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ABSTRACT 

 
The Session Initiation Protocol (SIP) was first published in 1999, by the Internet 
Engineering Task Force (IETF), to be the standard for multimedia transfers.  SIP is a 
peer-to-peer signaling protocol that is capable of initiating, modifying, and terminating 
media sessions.  SIP utilizes existing Internet Protocols (IP) such as Domain Name 
Service (DNS) and the Session Description Protocol (SDP), allowing it to seamlessly 
integrate into existing IP networks.   
 As SIP has matured and gained acceptance, its deficiencies when functioning as a 
multipoint communications protocol have become apparent.  SIP currently supports two 
modes of operation referred to as conferencing and multicasting.  Conferencing is the 
unicast transmission of session information between conference members.  Multicasting 
uses IP multicast to distribute session information.  This thesis proposes an extension for 
the Session Initiation Protocol that improves functionality for multipoint 
communications. 
 When using conferencing, a SIP user-agent has limited information about the 
conference it is taking part in.  This extension increases the awareness of a SIP node by 
providing it with complete conference membership information, the ability to detect 
neighboring node failures, and the ability to automatically repair conference partitions.  
Signaling for conferencing was defined and integrated into a standard SIP 
implementation where it was used to demonstrate the above capabilities.  Using a 
prototype implementation, the additional functionality was shown to come at the cost of a 
modest increase in transaction message size and processing complexity. 
 IP multicast has limited deployment in today’s networks reducing the usability of this 
useful feature.  Since IP multicast support is not guaranteed, the use of application layer 
multicast protocols is proposed to replace the use of IP multicast.  An efficient means of 
negotiating an application layer protocol is proposed as well as the ability to provide the 
protocol with session information to begin operation.  A ring protocol was defined and 
implemented using the proposed extension.  Performance testing revealed that the 
application layer protocol had slightly higher processing complexity than conferencing, 
but on average had a smaller transaction message size. 
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Chapter 1 

Introduction 

 

1.1:  Project Overview 

Traditional voice calls are carried through the Public Switched Telephone Network 

(PSTN), which is a collection of public telephone networks that use circuited-switched 

technology.  In recent years, there has been a shift away from traditional circuit-switched 

networks to packet-switched networks.  Packet networks had been used mainly for data 

applications, such as web browsing and electronic mail, but now are being used for both 

data and voice.   

 The advantages of a packet-switched network for voice traffic are numerous.  Packet 

switched networks offer a higher level of efficiency, by more effectively utilizing the 

communications channel [1].  Equipment costs are lower as a lot of the hardware is 

available as “off-the-shelf” products.  Packet-switched networks are also more scalable 

than circuit-switched networks and the infrastructure investment is significantly lower as 

the Internet has already laid the groundwork [2]. 

 The main challenge of using a packet-switched network for voice traffic is providing 

quality of service that is equal to that of the PSTN or, at least, at an acceptable level to 

ensure voice quality.  Techniques for maintaining voice quality are needed due to the 

delay and packet loss introduced by the packet network.  Schemes for prioritizing voice 

traffic and recovering lost packets are almost a necessity to keeping quality high. 

 Packet-switched networks come in several forms.  Internet Protocol (IP), Frame Relay, 

and Asynchronous Transfer Mode (ATM) networks are all packet-switched networks.  

This thesis deals specifically with IP networks, but the general results of this research 

apply to all types of networks.    

 The shift away from circuit-switched networks has introduced the need for a means of 

controlling a voice session.  Many signaling protocols have been developed for this 
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purpose, and each has its own set of advantages and disadvantages.  One of the most 

prominent signaling protocols in use today is the Session Initiation Protocol (SIP).  

 The Session Initiation Protocol [9] was first published in 1999, by the Internet 

Engineering Task Force (IETF), to be the standard for multimedia transfers.  SIP is a 

peer-to-peer signaling protocol that is capable of initiating, modifying, and terminating 

media sessions.  SIP utilizes existing Internet protocols, such as Domain Name Service 

(DNS) and the Session Description Protocol (SDP), allowing it to seamlessly integrate 

into existing IP networks.  SIP is considered to be the de facto standard for signaling for 

voice communications [3]. 

 This thesis proposes an extension for the Session Initiation Protocol which improves 

functionality for conferencing and multicasting.  The extension is defined and 

implemented in a SIP user-agent.  The performance of the implementation is evaluated 

using a prototype implementation in a small test bed. 

 

1.2:  Problem Statement 

This thesis has two main objectives.  The first objective is to improve upon current 

weaknesses in the SIP conferencing capabilities.  The weaknesses in SIP that are 

considered are conference fault tolerance, membership awareness, and partition recovery.  

SIP provides a means of adding functionality to the existing signaling through the use of 

an extension.  It is through an extension that additional signaling is defined for use with 

SIP conferencing that allows SIP to become fault tolerant, aware of group membership, 

and able to repair conference partitions.  All of this is done while maintaining all original 

SIP functionality. 

 The second objective is to improve upon the disabilities of IP multicasting by moving 

multicast functionality to the application layer.  It is not the goal of this thesis to define an 

application layer protocol, but instead to provide a means for using one.  Providing the 

application layer protocol with enough information necessary to begin operation is the 

goal.  Through the use of the application layer multicast protocol, SIP has the capability 

to become a scalable and fault-tolerant multimedia signaling solution.  The end result 
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allows for a standardized application layer protocol to be negotiated and used in place of 

IP multicast, thereby, increasing the multipoint capabilities of SIP 

 

1.3:  Organization 

This thesis is organized into seven chapters. 

 Chapter 2 provides background information on voice over IP (VoIP) signaling 

protocols. The Session Initiation Protocol (SIP) is the focus of the thesis so enough 

background information is provided to understand the operation and signaling of SIP 

user-agents.  An overview of the SIP architecture, message types and headers, and 

signaling is provided.  The chapter concludes with a brief description of additional VoIP 

signaling protocols and an overview of related work. 

