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ABSTRACT

As multimedia applications over the Internet proliferate, the efficient transport of both
the signaling and multimedia data becomes increasingly important. Transmission Control
Protocol (TCP) and User Datagram Protocol (UDP), the two most widely used but limited
transport protocols, are not well suited to contemporary multimedia applications involving
digital voice, audio and video communications. In recent years, a new transport protocol,
SCTP, has attracted much attention in the technical community. Compared to TCP and UDP,
SCTP is considered to meet the requirements for a wider set of applications. With the
extension of the partial reliable SCTP (PR-SCTP), SCTP provides an even more flexible
transport service.
We propose schemes to effectively apply PR-SCTP to multimedia signaling and real
media data. In this thesis, our proposed scheme for multimedia signaling is SIP over PRSCTP. In this scheme, SIP messages are sent with either partial reliable, reliable or unreliable
services according to their types and requirements, Both application and transport layer
retransmission mechanisms are properly coordinated to efficiently retransmit lost data. Our
proposed differentiated services of PR-SCTP are applied to multimedia data. In this scheme,
therefore, network resources are used more efficiently by treating media data differently.
The performance of SIP over UDP, SCTP and PR-SCTP are compared in the thesis.
Simulation results show that, compared with UDP and SCTP, the proposed scheme using
PR-SCTP improves the performance of SIP transport under both high and low SIP traffic.
The scheme for running multimedia data over PR-SCTP achieves more successful
transmissions for high-priority messages in a congested network.
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Chapter 1 Introduction

Chapter 1 Introduction
1.1

Motivations and Objectives
Among multiple network services, multimedia services are very attractive since they

best suit people's complex perceptions and communication behaviour. With the growth of
the Internet, researchers have been struggling to provide more and more multimedia
applications on the Internet, including audio and video applications, and real-time
applications. Recently, multimedia services have started to be provided in wireless networks.
For years the implementation and performance of networked multimedia services have
attracted a great deal of attention in both the academic and industrial fields.
In both wired and wireless networks, multimedia services are provided over besteffort Internet Protocol (IP) networks. TCP and UDP are today the most widely used
transport protocols in IP networks. Since they were originally developed to provide either
reliable connection-oriented or unreliable connectionless data communications, they are not
well suited to contemporary multimedia applications involving digital voice, audio and video
communications.
Generally, a multimedia session includes both signaling and multimedia data.
Multimedia signaling messages are important messages used to exchange setup and control
information for a multimedia session. They require reliable transport with a low latency.
However, many multimedia data streams, like audio and video, have strict latency
requirements but do not require a completely reliable transport. Neither TCP nor UDP can
satisfy the timing and reliability requirements for the multimedia application transport at the
same time. The unreliable transport protocol, UDP, provides transport layer service with a
1
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low latency. However, the best effort service of UDP may create undesired problems for
large networks like the Internet. Injecting too much data into an already congested network
by UDP will worsen network congestion. The reliable transport protocol, TCP, performs
flow and congestion control to avoid network congestion, but it adds extra delays not only at
the initiation phase, but also at the TCP slow start and congestion avoidance phases. Due to
the limitations of TCP and UDP, adopting these two protocols to transport multimedia
signaling and real-time media data can lead to performance degradations.
In recent years, a new transport layer protocol, called Stream Control Transmission
Protocol (SCTP) [1], was developed to meet the requirements for a wider set of applications.
Furthermore, with the extension of partial-reliable SCTP (PR-SCTP) [2], it can provide an
even more flexible transport service. Although SCTP was originally designed to carry
telephony signaling over IP networks, in recent years it has evolved to become a general
purpose transport protocol like TCP and UDP. In future, SCTP may further evolve to replace
TCP and UDP. SCTP and PR-SCTP are connection-oriented transport protocols like TCP.
They have several enhancements over TCP and UDP. SCTP provides both reliable ordered
and unordered transport services. By using the ordered service, data packets are required to
be received in the same order as that they are sent. PR-SCTP provides unreliable services in
addition to the reliable services mentioned above. By using the unreliable service, the data
packets can be dropped by the sender and not be retransmitted any more before the data
packets are acknowledged by the receiver. Moreover, it can set unordered flags on a per
message basis according to the requirements of the messages passed from the application
layer. By applying PR-SCTP, users can specify the rules that govern how the transport
service sends the messages to the receiver.

2
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The particular features of SCTP and PR-SCTP are attracting great interest in the
technical community. One of the active research areas is to consider either SCTP or PRSCTP as a transport protocol for multimedia applications. By using either SCTP or PRSCTP, The multimedia applications are expected to be transported more effectively and
efficiently. In this thesis, we propose novel methods that efficiently apply PR-SCTP to
transport these application messages.
In future, Session Initiation Protocol (SIP) is expected to be the dominant signaling
protocol for multimedia sessions over both wireless and wired networks [3][4][5]. Today
Real-time Transport Protocol (RTP) is the main protocol used to transport real-time
multimedia data [6]. Currently both SIP and RTP are mainly transported over UDP due to
latency constraints. To overcome the limitations of previous transport methods for SIP and
RTP, this thesis proposes new methods to transport SIP messages over PR-SCTP and new
transport methods for RTP-based media data, and the performance of these methods is
studied.
Several recent studies [7][8][9] on transporting SIP traffic over SCTP show that this
improves network performance only when SIP traffic is high. Thus SCTP is suggested for
use only between SIP servers with heavy traffic. In general, transporting SIP over SCTP may
not improve the overall performance under variable network traffic load. SCTP is not
recommended for use between a.SIP user agent (UA) and a SIP server due to low traffic load,
although SCTP provides other benefits, such as fast handoff over heterogeneous mobile
networks [15]. This motivates us to try to find a transport method that gives a good
performance regardless of whether the SIP traffic is high or low. In this thesis, we propose a
new method to transport SIP over PR-SCTP.

3
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Both the currently used transport method of SIP over UDP and the previous proposed
method of SIP over SCTP can only use the retransmission mechanism in one layer to detect
and recover data packet loss and errors. SIP over UDP depends on the application layer (SIP)
to detect and retransmit lost and erroneous messages, while SIP over SCTP uses the transport
layer (SCTP) retransmission mechanism. Neither the SIP nor the SCTP retransmission
mechanism is effective under both low and high SIP traffic. Our proposed transport method
SIP over PR-SCTP coordinates the retransmission mechanisms at the two layers without
conflicts. It chooses the most effective retransmission mechanism between the application
and transport layer protocols depending on the traffic condition, thus achieving performance
improvement no matter whether the network traffic load is high or low.
Since PR-SCTP provides very flexible transport services, we propose methods to
transport RTP-based multimedia data using PR-SCTP. These methods benefit from the flow
and congestion control of SCTP, as well as the flexibility of PR-SCTP. In our proposed
method of the differentiated PR-SCTP, data packets are transported using different services
of PR-SCTP according to their type. More important messages, for example, I frames in
MPEG 4, are given higher reliability in the transport, thus improving network performance
and network efficiency.
Simulations employing the network simulator NS-2 are performed to evaluate the
network performance of our proposed methods. The simulation results are presented in this
thesis. By comparing performance among multiple transport protocols, we can observe the
advantages and limitations of our proposed methods.

4
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Background

1.2.1 Transport Layer Protocols
Transport layer protocols are built on the top of IP layer in the Internet protocol stack.
It is also the lowest end-to-end protocol in the Internet protocol stack. A transport protocol
provides end-to-end transport control between end-points. UDP and TCP are currently the
most widely used transport protocols in IP networks.
UDP provides best-effort and unreliable transport services. It injects data packets into
the network as soon as possible regardless of the network situation. The sender does not
buffer the data packets and the receiver does not acknowledge correctly received data
packets; thus it can provide a transport layer service with very low latency. However,
uncontrolled heavy traffic injected by UDP into a network may cause severe congestions that
negatively impact other applications.
TCP is a reliable connection-oriented byte-stream transport protocol. Before data can
be exchanged between two end-points, a connection needs to be initiated between them; an
extra delay is incurred in this process. TCP accepts from and delivers to the application layer
a single stream of bytes in sequence. At the receiver, the application layer reassembles the
received message from the stream of bytes. When data packets are lost, most likely due to
network congestion, TCP reduces its congestion window and thus throttles the transmission
of data packets in order to alleviate the congestion.
Due to its single byte-stream, TCP has a Head-Of-Line (HOL) blocking problem, as
shown in Figure 1-1, where data packets belonging to streams 1 and 2 from an application
are transmitted in the same TCP connection. Data packet with TSN 1 was lost in the
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transmission. Since TCP must deliver data packets in order, the data packets with TSN 2 and
TSN 3, which belong to another stream, cannot be passed to the application layer even if they
have been received successfully. Therefore, the loss of a packet in one application data
stream blocks the delivery of packets to other application data streams that share the same
TCP connection. This problem is called Head-Of-Line blocking problem in TCP.
Sender

Stream 1 : TSN= 1

Receiver

-> X
Stream 2 : TSN=2
—»
Stream 2: T S N - 3
*

ACK
«

Stream 1:TSN=1
-

—

,

Figure 1-1 HOL blocking problem description in TCP

TCP is not appropriate for the transmission of data for real-time applications since the
retransmission mechanism cannot guarantee timely data delivery. Although many new
mechanisms on TCP have been proposed in recent years to make TCP meet a wider set of
requirements, the totally new transport protocol, SCTP, is considered to be a more attractive
substitute protocol for these applications.
SCTP provides a reliable data transport service between two endpoints. It uses a
similar flow and congestion control mechanism as TCP. Instead of the three-way handshake
of TCP to establish a connection, SCTP uses a four-way handshake to set up an SCTP
association, as shown in Figure 1-2. By using a cookie in the four-way handshake, SCTP

6
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provides a more secure mechanism than TCP. SCTP does not allocate resources for the
association until the COOKIE ECHO message is received with a valid cookie contained in it.
This protects servers against Denial of Service (DoS) attacks, which exhaust server resources
by spoofed IP addresses.
Sender

j^jY

Receiver

INIT ACK
COOKIE ECHO
COOKIE ACK
4

Figure 1-2 The SCTP four-way handshake

SCTP data transport service is message-based, which is different from stream-based
TCP service. In a SCTP association, more than one streams identified by stream IDs can be
exchanged. The streams within a SCTP association allow the endpoints to transfer multiple
sequences of messages at the same time, without introducing interdependency among
different message sequences. Unlike TCP, which requires strict ordered transport for its data
sequences, the ordering in SCTP is enforced only within each of the streams. This feature
allows different application data packets to transport in different streams of a SCTP
association, thus solving the HOL problem of TCP. SCTP is also designed to support multihomed hosts which provide link and path redundancy [ 1 ] [ 16]. During the association
establishment, an endpoint can provide a set of IP addresses to its peer. One of these
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addresses is chosen as the primary address. Once there is a network failure to this primary
address, the traffic is sent to other addresses in the list.
Additionally, an extension of SCTP, PR-SCTP, provides a partial reliable service for
applications. PR-SCTP specifies the rules that govern how insistent the sender would be in
transporting the messages to the receiver. By defining different rules, PR-SCTP provides a
more flexible mechanism for data packet transport than SCTP. According to RFC 3758 [2],
PR-SCTP allows both reliable and unreliable data packets to be transported in a single SCTP
association. Various PR-SCTP implementations provide flexible services for upper layer
applications. Until recently, only one service called "timed reliability" was defined in RFC
3758 based on the principle of PR-SCTP. However, other services can be implemented based
on PR-SCTP as defined in RFC 3758. This thesis will discuss several PR-SCTP
implementations to tailor PR-SCTP for different applications.
1.2.2 Application Layer Protocols for Multimedia Communications
Multimedia services in networks need to transport both signaling and multimedia
data. The Internet multimedia protocol architecture is shown in Figure 1-3 [10]. The
signaling is used to exchange setup and control messages for multimedia sessions. The
multimedia data are carried by protocols designed to satisfy the requirements of diverse
multimedia applications. In this thesis we use SIP as the signaling protocol and RTP as the
real media protocol in our schemes to study the performance of PR-SCTP in multimedia
communications.

8
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Multimedia applications

RTP/RTCP
MBone

Reliable
Multicast

Multimedia Session Setup & Control
SDP
RSVP

RTSP
SAP

UDP\SCTP\PR-SCTP

SIP

HTTP

SMTP

TCP\SCTP\PR-SCTP
IP + IP Multicast
Link layer
Physical layer

Figure 1-3 Internet protocol architecture for multimedia [10]
1.2.2.1

Introduction to SIP

SIP is an application layer protocol, which is developed to set up, modify and tear
down multimedia communication sessions over the Internet. SIP has gained great attention
since it was proposed in IETF in 1998 [3][4][5]. The Third Generation Partnership Project
3 GPP (representing GSM/GPRS and Wideband CDMA carriers) has defined and
standardized a network infrastructure called the IP multimedia subsystem (IMS) [12] based
on SIP to support traditional voice as well as multimedia services in its UMTS Release 5.
The 3GPP2 (representing CDMA and TDMA operators) also adopts the IMS for its 3G
mobile networks. Figure 1-4 shows the 3GPP IMS architecture [11] [12].
The IMS architecture allows mobiles to operate in packet mode to establish
multimedia sessions using SIP as the signaling protocol. These SIP messages are sent to the
Call Session Control Function (CSCF) in the IMS to set up communication sessions. The
CSCF is analogous to the SIP server in the IETF architecture. In UMTS release 5, SIP has
been chosen for signaling between the User Agent (UA) and the IMS as well as between the
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components within the IMS. The 3GPP chose SIP for its simplicity, extensibility and its wide
availability.

