks
to dynamically carry out fair bandwidth allocation to virtual paths [96]. Use of
SES to carry out dynamic bandwidth allocation to virtual links in a virtual network
may result in better network utilization and fair resource sharing. In the context
of differentiated services [11] in IP based networks, SF'S may be integrated with the
proposed bandwidth broker architecture to achieve fair sharing of portions of the

network among several administrative domains.
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This chapter is organized as follows. We describe our model in Section 6.2. SFS
admission control procedure is described in Section 6.3. We discuss the case of multi-
hop virtual links in Section 6.4. An approximate model to determine the trunk
reservation parameter is presented in Section 6.5. Single link simulations of SFS
are presented in Section 6.6 and simulations of SF'S on a network are presented in

Section 6.7. We describe future directions in Section 6.8 and conclude in Section 6.9.

6.2 Model

We first describe the single link case. We assume that a link of capacity C' is to be
partitioned into N logical links (or classes) of capacities C;, such that >N, C; < C.
We assume that real-time sessions with bandwidth requirement arrive randomly as a
stochastic process. Bandwidth is reserved upon session arrivals and is released upon
session completion (using a protocol like RSVP [132], PNNI [2] or OpeNet [19]).

We work with simplistic assumptions of Poisson session arrivals and exponential
session holding times. In a typical scenario, these logical links will belong to different
networks (of different organizations). We therefore assume that the session arrivals
at these links are independent of each other.

There is an admission control entity at the link which decides whether the link
has adequate free capacity to accept the reservation requests of sessions. In case
the reservation request of a session can’t be accepted, we say that the session is
blocked. An important performance parameter, in the context of telecommunications
networks is the session blocking probability. In these networks, the link capacities are
provisioned to keep the call blocking probabilities below a specified value (say 0.02).
The session blocking probabilities of sessions having different bandwidth requirement
may be different. Therefore it is more appropriate to analyze the bandwidth blocking
probability [89], which is the average of session blocking probability weighted by
session bandwidth. The other performance parameter is average throughput.

Let r; denote the current bandwidth reservation of logical link . If the link was
statically partitioned, then the admission control procedure could simply check if

sum of the current reservation (r;) and the reservation requested by new session (r),
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is less than or equal to the logical link capacity (C;). The two main drawbacks of the
static partitioning approach are inability to do capacity sharing and loss of statistical
multiplexing.

Imagine a situation where one of the logical links is heavily loaded and its current
reservation is close to its capacity, and other logical links are lightly loaded and have
large free capacities. The static partitioning approach would not allow redistribution
of this free capacity and would block sessions of the heavily loaded logical link even
if the physical link has enough capacity to carry them. This would lower the overall
utilization of the link.

Even if the session arrival rates at each of the logical links were close to each
other (assuming that logical links have equal capacities), static partitioning results
in higher session blocking probabilities because of loss of statistical multiplexing.
The randomness in the session arrival process results in fluctuations in the reserved
capacity. Even if the average reserved capacity is lower than the link capacity, there
are instances when the reserved capacity approaches the link capacity and sessions
arriving at these instances have to be blocked. As the link capacity increases, these
fluctuations tend to have smaller impact on session blocking probabilities because of
the law of large numbers. However, if the link is partitioned, the statistical variations
in reserved capacity of logical links result in higher session blocking probabilities.

Given a partitioning of a link into several logical links, the Stochastic Fair Sharing
(SFS) admission control decides which session reservation requests to accept and
which to block. This decision process is more complex than simply checking if the
current free capacity of the logical link is greater than or equal to the requested
bandwidth!. The reservation in a logical link is allowed to exceed its capacity as long
as it does not significantly affect the performance parameters of other logical links.

The decision process is designed to achieve the following:

Partitioning The link capacity is partitioned into logical links.

Fair Sharing If some of the logical links are lightly loaded, their free capacity should

'In this chapter we discuss stochastic fair sharing in the context of link sharing, but the technique

is generic enough to achieve fair sharing of a resource in a loss network [72].
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be fairly redistributed to other logical links. The notion of fairness used in
packet scheduling algorithms [100] can be generalized as follows. The aver-
age throughput of logical links which have blocking probability greater than a
threshold (say 0.05) should be proportional to their equivalent capacity.

Statistical Multiplexing Since the traffic of all the logical links is carried on the
same physical link, the bandwidth blocking probabilities while using SF'S should

be less as compared to static partitioning.

Isolation For sessions of a logical link it should appear as if the logical link capacity
has been dedicated to them. A high session arrival rate on other logical links
should not significantly increase the steady state bandwidth blocking probability
(or reduce average throughput) of the logical link. The bandwidth blocking
probabilities of a logical link using SF'S should be comparable to that using

static partitioning in the worst conditions.

If all the sessions require equal bandwidth, if the session arrival rate is a Poisson
process and if a session holding time is exponentially distributed, then the session
blocking probability for a link can be obtained using the well known Erlang’s formula

[10, 48].

/!
F0 = 57

where A is the mean session arrival rate multiplied by the mean session holding time
(X is also called arrival rate in Erlangs) and C' is the link capacity (in units of number
of sessions it can carry). Note that as A and C' are increased in equal proportion, the
blocking probability is reduced resulting in better statistical multiplexing.

Let 7; and p; be the mean throughput and blocking probability on logical link 7.

The mean arrival rate A, on the logical link is given by \; = % The equivalent

1
capacity (Cf) of the logical link is defined as the capacity at which the arrival rate
Ti

T results in a blocking probability of p;.

Ti

Cie:C:E(l—p’

C)=pi (6.1)
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Figure 6.1: Session blocking probabilities using the Erlang’s formula when link is

partitioned into different number of logical links.

Note that Cf is unique for a given p; and 7; and is always greater than 7;. As p;
approaches 1, Cf approaches 7;. According to the fairness criteria, the equivalent
capacity of logical links with significant blocking probability (p; > p;, p; = 0.05 say),

should be proportional to their provisioned capacities (C;). Formally,

ce o coo |
— = IV{{i:p; >p} A p; > ot} (6.2)
e

e

The term ?— represents the factor by which the capacity of logical link ¢ is increased
because of unused capacity of other logical links. This quantity is always equal to 1 in
case of static link partitioning, and is expected to be greater than one (representing
the degree of sharing) for SFS. The variation of this quantity across the logical links
(with p; > p;) represents a measure of unfairness of this sharing.

In a more general setting, the closed form expression for call blocking probability
is very difficult to obtain and simulations are used for its estimation.

