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ABSTRACT OF THE THESIS

Internet promises to deliver real-time, two-way synchronous voice traffic, as Intemnet
telephony or Voice over [P (VoIP). The success of the [ntemet in this area depends on
whether it provides the QoS requirement of a high-quality telephony service over an
IP network. RSVP and Diffserv are two different techniques that can be used fer
achieving Qos of voice flows are explained in detail. The performance of the two
distinet architectural models s studied in terms of throughput, end-to-end delay and
jitter using MNetwork Simulator version-2 (NS-2). The study proposes a per-EF
aggregate admission control at ingress of Diffserv domain to protect the served voice
flows from bemng affected by new vorce Nows that are over the bandwidth allocation
of the Eb aggrepation. The implementation of the admission control shows supenor

performance of the proposed scheme.
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CHAPTER 1

INTRODUCTION AND LITERATURE SURVEY

1.1 Introduction

Internet has scen enormous growth in both the number of users and i the demand for
new services [rom applications. Today, tradinonal telephone carriers, Service
Providers, and large corporations face the challenge of integrating into a single packel

netwaork.

The adoption of the Internet 0 various arcas has surpassed other technologies such as
radic. television, and personal computer. The Internetl is beconung a convenient and
cost-effective medium for collaboration, education, e-commerce, entertainment, and
telephony  [nternet convergences data. voice, and video in one common medium.
Internet traffic 15 growing due to the mereasing amount of vanous services provided

by the Intemet

Internet promises to deliver real-time, two-way synchronous vorice traffie, called
Internet telephony or Veice over IP (VoIP) There has been substantial interest m
recent past i migrating telephony service away from eirewt-switched networks onto
an [P-based packet-switched network infrastructure as it is more cost effective. Since
a telephony service requires stringent hounds on end-to-end packet delay, jitter, and
loss. the success of the Internet in this area depends on whether it provides the QoS

reguirement of a high-quality telephony serviee over an [P network



Nevertheless, IP telephony provides a number of benefits compared to the Public
Switched Telephone Network (PSTN). Beside the integration of voice, data, and fax,
VolP can provide many other facilites such as: sound grading, video telephony,
unified messaging, low cost voice calls, real-time billing, remote teleworking,
enhanced teleconferencing, ete. A major challenge for achieving this, is the Internet
itsell. Since the Intemet was designed for non real-uime data communications, without
having QoS in mind, 1t poses several techmeal challenges before the Internet can be
successfully used for carving these telephony services. Loss. delay and jitter are some

of these challenges.

The 217 century has shown that the Intemnet 15 expenencing a remarkable growth in all
aspects: the number of users, the number of hosts. the amount of traftic, the number of
links, the bandwidth of individual links, and the vanety of applications’ services. This
rapid pace of growth brought about two main challenges, queue management and

forwarding at routers and swilches.

The mcreasing demand for Internet and multimedia services is straiming the existing
telecommunications infrastructure. The Intemet relies on the protocol laver 1P (3rd
Jayer in TCP/IP suite) that enables mteropenstion of various network technologies, but
provides only the simple QoS, pomnt-to-pomt best effort data delivery in which, all
user packets compete equally [or network resources. [P network has been sutficient
unttl recently when the usage and populanty of IP network soared placing a
significant burden on limtted network resources, such as bandwidth and buffer space
resulting in heavy congestion. [t became evident that seme QoS of [P network needs

1o he developed to offer differing levels of treatment 1o user packets. Heavy network

(%]



utihzation causes fraffic congestion that causes variable queuing delays and
congestion losses on IP networks, which are not efficient for real-ime and mission-
critical applications. Real-ime communications services over the Internet, needs a
new architecture 1o meel these required quahity of services. Schemes o reduce delay,
foss, juter and provide bandwidth on demand are required. A high number of voice
flows needs effective flow management. Per aggregation management must be applied
instead of costly per-flow management, A capacily planning and provisioning
mechanisms are required 1o make the probability of blocking offered calls be fairly
small to ensure that the network has adeguate capacity to handle the expected traffic
volume, and efficient routing mechanisms are required 1o ensure that the olfered
traffic is routed over the network in 4 manner that makes cfficient use of available

network capacity.