3G Access

IMS
IP Multimedia
Subsystem

SIP Signaling

P-CSCF L.

S-CSCF
y
I-CSCF

I

User Traffic
User Agent

Figure 1-4 3 GPP IP Multimedia Subsystem architecture

Originally, SIP was designed as part of the Internet Multimedia Conferencing
Architecture. It incorporates elements of both HTTP and SMTP, and works along with other
Internet protocols. SIP messages are divided into SIP request messages called methods and
SIP response messages. SIP request messages include 6 original methods described in the
SIP specification document RFC 3261 [3] and 7 more methods described in other RFC
documents. The INVITE, REGISTER, BYE, ACK, CANCEL, and OPTIONS are the 6
original methods in SIP. The REFER, SUBSCRIBE, NOTIFY, MESSAGE, UPDATE, INFO
and PRACK methods are extensions of SIP. SIP response messages are categorized into 6
classes. Descriptions of these SIP messages are shown in Table 1-1.
A SIP media session is identified by the combination of the To tag, From tag and a
globally unique Call-ID used for the call's duration. Call-ID is created when an INVITE is
initiated to establish a dialog. In the meantime, a CSeq count is initialized. CSeq is advanced
for each new request with the same Call-ID. In an established session, a re-INVITE is used to
update session parameters.

10
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Table 1-1 The classes of SIP response messages
Class

Description

lxx

Informational

2xx

Success

3 xx

Redirection

Return possible locations for client retrying.

4xx

Client error

The request has failed due to a client error.

5 xx

Server failure

The request has failed due to a server error.

6xx

Global failure

The request has failed and should not be tried again.

Action

Indicates status of calls prior to completion.
Request has succeeded.

A SIP user agent (UA) contains both a client application and a server application. A
SIP user agent client (UAC) initiates requests while a SIP user agent server (UAS) generates
responses. A media session can be set up directly between two SIP end users or through other
SIP entities, such as SIP gateways and SIP servers.
SIP requests could be end-to-end requests and hop-by-hop requests. The difference
between them is the places where the request responses are generated. Responses to hop-byhop requests are generated per hop, while responses to end-to-end requests are generated by
the request destination. Generally, SIP messages need to be transported reliably except for
some provisional responses like 100 TRYING and 180 RINGING. The loss of these
provisional messages would not change the states of the SIP session.
Generally, multimedia data may not be transported via the same route as the SIP
request message INVITE. With the received INVITE, the peer knows the source and
destination address of the SIP session. Therefore, the responses can be sent directly to the

11
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source UA and bypass the SIP entities along the route, unless it is mandatory to pass these
SIP entities.
An INVITE method sent by SIP UAC originates a SIP dialog. A media session is
considered established after INVITE, 200 OK and A C K have been exchanged between UAC
and UAS. Before a 200 OK is sent, the peer may send some provisional messages like 100
TRYING and 180 RINGING. An established session ends whenever a BYE is sent by either
of the two user agents. A simple description for SIP sessions via a SIP proxy server is shown
in Figure 1-5.
Caller
•

INVITE

Proxy server

1

180 R I N G I N G

W

I—

Callee
INVITE

M

180 R I N G I N G

1

200 O K

200_OK

ACK
Media Session

*

BYE
i—

200 O K

1

Figure 1-5 SIP messages exchange via proxy server

1.2.2.2 Introduction to RTP/RTCP

RTP is an end-to-end protocol for the transport of real-time data [6] [14]. It is the key
standard for audio/video transport in IP networks. Along with several profiles and payload
format specifications, RTP is implemented to transport real-time applications through an IP
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network. Now multiple multimedia data, such as MPEG and JPEG, are encapsulated in RTP
to be transported. RTP is based on Application Layer Framing (ALF) and Integrated Layer
Processing (ILP) principles [13]. It also comes with a control protocol, Real-Time Transport
Control Protocol (RTCP), which is used to exchange session and Quality of Service (QOS)
information between participants.
RTP itself does not provide any mechanism to guarantee reliable data transport within
a time limit. It provides neither mechanisms for reordering nor mechanisms for
retransmission of lost packets. Instead, it provides information to enable the applications
using RTP to initiate such steps. RTP relies on other appropriate protocols and mechanisms
to satisfy the goal of real-time transport.
The data is encapsulated in the RTP payload according to the specified profile and
payload format in use. RTP provides sequence numbers for loss detection and timestamps for
timing recovery. RTCP periodically produces sender reports (SRs) and receiver reports (RRs)
to provide information for reception quality feed-back, participant identification and
synchronization between media streams. It also provides information to upper layer
applications for timing recovery and synchronization, through the marking of significant
events within the media stream.
Each RTP session is identified by a network address and a pair of ports: one for RTP
data and one for RTCP data. RTP can use both multicast and unicast to distribute messages.
In a multiparty session, the compounded RTCP packets from all other participants are sent to
and received from all session participants.
RTP/RTCP is independent of transport and application protocols. Typically,
RTP/RTCP sits on top of UDP/IP networks, although there is no requirement for RTP/RTCP

13

Chapter 1

Introduction

to be transported over UDP and IP. This thesis proposes method of transporting RTP-based
multimedia data over PR-SCTP.

1.3

Related Work
SIP, RTP, and SCTP have recently received attention from both the academic and the

industrial fields. Their emergence and development are compliant with the development of IP
data communications. Much work related to these areas has been done or is currently in
progress. Below we introduce some of the related work in these areas, which motivated the
research for this thesis.
1.3.1

Basic Multimedia Communication Schemes Based on SIP and RTP

Figure 1 -6 Description of multimedia communication

A typical multimedia session between two endpoints is shown in Figure 1-6. If SIP is
used as a signaling protocol in the network, SIP signaling and multimedia data may take
different paths in the network during a multimedia session. In a SIP session, after the SIP 200
OK message is received, the SIP signaling may bypass the SIP proxy server and the
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following multimedia data and signaling data can be exchanged directly between two
endpoints. A detailed introduction to SIP message exchanges can be found in [3][4].
1.3.2

Related Work on SIP
SIP version 1.0 was proposed as an Internet-Draft in 1997. SIP version 2.0 was

submitted as an Internet-Draft in 1998, and significant changes were made to the previous
protocol. SIP received Proposed Standard status in 1999 and was published as RFC 2543.
Then in 2000, an Internet-Draft (ID) referred as RFC 2543 "bis" was submitted. This ID
contains bug fixes and clarifications to SIP and it is now widely used in the industry. The
new ID for SIP version 2 was finally published with a new RFC number 3261 in 2002 [3]
and made RFC 2543 obsolete.
SIP is now on its way receiving a Draft Standard status. To advance a protocol from
Proposed Standard status to Draft Standard status, multiple independent inter-working
implementations and limited operation must be done. The SIP Interoperability Test Event,
called "SIPIT", has been organized by the SIP working group. It is the driving force shaping
SIP into a globally interoperable protocol for real-time Internet communication services.
With interoperability proven in SIPITs, SIP will move to Draft Standard status in the future.
Diverse extensions of SIP extend SIP applications into different areas. One of the
most important and interesting extensions to SIP is for Instant Messaging and Presence
Leveraging Extensions (SIMPLE) working group of IETF. The SIMPLE working group
standardizes SIP-related protocols for presence and instant messaging applications [17]. SIP
with location information is considered inherently suitable for these services. Since a
presence and instant messaging service is expected to be one of the "killer" applications in
the Internet, the work of SIMPLE has gained much attention. There are also many other
15
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related SIP working groups in IETF. The Session Initiation Protocol Investigation working
group Session Initiation Proposal Investigation (SIPPING) is responsible for publishing the
SIP application investigation, the SIP extension requirements development and SIP best
current practice (BCP) documents. Other IETF working groups focusing on SIP include
PSTN and Internet Internetworking (PINT), and Service in the PSTN/IN requesting Internet
Services (SPIRITS). With the extensions of SIP, diverse SIP messages are added to the SIP
protocol.
In the wireless communication area, SIP will play a more important role in the future.
It has been chosen as the signaling protocol for establishing multimedia sessions by 3 GPP
and 3GPP2. A SIP-based multimedia architecture, IMS, has been adopted by both 3GPP and
3GPP2 [12]. SIP is also considered useful for mobility management, since SIP is inherently
capable of supporting user mobility [24] [26].
1.3.3

Related Work on SCTP
SCTP was originally developed to overcome the weakness of TCP on telephone call

control over the IP network. The first draft of SCTP was submitted in 1998 and the protocol
was named Multi-network Datagram Transmission Protocol (MDTP). After several years of
research and experiments on the protocol, MDTP changed its name to SCTP and evolved as a
general purpose transport protocol. Figure 1-7 shows how SCTP fits into the IP architecture.
The Internet-Draft "Stream Control Transmission Protocol" was published in 2000 with RFC
number 2960 and achieved Proposed Standard status.
SCTP is a more flexible transport protocol than TCP and UDP. It provides ordered
and unordered reliable services, as well as ordered and unordered unreliable services with the
partial-reliable extension. SCTP can use multiple IP addresses in a host so as to provide link
16
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and path redundancy. Research on multi-homed SCTP hosts is interesting. Multiple papers
and IETF drafts [15][18][19][20] discuss the schemes and performance when multi-homed
SCTP is used for handover in mobile networks. Managed in the transport layer, mobile
handover can be performed fast with less packet loss. Multi-homed SCTP is also considered
for the support of concurrent multiple path transfer. With more precise information about
end-to-end paths supplied by SCTP, endpoints can perform flow and congestion control more
efficiently, and show improved traffic balance between paths. Related work and papers can
be found on the website of the University of Delaware [34].

Application layer

Application
UDP

TCP

SCTP

Transport Layer

IP

Network Layer

Ethernet

Link and PHY Layer

Figure 1-7 SCTP in TCP/IP stack
SCTP is extended to support partial reliable services with a partial reliable SCTP
extension in 2002 [2]. The partial reliable extension makes SCTP more flexible in providing
services to the upper layer. As PR-SCTP discards obsolete messages, it is quite useful for
some applications especially for signaling messages in communication networks. Generally,
signaling protocols transport important messages. Lots of these signaling messages are also
only valid for a period of time. Once the valid timer for a message expires, a new message is
sent and afterwards only the new message is considered to be useful. It makes no sense for
transport layer protocols to deal with both the old and new messages in this situation. The

17

Chapter 1

Introduction

partial reliable service of PR-SCTP is valuable for these applications, since it can discard
data packets accordingly.
1.3.4

Related Transport Methods for SIP

1.3.4.1 Transport Method of SIP over UDP

SIP is independent of transport protocols, which means that it can be transported over
TCP, UDP, and also SCTP. However, it is now generally transported over UDP to meet its
requirements for real-time transport. As mentioned before, SIP signaling messages need to be
transmitted within a time limit. As a connectionless transport protocol, UDP does not have
connection delay in the initiation phase. Moreover, it provides best-effort service for
applications. Like other time-sensitive applications, SIP is preferred to be transported using
UDP to satisfy its timing requirement.
UDP is an unreliable transport protocol. The sender never knows whether the sent
packet has been received successfully or not. To send the data packet reliably, SIP provides
its own application layer retransmission mechanism. The message would be retransmitted in
the application layer if the message gets lost. A message is considered lost if the
corresponding response message has not been received before a timeout occurs. According to
the description of SIP in RFC 3261, SIP increases the timeout period exponentially in
successive retransmissions.
Assume the initial SIP timeout period is T l when a message is first sent. If the
message is lost, then SIP will retransmit it at the application layer level. At this moment, the
timeout period of the message is set to be 2*T1. If the retransmitted SIP message is lost
again, SIP will retransmit it with a timeout period set to be 2 * T l . This process continues
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until the data packet has been received or the maximum number of retransmissions has been
reached. The maximum number of retransmissions for SIP is 6.
Combining UDP best-effort service with the SIP retransmission mechanism, SIP
messages can be transmitted reliably as well as meeting the timing requirement. However,
there are some disadvantages to SIP over UDP [9], which have been summarized below:

•

UDP can only use IP layer fragmentations. IP fragmentation increases the possibility
of packet losses and makes it difficult for data packets to traverse Network Address
Translation (NATs) and firewalls. SIP messages tend to have a larger size when used
for some applications like presence and instant service. In this case, lots of IP
fragmentation occurs and the influence of IP fragmentation is not trivial any more.