The variation in session blocking probability as session arrival rate increases is
shown in Figure 6.1. We assumed a OC3 link of 155Mbps carrying video sessions
of 2Mbps with a mean holding time of 3 minutes. The sessions arrive as a Poisson
process with exponentially distributed session holding time. Graphs are plotted for
cases when the link is partitioned into 2,4,10 and 20 logical links of equal capacity.
The arrival rate at each logical link is kept the same. When the arrival rate is low,

the session blocking probability is almost zero and it increases as the session arrival
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Figure 6.2: Expected throughput using the Erlang’s formula when link is partitioned

into different number of logical links.

rate increases. The arrival rate increases up to 155 calls per minute which is two
times the rate needed to saturate the link, when the session blocking probability
becomes more than 0.5. As the number of logical links are increased, the bandwidth
blocking probability is increased, indicating the loss of statistical multiplexing due
to partitioning. The variation in expected throughput as computed by the Erlang’s
formula is given in Figure 6.2. The loss of statistical multiplexing is again evident
from the graphs.

SES achieves lower bandwidth blocking probability when the arrival rate is high,
at the expense of slightly higher bandwidth blocking probability when the arrival rate
is low. When the arrival rate at a logical link is low, some of its free capacity is fairly
redistributed to other logical links, which marginally increases its bandwidth blocking
probability. However, the links with heavy load experience lower bandwidth blocking
probability because of better statistical multiplexing and redistributed capacity. As

a result, the overall throughput is increased significantly.

6.3 The SFS Admission Control

Let r; be the amount of this capacity already reserved (read used) by logical link

i. The normalized usage of logical link 7 is given by n; = r;/¢;. A logical link with
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normalized usage less than 1 is underutilized whereas a logical link with normalized
usage greater than 1 is using more than its allocated capacity. If the given link is
statically partitioned, n; is always less than or equal to 1. In case of stochastic fair
sharing, if some logical link is underutilized, other logical links may make use of its
unused capacity and have a normalized usage of greater than 1.

Let the logical links be relabelled in increasing order of their normalized usage
(link 1 has lowest normalized usage and link N has the highest). The link with
lowest, normalized usage is given the highest priority. A new session for logical link
1 is accepted if the free capacity of the physical link is greater than or equal to the
bandwidth requirement of the session. A new session for logical link 2 (which has
the second lowest normalized usage) is accepted only if enough free capacity (#;)
would be left in the physical link, for logical link 1 after accepting the session. This
reserved capacity is called the trunk reservation for logical link 1 (a term adopted from
telecommunications networks) [48]. In general, a session of logical link 7 is accepted if
the free capacity after accepting the session is at least equal to the sum of the trunk
reservations of the logical links with lower normalized usage. Formally, a new session
of logical link 4, with bandwidth request of r is accepted if and only if:

N
orj+r+> t;<C (6.3)
j=1 J<i

A session from the most heavily loaded logical link is accepted only if 3>,y 7;
capacity remains free after accepting this session. This scheme gives higher priority
to sessions of logical links having low normalized usage and thus attempts to equalize
the normalized usage of different logical links.

It has been shown in the context of telecommunications networks that even a
small amount of trunk reservation gives almost absolute priority to one class of calls
over the other [7, 92]. If there are only two types of calls arriving on a link and
certain amount of trunk reservation (equivalent to that needed by 1-10 calls) is set
aside for high priority calls, then as call arrival rate increases, the high priority calls
start occupying most of the link. However, if the arrival rate of high priority calls
is not large enough to saturate the link, the low priority calls occupy the rest of the

link. 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 presence of trunk reservation.

and mean holding time of three minutes arrive at a link of 155Mbps. There is a trunk
reservation for high priority sessions. The arrival rate of low priority sessions is kept
high at 310 Erlangs and the arrival rate of high priority sessions is varied. The graph
shows that even small amount (4 Mbps) of trunk reservation gives almost absolute

priority to high priority sessions.

In the proposed SFS approach, sessions in the link having the least normalized
usage are given priority over the rest of the sessions. Therefore, its usage is expected
to increase. As soon as its usage becomes larger than that of next link, its priority is
reduced. Similarly, the link having the highest normalized usage is given the lowest
priority, allowing it to only make use of the leftover capacity of all other logical links.

As a result, this approach attempts to equalize the normalized usage of the logical

links.

Consider a link partitioned into two logical links of equal capacity. The state of
the link at any given time is represented by the current bandwidth reservation of the
two logical links. Figure 6.4 shows the state space diagram of the system. The x
and y axis represent the current reservation of the first and the second logical link
respectively. The current state of the link can be represented by a point in the state
space diagram. The shaded region represents the possible states where the system
may be present at any given time. Clearly, the sum of the reservations can not be

more than the link capacity as shown by the negatively sloped line on the right.
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Figure 6.4: State space diagram for a link.

When a new session on first logical link is accepted, the system moves to the
right in the state space diagram. Similarly, upon acceptance of a new session on
second logical link, the system moves up. When sessions of first or second logical
link complete, the system moves towards left or downwards. Assume that trunk
reservation for both the links is same. As long the total free capacity is more than
the trunk reservation, the system may move in any direction (assuming that the
bandwidth requirement of sessions is small). The area shaded as gray represents this
region. In the region where the available capacity is less than the trunk reservation
(the area between the two slanting lines), session of the first logical link can be
accepted only if the current reservation of the first logical is less than that of the
second logical link. Thus, the system can move left, right or down but not upwards.
This region is represented by horizontal shading. Similarly, the region shaded by
vertical lines represents the state space where the system can freely move upwards

but not towards the right.

If the link was statically partitioned, then its state space is limited to the rect-
angular region OPSV and is free to move in any direction in this region. If there
is no partitioning, then the state space of the system would be the region OYZ and
the system would be free to move in any direction in this region. The stochastic fair

sharing approach is between these two extreme cases.
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Note that the region WSX of the state space is characterized by roughly equal and
moderate to high load on both the logical links. In the static partitioning approach,
the system is free to move in either direction in this region, whereas in the SFS
approach its movement is restricted. This may result in higher blocking probabilities
for SFS if the system is expected to be in this region most of the time. Thus the
performance of the SF'S approach may become worse than that of static partitioning.
The situation is worse if the trunk reservation is more than half the link capacity. We
therefore propose a minor modification to our basic scheme described earlier.

If the normalized usage of a logical link is close to its fair share, then it is not
necessary to have a large value of trunk reservation for the logical link. In this case,
we reduce the trunk reservation of the logical link. Logical link 7 has a static trunk
reservation parameter 7; which is the maximum value of trunk reservation for the
link. The fair share (f;) of capacity for each logical link is dynamically computed.
If the difference between the fair share and current reservation of a logical link is
less than its static trunk reservation, then trunk reservation for the link is set to
the difference. Otherwise the trunk reservation is set to the static value. Formally,
t; = minlt;, f; — ;).