For achieving the above requirements, researchers are working on mcreasmg the
Internet raw bandwidth, developing resource reservation protocals, developing new
Intermel communications models and architecture, and developing adaptive and
scalable transmission and presentation tmechanisms to maxinuze QoS with limried

network resources.

A number of research papers. expenments, and prototypes appeared in the last few
years 1o extend the imtemnet architecture and protocols to support not enly QoS over [P
networks, but to control the sharng of bandwidth on a particular link among different
traffic classes as well Imternet Engineers Task Force (IETF) RFC 1633 defined the
components and requirements of Integrated Services (Intserv), then [ETE RFC 2975

defined Differentiated Services (DifTservy and RFC 3031 defined MuluPratocol Label



Switching (MPLS) models. These extensions are necessary to meet the growing need
for real-time services for various multimedia applications, while maintaining the
fundamental service model of the Internet. Intserv uses Resource reSerVation Protocol
(RSVP) as signalling protocol to reserve the necessary resources along the path as a
way for achieving QoS. Diffserv is another 1P QoS architecture hased on packet
marking with a so-called codepoint that allows packets to be pnontised at each node
according to user requirements. It can provide scalable multi-class of services in IP
network solving the scalability problem of RSVP i traditional Intserv and offerning
QoS on agpregations of flows, m contrast to Intserv, which was a per-flow basis.
MPLS as an advanced forwarding scheme, convergences the comnection onented
forwarding techniques and the Internet's routing protocels based on labelling and
establishing Label Switched Path (LSP). Furthermore, MPLS provides gigabit

ferwarding, network scalability and Traffic Engineering (TE).

[ssues related 10 QoS over [P networks have attracted a lot of researchers attention
recently. Many conferences and even joumnals are exclusively dedicated to issues
related to this subject. Most of these papers address specific issues, but a few touch on
the performance of delay-sensitive traffic such as veoice over Intserv/RSVE and

Dhflzery,

One of the recent papers by Mishra (2000} examines how the capacily management
and routing mechanisms used in 1P networks can be augmented to support an [P
telephony service. [t evaluates the performance of two propoesed distinet architectural
models for the sepvice. In the hrst model, 1t simulates an enhanced [P network o

support IP Imserv transport and (Job routing, while the second simulates a normat [P



network which can support an overlay Virtual Private Network (VPN) with dedicated
capacity for the VoIP service. The performance of these architectural madels and their
assoctated routing policies [Shortest Path First (SPF), Shortest Available Path First
{SAPF), and Widest Available Path First (WAPF) in the first mede! and Direct Path
Only (DPO), Success to the Top (STT), State-Dependent Routmng (SDR}, and
Approximate State-Dependent Routing (ASDR) in the second model| were evaluated
using simulation. The simulation results realize the QoS achievement of a high-quality

telephony service over [P network and make etficient use of network capacity,

Another interesting study, Priggouris et al. (2000) simulated two QoS enabling
schemes (Intsery and Diffsery) to enhance the General Packet Radio Service (GPRS)
architecture. The simulation results of the two schemes were used to sugpest solulions
in order to overcome the lack of GPRS QoS differentiation basis of [P flows. This can
serve us an altemative to the TP address of a mobile station, and the use of 1P tunnels
of the GPRS core network, which makes the applicability of IP QoS schemes
troublesome. 1ts proposed solutions to the problems include the establishment of QoS
reservations across the GPRS core network. and the required signalling enhancements,
and suggested particular modifications in the components of the GPRS architecture,
An important conclusion from the simulated model of the Intserv architecture of the
GPRS celluar infrastructure showed that the proposed Inlserv has good scalabrlity,

even for a large number of users

Techniques and approaches reqguired 1o supporl guaranieed end-to-end QoS lor
multimedia commmumcations over the Intermet are provided e Lo (2000), The amiele

identifies the main requirements [or multimedia communscations such as low end-1u-



end delay, jitter, loss, and bandwidth. It discusses the main categones of multimedia

applications and the proposed 1ETF architectures for providing (oS such as Intsev,

Diftsery and MPLS are studied ip deiails.