 The objectives and motivations are defined in Chapter 3.  An overview of SIP’s 

limitations when using conferencing and multicast are described, and then the research 

objectives are specified.  The limitations and boundaries of the implementation are 

discussed as well the performance metrics used to evaluate it. 

 Chapter 4 describes in detail the signaling proposed for this extension.  Definitions are 

given for new message types and headers.  Signaling examples are provided and divided 

into two sections.  Signaling examples for SIP conferencing are provided first.  The 

implementation of an application layer multicast protocol using a ring topology is 

described second. 

 Chapter 5 presents the performance evaluation of the signaling extension.  Using the 

metrics defined in Chapter 3, the performance of the implementation is assessed.  

 The implementation of this extension is described in Chapter 6.  An overview of the 

capabilities of the oSIP library is given, as well as a high level description of the C 

implementation. 

 Chapter 7 summarizes the entire thesis and describes the contribution of this work.  

Finally conclusions are provided and potential future work is described. 
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 Appendix A contains a list of standard response codes for SIP.  The four finite state 

machines defined for SIP are provided in Appendix B.  A list of changes made to the 

oSIP library is provided in Appendix C. 
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Chapter 2 

Background 

 

Numerous voice over IP (VoIP) signaling protocols are available for use today.  The 

Session Initiation Protocol (SIP) is the focus of this thesis and is described in detail in 

Section 2.1; additional VoIP protocols are briefly covered in Section 2.2.  Work related to 

the proposed multipoint extension is discussed in Section 2.3.  A summary is provided in 

Section 2.4. 

 

2.1: The Session Initiation Protocol (SIP) 

The Internet Engineering Task Force (IETF) created SIP [9] to be the standard for 

signaling for multimedia conferencing.  SIP is an ASCII-based, human-readable 

application layer protocol, similar in appearance to HTTP [10], which is able to initiate, 

modify, and terminate media sessions.   

 

2.1.1:  SIP Logical Entities 

SIP defines four logical entities: user-agent, proxy server, redirect server, and registrar.  

Each logical entity serves a particular purpose and functions as a client, a server, or both.  

More than one logical entity may be operating in the same physical device.  For example, 

a registrar and a proxy server may be co-located in the same machine.   

 The four types of logical entities are described below. 

 User-agent:  A user-agent is a SIP endpoint.  Communications are initiated and 

terminated at a SIP user-agent.  A user-agent is made up of two components, a client and 

a server.  The user-agent client (UAC) generates all SIP requests and the user-agent 

server (UAS) forms a response for the request.  A SIP user-agent contains both a client 

and server component.  The role of a user-agent can change during a SIP session; the 
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user-agent that originally generates the first request may later on during the session be 

required to respond to a request.  The idea of a client and server pertains only to a single 

message transaction and not the entire session. 

 Proxy server:  A proxy server is an intermediate device that works on behalf of a 

UAC for the purpose of making requests and routing them correctly to the UAS.  The 

proxy acts as both a client and server.  Requests received by the proxy can either be 

serviced internally or forwarded to another SIP server after rewriting necessary 

components of the message.  The proxy server can also function as a policy enforcer for 

operations such as call priority and billing. 

 Redirect server:  The redirect server serves a single purpose and that is to direct 

clients to alternate Uniform Resource Indicators1 (URI).  Incoming requests are not 

forwarded on behalf of the client to a server, and the redirect server does not accept calls 

itself.  The redirect server maps the request URI into zero or more URIs  and returns 

these URIs in a 3xx redirection message (see Section 2.1.2.2). 

 Registrar server:  The registrar acts as a location server for SIP.  All users must 

register their contact information with this server for the purpose of updating a location 

database.  This information can then later be used to find the contact information of a 

specific user. 

 

2.1.2:  SIP Message Types 

SIP messages fall into two categories, message requests and message responses.  A 

request is sent from client to server and a response is sent from server to client. 

 

2.1.2.1:  Message Requests 

SIP defines six message requests.  Each type is listed and described below. 

                                                
1 The URI is defined in Section 19.1 of RFC 3261[9] and is used to identify communication resources, i.e., 
a contact address. 
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 INVITE:  The INVITE message initiates a call or changes the parameters of an 

established call.  The INVITE message contains a body describing the media transfer, 

usually in the form of the Session Description Protocol (SDP) [11]. 

 ACK:   The ACK message request is used to confirm the response received at the 

client, sent from the server.  This request is different from all other message requests 

defined by SIP in that the ACK does not require a response. 

 BYE:  The BYE message request is used to terminate an existing session.  The BYE 

message may be sent any time once a session has been established. 

 CANCEL:  The CANCEL message request is used to cancel an INVITE request.  

This request may only be sent from the UAC and be sent before a 200 OK response 

(defined in Section 2.1.2.2) is received at the UAC.  Receipt of this message request 

results in the termination of session negotiations. 

 OPTIONS:  The OPTIONS message request is used to query the capabilities of a 

UAS.  This information is used to negotiate or renegotiate a session. 

 REGISTER:  The REGISTER message request is sent from a user-agent to the 

registrar server where the contact information of the user-agent is recorded in a location 

database. 

 

2.1.2.2:  Message Responses 

Message Responses fall into two types, provisional and final, and a total of six different 

classes, 1xx through 6xx.  A provisional response is used to indicate progress of a 

message transaction, but not a termination of the transaction.  A final response terminates 

a SIP message transaction.  SIP response codes are an extension of HTTP/1.1 response 

codes.  Message responses are specified in Table 2.1.  A complete listing of all message 

responses is provided in Appendix A. 
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Table 2.1: Message Response Codes 

Response Code Response Type Function 
1xx Provisional Provisional 
2xx Final Success 
3xx Final Redirect 
4xx Final Request failure 
5xx Final Server failure 
6xx Final Global failure 

 

 1xx provisional responses are sent when a final response is not immediately available.  

For example, during an INVITE transaction a 180 Ringing response is sent by the UAS to 

indicate that it is ringing the user’s phone.   

 2xx success responses are sent after a message transaction successfully completes.  

These responses are sent after all message requests that resulted in successful completion. 