The fair share of logical link 1 is given by f; = Z,Sjl C. The fair share of the

j=1 Cj

other logical link is computed by redistributing the free capacity of logical links with

lower normalized usage as follows:

Ci i—1
= ———(C — s
f Z;\; C]( JZ%(TJ J))

The above expression is a natural extension of the fairness criteria [100] used in
packet schedulers. The first term of the product in the above expression represents
the fraction of residual capacity which should be given to logical link 7. The second
term represents the residual capacity after taking out the usage of logical links which
are more lightly loaded than logical link 7. Thus, if the usage of the logical link is less
than its fair share, then the free capacity is fairly redistributed among heavily loaded
links after keeping aside a small trunk reservation.

The state space diagram for this approach is shown in Figure 6.5. Now the system

is free to move towards achieving utilization of its entire capacity as long as normalized
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Figure 6.5: State space diagram of a link while using SF'S.

usage of both the logical links is close to each other.

Note that the goals of isolation and sharing are somewhat contradictory in nature.
For perfect isolation, the link has to be statically partitioned, resulting in no sharing.
Redistributing even a small unused capacity of a logical link, will result in some
increase in its session blocking probability. The static trunk reservation parameter
(simply called trunk reservation in rest of the chapter) can be used to balance isolation
and sharing. If the trunk reservation is set to zero, then the entire link capacity is
shared and there is no isolation. In this case a new session is accepted if and only
if the free capacity in the physical link is greater than or equal to the bandwidth
requirement of the session. As the trunk reservation is increased, the sharing is
reduced and isolation is improved. If the trunk reservation of a logical link is equal to
its capacity then the SF'S scheme emulates static partitioning (assuming that sessions
have fixed bandwidth requirement, and the capacity of each logical link is an integral

multiple of session bandwidth).

6.4 SFS for Multi-Hop Virtual Links

In case of virtual networks, the virtual links are realized by paths in the service

provider’s network. Each virtual link has a provisioned capacity allocated at the
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time of establishment of the link. This provisioned capacity is determined based on
the long term expectation of the traffic in the virtual network and is included in the
service level agreement (SLA) with the provider. In addition, each virtual link also
has a current capacity which can be changed by sending increase or decrease requests
in the provider network. These requests travel along the path of the virtual link. At
each node in the provider network, the SFS state corresponding to each virtual link
traversing the node is maintained. Variable r; of SFS state represents the current
capacity of virtual link 7 and C; represents its provisioned capacity.

Upon receipt of an increase request of amount r, SFS admission control test
(Eq. 6.3) is evoked to decide if the request can be accepted. If the test succeeds,
SFS state at the node is updated (r; is increased), and the request is forwarded to
the next node. If the test fails, a failure indication is sent back along the same path.
While this failure indication travels back, each link in the path decreases its respective
r;. 1f the increase request reaches the other end of the virtual link, a success mes-
sage is sent back. While this message travels the reverse path, the scheduler weights
are adjusted. For a decrease request, r;’s are decreased and scheduler weights are
adjusted in the forward path.

Now, on a session arrival, the virtual link can simply send an increase request cor-
responding to the session bandwidth requirement, and accept the session if and only
if the increase request is accepted in the provider network. Similarly, upon a session
completion, the virtual link may send a decrease request in the provider network.
While this approach would achieve weighted max-min fair sharing, it may flood the
provider network with increase and decrease requests, particularly if individual VPN
sessions require only a small fraction of the virtual link bandwidth. It would also
result in higher call setup latencies in the VPN as the signaling message will traverse
the virtual link twice.

Therefore, we set a minimum step size (C,,;,,) by which the virtual link capacities
can be changed. In order to prevent rapid oscillations in virtual link capacity around
integer multiples of (C,;, we introduce hysteresis in sending increase and decrease
requests. The decrease request is sent only if the free virtual link capacity is at least

1.5Chin-
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The minimum step size restriction creates the following problem. The SFS algo-
rithm for a single link relies on the fact that session holding times are finite. If the
usage of a logical link is above its fair share (because of low traffic on other logical
links in the recent past), new sessions on that logical link will not be accepted, and
ongoing sessions will eventually complete and release the bandwidth. However, if the
minimum step size is fixed (say Cyi,) and bandwidth requirements of sessions is small
as compared to C,,;,, then, instead of a decrease request, a session completion will
generate some free capacity in the virtual link. At this stage, if a new session arrives
it can be accepted without going through SFS admission control. Thus the virtual
links may not automatically reduce their capacity even while they are operating at
usage higher than their fair share.

To counter this problem, we introduce a network initiated reduce message. After
processing an increase request at a link, the node finds out virtual links on which
a small decrease request, cannot be immediately followed by a successful increase
request of the same amount (i : Zj-v:l ri + ;;11 t; > C), and sends reduce request to
these virtual links. After introducing hysteresis, the condition to generate a reduce
request for virtual link 7 becomes (Z;\; T+ Z,Z};]] t; > C+Chpyp). Upon receipt of the
reduce request, the virtual link stops admitting new sessions until it sends a decrease
request. This ensures that capacity can be quickly reclaimed from virtual links using
more than their fair share.

Finally, some virtual links may still overwhelm the provider network by quickly
and repeatedly sending increase requests most of which fail. We therefore impose a
constraint that after an increase request fails, a virtual link is not allowed to send
another increase request for a fixed interval (taken as 1 sec. for simulations).

The key ideas needed to extend SFS to multi-hop virtual links are summarized as

follows.

e [ncrease and decrease requests in the provider network to dynamically resize

virtual link capacity.
e Use of SKF'S admission control at each provider link for increase requests.

e A minimum resize capacity to limit signaling load.
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bility in worst case.

e Network initiated reduce request to signal highly loaded virtual links to cut

down their traffic.

e Hysteresis in algorithms generating increase, decrease and reduce requests.

6.5 Determining Trunk Reservation Parameter

The trunk reservation parameter should balance the degree of sharing and isolation of
different logical links. For the isolation property, it is sufficient to bound the session
blocking probability of a lightly loaded link, when all other links have high session
arrival rates. In order to compute the session blocking probability, we work with the
following simplified and approximate model.

Assume that sessions have fixed bandwidth requirement, and capacities of logical
links are integral multiple of session bandwidth. We scale down the capacities by
session bandwidth requirement. A capacity of £ means that the link can accept k
sessions. Let the capacity of the physical link be C'. Assume that sessions arrive inde-
pendently as a Poisson process with exponentially distributed mean session holding
times. Assume that all logical links except link labeled 1 have high session arrival
rates. Let ¢ be the trunk reservation for logical link 1. Since the arrival rate on all
the other links is high, the sessions are expected to utilize most of the link, leaving a
free capacity less than or equal to ¢, which is protected by the trunk reservation.

