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1 Introduction

Traditional means of communications employ different networks for different ser-
vices. For instance, there is a separate telecommunications network for providing
voice telephony 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,
different communications services are converging into some form of Integrated Ser-
vices communication. Today, computers can generate and process information in
the form of different media like voice, video, text and data and use the same com-
munication 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 sup-
port several novel applications like video conferencing, distributed games, real-time
monitoring and control of remote systems etc. Most of these applications need to
synchronize 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 Quality of Service requirement) from the underlying communi-
cation 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
transmission 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
successive 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 human users,
who are 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 are defined for a connection (also called flow or session in a
connection-less network) between two (or more in case of multicast) communicating

applications. Some of the important QoS parameters are:

Bandwidth. It identifies the amount of bandwidth which should be exclusively
reserved for the connection. Applications like video conferencing or voice
telephony 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
[1]. 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 into a faster response
time between communicating applications, and results into better interactive

performance.

Delay-jitter. It is defined to be the difference between the maximum and the
minimum delay 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 maximum delay. The delay jitter bounds the maximum amount of

(playback) buffering needed in these applications.

Loss-rate. Some of the packets sent on a connection may become corrupted be-
cause 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 traf-
fic in Integrated Service Networks such that a diverse range of service requests are
satisfied as efficiently as possible. 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 the problem of congestion control. However, in the context of In-
tegrated 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.

We first examine bounding traffic models for traffic characterization. We charac-
terize several long traces of compressed video (MPEG, JPEG, NV) using the leaky
bucket model [2], Xyin, Xavg, I model [3, 4] and generalized burstiness function
[5]. We give qualitative insights for choosing appropriate traffic descriptors. Main
results and related work is outlined in Section 2.

We next focus on admission control algorithms for deterministic QoS guarantees.
Deterministic guarantees bound the worst, case behavior and are therefore expected
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
into lower network utilization. We found the the admission control tests proposed
in [3, 4] were suboptimal. We propose improved admission control tests. The
admission control tests depend upon the traffic model and scheduling algorithms.
A poor traffic model may results into overallocation of resources and low network
utilization. We examined the effect of using different bounding traffic models on
overall performance. Long traces of compressed video were used for this analysis.

We conclude that the leaky bucket traffic model outperforms the X5, Xqug, I



traffic model and our admission control strategy can accept more connections while
providing deterministic guarantees. Section 3 outlines these results and related
work in more detail.

A major contribution of this thesis a new packet scheduling algorithm called the
recursive round robin scheduler (RRR). We propose two variants of this algorithm,
one for scheduling fixed sized cells and another for scheduling variable sized pack-
ets. The hardware implementation of the fixed sized cell scheduler can potentially
schedule one cell at every clock cycle. Therefore it is particularly suited for im-
plementation in ATM switches. Even the software implementation can potentially
operate at high speeds. Delay and fairness properties of this scheduler have been
analytically derived for both the variants. These properties are described in more
detail in Section 4.

Finally we look at the problem of QoS provisioning in virtual networks. We
show that traditional work conserving schedulers cannot provide good end-to-end
delay bounds when used in virtual networks. This is because some of the schedulers
in a virtual network work on aggregated traffic. We introduce the concept of output
burstiness and show that schedulers having low output burstiness in virtual networks
have good delay properties. We extend the theory of latency rate servers for virtual
networks and present two variants of the RRR scheduling algorithm for virtual
networks. Section 5 gives an overview of virtual networks and presents more details
of this work.

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. Our suggested solution to this problem is to modify the admission control
procedure in the virtual network. We propose a novel technique called stochastic
fair sharing (SFS) in which bandwidth reservation of several logical links which are
created from the same physical link are adjusted dynamically during session arrivals.
This adjustment is done such that the free capacity of lightly loaded logical links is
fairly redistributed to heavily loaded logical links, without significantly affecting the
session blocking probability of lightly loaded links. With this readjustment, traffic
may be sent at a higher rate on virtual links which are heavily loaded, increasing

the overall utilization of the network. Section 5.1 gives more details of this work.



2 Traffic Characterization

The network control must know typical behavior of its traffic in order to efficiently
manage the traffic and provide the requested QoS. A traffic model summarizes
the expected behavior of an application or an aggregate of applications. A single
parameter traffic model, like one containing just the bandwidth required by an
application is not sufficient. An application may send a burst of data at a very high
rate and then become inactive for long time. This makes its traffic bursty. The
behavior of traffic flow is characterized more accurately by using a more elaborate
traffic model. Some of the proposed traffic models are based on worst case behavior
such as burstiness function of Cruz [5], Xpmin, Xavg, I model of the Tenet group
[3, 4] and leaky bucket model of the ATM Forum [2]. Statistical characterizations
are usually based on Markov modulated Poisson process [6] or long range dependent
model [7].