 3xx redirect messages are sent by redirect servers to indicate that the intended message 

recipient is now at a different location. 

 4xx request failure messages are sent as a result of the client sending an improper 

request.  This response could be sent as a result of the client sending a request with 

malformed syntax or if the request message was too large.   

 5xx server failure messages are sent when the server itself has erred.  A server might 

encounter an error if there is an internal server error or if the server does not support the 

functionality required to fulfill a message request. 

 6xx global failure messages are sent when the server has definitive information about 

the user in the request URI.  Global failure messages can be sent for a number of reasons 

including if the user does not exist. 

 

2.1.3:  SIP Message Parts 

A SIP message consists of three parts: the start line, the headers, and the body.  The body 

is only present in INVITE and OPTIONS transactions. 
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 The start line begins every SIP message and specifies the type of message, request or 

response.  If it is a request, the start line contains a request URI, which indicates the user 

to which the request is destined.  If it is a message response, it contains a status line that 

contains the response code and a short text phrase describing the response code. 

 After the start line, multiple header fields are used to convey session information.  

Information such as the To and From addresses, sequence number, and call-ID are some 

of the session information passed in the header fields.  Section 2.1.4 describes in more 

detail the SIP message headers. 

 The final part of a SIP message is the message body.  A message body is used to 

describe the media session.  Information such as audio and video coder/decoder (codecs) 

and port numbers are contained in a message body.  Message bodies are not contained in 

all messages, but are in INVITE request and 200 OK response messages and OPTIONS 

request and 200 OK response messages.  The message body is usually described with the 

Session Description Protocol (SDP) [11], but may be a MIME message [12] or even a 

proprietary binary format. 

 

2.1.4:  SIP Signaling 

This section provides an overview of SIP signaling.  Signaling is conducted between a 

UAC and UAS, as shown in Figure 2.1.  Examples are given for INVITE, OPTIONS, and 

BYE transactions. 

 

Figure 2.1: Example signaling topology 
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2.1.4.1:  INVITE Transaction 

The flow of SIP messages for an INVITE transaction is shown in Figure 2.2.  The 

INVITE request is sent from the UAC, which is then followed by a 100 Trying, 180 

Ringing, and 200 OK response by the UAS.  The UAC acknowledges receipt of the 200 

OK response with an ACK. 

 

 

Figure 2.2:  INVITE message signaling 
 

 The actual message transaction is shown below in lines 1 through 44.  The transaction 

includes the INVITE message (lines 1 through 11), the 100 Trying message (lines 12 

through 18), the 180 Ringing message (lines 19 through 26), the 200 OK message (lines 

27 through 36), and the ACK message (lines 37 through 44). 

 1) INVITE sip:server@192.168.1.104 SIP/2.0 
 2) Via: SIP/2.0/UDP 192.168.1.105;branch=z9hG4bKnashds8 
 3) Max-Forwards: 70 
 4) To: server <sip:server@192.168.1.104> 
 5) From: remote <sip:remote@192.168.1.105>;tag=1928301774 
 6) Call-ID: a84b4c76e66710 
 7) CSeq: 314159 INVITE 
 8) Contact: <sip:remote@192.168.1.105> 
 9) Content-Type: application/sdp 
10) Content-Length: 142 
11)  (UAC SDP not shown) 
 
 
12) SIP/2.0 100 Trying 
13) Via: SIP/2.0/UDP 192.168.1.105;branch=z9hG4bKnashds8 
14) To: remote <sip:remote@192.168.1.105>;tag=1928301774 
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15) From: server <sip:server@192.168.1.104>; 
16) Call-ID: a84b4c76e66710 
17) CSeq: 314159 INVITE 
18) Content-Length: 0 
 
 
19) SIP/2.0 180 Ringing 
20) Via: SIP/2.0/UDP 192.168.1.105;branch=z9hG4bKnashds8 
21) To: remote <sip:remote@192.168.1.105>;tag=1928301774 
22) From: server <sip:server@192.168.1.104>;tag= a6c85cf 
23) Call-ID: a84b4c76e66710 
24) Contact: <sip:server@192.168.1.104> 
25) CSeq: 314159 INVITE 
26) Content-Length: 0 
 
 
27) SIP/2.0 200 OK 
28) Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bKnashds8 
29) To: remote <sip:remote@192.168.1.105>;tag=1928301774 
30) From: server <sip:server@192.168.1.104>;tag= a6c85cf 
31) Call-ID: a84b4c76e66710 
32) CSeq: 314159 INVITE 
33) Contact: <sip:server@192.168.1.104> 
34) Content-Type: application/sdp 
35) Content-Length: 131 
36) (UAS SDP not shown) 
 
 
37) ACK sip:server@192.168.1.104 SIP/2.0 
38) Via: SIP/2.0/UDP 192.168.1.105;branch=z9hG4bKnashds9 
39) Max-Forwards: 70 
40) To: server <sip:server@192.168.1.104>;tag=a6c85cf 
41) From: remote <sip:remote@192.168.1.105>;tag=1928301774 
42) Call-ID: a84b4c76e66710 
43) CSeq: 314159 ACK 
44) Content-Length: 0 
 

 The INVITE message contains one request line, nine lines of headers, and one body 

(not shown).  The request line, shown in line 1, contains the message name, INVITE, and 

the recipient of the message server@192.168.1.104.  

 Line 2 contains the Via headers which show the address at which the remote is 

expecting to receive a response.  A Via header is added by all SIP devices traversed by 

the request.  This way a response can traverse the exact same path back to the client.  The 

Via header also contains a branch parameter which is used to identify this particular 

transaction. 

 The Max-Forwards field is in line 3.  This field serves to limit the number of hops the 

message makes from client to server.  Each hop on the path from client to server results 

in this field being decremented. 
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 Line 4 is the To field.  This field contains the display name, user name, and address of 

the recipient. 

 The From field is in line 5 and contains the display name and SIP URI.  This field 

indicates the sender of the message.  A tag field is also present which is used for 

identification. 