We therefore assume that the free capacity is always less than or equal to ¢ and
consider a simplified Markov chain having ¢ 4+ 1 states as shown in Figure 6.6. State ¢
represents a free capacity of ¢ in the physical link. First, assume that the normalized

usage of logical link 1 is the lowest among all the other links. Let the session arrival
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rate at link 1 be A\jpu. Let the mean session holding time be 1/pu. The system can
move from state i to i — 1 (i < ¢) only upon arrival of a session of link 1 (which has a
mean A;p). However, if any of the ¢ — i sessions complete, the system can move from
state ¢ to i + 1. If P(i) represent the steady state probability that the system is in
state ¢, then ‘

I, (C' —t+3j)

If C is large as compared to ¢, then we can approximate C —t 4 j as C'. Therefore
M,
C

P(t—i) = P(t)

P(t — i) = P(t)(

The session blocking probability is given by P(0).

(M /C) |
izo (M/C)'

Now consider the case when the normalized usage of some other link becomes less

P(0) =

than that of logical link 1. There is at least one session with a usage lower than that

of link 1. Therefore, its free capacity will be redistributed and some of it will be given

to link 1. As a result, the fair share of link 1 will at least be equal to its capacity.

Thus, the blocking probability for a new session of this link, is expected be less than

the blocking probability of the static partitioning approach (E(A;,C;)). Therefore

the blocking probability for link 1, for a given trunk reservation ¢ is bounded by:
p(t) < max (E()\1,C’]), M) (6.4)

i=0 (M/C)

A comparison of blocking probability as given by the above model, with the block-
ing probabilities obtained by simulations is given in Figure 6.7. The link of 155Mbps
is partitioned into two logical links of equal capacities. We assume video sessions with
a fixed bandwidth requirement of 2Mbps. The session arrival rate at one of the links
is kept high at the rate of 310 Erlangs and is varied at the other link. The measured
session blocking probabilities while using SE'S are plotted for different values of trunk
reservation. The blocking probabilities as given by the model are also plotted. The
graphs indicate that the observed blocking probabilities are in good agreement with

the model. When the session arrival rate is low, the Markov chain of Figure 6.6 is
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Figure 6.7: A comparison of session blocking probability as given by model with that

given by simulation, in case of overload.

a good model of the system, and Eq. 6.4 gives a reasonable estimate of the block-
ing probability. As the arrival rate increases, the system starts behaving as if it was
statically partitioned and the blocking probabilities are given by the Erlang’s formula.

In order to calculate the trunk reservation for a logical link, we first select a target
blocking probability p. In the extreme conditions, when there is high arrival rate on
all the other logical links and the arrival rate on this link is very low, we aim for a
blocking probability less than or equal to p. In case the arrival rate on this link is

higher, the blocking probability will be close to that given by the static partitioning
approach. Therefore we need P(t) < p in the region where F(A\,C}) < %
i=g \ N/

Thus,

(/)
T Yo (M/0)
Al
=P 2(6)
log(p)
=t ~ log(A/C)

In order to compute a bound on ¢, we put A; as C; (the arrival rate is just enough to

saturate the link capacity). We get the following condition on trunk reservation:

log(p)
"= Tog(C1/0)

For a path traversing N hops, the target blocking probability may be divided by

(6.5)
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N to get a per-hop target blocking probability. Note that the above expression is
just to get a rough estimate of the trunk reservation parameter for a given worst
case target blocking probability. The model is simplified, approximate and does not
model the system well when the bandwidth requirements of sessions are variable. We
still used Eq. 6.5, with a worst case blocking probability, p, of 0.01 to calculate the
trunk reservation parameter for single link simulations. The variation in the trunk
reservation parameter was small (between 3 and 5 sessions). Therefore, for network
simulations, we used a fixed trunk reservation of 10 Mbps (equivalent to t = 5 for C,,;,
= 2 Mbps). This gave us satisfactory results. If the session bandwidths are variable,
we use the average bandwidth requirement of sessions to scale the capacities. Our
simulations give satisfactory results for most cases. In the extreme case when the
physical link of 155Mbps was partitioned into 20 logical links, the calculated trunk
reservation was 3Mbps which was less than the maximum bandwidth requirement of
a session (3.75Mbps). This resulted in poor blocking probabilities of lightly loaded

links in case of overload.

6.6 Single Link Simulations

SFS critically relies on the assumptions that (a) bandwidth requirement of individual
sessoins is small as compared to the link capacity, (b) most sessions have small holding
time, and (c) the session arrival process is not very bursty.

Accurate models for the arrival process of sessions with QoS requirements are
not available. The only models available are for call arrivals in telecommunications
networks where researchers have extensively used Poisson call arrival model (with
arrival rate as a function of the time of day) with exponential holding time (with a
mean of about 3 minutes). The assumptions required for SFS are definitely true in
telecommunications networks.

These assumptions also seem reasonable for future Integrated Services Networks.
For instance, the bandwidth requirement of MPEG video stream is between 1 — 6
Mbps, which is reasonably small as compared to link speeds of 155 Mbps to 2.4
Gbps. The average throughput of a typical web connection is also small (4 Kbps
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Figure 6.8: Bandwidth blocking probabilities under same arrival rate on all logical

links.

to 128 Kbps) [4] as compared to the link speeds. Though the holding time for web
connections is shown to be heavy tailed [23], most of the connections are still short-
lived. The session arrival process is also not as bursty as the data arrival process.
We therefore simulated using the most simplistic model. We assume that sessions
arrive as a Poisson process having exponentially distributed holding times with a
mean of three minutes. The bandwidth requirement of these sessions vary uniformly
at random from 250Kbps to 3.750Mbps in increments of 250Kbps. The mean session
bandwidth is 2Mbps. Though these assumptions do not accurately model the session
arrival process, we do expect them to give a glimpse into the SFS performance. We

assume an OC3 link of 155 Mbps, partitioned into logical links.

6.6.1 Statistical Multiplexing

Figures 6.8 and 6.9 show how SFS can achieve more statistical multiplexing. The
physical link is partitioned into five logical links. The session arrival rate in each of the
links is kept the same and the total session arrival rate is increased till 155 Erlangs (two
times the rate required to saturate the link). The bandwidth blocking probability,
which is the same for each logical link, is measured and plotted for different schemes.
“No partitioning” refers to the scheme in which a new session is accepted if the

physical link has enough free capacity. In “Static partitioning”, a new session is
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Figure 6.9: Average throughput under same arrival rate on all logical links.

accepted only if free capacity of its logical link is greater than or equal to its bandwidth
requirement. The bandwidth blocking probability and the average throughput of
SE'S is close to that of the “no partitioning” approach which is the best achievable.
Therefore, SE'S regains most of the statistical multiplexing lost by fixed partitioning.