Video is a very important component of multimedia applications and the video
traffic is expected to take a significant share of real-time traffic on Integrated services
networks. There has been a lot of work in statistical characterization of video traffic.
A first simplistic model of variable bit-rate (VBR) video traffic appears in [8] where
the video traffic is modeled as a first order autoregressive process with marginal
Gaussian probability density function and an exponential autocorrelation function.
A more sophisticated autoregressive moving average process (ARMA) was used to
model the video traffic in [9]. Similarly, there are number of other traffic models for
VBR video have been proposed [10, 11, 12, 13, 7, 14]. Most of this work is based
on statistical modeling of video traffic and cannot be applied directly to carry out
traffic policing. The work on bounding traffic models (the models characterizing
the worst case behavior) is limited. Moreover, some of the work used video traces of
small duration for characterization and some have only characterized one particular
coding algorithm.

In the first chapter of this thesis, a more extensive video traffic characterization
has been attempted. Video traffic generated by three different coding algorithms
namely MPEG, JPEG and compression algorithm of software NV has been exam-
ined. One to two hour long traces of five video sequences of different types, ranging
from a lecture in a classroom to a basketball match were considered.

We have characterized the video traffic using a widely known traffic descriptor -
Leaky Bucket. Bandwidth and buffer assignment for leaky bucket model has been
studied in great detail. We found that leaky bucket is an appropriate descriptor to



characterize the traffic. Burstiness of the traffic, has been characterized at various
time scale using the burstiness function as defined by Cruz [5].

We found that JPEG compressed video has very little short term burstiness.
MPEG and NV trace shows high burstiness over small time scales. JPEG and
MPEG video exhibit burstiness over long time scales, whereas NV shows no bursti-
ness over long time scales. It is found 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. However, the traffic generated by NV can be characterized independent of
the actual video. The target sending rate of the software NV determines the service
rate for its traffic.

Characterizing traffic is not an easy task. It is quite intuitive that characteristics
depend upon the application, but for same application, say video server the traffic
characteristics depend on whether the video is encoded by JPEG, MPEG or another
algorithm. Not only this, the characteristics also depend upon the the content of
the video. If an MPEG encoded video is full of motion, its bit rate will be high,

whereas for a slow and calm video, the bit rate will be low.

3 Admission Control

In Integrated Services Networks, it is necessary to reserve resources before an ap-
plication begins its data transfer. In a connection oriented network, the resources
required to ensure specified QoS for a connection are reserved during the connection
establishment phase. Since the traffic descriptor of all connections are known before
they are established, the total load on the network is known and the QoS for each
connection can be computed.

It may happen that there are not enough resources in the network to provide
required QoS to a newly arrived connection request. In this case the connection
should not be setup, since the desired QoS cannot be provided, and the requesting
application must be informed about inavailability of resources. This is called admis-
sion control. Admission control enables the network to shed its load by refusing to
setup connections, in case of overload and continue to provide the promised QoS to
its existing connections. This is similar to what happens in the telecommunication
network. No call in a telecommunication network is allowed unless there is a free

circuit from the caller to the called party.



There are two components of admission control. Firstly, there must be a network
level signalling protocol which checks if adequate resources for the new connection
are available throughout its path [15, 16, 17, 18]. The second component is a
local test at each node in the connection path. The test determines if the node has
adequate resources for the new connection. Given a set of traffic descriptors and QoS
requirements of existing connections, the test determines if the new connection with
given traffic descriptor and QoS requirement can be accommodated at the node.
This test is highly dependent on the switch’s internal architecture, its scheduling
algorithms and the traffic model.

One of the very common QoS model is the deterministic service model. Deter-
ministic service model and corresponding admission control algorithms have been
proposed in [3, 4]. The deterministic service model provides bounds on the worst
case behavior. 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 [19] it has been shown that for variable bit rate traffic,
peak rate reservation is not required.