•

SIP over UDP detects packet losses based on the timeout period in the application
layer. UDP doesn't have fast retransmission mechanisms like TCP and SCTP. Since
SIP timeout period is larger than transport layer retransmission period when SIP
traffic is high, it is slower at packet loss detection in the case of high SIP traffic,
compared to the loss detection mechanism on the transport layer.

1.3.4.2 Transport Method of SIP over SCTP
SCTP has several enhancements over TCP and UDP. SIP traffic can be transported
using either reliable or unreliable transport protocols, so it is quite straightforward to consider
the transport method of SIP over SCTP. A discussion about SIP over SCTP is published as
an Internet-Draft [9]. It initiates the research on SIP over SCTP.
G. Camarillo, H. Schulzrinne and R. Kantola suggested mapping schemes for using
SCTP as a transport layer protocol for SIP [7] [8]. If SIP sessions are appropriately mapped
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into SCTP streams, HOL problems for SIP sessions can be avoided. If each SIP session is
sent over a separate stream, SIP messages can benefit from the flow and congestion control
without a delay when there are packet losses in other SIP sessions. Since the original SCTP
provides ordered and unordered reliable transport services, and SIP messages may need
either reliable or unreliable services, there are diverse schemes for SIP over SCTP discussed
in [7] [8]. We summary these sub-schemes as follows:
(1) Each SIP session is sent over a separate stream with ordered service: This scheme
maps each SIP session into different SCTP streams, thus avoiding the HOL problem
between different SIP sessions. However, SIP messages belonging to the same SIP
session may block each other. In this scheme, SIP messages can be blocked by SIP
provisional response messages, which are not required to be transported reliably.
This is not a result expected for a SIP session, since SIP provisional response
messages should not change the states of a SIP session. Moreover, blocking the
delivery of the final response message 200 OK to the application layer due to losses
of the provisional SIP messages increases the setup delay of the SIP session.
(2) Each SIP session is sent over a separate stream in order, but the messages carrying
provisional responses are sent with an unordered flag set: This scheme solves the
problem in scheme (1) above, which is caused by unnecessary reliable delivery of
SIP provisional response messages. As the provisional response messages are sent
unordered, they will not delay the delivery of other SIP messages.
(3) All SIP sessions are sent in a stream with an unordered flag set: This is a very simple
and effective scheme for transporting SIP using SCTP. The rationale for mapping all
SIP sessions into the same stream is that SIP sessions can be identified by the Call-
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.

ID contained in SIP messages. Therefore, we can differentiate SIP sessions without
using the stream ID. Additionally, a SIP client does not send a request until the
former transaction has completed, so generally, SIP messages can still keep their
order even if the unordered flag is set for the date chunk. There are only two
exceptions for this conclusion: an INVITE request followed by a CANCEL and an
INVITE request followed by a BYE. Re-ordering may happen in these situations.
However, according to the analysis in [7][8], the re-ordering of INVITE and
CANCEL, INVITE and BYE will still happen when the ordered service is used in
SCTP. So the only difference between sending all SIP messages unordered and just
sending provisional responses unordered is the probability of the re-ordering of
INVITE and CANCEL, INVITE and BYE.
G. Camarillo, H. Schulzrinne and R. Kantola also concluded that SCTP can improve
performance only when SIP traffic is high. Therefore, SCTP is recommended for use only
between SIP proxies that have high SIP traffic. They showed that SCTP is a better suited
signaling transport protocol than TCP. The worse the network conditions are, the larger the
performance improvements offered by using SCTP. The simulation results also show that
SCTP does not provide a substantial improvement in performance under normal situations,
although it has a HOL blocking avoidance mechanism. The HOL blocking avoidance
mechanism of SCTP lets SCTP achieve moderately better performance when there is a
higher level of packet loss.
According to [7][8], SIP over SCTP may not improve overall performance under
variable network traffic, since it performs well only when SIP traffic is high. To obtain good
performance in conditions of both high and low SIP traffic, we propose a novel scheme in
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this thesis, which is SIP over PR-SCTP. Compared to SIP over SCTP, SIP over PR-SCTP
provides more flexible services for SIP transport. It can transport SIP messages more
effectively and uses network resources more efficiently.
1.3.5

Related W o r k

on

RTP

RTP provides useful services for real-time media transportation. It wasfirstpublished
as an IETF proposed standard, RFC 1889, in January 1996. Now the new version RFC 3550
replaces RFC 1889. Typically, RTP sits on top of UDP/IP transport, but other
implementations are also available, like RTP over TCP/IP and RTP on non-IP networks.
According to the principle of application-level framing and the end-to-end principle, RTP
leaves some functions incomplete deliberately. For example, some details of the transport are
left to profiles and payload format to modify. RTP profile specifies the features such as the
resolution of the timestamps, the marking of interesting events within a media stream, and
the use of the payload type field. The most widely used RTP profile is published in RFC
1890 [22], commonly called the audio/video profile.
RTCP is the associated control protocol of RTP. It periodically provides reception
quality reports. Other information provided by RTCP includes management of membership,
participant identification and the information needed to synchronize the media stream.
Originally RTP and RTCP used adjacent port numbers, but the latest revision of the RTP
specification relaxed this requirement.
The framework of the real-time multimedia network using RTP has a limited
capability to perform network congestion control. The applications on top of RTP adjust the
data-sending rate according to the information provided by RTCP. Generall y, the
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applications change their coding schemes when network conditions vary with time. With this
method, RTP reduces network congestion while it uses network resources efficiently.
Since congestion control is important for networks like the Internet, RTP is trying to
add more congestion control mechanisms to reduce network congestion. "RTP
Retransmission payload format" [21] was published as an IETF Internet Draft, and it still
works in progress. It suggests a RTP retransmission mechanism for applications with relaxed
delay bounds. For real-time applications, retransmission is not appropriate as the end-to-end
delay for interactive communication needs to be less than a few hundred milliseconds.
Currently, according to the characteristics of multimedia applications, various TCPfriendly rate control algorithms have been devised to smooth the short-term variation in the
sending rate [30][31]. As many audio and video data have either a fixed or fixed set of
sending rates, abruptly decreasing the sending rate on the transport layer is not suitable for
these applications. Research on new transport protocols with smooth variations in the
sending rate is in progress. These protocols use congestion control mechanisms that are
different from those of TCP for reducing the abrupt decreasing of window sizes when the
network is congested. In our thesis, a partial-reliable PR-SCTP scheme is proposed to
achieve a smoother window size variation. A performance improvement is also obtained by
sending important messages reliably in this scheme.
RTP/RTCP is typically transported by UDP/IP since most of the media data
transported by RTP is time-sensitive. The real-time media data encapsulated in RTP/RTCP
needs to be transported within a short time period. Thus UDP is a better transport protocol
for these real-time applications. For some applications, which are delay-tolerable and use
RTP/RTCP, TCP may also be used as the transport protocol. For example, streamed media
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data are transported by RTSP (Real-Time Streaming Protocol), which defines RTP over TCP
encapsulation.
Since most of the media-data transported by RTP/RTCP are time-sensitive, generally
no retransmission mechanism is adopted in RTP. RTP depends on the checksums of the
lower layer protocols to detect the errors. For packet losses, the most likely response for the
sender and receiver employing RTP is to adapt the codec output to match the new network
condition. According to the information provided by the SR and the RR, the sender and the
receiver avoid the network congestion. For some applications that are time-insensitive, a new
retransmission mechanism is also proposed in the IETF Internet draft [21].
Besides TCP and UDP, some new transport protocols are also presented for real-time
multimedia applications. TCP-like protocols, such as the Rata Adaptation Protocol (RAP)
[31], try to emulate the TCP congestion control algorithm without the reliability mechanisms,
resulting in a protocol more suitable for real-time multimedia data transport. Since both TCP
and TCP-like transport protocols have large rate changes over short periods, some other
control algorithms are required to smooth the short-term variation in sending-rate if they are
applied to multimedia data [29][30]. Research on these protocols and algorithms is still in
progress.

1.4

Summary of Contributions
Our research focuses on studying effective transport methods for multimedia

applications using PR-SCTP. The main contributions of this thesis include:
•

Proposing a novel transport method of SIP over PR-SCTP, which coordinates SIP
and SCTP retransmission mechanisms :
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To obtain improved performance no matter whether SIP traffic is low or high, we
propose a novel transport method for SIP by using PR-SCTP. In the proposed scheme,
SIP messages are sent with either partially reliable or unreliable PR-SCTP according to
their types and requirements. Both application and transport layer retransmission
mechanisms are properly coordinated to efficiently retransmit lost data. By coordinating
retransmissions at the SIP and PR-SCTP layers, the proposed scheme benefits from
retransmission mechanisms in both layers without conflicts, as well as the flow and
congestion control of SCTP. Additionally, by implementing this scheme, we can also use
the network resources more efficiently.
•

Proposing schemes to dynamically adjust SIP initial timeout period according to the
network conditions:

In our proposed transport method of SIP over PR-SCTP, the estimated value of the round
trip time (RTT) is used as our initial timeout period T l in the application (SIP) layer, as
well as the initial "lifetime" of the data packets in the transport (PR-SCTP) layer. If this
value is set to be a constant, the differences between T l and the real RTT may become
very large under low and high network traffic. In cases of heavy network traffic and
increased latency, T l could become much smaller than the real RTT. This will lead to
premature packet discards in the PR-SCTP layer and retransmissions in the SIP layer,
which can worsen network congestion and further degrade network performance initially,
until the exponential increase in retransmission timer catches up to the real RTT. To
further improve network performance, we propose schemes to adjust the initial estimated
RTT value dynamically according to the network condition. After we apply these
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schemes to our transport method of SIP over PR-SCTP, the average packet delay
decreases by about 15%.
•

Providing concrete performance comparisons for schemes of SIP over three
transport protocols:
Currently available simulation results on SIP transport are very limited. Our simulation
provides concrete data for the performance analysis of these schemes. We choose three
schemes to collect our test results for SIP signaling. SIP over UDP is the currently used
scheme. In theory, SIP over SCTP performs better when SIP traffic is high, and SIP over
PR-SCTP is expected to perform well whenever SIP traffic is high or low. Simulations
are performed on these schemes. Based on the simulation results and discussions, we
compare the performance of these schemes and then recommend for further study the
schemes that have better delay and throughput performance.

•

Proposing new method for transporting RTP based multimedia data using PRSCTP:
A new PR-SCTP service we propose here is differentiated PR-SCTP service. In this
transport method, application messages are transported according to their types and
requirements. Important messages, like RTCP messages, are transported reliably. Both
the RTP media traffic and the network benefit from the flow and congestion control of
PR-SCTP in this scheme. Moreover, the average packet delay is reduced, and the
received qualities of the RTP-based multimedia applications are improved by
transporting important messages reliably.
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Outline of the Thesis
This thesis focuses on the research of transporting multimedia applications using PR-

SCTP. The rest of the thesis is organized as follows. In Chapter 2, we present a method to
transport RTP-based multimedia data over PR-SCTP, and shows our simulations
methodology for SIP and RTP-based multimedia data over diverse transport protocols.
Simulation results for multimedia data are also discussed in this chapter. In Chapter 3, we
provide methods for transporting SIP traffic over different transport protocols. The
advantages and limitations of those schemes are discussed, and comparisons between these
schemes are made. Chapter 4 presents simulation results on the three chosen schemes for SIP
transport: SIP over UDP, SIP over SCTP and SIP over PR-SCTP. We also conduct
performance comparisons for these schemes in this chapter. Finally, Chapter 5 concludes the
thesis with a summary of the work presented and also recommends future work.
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Chapter 2

Methods for Transporting RTP-based Multimedia
Data over PR-SCTP and Performance Evaluations

Currently, time-sensitive multimedia data are transported by RTP over UDP. By itself
RTP does not guarantee timely delivery of the multimedia data. Instead it provides time and
sequence information for applications. RTP over UDP does not perform flow and congestion
control on the transport layer, but leaves it to the application to perform congestion control
by adjusting the media sending rate according to the information provided in RTCP. Since
PR-SCTP provides very flexible services for applications, including unreliable and partialreliable services, in this chapter we will discuss the scheme for applying PR-SCTP as the
transport protocol for RTP media data, which is a differentiated PR-SCTP transport method
for RTP.
The rest of this chapter is organized as follows. The Differentiated PR-SCTP
transport method for RTP is presented first. The simulation methodology and simulation
modules are followed; then simulation scenarios and results for multimedia data are
presented and discussions follow.