6.6.2 Isolation

The performance parameters of a logical link should not degrade in the presence of
overload on the other logical links. To see this, we have simulated two overload sce-
narios. We partition the physical link into five logical links and assign high session
arrival rates on four of the links. The session arrival rate on other logical link (which
is lightly loaded) varies from 0 to 31 Erlangs (two times the rate needed to saturate
the logical link). In the “constant overload” scenario, the session arrival rate on over-
loaded logical links was kept to 310 Erlangs, whereas in the “proportional overload”
scenario the arrival rate on the overloaded links was kept ten times the arrival rate on
the lightly loaded link. If there is adequate isolation, the bandwidth blocking prob-
abilities of the lightly loaded link would not be much worse than that of the static
partitioning approach.

Figure 6.10 plots the bandwidth blocking probability of the lightly loaded link as
its session arrival rate increases. Note that the blocking probability in the presence of

overload is very close to that of static partitioning. This shows that the SF'S approach
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Figure 6.12: Average throughput of the two logical links.

achieves isolation even in the presence of overload in other links. The same graph
is shown in log scale in Figure 6.11. Note that when the arrival rates are very low,
and the blocking probability is 0.01 (the target blocking probability) or less, then
the blocking probability of the SEF'S approach does not reduce as fast as in static
partitioning. In this range of operation, the free capacity of lightly loaded links is
redistributed to overloaded links resulting in higher blocking probability. However, if

the arrival rates on all the links is equal, then blocking probability is reduced.

6.6.3 Fair Sharing

In order to illustrate sharing, we assume that the physical link is divided into two
logical links of equal capacity. Again, one of the links is lightly loaded whereas the
other link is overloaded. The overloaded link has a constant session arrival rate of
310 Erlangs, which is eight times the rate required to saturate the physical link.
The arrival rate in the other logical link varies from 0 to 77.5 Erlangs. Figure 6.12
shows the variation in the average throughput as the arrival rate in the lightly loaded
link increases. At zero session arrival rate, most of the free capacity is used by the
overloaded link. However as the session arrival rate increases, the average throughput
of the lightly loaded link increases. The graph showing average throughput of the
lightly loaded link overlaps with the graph showing the same if static partitioning
was used, indicating 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 capacity while using SFS.
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Figure 6.14: Sharing of residual capacity while using virtual partitioning.

link even if its capacity is redistributed to other links. The total average throughput
while using static partitioning varies from 77 Mbps to 155 Mbps. The total average
throughput while using SF'S increases from 140Mbps to 155Mbps, indicating that the
trunk reservation of the lightly loaded link is also utilized as its arrival rate increases.

To demonstrate fairness of sharing, we assume that the physical link is partitioned
into three logical links of equal capacity. One of the logical links is overloaded with
an arrival rate of 77.5 sessions per minute (three times the nominal load), the other
link 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 times
the nominal load). The ratio of equivalent capacity to provisioned capacity for links

having blocking probability greater than 0.05 is plotted in Figure 6.13. The same
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graph is plotted for the virtual partitioning scheme [12] in Figure 6.14. Points with
zero ratio indicate that the bandwidth blocking probability is smaller than 0.05. In
the case of virtual partitioning, the free capacity is taken almost entirely by the
logical link having high arrival rate. When the arrival rate on one of the logical links
is low, there is a large free capacity. In this range, the equivalent capacity of the link
having an arrival rate of 77.5 Erlangs, is 1.8 times its provisioned capacity whereas
the equivalent capacity of the other link with arrival rate 33.58 Erlangs is only 1.15
times its provisioned capacity. As the arrival rate on one of the links increases, the
free capacity decreases and eventually becomes equal to zero. In this region of the
graph, equivalent capacity of virtual links approach their provisioned capacity. The
graphs for SFS show that the ratio of equivalent capacity to provisioned capacity is
very close to each other for the entire range of arrival rate on one of the logical links.
This indicates that SFS redistributes the residual capacity fairly among the logical

links in accordance with our fairness criteria.

6.7 Simulations for a Network

We report the results for simulations carried out on a twelve node approximate AT&T
Worldnet topology (also used in [27]) as shown in Figure 6.15. Each link is assumed
to be of capacity 2.4 Gbps and propagation delay 20ms. We setup a leased virtual

link between every pair of these nodes. Therefore, there are 132 unidirectional virtual
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links. A fixed trunk reservation of 10 Mbps and a minimum increase/decrease step

size of 2 Mbps was used.

6.7.1 Max-min Fairness

We assume that all the 132 virtual links have the same provisioned capacity. We
assume, as in Section 6.6, that sessions with rate uniformly distributed between 0.25
Mbps and 3.75 Mbps in increments of 0.25 Mbps, randomly arrive (as a Poisson
process) at these virtual links. The session holding time is exponentially distributed
with a mean of three minutes (1/4 = 3min.). A load of 1 on a virtual link implies a
session arrival rate of fu/r, where f is its max-min fair capacity, r is its mean session
bit-rate. In the (0.0-2.0) scenario, the load on each virtual link is set uniformly at
random between 0 and 2. In the (0.5-1.5) scenario, the load on virtual links is set
uniformly at random in the range 0.5 and 1.5. In the 5% misbehaving scenario, 5
percent of the virtual links misbehave with a load of 10. The other virtual links have
a load of 1.

We compared SFS with the simplest first come first serve (FCFS) scheme. In
FCFS, each virtual link sends increase and decrease requests as in SFS, but the
admission control procedure in the provider network grants these requests in first
come first serve order (i.e., as long as there is free capacity on the link).

Simulations were run for 2000 simulated seconds. In the end, each virtual link was
classified as bottlenecked or non-bottlenecked, depending upon whether or not its ses-
sion blocking probability was more than a given threshold (p;, = 0.05). The average
throughput of non-bottlenecked virtual links was subtracted from the link capacities
in its path. For rest of the virtual links, weighted max-min fair share was computed
using the residual capacities. Now, using the Erlang’s formula, the throughput of
non-bottlenecked virtual links was adjusted upwards, depending upon their session
blocking probabilities, to reflect their equivalent capacity. The fairness ratio repre-
sents the ratio of equivalent capacity to max-min fair capacity. The experiment was
repeated a number of times with different random seeds.

Figure 6.16 shows the cumulative distribution function of the fairness ratio of all
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the virtual links for different loading scenarios. From the figure, it is evident that
SE'S converges reasonably well to the weighted max-min fair share in the provider
network. For 90% of the cases, the fairness ratio of SFS is between 0.75 and 1.00, for
(0.0-2.0) and (0.5-1.5) scenarios. Note that the Erlang’s formula is only applicable
for constant bandwidth sessions. Therefore computing the equivalent capacity using
the Erlang’s formula even in the presence of variable bandwidth sessions, introduces
a small error. A significant portion of the spread in fairness ratio can be attributed
to this error. When constant bandwidth sessions are used in the simulations the
fairness ratio remains between 0.90 and 1.05 for about 95% of the cases as shown in

Figure 6.17.