We show that by choosing a 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 earliest deadline first (EDF) scheduling algorithm. Using these
tests and video traffic traces we analyzed the performance of deterministic QoS
guarantees. The performance of these admission control test using actual real-time
data was evaluated. We have shown that the video traffic alone could result into
high utilization of network. There is a clear improvement in network performance
by using leaky bucket traffic descriptor instead of Tenet group’s Xo,in, Xavg, I traffic
descriptor. This improvement is due to better admission control tests which make

use of statistical multiplexing to give better network performance.

4 RRR Scheduler

Different connections may have different QoS requirements. Thus, packets of two
connections arriving at a node in the network must be treated differently according
to the QoS of corresponding connection. This is done using a scheduling algorithm
designed for the purpose. A scheduler decides the order in which packets from

different connections are transmitted such that each connection gets the requested



QoS.

Recently, a number of new scheduling algorithms that are aimed to provide
per connection QoS guarantees, have been proposed in the context of Integrated
Services Networks [20, 21, 22, 23, 24, 25, 26, 27, 28, 29, 30, 31, 32, 33].

Many of these scheduling algorithm proposed, were first designed for scheduling
packets of variable sizes and were complex [21, 24]. Some of them were later adopted
for scheduling ATM cells [30]. 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 [34], some
are not scalable for fine rate granularity [33] and some may need to over-allocate
rate resulting into poor utilization of link bandwidth [31].

In this thesis we propose and describe a new scheduling algorithm called recursive
round robin scheduler (RRR), which is optimized for scheduling fixed size packets.
Most, of the properties of the scheduler depend upon the count ¢ of number of one
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
1(o+c). We show that work conserving version of the RRR algorithm is fair. The
residual link capacity is evenly divided among active streams. We analytically derive
fairness bounds for the scheduler. The algorithm has good scaling properties. We
also generalize the RRR scheduling algorithm for scheduling variable sized packets.
This variant has a little worse delay and fairness properties as compared to the
fixed size packet scheduler. Important concepts such as link sharing [35], class

based queuing etc. can be implemented using the RRR scheduler.

5 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.

A virtual network has virtual nodes overlaid on physical nodes. Pairs of virtual
nodes are connected to each other by virtual links, which are realized by tunnels
traversing a path between them. Packets arriving on a virtual node are forwarded

to the next virtual node via a virtual link based on the routing table of the virtual



network. Before forwarding, packets of virtual network are encapsulated [36] into
packets of the physical network. These packets carry the required header to route
them in the physical network. At the destination node, the encapsulated packet of
the virtual network is reconstructed and given to the virtual node.

Some examples of virtual networks are ATM network carrying virtual connec-
tions over virtual paths [37] (for simpler network operation and management), IP
over ATM networks (for interoperability), virtual private networks in the Internet
[38] (for enhanced security), and the MBONE and 6-bone virtual networks [39, 40]
over the Internet (for deploying multicast services over the legacy network).

Providing QoS guarantees to real-time applications in virtual networks is as
important 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. The research related to scheduling algorithms for
virtual networks has been limited. In [35, 26, 25] the concept of link sharing and
packet scheduling algorithms to implement link sharing have been proposed. These
algorithms hierarchically partition the link bandwidth into several classes while pro-
viding 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.

We show that traditional scheduling algorithms are inappropriate for providing
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 is aggregated
and tunneled through the physical network, which cannot isolate the traffic of well
behaved sessions from that of misbehaving sessions.

We define the concept of output burstiness and show that this problem can
be solved by regulating output burstiness on virtual links. Let r be the rate of a
virtual link and let W (t1,%5) be the amount of the traffic sent by a scheduler on the
virtual link in the interval (¢1,%2]. The output burstiness of the scheduler is defined
as b = maxy, 1, W(ti,t2) — r(t2 — t1). The output burstiness is a measure of the
maximum excess traffic sent on a virtual link than that allowed by the virtual link
rate.

Using the theory of latency rate servers [41], we show that latency rate servers
with bounded output burstiness, may be used in a virtual network to provide
bounded delay service. We show that a network of two latency rate servers, where
the downstream server acts on aggregate traffic is also a latency rate server, if the

output burstiness of the first scheduler is bounded. The latency of the equivalent



server is sum of the latencies of the two servers and b/r where b is output burstiness
and r is the rate of the virtual link. This gives a method to design a generic class
of scheduling algorithms for virtual networks. We discuss how variants of RRR

scheduling algorithm may be used in virtual network.