2.1 Differentiated PR-SCTP Scheme for RTP
2.1.1 Motivations for Proposing Differentiated PR-SCTP Scheme for RTP

The unreliable flag can be set on a per message basis in PR-SCTP. This feature
provides flexibilities in the services provided by PR-SCTP. As mentioned before, TCP and
SCTP are not appropriate for the transport of time-sensitive data encapsulated in RTP.
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However, for applications with relaxed time bounds, connection-oriented transport protocols
can provide suitable services.
Applications with relaxed time bounds using RTP include streamed audio/video
applications. Among the encoding schemes for streamed audio/video data, the most popular
ones currently used include MPEG-3 and MPEG-4. MPEG 4 is an encoding technique in the
Moving-Picture-Experts-Group family with a low bit rate. MPEG 4 encodes video in three
different frame types: I, P, and B frames. These frame types encode video signals into
packets with different levels of reliability. I frame (intra-coded frame) contains data with the
highest reliability. It is referenced by P (Predicated frame) and B (Bidirectional interpolated
frame) frames. The dependency between frames is shown in Figure 2-1.1 frames are coded
independently, while B frames are never used as a reference for other frames. In Figure 2-1,
the first I frame and the first P frame serve as references for the first two B frames. MPEG 4
is capable of adaptive encoding and allows interactivity of the users on the decoder side, thus
increasing network utilization and making it more responsive to changes in the network.

B

B

P

B

B

P

Figure 2-1 Dependency between MPEG 4 frames
Another popular adaptive encoding scheme is layered encoding. It is recommended as
a solution to the varying bandwidth constraints. Layered encoding compresses a video signal
into one or more layers with different reliabilities. The layer with the highest reliability is
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called the base layer, and contains the data that is most important for the video signal. Less
important information is encoded into enhancement layers to further refine the video quality.
Like MPEG 4, layered encoding makes it possible for the encoder side to adapt to the
network conditions by adjusting its encoding layers and sending rate.
In general, audio/video signals encoded by MPEG4 and layered encoding techniques
are transported by RTP/UDP in the IP network. Since RTP/UDP treats all data packets
passed from the upper layer in the same manner, it will depend on the encoder side to adjust
its data sending rate to match the network conditions. For the layered encoding scheme, the
source dynamically adjusts the number of video layers as well as the rate at which each layer
is transmitted to achieve high bandwidth utilization and high video quality.
In both MPEG 4 and layered encoding techniques, data is divided into types with
different levels of reliability. If the transport below can separate the data packets according to
its types and reliabilities, the application and the IP network will benefit from it. When a
network experiences congestion, data packets with lower reliabilities are discarded, thereby
preventing the loss of data packets with high reliabilities. More successful transport for data
packets with high reliability produces better video quality and higher network utilization. PRSCTP provides differentiated services on a data packet basis; thus it can be used to achieve
this goal. Sending data packets by setting or not setting unreliable flags, PR-SCTP
differentiates the transport of the data packets.
For applications with relaxed delay bounds and where full reliability is not required,
the RTP retransmission scheme is also proposed [21]. RTP detects losses through the gaps
between sequence numbers in RTP packets. According to the RTP retransmission payload
format defined in the IETF Internet Draft [21], the retransmitted messages must be in a
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different RTP session with the same SSRC (Synchronization Source) or in the same RTP
session with a different SSRC. Compared with the lower transport layer retransmission, RTP
retransmission is not as quick as the transport protocol with respect to loss detection.
Additionally, adding a retransmission mechanism to RTP is not easy, because the
retransmission messages must be associated with the original messages. Extra steps have to
be taken to ensure that they have the same timestamps and the same options. In this case,
both the sender and the receiver must be enhanced if RTP retransmission is used.
2.1.2

Scheme for Differentiated PR-SCTP
PR-SCTP sets unreliable flags on a per data packet basis. With this feature, PR-SCTP

transport reliably for data packets containing important messages for video signals, such as
the I frame in MPEG 4 and the base layer data packets in layered encoding. Data packets
containing less important messages, such as P and B frames in MPEG 4 or the enhanced
layer data packets in the layered encoding technique, are transported unreliably. These data
packets would be dropped according to the principles of PR-SCTP. The advantages for this
scheme include:
(1) Reliable transport for important messages with higher reliabilities, thus ensuring
receivers obtain at least a basic quality of video signals.
(2) Received video quality changes according to current network conditions. Since
important messages are transported reliably and less important messages are
transported unreliably, less important messages are dropped first when the
network is congested; thus more important messages are received compared to
the schemes in which messages are treated alike.
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(3) Along with the feature of real-time adaptive encoding of MPEG4 and the layered
encoding technique, feedback information contained in the SACK of PR-SCTP
enables the encoding source to change its encoding and sending rate in reaction
to changing network conditions.
(4) Efficiency use network resources. When network traffic is high, incremented
packet losses will occur because of network congestion. If all packets are
transported reliably by transport protocols like TCP and the basic SCTP, more
retransmissions for the lost packets are performed, thus No. transmitted data will
decrease. Transporting data packets by PR-SCTP decreases the packet
retransmission, since some data packets are dropped in the transport layer with
no retransmission performed.
PR-SCTP is a very flexible transport protocol. According to the description of PRSCTP in RFC 3758, the receiver of PR-SCTP is not required to know what the principle for
packet dropping is. The receiver only needs to recognize the FORWARD TSN chunk and
advances the cumulative acknowledged point according to the new cumulative ACKed point
provided. Therefore, the sender of PR-SCTP can decide independently when to drop a data
packet according to the network conditions. This flexibility makes it easier to modify the
principles of PR-SCTP according to the requirements of diverse multimedia applications.
The control messages of RTP are more important messages than RTP multimedia
data. We recommend the use of reliable transport for RTCP messages. In the RTP protocol,
RTCP is not allowed to send frequently to obtain bandwidth efficiency. The reporting
interval of RTCP is calculated on the basis of the bandwidth, packet size and the number of
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participants and senders. The recommended bandwidth allocated to RTCP is 5% of the
session bandwidth. With reliable transport for RTCP, RTP sessions become more robust.
Other schemes of PR-SCTP can adapt to the needs of the applications. For example,
the maximum retransmission timer for partial reliable messages can be set according to the
reliabilities of the messages. The "timed reliability" service specified in RFC 3758
implements this scheme. RTP passes the.message lifetime to PR-SCTP. The data packet,
including the RTP message, would be treated as a normal reliable message before the
lifetime expires and then would be dropped by the transport layer. To give higher reliability
to the data packets that contain more important messages, a longer lifetime can be assigned to
those packets.
Figure 2-2 shows the transport method for data packets which are encapsulated in
RTP transport over PR-SCTP. I frames are transported reliably by PR-SCTP, whereas P and
B frames are transported unreliably. The differentiated transport for MPEG 4 data packets
can be implemented by the "timed reliability" service of PR-SCTP. The "timed reliability"
service of PR-SCTP sets the lifetime parameter to zero for I frame data packets, which means
the data packets containing I frames are treated as normal reliable SCTP data packets. The
lifetime parameter of data packets containing P and B frames is set to the maximum value for
an unsigned 32-bit integer (constant SCTP_LIFETIME_SEND_EXACTLY_ONCE), which
means that P and B frames are sent exactly once. We can also set the lifetime parameter of
data

packets

containing

P

frames

with

a

value

between

zero

and

SCTP_LIFETIME_SEND_EXACTLY_ONCE. Then the data packets are treated as normal
•reliable SCTP data packets until the lifetime expires.
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Figure 2-2 Transport of data packets with reliabilities in PR-SCTP

2.2 Introduction to Simulation Modules
To obtain data for methods of transporting RTP-based multimedia data over PRSCTP, we perform simulations on chosen scenarios. We conducted simulations by using the
network simulator NS-2, which is a free network simulation software downloaded from the
website of the Information Sciences Institute (ISI) of University of Southern California [32].
NS-2 is a discrete event simulator targeted for networking research. It provides substantial
support for the simulation of multiple protocols over wired and wireless networks. The
version of NS-2 we use is v.2.26. Our SCTP and PR-SCTP NS-2 modules are based on the
SCTP module completed by the University of Delaware. The application modules are
constructed in UDP, SCTP, and PR-SCTP respectively.
Our simulations include scenarios for multimedia signaling and multimedia data. We
choose different topologies to study the throughput and delay of our schemes in diverse
scenarios. In this chapter, we present the simulation scenarios and results, employing the
multimedia data over PR-SCTP.
There are several modules used in our simulations, including the new SCTP module,
the PR-SCTP module and modules for application layer traffic. Our SCTP and PR-SCTP
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modules are developed based on the NS-2 SCTP module, which was completed by the
University of Delaware. SIP traffic modules include NS-2 modules of SIP over UDP, SIP
over SCTP and SIP over PR-SCTP. They are modified based on the module originally
developed by Giuseppe De Marco. In these SIP modules, the SIP agent can send and receive
5 SIP messages. Below we will introduce these modules in detail. The application layer
traffic module sends traffic with exponential inter-arrival time, which is modified from the
basic NS-2 traffic module.
(1) New SCTP module
The SCTP NS-2 module completed by the University of Delaware does not support
application layer data transport. Neither does it receive application data from the upper layer,
nor does it send application data to the upper layer. To pass SIP messages to the SCTP agent,
we modified some functions of the basic SCTP agent, so that SIP messages can be
encapsulated in SCTP packets as application data and transported to other endpoints.
(2) PR-SCTP module
PR-SCTP sets retransmission limits on a packet basis. If the retransmission limit of
the packet is exceeded, the data packet is discarded by the transport layer. Our PR-SCTP
module modified the functions of the original NS-2 SCTP agent to adapt it to the needs of
our SIP over PR-SCTP scheme. In the original SCTP module, a SCTP agent does not support
PR-SCTP. We change it to simulate the "timed reliability" service of PR-SCTP. In the
definition of "timed reliability," a data packet is dropped if its "lifetime" expires.
(3) SIP application modules
Our simple SIP application modules are modified from an NS-2 SIP module, which
was created by Giuseppe De Marco. It is a simple SIP module built over UDP. It can send 5
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SIP messages: INVITE, 100 Trying, 180 Ringing, 200 OK, and ACK. The structure of this
module is shown in Figure 2-3. The transport layer agent could be a SIP over UDP agent, a
SIP over SCTP agent or a SIP over PR-SCTP agent. The application traffic modules include
SIP

exponential

traffic

modules

that

can

be

one

of

the

exponentialSIPT,

SCTPexponentialSIPT and SCTPexponentialSIP modules. The exponentialSIPT module is
on top of the UDP agent. The SCTPexpontialSIPT is on top of the PR-SCTP agent, while the
SCTPexponentialSIP sits over the SCTP agent. SIP over UDP or PR-SCTP employs the
retransmission mechanism because these transport protocols are unreliable or partially
reliable. On the other hand, SIP over SCTP uses the transport layer retransmission
mechanism; thus no application layer retransmission is provided.

Application traffic

Application traffic

Figure 2-3 Structure for SIP NS-2 modules

In our SIP module, SIP "INVITE" messages are considered to have been transmitted
successfully after a lxx provisional message or a 200 OK has been received. "100 TRYING"
and "180 RINGING" are not required to be transmitted reliably and will never be
retransmitted by the application layer. "200 OK" is considered as sent successfully when an
" A C K " is received. Different traffic loads are applied in the network in our simulations.
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(4) Application traffic module
Our application traffic module sends traffic with exponential inter-arrival time. It is
modified from the basic NS-2 application traffic module. In this module, messages can be
classified by their reliabilities. This module is used in our simulations for media data. By
transporting it using differentiated PR-SCTP, high reliability messages are transported
reliably and low reliability messages are transported unreliably.

2.3 Simulations for Media Data
The objective of our simulations for the transport of multimedia data is to study the
performances of the time-sensitive and loss-insensitive applications delivered over different
transport protocols. Since basic SCTP is a connection-oriented and reliable transport
protocol, it is not appropriate for real-time or near real-time application transport, which are
usually encapsulated in RTP/RTCP. In our simulation, different services of PR-SCTP are
applied for comparisons.
2.3.1

Network Topology
We use the topology shown in Figure 2-4 to simulate the media data transport. The

transport protocol we use is PR-SCTP. Two multimedia data sources and the background
traffic sources adopt an application traffic model with exponentially distributed inter-arrival
times. The traffic flows are transported between node 6 and node 7, node 0 and node 4, node
1 and node 5. The data sending rate in the sources between node 6 and 7 is 200 packets/s and
the data sending rates between node 0 and 4, node 1 and 5 are 100 packets/s. The data packet
size is set to be 500 bytes. The ratio of important messages to the total number of the
messages is 40%. The overall transmission delay for the links between a sender and a
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receiver is set at 45ms [7] [8]. The link capacities are chosen so that the link between two
routers is the only bottleneck in the network. The differentiated services and reliable service
of PR-SCTP are used to transport application messages in the simulation scenarios.