As the variation in load increases from (0.5-1.5) to (0.0-2.0), the spread in fairness
ratio for FCFS increases, whereas for SFS this spread remains nearly the same. The

fairness ratio ranges from 0.09 to 3.02 for FCFS and from 0.43 to 1.38 for SFS.

In the case of 5% misbehaving virtual links, the FCFS allocates large capacities to
the misbehaving virtual links, resulting in a significantly lower fairness ratio of most
of the well behaved virtual links. In case of SF'S, the fairness ratio of well behaving
virtual links remains nearly same as before, indicating that they are well protected
from the misbehaving virtual links. The range of fairness ratios for FCFS and SFS

for this scenario are 0.22 to 5.23 and 0.40 to 2.08 respectively.

Another measure of fairness has been proposed in [65]. The fairness index is
defined as I = (X0, f)?/(n(Z, f;%)), where f; is the fairness ratio of virtual link
1 and n is the number of virtual links. A fairness index of 1 implies perfect fairness
and fairness index 0 implies gross unfairness. The fairness index ranges of SFS for
the three scenarios are (0.989 — 0.997), (0.993 — 0.998), (0.963 — 0.974). These ranges
for the FCFS are (0.938 — 0.985), (0.869 — 0.973), (0.644 — 0.658). According to this
index of fairness, SF'S achieves close to perfect fairness for all the scenarios, whereas

FCFS performs significantly worse in the 5% misbehaving scenario.

All these results indicate that SFS achieves its primary objective of protection

and max-min fair sharing in a generic network.
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Signaling load Percentage of Low Bandwidth Traffic
(messages / sec) 0 30 60 90
Avg. (out) v-links 1.36 1.33 1.33 1.60
Max. (out) v-link 5.66 6.00 6.50 8.42
Avg. (VPN) v-link | 2.13 | 21.59 | 41.03 59.9

Max. (VPN) v-link | 9.41 94.23 | 178.62 263.18
Avg. over routers 76.20 | 74.24 | 74.09 88.48
Max. over routers 120.37 | 118.06 | 118.57 144.71

Addnl. setup latency (ms)
Avg. over v-links 29.27 | 2.78 1.32 0.92
Max over v-links 76.77 7.63 4.13 2.96

Table 6.1: Signaling load and additional call setup latency for different mix of high-
bandwidth and low-bandwidth traffic.

6.7.2 Signaling Load

Some fraction of low bandwidth traffic (64Kbps sessions) was mixed with the high
bandwidth traffic, and the signaling load on virtual links and routers was measured.
Table 6.1 shows the results for one simulation run of 2000 seconds. On each vir-
tual link, the number of increase, decrease requests sent and reduce requests received
was measured. The table indicates that the average rate of these signaling requests
remains fairly constant in the range 1.33 to 1.60, even if the fraction of low band-
width sessions in the VPN increases. The number of average VPN signaling requests
processed by virtual links increases to up to 59.9 as the percentage of low band-
width sessions increase. However, most of these requests are filtered by the virtual
links and do not result in a signaling message in the provider network. The rate of
signaling message in the provider network remains fairly independent of the traffic
mix in the VPN. The maximum signaling requests were usually generated by the
Denver-Chicago (4-7) virtual link (between 5.66 and 8.14 messages per second for dif-
ferent traffic mixes). The table indicates that the average signaling load on provider

routers using SFS is also fairly constant over different traffic mixes (between 74.09
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and 88.48), and is quite manageable?. The maximum signaling load was on Chicago
and SF routers (up to 144.71 messages per second) which also have maximum number
of links connected. This indicates that using SFS in a large network is quite feasible
and does not require a large signaling overhead for the increase, decrease and reduce

requests.

6.7.3 Other Parameters

Use of SF'S may introduce additional session setup latency in VPN because the setup
request may trigger an increase request on a virtual link and then the setup request
has to wait till the response of this increase request comes back. Table 6.1 also shows
the average and maximum of additional session setup latencies. If the traffic mix
consists of high bandwidth traffic only, then approximately two session arrivals on a
virtual link result in one increase request. So, the additional setup latency is about
half the round-trip time on virtual links. As the fraction of low bandwidth session
increases, this setup latency goes down significantly. Only a very small fraction of
low bandwidth sessions generate an increase request and therefore have low average

latency.

2Note that SFS admission control is evoked on less than 1/4th of these messages (only on increase-

fwd out of increase-fwd, increase-bwd, decrease-fwd, decrease-bwd and reduce).
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Adaptability is another important parameter while using SFS in a network. What
happens if session arrival rate on one of the virtual links changes? How quickly can
SEF'S adapt to change in traffic patterns? Figure 6.18 gives the answers. It shows
the variation of reserved bandwidth on Seattle-Orlando virtual link with time. We
simulate with only high-bandwidth sessions in the network, and randomly change the
session arrival rate on the Seattle-Orlando virtual link at time 7" = 500, 1000 and
1500 sec. The initial arrival rate on the virtual link was less than that needed to
saturate its max-min fair capacity. Therefore, the reservation level steadily increased
to 70 Mbps and then varied randomly till 7" = 500. The blocking probability was 0 in
this interval. At T = 500 the arrival rate became large enough to saturate the max-
min fair capacity. So the average reservation increases rapidly and stabilizes around
a max-min capacity of 200Mbps. The blocking probability is 0.3 in this interval.
At T = 1000, the arrival rate becomes small again. Now the average reservation
reduces exponentially to 56Mbps in till 7" = 1500. The blocking probability in this
region is 0.025. At T = 1500, the arrival rate is increased again, but is insufficient
to saturate the max-min capacity. Therefore the reservation varies between 170Mbps
and 200Mbps. The blocking probability in this region is again 0. If the arrival
rate is increased, it takes about 180 seconds (the mean call holding time) for the
reservation level to reach close to its steady-state value. If the arrival rate is reduced,
the decay in reservation is slow and exponential (which can be attributed entirely
to the exponential holding time of sessions). Thus, the rate of adaptation of SFS is
primarily limited by the mean session holding time.

The trunk reservation used by SFS may lead to some bandwidth wastage. To
estimate this, we measured the total number of bits carried while using SFS and
compared it with FCFS (no partitioning, increase request served in FCFS order).
The average throughput per virtual link of SFS for scenarios (0.5-1.5), (0.0-2.0) and
“misbehaving” were 404 Mbps, 373 Mbps and 432 Mbps respectively. The average
throughputs of FCFS for these scenarios were 409 Mbps, 379 Mbps and 429 Mbps
respectively. For the “misbehaving” scenarios, SFS outperforms FCFS whereas in
the other two scenarios the average throughput of SF'S is within 98% of FCFS. Thus,

the bandwidth wastage in SFS is small as compared to the potential resizing gains
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(around 2 as reported in [27]), while the protection and fairness benefits are large

which is essential for any resizing approach to work in practice.