 Line 6 is the call-ID field.  The call-ID uniquely identifies the session to which this 

message belongs. 

 The command sequence (CSeq) number is in line 7.  The CSeq field has both a 

counter and a method name.  The counter increments for each request sent during a 

session.  The method name changes depending on the message type (INVITE, OPTIONS, 

or BYE). 

 Line 8 is the contact field.  The contact field contains a SIP URI to which all future 

requests should be sent.   

 Line 9 describes the message body.  The content-type for this message indicates the 

Session Description Protocol (SDP). 

 Line 10 is the content-length field.  The value of this field is the length in bytes of the 

message body. 

 The message body would begin in line 11, but it is not shown. 

 The four messages in lines 12 through 44 contain a combination of those header fields 

described above. 

 

2.1.4.2:  OPTIONS Transaction 

The OPTIONS transaction is shown in Figure 2.3.  The transaction includes the 

OPTIONS request and a 200 OK response.   
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Figure 2.3:  OPTIONS message signaling 
 

 The OPTIONS message signaling is shown below.  The OPTIONS request is shown in 

lines 1 through 10.  The response is shown in lines 11 through 25. 

 1) OPTIONS sip:server@192.168.1.104  SIP/2.0 
 2) Via: SIP/2.0/UDP 192.168.1.105;branch=z9hG4bKhjhs8ass877 
 3) Max-Forwards: 70 
 4) To: <sip:server@192.168.1.104> 
 5) From: Alice <sip:remote@192.168.1.105>;tag=1928301774 
 6) Call-ID: a84b4c76e66710 
 7) CSeq: 63104 OPTIONS 
 8) Contact: <sip:remote@192.168.1.105> 
 9) Accept: application/sdp 
10) Content-Length: 0 
 
 
11) SIP/2.0 200 OK 
12) Via: SIP/2.0/UDP 192.168.1.105;branch=z9hG4bKhjhs8ass877 
13) To: <sip:remote@192.168.1.105>;tag=93810874 
14) From: Alice <sip:server@192.168.1.104>;tag=1928301774 
15) Call-ID: a84b4c76e66710 
16) CSeq: 63104 OPTIONS 
17) Contact: <sip:server@192.168.1.104> 
18) Allow: INVITE, ACK, CANCEL, OPTIONS, BYE 
19) Accept: application/sdp 
20) Accept-Encoding: gzip 
21) Accept-Language: en 
22) Supported: extension2 
23) Content-Type: application/sdp 
 
24) Content-Length: 274 
25) (SDP not shown) 

 

The OPTIONS request contains many of the same header fields as the INVITE request.  

The request line, line 1, differs from an INVITE message only in the method name.  

Lines 2 through 8 contain the same headers as the INVITE request previously described.  
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In line 9, there is an accept field, which describes the message bodies the UAC is capable 

of accepting.  No body is contained in this request, so the following content-length field 

is 0. 

 The 200 OK response contains several new fields, those in lines 18 through 22.  Line 

18 is the Allow field.  The Allow field specifies which message types the UAS is capable 

of processing.  Lines 19 and 20 refer to the message body, the format of the body, and the 

encoding type.  Line 21 shows the preferred language encoding of the messages.  The 

supported field in line 22 tells the extensions supported by the UAS.   

 

2.1.4.3:  BYE Transaction 

The BYE transaction is made up of a BYE request and a 200 OK response.  The 

transaction is shown in Figure 2.4. 

 

 

Figure 2.4:  BYE message signaling 
 

 The BYE message signaling is shown below in lines 1 through 15.  The BYE message 

request and response contains headers already seen in the INVITE and OPTIONS 

transactions.  No new headers are used with the BYE transaction 

 1) BYE sip:remote@192.168.1.105 SIP/2.0 
 2) Via: SIP/2.0/UDP 192.168.1.105;branch=z9hG4bKnashds10 
 3) Max-Forwards: 70 
 4) From: remote <sip:remote@192.168.1.105>;tag=a6c85cf 
 5) To: server <sip:server@192.168.1.104>;tag=1928301774 
 6) Call-ID: a84b4c76e66710 
 7) CSeq: 231 BYE 
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 8) Content-Length: 0 
 
 
 9) SIP/2.0 200 OK 
10) Via: SIP/2.0/UDP 192.168.1.105;branch=z9hG4bKnashds10 
11) From: server <sip:server@192.168.1.104>;tag=a6c85cf 
12) To: remote <sip:remote@192.168.1.105>;tag=1928301774 
13) Call-ID: a84b4c76e66710 
14) CSeq: 231 BYE 
15) Content-Length: 0 

 

2.1.5:  SIP Summary 

This section described the logical entities of the Session Initiation Protocol, the message 

requests and responses, and the message signaling for INVITE, OPTIONS, and BYE 

transactions.   

 

2.2: Other VoIP Protocols 

Multiple VoIP protocols are available for use other than SIP.  A brief overview of some 

of these protocols is given here.   

 The H.323 [13] standard is part of a family of multimedia communication services 

defined by the International Telecommunication Union - Telecommunications ITU-T.  

The standard specifies components, protocols, and procedures for providing multimedia 

communications over a packet switched network. 

 The Skinny Client Control Protocol (SCCP) [14] is a proprietary control protocol 

defined by Cisco and used between Cisco Call Managers and Cisco VoIP phones. 

 The Inter-Asterisk eXchange (IAX) [15] protocol provides control and transmission of 

media over a packet switched network.  The primary goals of IAX are to minimize 

bandwidth and to provide native support for network address translation (NAT). 

 The Media Gateway Control Protocol (MGCP) [16] was developed by Telcordia and 

Level 3 Communications as a control and signaling protocol to compete with the H.323 

standard. 

 Additional VoIP protocols, as well as supporting protocols, can be found at the “Voice 

Over IP Reference Page” [17]. 
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2.3: Related Work 

 This thesis introduces a non-INVITE client request method called UPDATE.  This 

method is unrelated to the UPDATE method in RFC 3311 [4] which is used to update 

session parameters, such as a media stream’s codec.  The UPDATE method in our 

extension is used to update topology information and does not affect session parameters.  