Traffic source(node1)
Traffic source(node 5)

Figure 2-4 Simulation topology for multimedia data transport

We collect the simulation data on the receiver's transport layer. According to the
reliability of the received data packets, the numbers of the received packets with different
reliabilities are counted respectively when differentiated PR-SCTP is used. When all data
packets are transported reliably by PR-SCTP, the total number of received packets is counted
at the receiver. The packet delay is defined as the delay that starts when the data packet is
passed to the transport layer at the sender and ends when the data packet is received on the
transport layer at the receiver. The average packet delay is calculated during the period of the
simulation.

2.3.2

Simulation Results and Analysis
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In our simulation, the data packets required to be delivered reliably and unreliably are
transported in the same SCTP association. The simulation results show us very clearly the
performance differences when differentiated PR-SCTP is used as the transport protocol for
applications with messages having different reliabilities. After we apply differentiated PRSCTP, the average packet delay is reduced significantly.

Table 2-1 Messages received and delay of multimedia data over PR-SCTP
(simulation time 1000s, data packets with different reliabilities)
Traffic direction

Packets received

Packets received

Packets

Average

(high reliability)

(low reliability)

dropped

delay(ms)

Node 0 to node 4

28570

43005

48

93.11

Node 4 to node 0

28687

42813

67

125.04

Node 1 to node 5

28876

43055

36

92.81

Node 5 to node 1

28708

43262

73

125.84

Node 6 to node 7

94063

38839

168

107.26

Node 7 to node 6

25937

101489

362

138.99

packet

Table 2-2 Messages received and delay for multimedia data over PR-SCTP
(simulation time 1000s, all data packets transported reliably)
Traffic direction

Packets received

Packets dropped

Average packet delay(ms)

Node 0 to node 4

98591

53

168.04

Node 4 to node 0

90871

39

166.73

Node 1 to node 5

97026

122

166.50

Node 5 to node 1

93992

62

168.56

Node 6 to node 7

101599

42"

164.93

Node 7 to node 6

93608

79

164.19

Table 2-1 shows the numbers of the received data packets and average delays when
differentiated PR-SCTP is used. Table 2-2 shows the numbers of the received data packets
and average delays when all data packets from the upper layer are transported reliably on the
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transport layer. Comparing the simulation results on Table 2-1 and Table 2-2, we can see that
the average packet delay decreases by using the differentiated PR-SCTP service.

200

node 0 to 4

node 4 to 0

node 1 to 5

node 5 to 1

node 6 to 7

node 7 to 6

• differentiated service • reliable service

Figure 2-5 Comparison of the average packet delay
Figure 2-5 shows the comparisons of the average packet delay. Comparing the
simulation results in Figure 2-5, we can see that the average delay of the data packets
decreases several tens milliseconds if data packets are treated differently according to their
reliabilities. In our simulation, the data traffic transported in the network is already high,
which the traffic load is more than 65%. If all the data packets are treated in the same way
and transported reliably, the packet retransmissions further increase the traffic in the network,
which is already high, thus making the network congestion condition worse. In the scheme
of transporting data packets with both reliable and unreliable service, the data packets using
unreliable service are dropped first when network traffic is high. Thus the data packets with a
high priority have a higher probability of being transported successfully. Since unnecessary
retransmissions for the data packets with low priorities are decreased, network resources are
used more efficiently.
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In our differentiated PR-SCTP scheme, fewer data packets are transported in the
network. The queuing delay for the data packets decreases; thus the overall delays for the
data packets decrease. In conclusion, by treating data packets with reliabilities differently, we
can get higher network efficiency, lower data packet delay and higher quality for audio and
video applications encoded by MEPG or layered coding schemes.
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Chapter 3

Methods for Transporting SIP Traffic over Different
Transport Protocols

In this chapter, we first describe the limitations of SIP over SCTP. The mechanisms
of PR-SCTP are presented in Section 3.2. In Section 3.3, SIP over PR-SCTP is introduced in
detail. Afterwards, our proposed methods for dynamic SIP initial timeout period adjustment
are described in section 3.4.

3.1 Limitations of SIP over SCTP
The scheme of SIP over SCTP can use only transport layer reliability mechanisms to
detect the data packet losses and then retransmit them. In SCTP, the lost data packet is
detected by checking the gap blocks in the received SACKs or by timing out. Similar to TCP,
SCTP considers the data packet as missing when it receives 4 SACKs with the same Gap
Ack blocks. The fourth potential missing report triggers the fast retransmit algorithm and the
missing data packet is then retransmitted quickly. If there is a retransmission timeout, the
retransmission also occurs but immediately puts the association into a slow start.
There are some rules for generating and sending SACK as documented in RFC 2960
[1]. T o avoid generating too much SACK traffic, SCTP may apply the delayed
acknowledgement algorithm specified in [28], which generates a SACK after the second
unacknowledged data chunk has been received. Generally, a SACK is bundled with data
chunks in a SCTP packet returned to the other endpoint. If no SCTP packet is available for
the SACK bundling within a certain time limit, a dedicated acknowledgment packet may be
sent. The recommended delay limit is 200ms but should never be more than 500ms.
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Additionally, the retransmission timeout of SCTP is recommended within the range from 1 to
60 seconds.
On the other hand, the SIP retransmission mechanism is based on the exponentially
increased retransmission timeout for SIP messages. The default initiated retransmission
timeout for SIP messages, T l , is normally 500ms, which is an estimate of the networks's
round-trip-time (RTT). According to the RTT of a specific situation, T l may be adjusted. SIP
increases the timeout period exponentially in successive retransmissions.
SIP over SCTP is considered more effective when SIP traffic is high. Under high SIP
traffic, SIP over SCTP detects data packet losses by the fast retransmission algorithm. The
SCTP fast retransmission algorithm is more effective than the SIP retransmission
mechanism, which is used by the scheme of SIP over UDP. However, when SIP traffic is
low, SCTP cannot acknowledge the received data packets until the time period specified for
SACK generation has been reached. The typical duration of this time period is 200ms to
500ms according to the specification in RFC 2960. As the default initiated timeout period for
SIP is normally 500ms, in this situation, the SIP retransmission mechanism is more effective
than the SCTP retransmission mechanism. In paper [8], SIP over SCTP is recommended only
when SIP traffic is high.
Since SCTP can provide only a reliable service, the limitations of SIP over SCTP are
summarized below.
•

Network resources could be wasted to transport obsolete SIP messages. Once a SIP
message is included in a SCTP data packet, SCTP will keep resending the packet until
it is acknowledged. Since SIP messages are useful only within a certain time period, the
retransmissions of obsolete SIP messages by SCTP increase the network congestion
unnecessarily.
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•

It provides better network performance than SIP over UDP only when SIP traffic is
high. When SIP traffic is low, SIP over UDP, which recovers errors in the application
layer only, can be more effective, as discussed above.

•

It transports all SIP messages reliably regardless of need. SIP provisional response
messages, like "180 Ringing" and "100 Trying" are not required to be transported
reliably. In SIP over UDP, these messages are never retransmitted by SIP. However,
SCTP only provides a reliable service. It treats all data packets in the same way and
transports all of them reliably.
Our proposed scheme of SIP over PR-SCTP overcomes the above limitations. By

engaging an appropriate PR-SCTP service according to the reliability requirement of a SIP
message, SIP messages can be transported over PR-SCTP either with partial reliable or
unreliable services. Moreover, for efficient recovery of lost packets, our scheme of SIP over
PR-SCTP chooses the most effective retransmission mechanisms between SIP and PR-SCTP,
thus achieving a better performance regardless of high or low SIP traffic.
3.2

Mechanisms of PR-SCTP
The partial reliable extension of SCTP (PR-SCTP) provides unreliable ordered and

unordered services for applications. PR-SCTP is documented in [2]. With this extension, data
packets can be dropped under some conditions. At the sender side, PR-SCTP maintains a
theoretical cumulative TSN point for each peer, which is called Advanced.Peer.Ack.Point. At
the receiver, the cumulative TSN point would advance if some data packets are dropped. PRSCTP introduces a new data chunk type FORWARD TSN into the basic SCTP. FORWARD
TSN instructs the peer to move the cumulative TSN point forward.
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PR-SCTP allows the user to specify the partial reliable service on a per message
basis, so both the reliable and unreliable data traffic can be multiplexed into a single SCTP
association. PR-SCTP applies the same flow and congestion control to all data traffic in the
SCTP association. The partial reliable data traffic carried in the SCTP association would
obtain the same loss detection and error recovery capabilities as normal reliable data traffic.
In PR-SCTP, when a FORWARD TSN is received, the receiver first updates its
cumulative TSN point according to the received FORWARD TSN chunk. It advances the
cumulative TSN point to the value of New Cumulative TSN in the FORWARD TSN Chunk.
Then it further advances its cumulative TSN point if additional data packets have been
received. We show an example in Figure 3-1 for the receiver's cumulative TSN point
advancement. In this example we assume the arrived FORWARD TSN carries the new
cumulative TSN 101, and data packets with TSN 102, and TSN 103 have been received
before. As shown in Figure 3-1, the peer's cumulative TSN point increases to TSN 103 in
this case.
No specific method for moving the cumulative TSN point forward in PR-SCTP is
mandatory in RFC 3758. One particular partial reliable service specified in PR-SCTP [2] is
called "timed reliability." "Timed reliability" is a natural extension of the "lifetime" concept
in SCTP. According to this principle, this service allows the user to indicate the "lifetime" of
a message, which is the time period limit that the sender attempts to transport the message.
When this "lifetime" expires, the data packets containing the message are discarded by the
transport layer. Our proposed scheme of SIP over PR-SCTP is based on this "timed
reliability" principle.
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Cumulative T S N point
before processing
the F O R W A R D T S N received

cum.TSN.Pt->
missing
received
received
missing
received
missing
received

100
101
102
103
104
105
106
107

Cumulative T S N point
after processing
the F O R W A R D T S N received

==>

cum.TSN.Pt->

100 received
101 received
102 received
103 received
104 missing
105 received
106 missing
107 received

Figure 3-1 An example for moving cumulative TSN point forward in PR-SCTP
3.3

Coordination of SIP and PR-SCTP
The SIP retransmission mechanism is more effective than the SCTP retransmission

mechanism when SIP traffic is low, while the opposite is true when SIP traffic is high. SIP
over PR-SCTP combines the advantages of SIP and SCTP retransmission mechanisms
whenever the traffic is high or low.
Our SIP over PR-SCTP scheme adopts the "timed reliability" PR-SCTP service. The
"lifetime" of the data packet is set on a per data packet basis. In our proposed scheme,
instead of setting the "lifetime" of a PR-SCTP data packet at a constant value, the "lifetime"
is changed according to the application layer timeout values of the SIP message transported.
Beside applying the partial reliable transport service of PR-SCTP within the "lifetime," our
scheme uses SIP to retransmit the lost message as well. This let our scheme adopt the more
effective recovery mechanisms between transport layer and application layer. In our scheme,
when a SIP message is first transmitted, the SIP retransmission timeout for this message is
T l , the initial SIP retransmission timeout. When it passes to the transport layer, the
"lifetime" of the data packets carrying the SIP message is also set to T l . According to the
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principle of the "timed reliability" PR-SCTP service, PR-SCTP attempts to provide reliable
delivery of the data packet within the lifetime using the same error recovery mechanism as in
SCTP, and drops the packet if unsuccessful within the lifetime. At this time, the SIP timeout
period is also reached, and SIP takes over by retransmitting the SIP message dropped by the
transport layer. As SIP increases its retransmission timeout to 2*T1, accordingly, the
"lifetime" of the data packets carrying this SIP message is also increased to 2*T1. This
process continues till the message has been sent successfully or the 6 retransmission on the
th

SIP message has failed. If all the retransmissions fail, an error message is reported to the
application layer to indicate the transmission failure of the SIP message. This process is
described in Figure 3-2.
This scheme allows the network to benefit from both the flexibility of PR-SCTP and
the retransmission mechanism of SIP. Since PR-SCTP can provide different transport
services on a per message basis, including reliable, unreliable or partially reliable transport
services, as well as ordered or unordered services, our scheme is also capable of applying
either the ordered or unordered transport service as required by the application. The
unordered service avoids the HOL problem for messages in the same stream. In our scheme,
SIP provisional messages are required to be sent unordered, since the loss of these messages
are not allowed to block the delivery of other SIP messages. Other SIP messages could be
sent either ordered or unordered. If multiple SIP sessions are mapped into one SCTP stream,
unordered service is recommended since it prevents the SIP messages of one SIP session
from blocking the delivery of other SIP messages belonging to different SIP sessions. The
schemes for mapping SIP sessions into SCTP streams are discussed in recently published
papers [7][8][9].
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As we have described above, the "lifetime" of the data packets containing the SIP
message equals the SIP retransmission timeout. This scheme lets the application protocol and
transport protocol discard the SIP messages at the same time; thus no stale messages are
transported in the network. Network resources are used more efficiently.
SIP over PR-SCTP uses the more effective retransmission mechanisms for lost SIP
messages. According to former research on SIP over SCTP [7][8][9], the SCTP
retransmission mechanism is faster in loss detection only when SIP traffic is high. Thus in a
low SIP traffic environment, employing the SIP retransmission mechanism is a better choice.
Our scheme uses both PR-SCTP and SIP to detect the losses and to perform retransmission.
This makes it possible for the scheme to use the most effective method. If SIP traffic is low,
SIP lost messages are mainly detected and retransmitted by SIP. When SIP traffic is high,
SCTP detects the lost data packets much quicker by checking the block gaps in received
SACK, so the main retransmission mechanism used in this case is the transport layer
retransmission mechanism.
3.4