The efficiency of IP network for IP telephony can be refated to the volume of voice
traffic camed with determimistically guaranteed quality, and the amount of network
resources used. A simulation study Baldi and Risso (2000) found that the efficiency of
the network in the presence of best effort traffic is maximum when the percentage of
best effort traflic prevails and the number of nodes on the path of voice calls 1s small,
An IP network carrving compressed voice 15 compared to circuil-switching carrying
PCM (64kb/s) encoded voices, Some design choices affecting [P telephony eificiency

are discussed also

A detarled explanation of the vanous methods used w achieve QoS over [P network 15
even by Xiao and N1 (1999). Each of lntserv, RSVE, Inffserv, MPLS and Constraint
Based Routing and how they differ from. related 10, work with each other to deliver
(008 on the Interner are described in detail. It argues that the Diffserv alone 15 not
sufficient for providing QoS. thus a framework for emerging Internet QoS using the
above components s presented. The framework consists of Intsenv/RSVP and
Diffserv at the Transport layer, constraint based routing at the network layer, and
MPLS at the link laver. It also describes how MPLS and constramt based routing may
be added to Diffserv architecture to meet QoS requirements l[or better performance.
inally, a companson between ATM  network and netwerk with routers that

implement Dhffsery and MPLS s given

4]



The implementation of RSVP protocol may not incur much overhead over existing [P
networks. An expenmental study for an industry-strength RSVP implementation on a
commercial [P router 1s given by Neog et al. (1999). An IP router testbed of five
routers organized in a square-like topology n a commercial site is installed for the
perfermance expenments and traffic statistics collection. The article recornmends thal
the RSVP's control messages do not incur significant overhead in terms of processing
delay and bandwidth consumption, while control messages may be sent at ligher
prioniies. The study has proven that the performance overhead of real-ime packet
scheduling s nonnegligible i the presence of a large number of real-time

gonnechions,

Achieving specific QoS requirements of individual flows by managing available
resources o aggregated flows is studied by Yeom and Reddy (2001). This situation
leads 10 unequal bandwidth sharing within apgresated flows due to different Round

Trip Time (RTTs) within aggrevated fQows. Yeem and Reddy (2001) proposes twao
new ageregated marking algonthms, calted IN-Fair and Bandwidth Fair marking for
managing the contracted bandwidth ameng the mdividual flows of an aggregation.
Both algonthms mamtain state of individual flows such as individual marking rate,
current sending rate at the edge of the network and their effective utilization in
adaptively marking packets of individual Nows 10 meet their QoS requirements.
Resource need 1o be transferred 1o the edee of the network on the sender’s sude for
improving the service provided 1o recelving-insensitive apphication and achieving QoS

reguirements of individual flows.