These two extensions could in fact be used together without conflict.  

 An extension to provide membership awareness was proposed by Miladinovic and 

Stadler [5] [6].  In their work, all conference members are notified before a new member 

is allowed to join the conference.  This differs from the member discovery mechanism 

presented in this paper.  Membership awareness is derived from learning conference 

topology and conference members do not require immediate notification of joining nodes. 

Their extension is also defined around the use of a centralized or mesh model, not the end 

system mixing model [7].  The end system mixing model is described in Section 3.1.1. 

 Fault tolerance for SIP control services has been proposed by Bozinovski, et al. [8].  

Session information is shared among SIP proxies so that if a proxy should fail in a mobile 

wireless environment, a SIP user-agent can select a new proxy to resume signaling.  Their 

work provides fault tolerance for proxies and not SIP user-agents.  Fault tolerance of this 

extension resides completely with the user-agent. 

 

2.3:  Summary 

The Session Initiation Protocol is the IETF standard for multimedia transmissions.  SIP 

has four logical entities, as described in Section 2.1.1.  SIP has defined six message types 

that are used to initiate, modify, and terminate a session.  Each message has up to three 

message parts: status line, headers, and body.  Signaling examples for INVITE, 

OPTIONS, and BYE transactions were shown in Section 2.1.4. 

 A brief overview of additional VoIP protocols was given in Section 2.2, and related 

work was presented in Section 2.3. 
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Chapter 3 

Objectives and Motivation 

 

The Session Initiation Protocol is a lightweight signaling protocol that supports 

multiparty calls.  It is during these multiparty calls that SIP’s capabilities become limited.  

To better understand the limits of SIP, the capabilities of SIP during multiparty calls are 

discussed in Sections 3.1 and 3.2.  In Section 3.3, the problem is defined as well as the 

limitations and performance metrics.   

 

3.1: SIP Conferencing Capabilities 

This section focuses on the capabilities and limitations of SIP when operating in a 

conference.  A SIP conference is defined as having two or more SIP user-agents actively 

connected together without the aid of IP multicasting. 

 

3.1.1:  Conference Membership Awareness 

Joining a conference requires either a SIP user-agent already taking part in a conference 

to invite a non-conference SIP user-agent, or a non-conference SIP user-agent to invite a 

SIP user-agent that is taking part in a conference.  The signaling involved for being 

invited to a conference versus inviting someone already in a conference is identical. 

 Conferencing topology in this thesis refers to the end system mixing model [7].  The 

end system mixing model does not use a centralized server and has a loop free topology.  

A user may connect to any node currently in the conference, forming an ad-hoc topology.  

An example of this topology is shown in figure 3.1. 

 Once a user-agent has established a session in a conference, that user-agent maintains 

a dialog for that session.  A dialog contains information about a single session such as 

call-ID, To address, and From address.  Multiple dialogs may be established at any given 
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user-agent.  For example, in Figure 3.1, User-Agent F maintains dialogs for sessions 

between A-F, B-F, and E-F.   

 

Figure 3.1:  Example SIP conference topology 
 

 Since there is a separate dialog for every connection, the session parameters can be 

renegotiated at any time without affecting other nodes.  This is advantageous if a node 

has limited processing capabilities or limited bandwidth.  A problem with maintaining a 

separate dialog for every session is that SIP does not recognize that all the nodes are 

participating in the same conference.  There is no logical connection between dialogs.  

This leaves it to the application to determine which nodes are part of the same 

conference.   

 Another issue that arises from SIP not being aware of conference membership is that 

renegotiating session parameters indirectly affects other conference members who are 

downstream from the change.  For example, if node F in Figure 3.1 is transmitting to the 

conference and node E renegotiates its session with node F to a lower quality audio 

stream, then nodes D and C are forced into receiving a lower quality audio stream even if 

the audio codec they negotiated during session setup is of higher quality.  The higher 
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quality audio stream will most likely require more bandwidth which will be wasted as the 

lower quality audio does not need it. 

 

3.1.2:  Partitioning 

In addition to not recognizing that the dialogs it is maintaining are part of the same 

conference, SIP does not recognize that there are other nodes participating in the 

conference that it does not have a direct connection with.  For example, user-agent E has 

created a dialog with node D and node F, but node E does not know that nodes A, B, and 

C are also part of this conference.  This creates problems when a node decides to leave 

the conference.  Leaving a conference means that all open dialogs are closed and all 

media transfers are terminated.  If node E, in Figure 3.1, decides to leave the conference, 

or a fatal error occurs forcing it to leave, the conference will be partitioned into two 

groups, as shown in Figure 3.2. 

 

Figure 3.2:  Conference topology after node E leaves 
 

 This partitioning cannot be automatically repaired with SIP as nodes are only aware of 

other nodes to which it is directly connected.  Only through user interaction can the group 

be rejoined, and then, only if the user knows who to contact.   
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 In a conference setting, it is probably more common for all nodes to be connected to a 

common server, as show in Figure 3.3.  In this case, as long as the central user-agent F 

remains active in the conference, the group will never become partitioned.  All nodes 

except node F are free to leave and join the conference without disrupting service for any 

other nodes.  Of course, if node F does leave the conference, all dialogs will be 

terminated and the conference will be completely dissolved. 

 

 

Figure 3.3:  Example star topology 
 

3.1.3:  Conference Scalability 

SIP conferencing does not scale to large conference sizes well.  In the event of a 

centralized conference, as shown in Figure 3.3, the central node must maintain N separate 

dialogs, where N is one less than the total number of nodes in the conference.  The central 

node must also use N times the amount of bandwidth of a single node.  The high load 

placed upon the central node makes it more likely to fail.   
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 While not all conferences have a central point of failure, the latency between two 

nodes may prohibit high quality communications.  SIP does not provide a means of 

organizing a conference to minimize delay or bandwidth usage.  The topology is static 

once a node joins the conference. 