6.8 Future Work

A different technique to do fair sharing based on the idea of dynamic threshold [18]
can be designed. For every logical link 7, a capacity threshold is computed from the

unused link capacity as follows:

Ti- G (0 3 ) (6.6)

where f(.) is a monotonic positive function. A new session of bandwidth r on logical

link ¢ is accepted if and only if:

The capacity threshold (T;) for each logical link is proportional to the provisioned
capacity (C;) of the logical link. Thus the capacity distribution is fair in the steady
state. In the simplest scheme, the capacity threshold may be set to a multiple of the

unused capacity as follows:

Cr al
T, = e (C - er) (6.8)

The capacity left unused by this scheme in the best case (when r; = T;) will be H%

The admission control decision with this scheme can be made very quickly as it
involves simple multiplication, division and comparison.

In case of a network, the admission control may be performed using the dynamic
threshold as given by Eq. 6.6 and 6.7. If the current reservation of a virtual link
becomes greater than its threshold (7)) at any node in its path, the reduce message
containing the threshold may be sent. The virtual link end point, on receipt of a
reduce message resizes its capacity to the threshold (7}) contained in the message.

The design and performance analysis of this scheme and other similar schemes

and their comparison with SFS is a topic of future research.
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An important practical question left unanswered in the discussion is the following.
Why would a VPN customer ever reduce the capacity of his/her virtual links (either
voluntarily or upon the receipt of a reduce message)? In order to reclaim the unused
capacity of a virtual link, either some (financial) incentive should be provided to the
customer, or the behavior of a compliant customer should be defined and included
as a part of the service level agreement (SLA) between the customer and the service
provider. However, a reasonable definition of compliant customer itself seems difficult
to obtain. Moreover, detecting non compliant customer is also a difficult task.

The alternative of providing financial incentive appears more promising. With the
advent of electronic commerce (e-Commerce), the enormous book-keeping and billing
process required could be automated. The network management protocol may be
augmented to carry out limited financial transactions also. For instance, the response
to a decrease message could carry a discount in the form of electronic cash (or a
future bandwidth option) and an increase message should carry the required cash (or
bandwidth option) to buy the required capacity. Another option could be to carry out
an online real-time auction of the available network capacity. The viability, format

and structure of such incentives is a matter of future investigations.

6.9 Conclusions

In this chapter we presented a new scheme called stochastic fair sharing (SFS) to
carry out fair link sharing and max-min fair sharing among leased virtual links of
VPNs. We argue that fair scheduling algorithms like (WFQ) carry out excess capacity
redistribution over time-scales of packet transmission time and therefore fair sharing
gains can only be utilized by “elastic” non real-time traffic. In the previous chapter
we showed that in the case of virtual links of virtual networks, due to the output
burstiness constraint, even the non real-time traffic may not be able to make full
use of all the free capacity available on physical links. Even if separate tunnels for
real-time and best-effort traffic are created, the sharing is limited only in the “elastic”
portion of the best-effort traffic.

The proposed SFS scheme carries out fair sharing by dynamically resizing vir-
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tual link capacity at the granularity of session arrivals. The redistributed capacity
is available for session lifetime, and thus real-time sessions can make use of it by
appropriately adjusting the weights in the underlying schedulers.

As a result of sharing, the unused capacity of lightly loaded virtual links is re-
distributed to heavily loaded virtual links, resulting in higher aggregate throughput
(and possibly higher revenues). This capacity redistribution is carried out in such
a way that blocking probability of lightly loaded logical links is not significantly af-
fected. Therefore, the lightly loaded logical links can quickly regain their share of link
capacity if their session arrival rate is increased. This ensures adequate protection to
lightly loaded virtual links, which enables them to release their unused capacity for
reallocation by the network.

The key components of the SF'S scheme are SF'S admission control, which decides
whether a capacity resizing request should be accepted, the algorithm to generate an
explicit reduce request to request down-sizing of some virtual links, and the network
level signaling protocol which carries out capacity resizing with minimal overheads.

In link sharing environment, only the SEF'S admission control is required. This
makes it very simple to implement. In case the arrival rates at logical links are pro-
portional to their link capacities, no sharing is possible. In this case SFS results in
a lower blocking probability because of better statistical multiplexing of aggregated
traffic. We illustrate these facts by carrying out simulations under simplistic assump-
tions of Poisson session arrivals and exponentially distributed session holding time. In
case the load on logical links is uneven, SFS carries out fair redistribution of unused
capacity. We give simulation results to supplement this. We also compare SF'S with
virtual partitioning scheme [12] which does not carry out this redistribution fairly.

In a network environment, other parameters like signalling load, increase in setup
latency also become important. We describe some simple algorithms to generate the
capacity resizing requests, network initiated reduce requests which may be used with
SE'S admission control to ensure that the signaling load and the setup latencies are
also low.

We carry out simulations for the network environment for different traffic mixes.

The simulations indicate that SF'S achieves max-min fair sharing. With constant
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bandwidth sessions of 2 Mbps, 94 percent of virtual links achieve an equivalent ca-
pacity within —10 to +5 percent of their max-min fair capacities. With variable
bandwidth sessions (0.25 Mbps to 3.75 Mbps), 90 percent of virtual links converge
within 25 percent of their max-min fair share. We attribute a part of this spread to
inaccuracy in computing the equivalent capacity. The fairness index [65] is shown to
vary 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 90
messages per second per router) and relatively insensitive to the traffic mix. The load
remains in this range even if a high fraction of low bandwidth sessions is present.
The bandwidth penalty for using SFS was found to be less than 2%. The rate of
adaptation of SFS is of the order of mean session holding time. If the arrival rates
are changed suddenly, our simulations indicate that SF'S converges to the changed
scenario within two mean session holding times.

SES is ideal for achieving fair link sharing in telecommunication networks and
ATM networks. It may be used to carry out dynamic bandwidth allocation of virtual
paths in ATM networks. In addition to achieving fair link sharing, SF'S may be
used in virtual networks to carry out dynamic bandwidth allocation of virtual links.
Thus, SFS can provide fair resource sharing in virtual networks. In the context of
differentiated service in IP based networks, SFS may be integrated with bandwidth
brokers to implement fair resource sharing in networks. The SFS technique is generic
enough to carry fair sharing of resource in a generic loss network. A simple extension

of SK'S can carry out the resource partitioning hierarchically.



Chapter 7

Concluding Remarks

In the first part of this thesis we examined the three important aspects of traffic man-
agement in Integrated Services Networks: traffic characterization, admission control
and scheduling. In the second part we examined these aspects in the context of
Integrated Services Virtual Networks.

Since video traffic is expected to have a significant share of the real-time traffic we
focused on video traffic characterization. Most of the work on video traffic character-
ization either used small traces, or analyses traffic generated by only one compression
algorithm. We have attempted to be more exhaustive in this respect. We have looked
at traffic generated by three coding algorithms namely JPEG, MPEG and compres-
sion algorithm of the software NV. We have considered one to two hour long traces
of five video sequences of different types, ranging from a lecture in a classroom to a
basketball match.