Dynamic Adjustment for the SIP Initial Timeout Value

The estimated value of the RTT used by our proposed scheme of SIP over PR-SCTP,
T l , affects the network performance if it is not close to the real RTT. Under low SIP traffic,
the real RTT may be much smaller than the estimated value. Then it would take more time
for the SIP layer to detect the losses and retransmit the lost packet. In cases of heavy network
traffic and increased latency, the real RTT may become much larger than the estimated value.
This leads to frequent SIP retransmissions, thus worsening network congestion and further
degrading the network performance. Therefore, if the estimated value of the RTT can be

48

Chapter 3 Methods for Transporting SIP Traffic over Different Transport Protocols

adjusted according to the network conditions, we can further improve network performance.
In this thesis, we propose two methods to dynamically adjust the SIP initial timeout value TI.
3.4.1

Dynamic TI Adjustment According to the Packet Loss Ratio
This method dynamically adjusts the estimated value of the RTT according to the

differences between the number of newly sent SIP messages and the number of the
retransmitted SIP messages during a period of time. During this period, the number of the
newly sent SIP messages, and the number of the retransmitted SIP messages are counted.
Then at the end of the period, the ratio of these two numbers is calculated. The UPPER
LIMIT and the LOWER LIMIT are set for the value of this ratio. If the ratio is larger than the
UPPER LIMIT, which indicates heavy network traffic, TI is doubled from its original value.
If the ratio is smaller than the LOWER LIMIT, which indicates that TI is longer than real
RTT, TI is decreased to half of its original value. The minimum value of TI is set at MINT1
and can be adjusted. The flowchart for this scheme is shown in Figure 3-3.
This scheme provides a simple and effective way to dynamically adjust the SIP initial
timeout period. The ratio of the two numbers reflects the network condition; accordingly, the
adjustment on the SIP initial timeout according to this ratio complies with the change in the
network condition. This scheme calculates the ratio value once after a period of time, thus
preventing the SIP initial timeout to change too frequently.
3.4.2

Dynamic TI Adjustment According to the Round Trip Time
In this method, dynamic TI adjustment is performed according to the measured round

trip time. Like the Karn's algorithm used by TCP to monitor the round trip time and to
control the retransmission time out, this method measures the round trip time at the end of a
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measurement period, and the dynamic T l adjustment is performed. We measure the RTT as
the time period between the time a SIP INVITE message is sent and the time a SIP response
message is received. The algorithm for adjusting Tl is modified from Karn's algorithm [33].
When the first RTT measurement newrtt is made, the T l is set as
T l = newrtt
If the subsequent new RTT measurements are made, the variables are updated to:
T l = (1-alpha)* T l +alpha * newrtt
where alpha = 7/8.
Whenever the T l is computed, if it is less than 250ms, then the T l is rounded at
250ms.
Compared to the Karn's algorithm used in TCP, we use a larger value of alpha here in
order that the T l is closer to the new RTT value.
To decrease the jitter in the T l , we calculate newrtt as an average round trip time
during a period of time, which is a measurement period. At the end of a measurement period,
T l is computed according to the average round trip time newrtt. The flowchart is shown in
Figure 3-4.
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Figure 3-2 Description of SIP over PR-SCTP
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INIT

Send_msg();
Recv_msg();
Time_counter +=1;
no_new_msg +=1;
no_retrans_msg +=1;

yes
Ratio= no_new_msg/no_retrans_msg;
no_new_msg = 0;
no_retrans_msg = 0;

1V
T1

e s

1=2;

Figure 3-3 Flowchart for SIP initial timeout adjustment according to the packet loss ratio
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INIT

Send_msg();
Recv_msg();
newrtt = RTTmeasureQ;

Figure 3-4 Flowchart for SIP initial timeout adjustment according to the RTT
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Chapter 4

Performance Evaluation of Different SIP Traffic
Transport Methods

This chapter provides simulation results for SIP signaling. First, a simple topology is
used for only one kind of transport layer protocol in the network, so as to determine how the
performance differs when application layer retransmission mechanisms or transport layer
retransmission mechanisms are applied. Second, we use a more complicated topology to
study the performance of the schemes when network traffic is high. We also study network
performance when there is competition among the traffic streams that use different transport
layer protocols. This section also includes the simulation results for our proposed dynamical
SIP initial timeout adjustment.
Our simulations for SIP signaling are designed to study the performance of SIP over
PR-SCTP under both high and low SIP traffic. The background traffic is also changed to
show how it influences the SIP message transport. To study network performance when link
qualities are poor, like the situation in a wireless environment, we apply link errors in our
simulations. The traffic loads we use in the simulation are shown in Table 4-1. Since SIP
UA can only process one simultaneous SIP session, we consider 1 calls/s as a low SIP traffic
load. To an SIP server that can process 100 SIP calls per second (CPS), we consider 60
calls/s as a high SIP traffic load and 80 calls/s as a very high traffic load. The link capacity is
adjusted so that its traffic load is set at low, high and very high as shown in Table 4-1.
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Table 4-1. Traffic loads used in the simulations
Traffic load

low

High

Very high

SIP traffic

1 calls/s

60 calls/s

80 calls/s

<5%

Between 60% and 85%

> 85%

Link traffic load
(between two routers)

In our simulations, SIP messages with an exponential inter-arrival time are passed to
the transport layer. The throughput is calculated from the total number of successfully
received data packets containing SIP messages during the simulation time. The average
packet delay is calculated as the transport layer delay, which starts when the upper layer
messages are passed to the transport layer and ends when the receiver receives the data
packets on the transport layer.
The proposed dynamic adjustment methods for the SIP initial timeout TI are applied
to the network. The simulation parameters for the dynamic TI adjustment method according
to the packet loss ratio are shown in Table 4-2.

The measurement period for the TI

adjustment method according to the round trip time is set to be 500ms, and the parameter,
alpha, is set to be 7/8.
Table 4-2 Simulation parameters for
dynamical SIP initial timeout adjustment according to the packet loss ratio.

4.1

MINITl

UPPER.LIMIT

LOWERLIMIT

0.25 ms

10%

1%

Simulations when SIP Traffic is Low
Low SIP traffic is applied to the simulated network in this part. The lower transport

protocols are UDP, SCTP and PR-SCTP respectively. We also include link errors to simulate
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the environment with poor link qualities. The link error rate is set at 0, 0.5% and 1%. At first,
low background traffic is applied in the network in our simulations, and then it is raised to a
higher value.
The typical SIP retransmission timer is set to 500ms for the first transmission. When
there is a packet loss, UDP can use only the application layer retransmission, while SCTP
can use only the transport layer retransmission. PR-SCTP is the protocol that can use both the
application and the transport layer retransmission mechanism. In the schemes of SIP over
UDP and PR-SCTP, provisional SIP messages are transported unreliably, which means that
those provisional SIP messages may be dropped and never retransmitted.
4.1.1 Network Topology
In this section, we use a very simple network topology to show performance
differences among our schemes. The topology is shown in Figure 4-1. Two SIP agents are
connected through two routers. The overall link propagation delay is set at 45ms, which
approximates the propagation delay between two entities located in North America and
Europe [7] [8]. The capacities of the links in the network are chosen so that the only
bottleneck in the network is the link between two routers.
By using the topology shown in Figure 4-1, we simulate the scenarios when SIP
traffic is low, which is the case between a SIP user agent and a SIP server. The two other
traffic sources are provided as network background traffic. The traffic between SIP UA and
SIP server has an exponential distribution in its inter-arrival time. Background traffic is
generated according to a deterministic rate. In the scenarios of low background traffic, this
data rate is set at 32k bits/s, while in the scenarios of high background traffic, it is increased
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to 4000k bits/s. In the simulations in this section, the link capacity between two routers is set
at 4.5M bits/s.

1=1 1
Traffic sources

Traffic sources

Figure 4-1 Simple network topology for simulation

4.1.2 Simulation Results and Discussions
The simulation results with low SIP traffic are presented in this part. We start by
comparing the retransmission mechanisms of the three schemes. Performance comparisons
and discussions follow.

(1) Comparisons for retransmission mechanisms
Figures 4-2, 4-3, 4-4 and 4-5 show the retransmission and delays when both the
background traffic and SIP traffic are low. Figure 4-2 shows the retransmission of data
packets containing SIP messages that need to be transported reliably by SIP over UDP. In
Figure 4-3, two packets are lost and are never retransmitted by SIP over UDP, since those
packets are provisional SIP messages and transported unreliably.
SCTP guarantees the reliable transportation for the data packet once a sequence
number has been assigned to it. Since the losses of the SIP provisional messages do not
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change the SIP session's state, the SIP does not require reliable transmission for these
messages. The unnecessary retransmissions for these SIP provisional response messages by
SCTP waste network resources. Figure 4-4 shows the situation when SIP sits on top of
SCTP. Figure 4-5 indicates that the scheme of SIP over PR-SCTP uses both application
layer and transport layer retransmission mechanisms.
In Figure 4-2, the packet containing SIP message "INVITE" is lost. It takes 500ms to
retransmit the lost message from the application layer. The retransmitted message is lost
again, and then it takes 1000ms for SIP to retransmit the message. In Figure 4-3, the
messages containing SIP provisional messages are lost, and no retransmission is performed.
Figure 4-4 shows the loss detection of SIP over SCTP. SCTP spends 547.75ms to detect a
packet loss and retransmit the data packet containing INVITE 10. It spends 1201ms to
retransmit the data packet containing INVITE 17 as well. If SIP over PR-SCTP is used,
provisional SIP messages are transported unreliably. If other SIP messages are lost, SIP over
PR-SCTP coordinates the transport layer and application layer retransmission mechanism to
detect and retransmit the lost data. In Figure 4-5, the packet containing 200 OK 12 is lost;
then 500ms later, the application layer retransmits 200 OK 12, and the old data packet is
dropped. Apparently, SIP over SCTP has the longest delay among the three schemes in this
scenario.
From the simulation results presented in Figure 4-5, we can see the advantages of SIP
over PR-SCTP under low SIP traffic. SIP over PR-SCTP generally uses the application layer
retransmission mechanism, which is the more effective one between the application layer and
the transport layer when SIP traffic is low. Therefore, it results in a performance
improvement compared to the scheme of SIP over SCTP.
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(2) Performance comparisons under different link error rates
To evaluate the influence of link errors on network performance, we apply different
link error rates to the network. There are 9 scenarios here: three for error-free links (low SIP
traffic over UDP, low SIP traffic over SCTP, low SIP traffic over PR-SCTP), three for the
network with a link error rate of 0.5% and three for the network with a link error rate of 1%.
We compare the throughputs and delays of these 9 scenarios. Table 4-3 shows our simulation
results.
When there is no error or loss in the network and the SIP traffic is low, the transport
methods of SIP over SCTP and PR-SCTP perform like the method of SIP over UDP. This
similarity is shown in Table 4-3. For connection-oriented transport protocols like SCTP and
PR-SCTP, additional delays contribute to the network's overall delay. First, as connectionoriented protocols, SCTP and PR-SCTP have connection establishment delay before
communication starts. Second, SCTP and PR-SCTP increase their congestion window size
gradually within their slow start and congestion avoidance phase. Since the congestion
window limits the traffic transmission rate from the sender, this produces another kind of
delay for the data packets. In our simulation scenario, when there is no loss and congestion in
the network under low SIP traffic, the data rate is slow so that the congestion window does
not limit the sending rate of the traffic. The second delay is quite small in these scenarios.
Since we use a long simulation time, the connection delay of SCTP and PR-SCTP can be
neglected.
Comparing the simulation results shown in Table 4-3, we can see that the SIP
application can benefit from PR-SCTP as the number of link errors increases. When there are
no link errors, the three schemes perform similarly. When the link error rate increases, the
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delays of SIP over SCTP become longer than those of the other two schemes due to its less
effective loss and error detection mechanisms. The performance of PR-SCTP remains close
to that of SIP over UDP, regardless of the link error rate.
From the simulation results shown in Table 4-3, we can also see that our proposed
dynamic adjustment methods for TI improve the network performance as the link error rate
increases. In the Table 4-3, the dynamic adjustment method 1 is the method adjusting TI
according to the data packet loss ratio; the method 2 is the method adjusting TI according to
the round trip time.
Table 4-3 Throughput and Average Packet delay
(low SIP traffic from SIP UA to SIP server)
Average packet delay