 

3.1.4:  Summary of Limitations 

SIP provides a simple signaling process for setting up a session, but is limited in its use 

for conferencing.  When using SIP for conferencing, SIP user-agents are unaware of 

conference membership and how renegotiations will affect other members of the 

conference.  There is a risk of partitioning the conference if a member leaves.  Further, 

SIP does not provide a scalable solution. 

 

3.2:  SIP IP Multicast Capabilities 

Using SIP in an IP multicasting environment is similar to using SIP in a unicast 

environment except SIP functionality is reduced.  Not all SIP messages remain useful and 

the processing of some messages changes. 

 

3.2.1:  Changes in Functionality for IP Multicasting 

To join the multicast group, a user agent must send an INVITE message to the IP 

multicast address and port number or receive an INVITE from an existing group member.  

When sending an INVITE to the group, a response is generated either accepting or 

rejecting the offer.  Since the offer is being multicast to a group, it may generate multiple 

responses.  It is up to the joining node to accept the first response it receives and treat all 

other responses as retransmissions.  Using the first response, one and only one dialog is 

created for the entire group. 

 OPTIONS messages can be sent using IP multicast, but their usefulness is limited.  

OPTIONS requests are used to determine a node’s capabilities before establishing a 

session so that a successful connection can be negotiated.  If a session is already 
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established, OPTIONS can also be used to determine if a session renegotiation is 

possible.  Since negotiations are not possible using IP multicast, it does not make sense to 

request the capabilities of a node in an IP multicast group.  In addition, requesting the 

capabilities of a node in an IP multicast group will not indicate the specific settings of the 

group, but instead gives all the capabilities of the node.  So, even by having the 

capabilities of another node, it does not guarantee that a node can join the multicast 

group. 

 BYE requests are still required when leaving a multicast group, but the effect on a 

receiving node is different.  Since the leaving of a single node does not mean that the 

multicast group is terminated, the node which receives the BYE request has the option of 

not terminating its dialog and staying in the group.  However, this approach can lead to 

having only a single member in the multicast group.  There is no mechanism in place to 

check if there are more nodes in the group; it is left up to the user to decide when to leave 

the group.   

 

3.2.2:  IP Multicasting Group Partitioning 

IP multicasting does avoid group partitions, as described in Section 3.1.2, since IP 

multicasting does not rely on SIP user-agents to forward media.  The only possible cause 

of a group partition is a network failure.  In this case, partitioning is unavoidable; even 

SIP conferencing cannot work if the network fails.   

 

3.2.3:  IP Multicasting Limitations 

 By using network layer multicasting, SIP avoids many of the problems it has when 

attempting multipoint communications without IP multicasting.  However, new issues 

arise from using IP multicasting.  Network layer multicasting does not allow session 

negotiations, meaning that a node must accept the audio/video codec being used or not 

join the group.  While the lack of media negotiations may prevent the occasional node 

from joining a multicast group, requiring network infrastructure support for using IP 

multicast is the major drawback to using IP multicast with SIP.   
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3.3:  Objectives and Evaluation 

Having examined the capabilities of SIP for conferencing and IP multicast, there exists 

room for improving the functionality of this signaling protocol.  The main objectives of 

this thesis research are outlined below. 

 

3.3.1:  Problem Statement 

This thesis research has two main objectives.  The first objective is to improve upon 

current SIP conferencing.  The weaknesses of SIP that are considered are listed below. 

• Conferences are not fault tolerant 
• User-agents are not aware of group membership within a conference 
• Conferences cannot recover from partitions 
 

 SIP provides a means of adding functionality to the existing signaling through the use 

of an extension.  It is through an extension that additional signaling is defined for use 

with SIP conferencing that allows SIP to become fault tolerant, aware of group 

membership, and able to repair conference partitions.  All of this is done while 

maintaining all original SIP functionality. 

 The second objective is to improve upon the capabilities of IP multicasting by moving 

multicast functionality to the application layer.  It is not the goal of this thesis to define an 

application layer protocol, but, instead, to provide a means for using one.  Providing the 

application layer protocol with enough information necessary to begin operation is the 

goal.  Through the use of the application layer multicast protocol, SIP has the capability 

to become a scalable and fault-tolerant multimedia solution without the aid of IP 

multicast.  The end result allows for a standardized application layer protocol to be 

negotiated and used in place of IP multicast, thereby, increasing the multipoint 

capabilities of SIP. 
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3.3.2:  Implementation Limitations and Boundaries 

The extension is implemented in a SIP user-agent, which is a SIP client or a SIP server.  

SIP proxies and registers are not included as this extension does not have any affect on 

their operation.  All signaling is defined for the User Data Protocol (UDP).  UDP was 

chosen over the Transmission Control Protocol (TCP) as the transport protocol as UDP 

places the burden of retransmissions and timeouts on the application.  The application is 

then able to control when a node is determined to be missing.  The ability to control 

retransmission and timeouts greatly affects the performance of this extension, as 

described in Sections 5.3 and 5.4.2. 

 

3.3.3:  Performance Metrics 

Multiple performance metrics are used to characterize the performance of this extension.  

All metrics are listed and defined below. 

 Message size:  This is defined as the size in bytes of a SIP request or response.  The 

message size does not include message bodies such as SDP. 

 Message completion time:  This is defined to be the amount of time necessary to 

complete a SIP message transaction.  The completion time includes everything from the 

creation of the message to the processing of the response.  The completion time does 

include network latency, but efforts were made to minimize its affect since network 

latency is more a function of the network than of the extension. 

 Partition reformation delay:  This is defined to be the amount of time required to 

reform a partition in the conference caused by either a graceful or an un-graceful node 

departure.  A graceful departure’s reformation delay is the time from the receipt of the 

BYE request from the leaving node until the completion of the INVITE transaction that 

reconnects the conference.  When a node un-gracefully leaves a conference, its 

neighboring nodes must detect its leaving through the use of an UPDATE message, as 

defined in Section 4.1.2.  The timeout of the UPDATE message and the time required to 

complete the following INVITE transaction is the partition reformation delay for an un-

graceful node departure. 
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3.3.4:  Methodology 

Having defined the final goals of the extension, detailed requirements describing 

signaling functionality were created.  The requirements lead to the creation of 1 new 

request method, 8 new headers, and 3 new error codes.  Using the new message 

components, specific signaling scenarios were devised. 