We characterized burstiness of video traffic at different time scales using the bursti-
ness function. We found that the constant quality video is inherently bursty in the
long term because of changes in its scene complexity and the amount of informa-
tion present in different scenes. The MPEG compression algorithm adds short term
burstiness which is specific to the algorithm. Similarly the compression algorithm of
the software NV adds the algorithm specific short term burstiness, but removes the
long term burstiness by reducing the scene quality of complex scenes.

Traditional work on video traffic characterization is a two step process. First,

193
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a statistical model of the video traffic is built and then admission control tests for
this model are derived. We adopted a more direct approach where the traffic is
characterized using the practical models already in use for admission control tests.

We compared the X, Xag, [ traffic model with the leaky bucket traffic model
and found that the leaky bucket model results in better network utilization. We also
discussed some insights that help us choose a leaky bucket traffic descriptor for video
traffic. The knee point in the leaky bucket traffic descriptor graph of JPEG and
MPEG video traffic turns out to be a good candidate for its traffic descriptor.

The earlier admission control tests for deterministic guarantees were suboptimal.
We suggested new optimal admission control tests for the EDF scheduling algorithm.
Using these tests and video traffic traces we analyzed the performance of deterministic
QoS guarantees. We showed that video traffic alone could result in high utilization
of the network.

Together with traffic modeling and connection admission control algorithms, sched-
ulers are the most important components for providing QoS guarantees. While con-
nection admission control algorithms reserve resources during connection establish-
ment time, packet scheduling algorithms allocate resources according to the reserva-
tion during data transfer.

Many of the scheduling algorithm proposed in the literature, were first designed
for scheduling packets of variable sizes and were complex [26, 131, 128]. Some of them
were later adopted for scheduling ATM cells [122]. However the inherent complexity
remains and typical operations needed to schedule a cell are addition, multiplication
and division. In addition they also need a multi-level priority queue. Among the
schedulers optimized for scheduling ATM cells, some have poor delay and fairness
properties [87], some are not scalable for fine rate granularity [99] and some may need
to over-allocate rate resulting in poor utilization of link bandwidth [68].

We developed a new scheduling algorithm called the recursive round robin sched-
uler (RRR) for very high speed networks. We outlined a specialized high speed
hardware implementation of the RRR scheduling algorithm assuming that the sched-
uler works on fixed size packets. We also presented a method to speedup general

software implementation so that it takes only four to six memory accesses to schedule
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a packet. We analytically analyzed the delay and fairness properties of the scheduler.
We showed that the scheduler has all the properties needed to provide QoS in an
integrated services network. We then adapted the scheduler for variable sized packets
and briefly discussed the properties of the variable size packet scheduler.

In the second half of this thesis we focused on Integrated Services in virtual net-
works. We showed why traditional scheduling algorithms are not suitable for pro-
viding QoS guarantees in virtual networks. We introduced a term called output
burstiness and showed that schedulers having low output burstiness in virtual net-
works have good delay properties. We extended the theory of latency rate servers for
virtual networks and using this theory presented two variants of the RRR scheduling
algorithm for virtual networks.

The output burstiness constraint limits the rate at which traffic may be sent on
virtual links of a virtual network. As a result, some packets may have to wait in
queues even while the physical link is idle. This reduces the overall throughput of
the network. One of our suggested solutions was to use separate virtual links for
real-time and best-effort traffic. Bounded output burstiness is a constraint only for
real-time virtual links which require strict delay guarantees. Since there is a closed-
loop congestion control algorithm for best-effort traffic, best-effort virtual links may
send traffic at high rate utilizing all the available capacity of the physical links.
This introduces difficulty in handling best-effort traffic with minimum bandwidth
guarantees. To support this, the virtual link capacity needs to be partitioned for
real-time and best-effort links. This limits the sharing benefits only to the “elastic”
portion of the best-effort traffic.

We finally proposed a capacity resizing approach to enhance sharing among real-
time traffic. In this solution, the capacities of virtual links are dynamically adjusted
depending on their traffic demand and load on the physical network. This kind of
approach has also been proposed recently by other researchers [27, 53] and shown
to result in significant gains (factor of 2 to 3). Protection and fairness are two key
properties needed for such a resizing approach to work in practice. Our proposed
technique called stochastic fair sharing (SFS) provides both fairness and protection.

SF'S has two major components. The SFS admission control procedure decides
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which resize requests to accept such that the link capacity is shared in a fair manner.
The second component is algorithms to generate the resize requests and protocol to
carry them across the network. Some of the resize requests (increase, decrease) are
generated by the virtual links and some (reduce) by the network.

We showed how SFS can be used in a link sharing environment, where a single
link is partitioned among several classes. In this case only the SF'S admission control
algorithm is used. For sessions of every traffic class, SF'S decides whether to accept
the session or not depending on the current utilization of the class and the overall
utilization of the physical link. After a session is accepted, the underlying scheduler
weights are adjusted. SFS ensures that if a class is lightly loaded, its residual capacity
is redistributed to heavily loaded classes in a fair manner. SF'S also ensures that the
blocking probability of lightly loaded classes is kept low so that its perceived QoS (in
terms of blocking probabilities) is not significantly affected and the class can quickly
regain its fair share as its session arrival rate increases.

We showed how SEF'S can be used in the case of multi-hop virtual links of VPNs.
In this case the virtual links send capacity resizing requests which are admission con-
trolled in physical network using SFS. We presented simulation results for a twelve
node network indicating that using SF'S, equivalent capacity of virtual links converge
to their max-min fair capacity, with a fairness index of 0.97 even in extreme situa-
tions. When only constant bandwidth sessions of 2 Mbps were present, the equivalent
capacity of 94% of virtual links converged within —10% to +5% of their max-min fair
share. When the session rates were uniformly distributed between 0.25 Mbps and
3.75 Mbps, equivalent capacity of 90% of virtual links was within 25% of their max-
min fair share. A part of this spread was because of inability to compute the exact
equivalent capacity of virtual links.

The average signaling load of the protocol was less than 100 messages per second
per router and was found to be insensitive to the traffic mix. Thus, each session
arriving on a virtual link does not generate a capacity resize request on the virtual
link. The bandwidth penalty for using SFS was found to be less than 2%.

SES is ideal for achieving fair sharing in telecommunications networks and ATM

networks. It may also be used in integrated services and differentiated services based



197

[P Virtual Private Networks (VPNs). The SFS technique is generic enough to carry
fair sharing of resource in a generic loss network. A simple extension of SF'S can carry
out the resource partitioning hierarchically.

Thus, SFS alongwith schedulers with bounded burstiness may be used to provide

Integrated Services in virtual networks.
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