Throughput

SIP/UDP

(ms)
47.22

(packets/s)
5.02

SIP/SCTP

47.41

5.02

SIP/PR-SCTP(constant TI)

47.43

5.03

SIP/PR-SCTP(dynamic T I , method 1)

47.43

5.02

SIP/PR-SCTP(dynamic T I , method 2)

47.43

5.02

SIP/UDP

48.18

4.99

SIP/SCTP

49.98

4.97

SIP/PR-SCTP(constant TI)

48.36

5.01

SIP/PR-SCTP(dynamic T I , method 1)

48.25

5.03

SIP/PR-SCTP(dynamic T I , method 2)

47.95

5.02

SIP/UDP

49.45

4.95

SIP/SCTP

53.65

5.00

SIP/PR-SCTP(constant TI)

49.50

5.03

SIP/PR-SCTP(dynamic T I , method 1)

49.04

4.96

SIP/PR-SCTP(dynamic T I , method 2)

48.49

4.94

L i n k error rate

no link error

0.5%

1%

Schemes
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Since the performance differences are not substantial, we give the 95% and 99%
confidence intervals of the average packet delay, which are shown in Tables 4-4 and 4-5.
Table 4-4 Confidence intervals for average packet delay
(Link error rate 5%)
Schemes

SIP over
UDP

SIP over
SCTP

SIP over
PR-SCTP
(constant Tl)

Mean average
packet delay(ms)
Variance

48.26

50.29

48.38

SIP over
PR-SCTP
(dynamic T l ,
method 1)
48.21

0.10

0.28

0.12

0.13

0.07

99% confidence
intervals
95% confidence
intervals

(-0.16,0.16)

(-0.46,0.46)

(-0.2,0.2)

(-0.21,0.21)

(-0.12,0.12)

(-0.10,0.10)

(-0.29,0.29)

(-0.13,0.13)

(-0.13,0.13)

(-0.08,0.08)

SIP over
PR-SCTP
(dynamic T l ,
method 2)
47.93

Table 4-5 Confidence intervals for average packet delay
( Link error rate 1 %)
Schemes

SIP over
UDP

SIP over
SCTP

Mean Average
packet delay(ms)
Variance

49.32

53.11

0.15

99% confidence
intervals
95% confidence
intervals

SIP over PRSCTP
(constant Tl)
49.43

SIP over
PR-SCTP
(dynamic T l ,
method 1)
48.97

SIP over
PR-SCTP
(dynamic T l ,
method 2)
48.45

0.23

0.13

0.11

0.07

(-0.25,0.25)

(-0.38,0.38)

(-0.22,0.22)

(-0.19,0.19)

(-0.12,0.12)

(-0.16,0.16)

(-0.24,0.24)

(-0.14,0.14)

(-0.12,0.12)

(-0.08,0.8)

From the simulation results in Tables 4-4 and 4-5, we can conclude that SIP over PRSCTP provides a better performance than SIP over SCTP if there are losses or errors in the
network. Since the transmission delay between two endpoints is a constant 45ms and it
cannot be improved, we compared the average delays, excluding the 45ms transmission delay
in Figure 4-6. From the results, compared to the transport method using SCTP, this average
delay is reduces by 57% using PR-SCTP when the link error is 0.5%, and by 83% when the
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link error is 1%. If the proposed dynamic TI adjustment methods are applied, the average
packet delay is further reduced.

- A - • PR-SCTP(constant T1)

ra
0)

-B--SCTP
- UDP
- e — PR-SCTP (dynamic T1, method 1)
- t — PR-SCTP (dynamic T1, method 2)

Link error rate

Figure 4-6 Comparison of average packet delay excluding 45ms transmission delay

Comparing the two dynamic TI adjustment methods, we can see that the method
based on the round trip time is more effective than the method based on the packet loss ratio
when SIP traffic is low. In the case of low SIP traffic, the real RTT is likely to be less than
500ms. In the method based on the RTT, TI can be adjusted to be any value between 500ms
and 250ms, which is compliant with the changes of the real RTT. In the method based on the
packet loss ratio, if the packet loss ratio is less than the UPPER_LIMIT, which is 10% in our
simulation, TI is set to be 500ms. When SIP traffic is low, data loss rate is low thus the TI is
likely to remain to be 500ms. Therefore, in the case of low SIP traffic, the dynamic TI
adjustment method according to the RTT is more effective than the method according to the
packet loss ratio.
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The simulation results shown above were collected when network background traffic
was also low. The network background traffic increases in the following scenarios for low
SIP traffic. High UDP traffic is applied to the network as the network background traffic.
The simulation results and analysis, when higher background traffic is injected into the
network, are provided in the next section of part.

(3) Comparisons for congestion window size
SCTP and PR-SCTP have flow and congestion mechanisms similar to TCP. They use
the additive increase multiplicative decrease (AIMD) function to adjust congestion windows
in the case of network congestion. Their congestion window size drops to 1 PMTU after a
period of idle time in the network.
The congestion window sizes of SCTP and PR-SCTP are almost identical when there
is no congestion or loss in the network. However, when there are losses and congestion in the
network, the congestion window sizes of SCTP and PR-SCTP changes differently. Figure 4-7
shows the congestion window size of SCTP and PR-SCTP with link errors. In our scheme
of SIP over PR-SCTP, the obsolete packet is deleted by PR-SCTP after the "lifetime" has
expired. In the meantime, SIP takes over and retransmits the SIP message, then passes it to
PR-SCTP. The transport layer protocol assigns a new TSN for this retransmitted message.
According to the principle of PR-SCTP, the forwarded data packets do not decrease the
congestion window size if no timeout and fast-retransmission is performed in the transport
layer. Thus, the variation of the congestion window size of PR-SCTP is smoother than that of
SCTP and changes more slowly under low SIP traffic. We can see this phenomenon in Figure
4-7.
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Figure 4-7 Congestion window size of SCTP and PR-SCTP (low SIP traffic)
(4) Comparison of ordered and unordered services
There are two kinds of services for SCTP and PR-SCTP: ordered and unordered. For
ordered service, when some packets in a data stream are lost, the Head-Of-Line blocking
problem exists for the data in the same data stream. Table 4-6 shows the SIP session delays
for the three schemes when ordered service is applied to SCTP and PR-SCTP. The SIP
session delay is calculated between the time an "INVITE" is sent and the time a provisional
response message or "200 OK" message is received.
Table 4-6 SIP session delay (ms/call) of the three schemes for SIP
(ordered service)
Schemes

SIP over U D P

SIP over S C T P

SIP over P R - S C T P

No link error

93.38

94.81

93.82

Link error rate 0.5%

96.33

102.20

101.92

Link error rate 1%

98.97

114.71

112.84
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The simulation results indicate that SIP over SCTP and SIP over PR-SCTP have
longer SIP session delay than that of SIP over UDP when ordered service is applied. This is
the result of the HOL blocking problem in a SCTP stream. Our simulations map different SIP
sessions into the same stream in a SCTP association; thus one SIP message would be blocked
by other SIP messages. If unordered service is used, we can decrease the SIP session delay
for SIP over SCTP and SIP over PR-SCTP. Figure 4-8 shows that the average SIP session
setup delay decreases by approximately 10% by using unordered service.

O S I P over U D P
• SIP over S C T P
• SIP over P R - S C T P

ordered service

unordered service

Figure 4-8 Comparison of SIP session delay between ordered and unordered services
(low SIP traffic, link error rate 1%)

(5) Comparisons with different background traffic loads
Table 4-7 shows the comparisons when background traffic is different. According to
the results shown in Table 4-7, for all the three schemes, the average SIP session delay
increases slightly if background traffic load increases; however, the number of received data
packets containing SIP messages decreases significantly. Since the background traffic is high,
fewer SIP messages are transported successfully to the receiver.
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Table 4-7 Comparison of different traffic loads between two routers
(link error rate 1%)
Performance

Scheme

High (load >85%)

Low(load<5%)

throughput (packets/s)

SIP over UDP

1.87

4.99

SIP over SCTP

1.86

4.99

SIP over PR-SCTP

1.87

4.95

Average SIP session

SIP over UDP

93.86

93.39

delay(ms)

SIP over SCTP

96.65

95.75

SIP over PR-SCTP

95.13

94.47

From the simulation results and discussions above, we can conclude that our
proposed scheme of SIP over PR-SCTP improves network performance when SIP traffic is
low, compared to the scheme of SIP over SCTP. The average packet delay decreases by
applying SIP over PR-SCTP. The throughputs of the three schemes are very close in this case
because the traffic is low and the congestion window size does not limit the data sending rate.
Comparing with SIP over UDP, SIP over PR-SCTP has similar performance as that of SIP
over UDP when TI is set to be a constant. By applying our methods of dynamic TI
adjustment, the average packet delay is further decreased in SIP over PR-SCTP. Moreover,
from the simulation results, we can see that the average delay differences between SIP over
PR-SCTP and SIP over SCTP gets larger as the link error rate increases.

4.2

Simulations with High SIP Traffic Load
The network benefits from transport layer protocols with congestion and flow control

when it is congested or multiple traffic sources compete with each other. To study the
network performances when SIP traffic is high, we use the network topology shown in
Figure 4-9. High SIP traffic is applied between two SIP servers (node 6 and node 7). The
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traffic between node 0 and node 4, and the traffic between node 1 and node 5 simulate
background traffic in the network.

15ms delay

SIP server(node 7)

SIP server(node 6)

15ms delay

/

15ms delay

15ms delay CD

-

Traffic source(node 4)

Traffic source(node 0
15ms delay

15ms delay

Traffic source(node1)
Traffic source(node 5)

Figure 4-9 The network topology for simulating high SIP traffic

4.2.1 Retransmission Mechanisms for Lost Packets
Figures 4-10 to 4-12 show the data retransmission mechanism when SIP messages are
transported over UDP, SCTP and PR-SCTP respectively.
Since UDP has no flow or congestion control, application data are injected into
network once they are passed to the UDP. In contrast, SCTP and PR-SCTP use slow start and
congestion avoidance algorithms to control the amount of data injected into the network.
Comparing the simulation results in Figure 4-10 to those in Figure 4-11 and Figure 4-12, we
can see SIP over UDP injected many more data packets into the network than the other two
schemes. Additionally, with a high SIP traffic load, schemes of SIP over SCTP and SIP over
PR-SCTP are much faster in error detection than SIP over UDP. In Figure 4-10, SIP over
UDP retransmits the lost packet by SIP 500ms later. In Figure 4-11 and Figure 4-12, lost
packets are retransmitted in approximately 100ms and 200ms.
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Figure 4-10 Retransmission of SIP over UDP (high SIP traffic)
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Figure 4-11 Retransmission of SIP over SCTP (high SIP traffic)
70

Chapter 4

Performance Evaluations of Different SIP Traffic Transport Methods

35
+
30

data first sent

+

data received

o

data retransmitted

+*

+
4444
+

25

3

+

+
44-

d)
o

44-

4+

E

20

Z

§

O"
0)

+
4-

+

4-

44

O

+

4

4- 4
+ 4V

application layer retransmission
for lost packet
with sequence number 14

15
4- +

w

44-

+

+ #

10
44-

4+

++
4- +
++

transport layer retransmission for
lost packet
with sequence number 14

4- 4+
+
4- 4-

0.2

0.4

0.6
O.l
Time(s)

1.2

1.4

Figure 4-12 Retransmission for SIP over PR-SCTP (high SIP traffic)
The scheme of SIP over PR-SCTP coordinates the transport and application layer
retransmission mechanisms to detect and retransmit the lost data messages. In Figure 4-12,
the lost packet with sequence number 14 contains the SIP message "INVITE 4," which is
required to be transported reliably. First, the transport layer detects the packet loss by the
block gaps in "SACK" and then retransmits the lost packet. Unfortunately, the retransmitted
packet is lost again. After the first retransmission, the "lifetime" of the packets with sequence
number 14 expires. The transport layer drops the packet and advances the cumulative
acknowledgment pointer in the peer. In the meantime, the application layer retransmits the
SIP message "INVITE 4." The transport layer considers the message as a new message and
assigns it the new sequence number 22. The data packet with sequence number 22 is received
successfully.
Our scheme of SIP over PR-SCTP uses unreliable service to transport SIP provisional
response messages. As shown in Figure 4-12, the data packet with sequence number 11 is
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lost. However, it is not retransmitted by either the transport layer or the application layer,
since this data packet contains provisional SIP response "180 RINGING." If the "lifetime" of
the data packets containing these provisional messages is set to the constant,
SCTP_LIFETIME_SEND_EXACTLY_ONCE, these messages are sent unreliably and never
retransmitted by PR-SCTP. By using unreliable service for these provisional SIP responses,
the network avoids the unnecessary retransmissions for those SIP messages in the network,
thus improving the network performance. Network resources are therefore used more
efficiently.
4.2.2 Throughput and Average Delays for SIP Messages
In this scenario, link capacity is chosen so that the only bottleneck of the network is
the link between the two routers. In our simulations, the loads of the SIP traffic are changed
from 60 calls/s to 80 calls/s. The link error rate is set at 1% when the SIP traffic load is 60
calls/s and there is no link error when SIP traffic is 80 calls/s. The simulation results when
SIP traffic is 60 calls/s are shown in Table 4-8 and Figure 4-13. The simulation results when
SIP traffic is 80 calls/s are shown in Table 4-10.
Table 4-8. Comparisons of network performance under high SIP traffic load
(simulation time 1000s, SIP traffic from node 6 to node 7)
Average packet delay (ms)