 A SIP implementation was needed to integrate the proposed extension and test its 

functionality.  Using the publicly available SIP library oSIP, described in Section 6.1, a 

standard SIP user-agent was implemented.  After testing the basic implementation for 

correctness, the proposed extension was implemented into the standard SIP user-agent. 

 Conference signaling was implemented first and tested for its ability to provide the 

objectives defined at the start of the project before moving on to an application layer 

multicast protocol.  The ring protocol was chosen for implementation due to its 

simplicity.  Signaling was defined using headers created for this extension and was then 

implemented into the prototype application. 

 Once the final application was verified to be correct, performance testing was 

conducted.  Performance metrics were defined to evaluate the performance of the 

application, and a series of tests were identified to measure them.  During testing, all 

debugging information was disabled as it significantly degraded performance.  The test 

results were then used to evaluate the extension’s performance. 

 

3.4:  Summary 

SIP, as a multipoint communications tool, has several limitations.  The proposed 

extension of this thesis allows SIP to overcome several limitations and to provide fault 

tolerance, partition reformations, and a scalable solution when desired.  Signaling and 

message definitions are provided in Chapter 4 and the performance evaluation is 

presented in Chapter 5.   
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Chapter 4  

Application Layer Multipoint Extension Signaling 

 

The proposed extension is divided into two parts, support for SIP conferencing and 

support for application layer multicasting. SIP conferencing improves upon standard SIP 

signaling by being aware of group membership and being able to detect and recover from 

group partitions.  To achieve these goals, SIP maintains information related to group 

membership and network topology.  SIP only maintains this information when SIP 

conferencing is used and not when an application layer protocol is providing the 

multicast capability. 

 Application layer multicasting relieves SIP of all duties except those required in 

standard SIP signaling.  When an application layer multicast protocol is used with SIP, 

SIP provides the application with enough information for the protocol to begin operation 

and, then, steps aside and lets the application layer protocol work.  If desired, the 

application layer protocol may use any features of SIP as it wishes, but SIP will not 

maintain any addition information.  Since each application layer protocol provides 

different features, SIP must be able to provide each protocol with different information.  

For this reason, each protocol requires headers and signaling defined specifically for it.  

No new headers are required to provide this information, but the use and meaning of 

existing fields need to be adjusted.  This flexibility in defining headers allows for many 

different types of protocols to function, making this extension useful in a variety of 

situations. 

 SIP headers are defined for SIP conferencing and application layer multicasting in 

Section 4.1 and Section 4.2, respectively.  Detailed examples are shown for setting up 

and tearing downing SIP conferences in Section 4.3.  Section 4.4 provides generic 

information on application layer multicasting, while the following section give a specific 

example of an application layer protocol and the signaling that goes along with it.  

Finally, an overview of this extension’s signaling is provided in Section 4.7. 
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4.1:  Header and Message Type Definitions 

This section describes the new SIP message headers, message types, and error codes that 

were created specifically for this extension.  In addition, existing SIP headers are 

described and defined for how they are used in this extension. 

 

4.1.1:  Header Definitions 

All new headers follow the syntax and semantics set forth in Section 7.3 of RFC 3261 

[9].  Each header field is composed of the header name followed by a colon and then the 

field value. 

 

Header name: field value 

 

 In the case of multiple field values, the list is comma separated. 

 

Header name: field value 1, field value 2, etc. 

 

 Each header is defined for its use with the application layer multicast protocol of 

UNICAST, NONE, and OTHER.  For each application layer protocol, the meaning and 

use of the field can change and must be defined separately.  For an example of an 

application layer protocol and its definition of headers, see Section 4.5. 

 

4.1.1.1:  Appmulti 

This field is required in all INVITE client transactions that use this extension and is 

defined the same for UNICAST, OTHER, and NONE. 

 UNICAST is the name given for SIP conferencing.  OTHER is used for application 

layer multicasting, and NONE is standard SIP signaling without any headers specific to 

this extension except for the Appmulti header. 
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 The Appmulti header contains a comma separated list of recognized application layer 

multicast protocols.  Acceptable protocols defined for this extension are UNICAST, 

OTHER, and NONE.  As this extension matures, addition application layer multicast 

protocols could be defined and would acceptable to specify in this field.   

 An example of the Appmulti header is shown below. 

 

Appmulti: UNICAST, NONE 

 

4.1.1.2:  Bye-address 

UNICAST uses the Bye-address as follows. 

 The Bye-address contains the fully qualified domain name (FQDN) of a node.  It is 

recommend that this field be identical to one used in the Contact field, meaning that it 

should contain a SIP display name, user name, and host address. 

 This header is used in conjunction with UPDATE messages, and never should be used 

with any other message request but should also be used in the response to the UPDATE 

request.  The purpose of this header is to inform the entire conference of a node leaving.  

This is necessary so that all nodes can keep up to date topology information.  An example 

follows. 

 

Bye-address: Display_name <user_name@host:port> 

 

 A Bye-address is not used with Appmulti NONE. 

 The Bye-address is an optional feature of OTHER and must be defined differently for 

each application layer multicast protocol. 
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4.1.1.3:  Conference 

UNICAST and OTHER are required to use the Conference field.  NONE does not use the 

Conference field. 

 The Conference field contains the name (or ID) of a conference (or multicast group).  

This field is nearly identical to the call-ID field defined in Section 20.8 of RFC 3261[9] 

except that all calls within the same conference have the same name or ID.  This field is 

required in all requests and responses, with the exception of OPTION messages.  This 

header allows for all open dialogs to be logically linked to a specific conference by SIP. 

 It is the invited node’s responsibility to create a conference ID if one is not present in 

the INVITE message.  An example follows. 