5.1 Stochastic Fair Sharing Approach

In order to keep low output burstiness, the schedulers in virtual network should not
send traffic on a virtual link at a rate larger than the rate of the virtual link. As
a result packets may have to wait in the queues corresponding to the virtual link
even if the physical link on which they have to be transmitted is idle. In general,
the real-time traffic of a virtual link cannot make use of the idle bandwidth of other
virtual links, which share the same physical link. This may result into lower network
utilization.

We propose a novel technique called stochastic fair sharing (SFS) to increase the
bandwidth sharing among different virtual links. Instead of having a fixed band-
width allocation to a virtual link, the idea is to dynamically adjusts the bandwidth
allocation depending upon the current utilization of virtual links. By doing this,
the free capacity of lightly loaded virtual link is redistributed to heavily loaded vir-
tual links. This reallocation is done at time scale of session arrivals. Upon arrival
of a session, the rate reserved for a virtual link may be changed depending upon
the current utilizations of all the virtual links sharing the same physical link. If
the entire free capacity of a link is redistributed, then future sessions of the link
may get blocked because of bandwidth inavailability. In order to avoid this, some
capacity (called trunk reservation) in the virtual links is left unused. Thus, new
sessions may reserve bandwidth from this unused capacity. Only small amount of
trunk reservation is sufficient to keep the session blocking probabilities to reasonable
limits.

Assume a physical link of capacity C is partitioned into N logical links of ca-
pacities ¢;. Assume that sessions arriving on these logical links require certain
bandwidth to be guaranteed to them. If the link was statically partitioned, then
upon arrival of a new session, the admission control procedure would simply check
if unreserved capacity of the session’s logical link is greater than or equal to the
bandwidth requirement of the session.

In SFS, the admission control procedure also checks the unreserved capacity of
other logical links before making the final decision. Let r; be the amount of this

capacity already reserved by logical link ¢. The normalized usage of link i is given
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by n; = r;/c;. Assume that the logical links are relabelled in increasing order of
their normalized usage. Logical link ¢ has an associated truck reservation capacity

t;- A new session of link ¢ with bandwidth requirement r is accepted iff:

N
dorj+r+ ) t;<C
i=1

i<i
The amount of trunk reservation needed is fairly small. Our simulations indicate
(under the assumption of possion arrivals and exponential holding time) that SFS
achieves free capacity redistribution to a reasonable extent without significantly
affecting the session blocking probabilities of lightly loaded logical links.
The SFS technique is generic enough to achieve fair sharing of a resource in a
loss network [42, 43]. SFS is well suited to achieve better link sharing [35] for a

single link and can also be applied to improve sharing properties in virtual networks.

6 Summary of Contributions

We characterize 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.

We compare the X,in, Xavg, I traffic model with the leaky bucket traffic model
and found that the leaky bucket model results into better network utilization. We
also discuss some insights gained for choosing leaky bucket traffic descriptor for
video traffic. Our studies suggest that the knee point in the leaky bucket traffic
descriptor graph of JPEG and MPEG video traffic is a good candidate for its traffic
descriptor.

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 determin-
istic QoS guarantees. We show that the video traffic alone could result into high
utilization of network.

We developed a new scheduling algorithm called the recursive round robin sched-
uler (RRR) for very high speed networks. Specialized high speed hardware imple-

mentation of the RRR scheduling algorithm is possible if the scheduler works on
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fixed size packets. A general software implementation can be speeded up to take
four to six memory accesses to schedule a packet. The delay and fairness properties
of the scheduler are analyzed analytically. The scheduler is shown to have all the
properties needed to provide QoS in an Integrated Services Network.

Traditional scheduling algorithms do not maintain their end-to-end delay and
buffer bound properties when used in a virtual network. This is because some of
the schedulers in a virtual network work on aggregated traffic. We introduce the
concept of output burstiness and show that schedulers having low output burstiness
in virtual networks have good delay properties. We extend the theory of latency
rate servers for virtual networks and we present 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. Our suggested solution to this problem is to dynamically adjust
the rate of logical links depending upon their current usage. The admission control
procedure in the virtual network is modified to carry out this adjustment. We
propose a novel technique called stochastic fair sharing (SFS) in which bandwidth
reservation of several logical links which are created from the same physical link
are adjusted dynamically during session arrivals. This adjustment is done such
that the free capacity of lightly loaded logical links is fairly redistributed heavily
loaded logical links, without significantly affecting the session blocking probability
of lightly loaded links. With this readjustment, traffic may be sent at a higher rate
on virtual links which are heavily loaded, increasing the overall utilization of the

network.
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