Packet received (packets)

SIP/UDP

72.30

249361

SIP/SCTP

58.55

121886

SIP/PR-SCTP(constant TI)

65.33

113963

SIP/PR-SCTP(dynamic T I , method 1)

57.76

108706

SIP/PR-SCTP(dynamic T I , method 2)

59.81

105144

Schemes
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Table 4-8 shows the number of received packets and the average packet delay when
SIP traffic is high. The SIP traffic is applied between node 6 and node 7. In this case, the
number of the received data packets using SIP over SCTP and SIP over PR-SCTP is smaller
than that using SIP over UDP. SCTP and PR-SCTP are transport protocols with flow and
congestion control. Their congestion window size limits the data sending rate to the network.
SCTP and PR-SCTP probe the network bandwidth in their slow start and congestion
avoidance phases and decrease the congestion window size when network congestion occurs.
Therefore, in the case of relative high SIP traffic, SIP over UDP obtains higher throughput
than the other two schemes.
B S I P over UDP
• SIP over S C T P
• SIP over PR-SCTP(constant T1)
• SIP over PR-SCTP(dynamicT1, method 1)
SIP transport methods

• SIP over PR-SCTP(dynamic T1, method 2)

Figure 4-13 Comparison of average packet delay for SIP messages from node 6 to node 7
(SIP traffic 60 calls/s, simulation time 1000s)

Under a high SIP traffic load, the average packet delay of SIP over PR-SCTP is
smaller than SIP over UDP but higher than SIP over SCTP, which is shown in Figure 4-13.
SCTP and PR-SCTP have more effective mechanisms to detect lost packets than SIP.
Therefore, transporting SIP using SCTP and PR-SCTP are expected to have smaller delays
when SIP traffic is high. From the simulation results, we can see that the average delay of
SIP messages over SCTP is about 15ms less than that over UDP.
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In our simulations, the average packet delay of SIP over PR-SCTP is longer than that
of SIP over SCTP when the initial timeout period of SIP, TI, is set to be a constant at 500ms.
The SIP message would be retransmitted in application layer and the data packets containing
the old SIP message are dropped in transport layers if it has not been acknowledged within
500ms. With the increase of the SIP traffic load, the RTT of the network becomes longer. In
the case of RTT greater than 500ms, more application layer retransmissions are performed,
thus further increasing the network traffic. As a result, the average packet delay increases.
Our proposed methods of dynamic TI adjustment increase the network performance.
As shown in Table 4-8 and Figure 4-13, the average packet delay is reduced by applying
dynamic TI adjustment methods. Compared to the transport method of SIP over PR-SCTP
using constant TI, the average packet delay is reduced by 12% by applying dynamic TI
adjustment method according to the packet loss ratio, and by 8% by applying dynamic TI
adjustment method according to the RTT.
In the case of high SIP traffic, the dynamic TI adjustment method according to the
packet loss ratio is more effective than the dynamic adjustment method according to the RTT.
The dynamic TI adjustment method according to the packet loss ratio increases TI
exponentially if the packet loss ratio is larger than the UPPER_LIMIT. However, the
dynamic TI adjustment method according to the RTT increases TI based on Karn's
algorithm. We measure the new RTT during every measurement period. Although the new
measured RTT is given a higher weight in calculation of the new TI value, TI increases
slower than that in the method according to the packet loss ratio. Thus the method according
to the packet loss ratio is more efficient in case of high SIP traffic.
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4.2.3 Discussions for Simulation Results when SIP Traffic is High
(1) Like SCTP, PR-SCTP provides both ordered and unordered services. The SIP messages
can be sent either ordered or unordered in our proposed scheme. The performance
comparisons between ordered and unordered services are shown in Table 4-9. We can see
there is a large difference between these two services.

Table 4-9 Messages received by using ordered and unordered services
(SIP over PR-SCTP, traffic high, simulation time 100s)
SIP message type

ordered service

unordered service

INVITE

1609

4275

100 TRYING

752

2018

180 RINGING

752

2018

200 OK

546

1792

ACK

498

1792

Total

4157

11892

(2) We further increase the SIP traffic load in our simulation to 80 calls/s. The performance
of the network using the scheme SIP over UDP decreases tremendously, while the
performance of SIP over SCTP and PR-SCTP decreases slightly. Since UDP has no flow
and congestion control mechanism, it injects data packets continually into the network.
This further loads the network and may crash it if the network traffic is already very high.
However, if the traffic is transported using SCTP or PR-SCTP, the transport layer
protocols limit the number of data packets sent to the network according to the current
network state such that the network performance is still acceptable. The simulation
results are shown in Table 4-10.
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Table 4-10. Performance comparisons under different SIP traffic loads
(SIP traffic and background traffic are high)
SIP over

SIP over

SIP over

PR-SCTP

PR-SCTP (

PR-SCTP (

(constant
TI)

dynamic T I ,
method 1)

dynamic T I ,
method 2)

58.55

65.33

57.76

59.81

249.36

121.89

113.96

108.71

105.14

Average packet delay(ms)

535.97

61.08

69.40

59.21

66.29

Throughput (packets/s)

269.67

108.98

104.87

102.12

106.13

SIP over

SIP over

UDP

SCTP

Average packet delay(ms)

72.30

Throughput (packets/s)

SIP Traffic

Network performance

(from node 6
to node 7)

60 call/s

80 call/s

(3) We further increase the background traffic load, which causes serious network congestion.
The performance of the network using the scheme SIP over UDP decreases tremendously.
Many packets are dropped and the delay is increased substantially. The simulation results
indicate that the average packet delay of SIP over UDP increases to more than 1 second,
about 10 times the average packet delay of SIP over SCTP or PR-SCTP. The simulation
results are show in Table 4-11.
Table 4-11. Comparisons of network performance under high SIP traffic load
(SIP traffic is high, background traffic is very high, simulation time 1000s)
Traffic direction

Network performance

SIP over U D P

SIP over S C T P

SIP over P R - S C T P

Node 0 to node 4

Average packet delay(s)

1.631

0.155

0.164

(background traffic)

Packet received

67183

92578

100857

Node 1 to node 5

Average packet delay(ms)

1.660

0.157

0.170

(background traffic)

Packet received

68671

92449

95146

Node 6 to node 7

Average packet delay(ms)

1.586

0.164

0.164

(SIP traffic)

Packet received

188286

126688

100860
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4.3

Simulations with Multiple Transport Protocols

4.3.1

Network Topology
In this section we will simulate the scenarios with more than one transport protocol in

the network besides PR-SCTP. To study the network performance when SIP over PR-SCTP
competes with transport protocols with and without network congestion, we use both UDP
and TCP as competition traffic sources respectively in our simulations. The network
topology used is shown in Figure 4-14.
In the simulation, the only bottleneck of the network is between the two routers. The
link capacity between two routers is 1.5M bits/s, and the capacities of other links are 10M
bits/s. The SIP traffic load is applied between two SIP servers in the network. First, the
traffic over TCP is applied to the network to compete with the SIP traffic, and then the
competing traffic sources are changed to be transported using UDP. We will also compare
the performances when there are link errors in the network.

Traffic sources over TCP/UDP

\m I
Traffic sources over TCP/UDP

Figure 4-14 Simulation topology for applying multiple transport protocols
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4.3.2 Simulation Results and Discussions
Tables 4-12 and 4-13 show the simulation results when SIP traffic competes with
TCP traffic. SIP traffic is increased from 10 calls/s to 60 calls/s when the background traffic
remains the same. The simulation results are shown in Table 4-13. Both PR-SCTP and TCP
have flow and congestion control mechanisms. Their congestion window size adjusts
according to the current network condition. From Table 4-13, we can see that TCP decreases
its number of data packets sent to the network due to the increased network traffic load.
Similarly, PR-SCTP decreases its congestion window size when the TCP traffic load
increases and the shared network traffic increases.
Table 4-12 Performance comparisons when SIP over PR-SCTP
competes with TCP traffic
(under same background traffic load, simulation time 1000s)
High (60 calls/s)

SIP traffic load

Low (10 calls/s)

Average packet delay for SIP traffic (ms)

63.79

52.53

SIP Throughput (packets/s)

78.54

72.86

Average packet delay for traffic over TCP (ms)

60.62

53.72

TCP Throughput (packets/s)

75.32

86.86

Table 4-13 Performance comparison when SIP over PR-SCTP
competes with TCP traffic
( SIP traffic load: 60 calls/s, simulation time 1000s)
High

Background traffic load

Low

Average packet delay for SIP traffic (ms)

85.82

63.79

SIP Throughput (packets/s)

65.69

78.54

Average packet delay for traffic over TCP (ms)

72.18

60.62

TCP Throughput (packets/s)

138.7

75.32
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Table 4-14 shows the performance comparisons when SIP traffic over PR-SCTP
competes with UDP traffic. As shown in Table 4-14, when SIP traffic transported using PRSCTP increases, the average delay of the UDP traffic flow increases, but its throughput
remains the same, since UDP does not check the network condition to adjust its data sending
rate. The best effort service of UDP injects data packets into the network once it receives
messages from the upper layer.

Table 4-14 Delays for SIP messages and UDP traffic
(under same background traffic load, simulation time 100s)
SIP traffic load

High (60 calls/s)

Low (10 calls/s)

Average packet delay for SIP traffic (ms)

73.79

50.89

SIP Throughput (packets/s)

112.54

73.26

Average packet delay for traffic over U D P (ms)

64.37

52.51

U D P Throughput (packets/s)

62.3

64.3
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SCTP and PR-SCTP have specific characteristics that make them more suitable for
transporting a wider set of applications than TCP and UDP. SCTP and PR-SCTP overcome
some of the limitations of TCP and UDP. With the extension of partial-reliable service, PRSCTP provides very flexible transport services for multimedia applications, such as real-time
applications and near-real time applications. This thesis studied the performance of
transporting multimedia applications using PR-SCTP. For multimedia signaling, SIP, we
concluded that SIP over PR-SCTP can get good performance results regardless of whether
SIP traffic is high or low, and the entire network benefits from the flow and congestion
control of SCTP.
In our proposed scheme of SIP over PR-SCTP, the retransmission mechanisms of SIP
and PR-SCTP are well coordinated. The simulation results show that SIP over PR-SCTP
achieves a similar performance advantage as does SIP over UDP when SIP traffic is low, and
a similar performance advantage as does SIP over SCTP when SIP traffic is high.
Furthermore, SIP over PR-SCTP has a performance advantage over the transport method of
SIP over SCTP in the presence of link errors.
Since the initial SIP timeout T l is the estimation of SIP round trip time, it varies
under different traffic loads. Our dynamic adjustment for the initial SIP timeout further
changes T l according to the current network condition, thus decreasing the average delay in
the network. The simulation results show that our two proposed dynamic adjustment methods
are very effective for performance improvement when SIP over SCTP is applied in the
network. Furthermore, comparing the two proposed methods, we find that the method
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adjusting TI according to the RTT is more efficient in the case of low SIP traffic, and the
method adjusting TI according to the data packet loss ratio is more effective in the case of
high SIP traffic load.
In addition to the studies on the performance of multimedia signaling, we also suggest
a scheme for transporting real-media data using PR-SCTP. Since PR-SCTP is very flexible, it
can provide differentiated transport service according to the reliabilities of the data packets,
which is very suitable for the transport of some multimedia applications like MPEG and
layered coding schemes. The simulation results show that the network performance improves
and network resources are used more efficiently.
5.1 Suggested Future Work
Until now, research on SCTP and PR-SCTP has been qualitative rather than
quantitative. Mathematical models for SCTP and PR-SCTP are required for further research
on schemes over SCTP and PR-SCTP.
PR-SCTP is a flexible transport protocol. It can be set to satisfy the needs of a broad
set of applications. As more and more applications are added to the network, flexible
transport protocols like PR-SCTP are expected to be used in the future. Since SCTP and PRSCTP perform well when there are errors in the network, they are also expected to be used in
environments with high errors and packet loss rates, such as the wireless environment. This
thesis studied only the performance when the link error rate is a constant. In the future,
further performance research on SCTP and PR-SCTP will be required when wireless channel
characteristics are added.
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