Finally, Jeong et al. (2001) has proposed a set of router-based QoS mechanisms
including queue policy, resource reservation and marking to support UDP/TCFE
applications over the Internet. It proposed a network architectural framework
mcluding service specification and ()oS mechanisms of integration of RSVP/Intserv
and DNffserv for achieving end-to-end QoS with scalability for UDP/TCP applications.
The edge routers define the IP packel header field for packet state information. This is
used to classify packets into three services, rate-guarantee service (RGS) which
supports CLS in the Intserv region, lor UDP traffic. Better-than-Best-Effort Service
(BRES) for TCP traffic and Best-Effort Service (BES) tor other flows. Buffer space is
allocated within the core network o provide lossless rate guarantees to the QoS-UDP
class, and simple congestion detection/notificalion and rate adaplation mechanisms are
used to provide equal bandwidth for TCP Nows, The edge router maintams the tratfic
profile for each flow. The border router maimtains only a single traffic profile/meter
per ageregate tratfic class to provide the scalability. A proposed lightweight intra-
domain signalling and a simple admission control in the core network may provide
resource reservation without maintaining per-flow state i the core routers, Per-
aggregation tralfic metenng 1s done at the border routers for cach Qo3-UDP and TCP
ty ensure that incoming flows are in compliance with their agreed-upon rates, while
per-flow metering ts done al the edge routers for each QoS-UDP and TCP flows

separately,

1.2 Thesis Statement

Phere hus heen o great interest in migrating telephony and other delay sensitive fraffic
1o TP-hased networks; however, the lack of QoS8 cavsed delay, jtter and unpredictable

hehusviour

[t}



IETF proposed some architectures that can provide QoS tw traffic over 1P networks,
nttserv EF and RSVP can provide a certain QoS for voiee traffic over [P newwork,
Both of these models are promising contenders for implementation to brng telephony
and other delay-sensitive services to 1P networks. However, each of these two models
can provide the QoS to the IP network mn a different way, RSVP provides each flow
with the required bandwidth, EF PHRB 1s a suitable lechmque for voice transmission
over the Intermet due to s low delay. jitter and loss. On the other hand. RSVP does
not guarantes the required defay and jitter and it 15 not a scalable architecture. Traffic
appregation model wsed by Diffserv adds some unpredictability. Per-aggregate
treatiment of Diffserv and lack of per-aggregate adnussion control make the ingress of
a Diffserv domain examine the aggresate arrival of EF lows even if they are out of
the EF allocated bandwidth. The active EF tlows are affected by the new EF flows,
causing decrease in throughput and increase i delay of the acuive EF flows, which is

no! acceptable for voice transnussion

Implementing a simple per-aggregate admission control at mgress of Diffserv domain
solves the above problems by simply blocking the new EF calls withowt increasing the
complexity of the ingress il the available resources are not suflicient for them. To
overcome the weakness ol each model and keep the advantages of cach of them, the
current trend s to use Itfserv supplemented by some of the resource reservation
capibiltties of RSVE (Roy. 20001 In this case, the Intsery model can be successfully

depioved in the edee part of the network without compromising scalability,

We use the compuier simulation W eviluate the performance ol two  distinet

architectural models tor Qos. Network simulotor version-2 (ns-21 15 used 1o create

L



Diffserv and RSVP domains and to implement Diffserv EF PHB and RSVP. The
extensibility and free of charge availability make ns to be used widely by many
researchers around the world. They can download it free from the Intemet and add
therr new algorithms to the extensible background engine using C++. Topologes for
each Diffserv and RSVP have been simulated in different conditions to find out the

advantages and weakness of each of them for carrying voice.

The thesis studies the issue of QoS over [P networks with a panticular focus on ume-
sensitive traffic such as voice over IP. 11 exammnes performance characteristics such as
end-to-end delay. packetl loss, jitter and bandwidth availability for vanous IETF
proposed architectural madels with particular emphasis on Diffsery and RSVP
Detailed architectural models were constructed for both protocols using sitmulation. 1t
suggests a per-aggregate admission control to be implemented at ingress of iffserv

domain. It protects the 1 place calls fvom bheing affected by the unallowable new calls.

The thesis 15 organized as follows: chapter one 15 the itroduction to the subject and
literature survey. A theoretical explanauon of cach of IETF Diffserv and Intserv
models is given in chapters two and three separately respectively. Chapter four is the
simulation work of each of them. Chapier {ive comprises their results and discussion.

Finally, chapter six concludes the thesis and recommends [or further work.
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