 

Conference: 19827732@testing.com 

 

4.1.1.4:  Loop-Detection 

Unicast uses the Loop-detection field as follows. 

 The Loop-detection field is used only in UPDATE and BYE requests and their 200 

OK responses.  When present in an UPDATE message, this field is used to signify that 

this message is only to be used to check for loops in the conference; a receiving node 

must ignore all other fields in the request that require information maintained by SIP to 

be updated, such as topology information. 

 When present in a BYE message, this signifies to the receiver that the session being 

closed created a loop in the conference topology and closing this session does not create a 

partition in the conference.  An example follows. 

 

Loop-detection: loop-detection 
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 NONE does not use the Loop-detection field.  The Loop-detection field is an optional 

feature for OTHER and must be defined specifically for each application layer multicast 

protocol. 

 

4.1.1.5:  Members 

UNICAST uses the Members field as follows. 

 The optional Members field is a comma separated list containing FQDN of other 

nodes within the conference.  It is recommended that each entry in this list contain a SIP 

display name, user name, and host address.  The primary use of this field is to inform a 

new node of other members of the conference.  This information is useful if the new node 

is disconnected from the conference before it receives topology information, with the 

Members field, it can re-join the conference without user intervention.  The Members list 

does not need to be a complete list of all members of the conference, but must include at 

least one address of the sending node’s neighbors.  The Topology header may be used in 

place of the Members field, but one of these fields must be present.  An example follows. 

 

members: Display_name <user_name@host:port>, Display_name2 

<user_name2@host2:port2> 

 

 NONE does not use the Members field.  The members field is an optional feature for 

OTHER and must be defined specifically for each application layer multicast protocol. 

 

4.1.1.6:  Require 

UNICAST, NONE, and OTHER all use the require field as follows. 

 The require field is a standard header of SIP defined in Section 20.32 of RFC 3261 

[9].  The extension name to be used with this field is “AppMultiSignaling”. This header 

is required in all requests that use headers specific to this extension.  An example follows. 
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Require: AppMultiSignaling 

 

4.1.1.7:  Source 

UNICAST uses the source field as follows. 

 The Source header is used only in conjunction with the Loop-detection header.  This 

field contains the FQDN of the source of the loop-detection message.  This field should 

be the same as that used in the From address, including tag number.  This is necessary to 

identify which session created the loop, as the tag value is unique across all active 

sessions at an individual node.  An example follows. 

 

Source: Display_name <user_name@host:port>;tag=19837725 

 

 NONE does not use the Source field.  The Source field is an optional feature for 

OTHER and must be defined specifically for each application layer multicast protocol. 

 

4.1.1.8:  Topology 

The Topology field is used by UNICAST as follows. 

 The Topology field is a comma separated list of FQDN of nodes in a conference.  

This field is required in all UPDATE messages that are not loop-detection messages or 

updating conference ID messages.  Each node receiving an UPDATE message with a 

Topology field adds their own FQDN in the front of the list, so that the last address in the 

list will specify the node from which the message originated. 

 Multiple Topology headers may be present within a single message.  Each field must 

contain a complete list from a leaf node to the current node.  An example follows. 
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Topology: Current Node <sip:current@10.0.0.1>, Another node 

<sip:another@10.50.0.4>, Message Originator 

<sip:origination@10.50.0.5> 

 

 NONE does not use the Topology field.  The Topology field is an optional feature for 

OTHER and must be defined specifically for each application layer multicast protocol. 

 

4.1.1.9:  Update-conf 

UNICAST uses the update-conf field as follows. 

 The Update-conf field is used exclusively for when conferences merge and the 

Conference field for all members needs to be updated to the same value.   This field is 

only used in UPDATE requests and responses.  The request must include the original 

conference ID as well as the Update-conf field.  After receiving this message, all future 

requests must use the ID contained in the Update-conf field.  An example follows. 

 

Conference: 1928337@conference 

Update-conf: 3984@new_conference 

 

 NONE does not use the Update-conf field.  The Update-conf field is an optional 

feature for OTHER and must be defined specifically for each application layer multicast 

protocol. 

 

4.1.1.10:  User-Agent 

OTHER uses the user-agent field as follows. 

 The user-agent field is defined in Section 20.41 of RFC 3261[9].  This field is required 

in all requests and responses that use or list OTHER as an application layer multicast 

protocol.  The value contained in this field must in some way identify the actual protocol 
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being used, be that a proprietary protocol or one that has yet to be officially accepted as 

an application layer multicast protocol.  It is recommended that this value contain the 

name and version number of this SIP implementation, as well as a protocol name.  An 

example follows. 

 

User-agent: software_1.09_tree. 

 

 The user-agent field is optional when using UNICAST and NONE. 

 

4.1.2:  UPDATE Message Definition for UNICAST 

The UPDATE message type is only required for UNICAST and never used for NONE.  

The use of this field is optional for OTHER and must be defined specifically for each 

application layer multicast protocol. 

 The UPDATE message provides several important functions for UNICAST.  It 

exchanges topology information, detects partitions within the conference, and updates 

group information such as conference IDs.  The UPDATE message, like all other 

message types, is sent reliably and acknowledged with a standard 200 OK message.  

Since this message is sent reliably, status messages such as 100 Trying can be sent if the 

official reply will be delayed.  This is to prevent retransmissions and to prevent a node 

from attempting to reform a partition when there is no partition. 

 The UPDATE message contains all required SIP headers for message requests, as well 

as those message headers required for this extension such as Conference and Appmulti.  

Additional headers such as Loop-detection, Update-conf, Source, Topology, and Bye-

address are used as needed in this message type. 

 When a node receives an UPDATE message, it forms its own UPDATE message to 

send to all its active session, but copies fields from the original request such as Topology, 

Source, Loop-detection, Update-conf, and Bye-address. 
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 The following sections describe when an UPDATE message should be sent and which 

headers must be included. 

 

4.1.2.1:  Periodic Topology UPDATE Messages 

Only those nodes designated as leaf nodes are required to periodically send UPDATE 

messages with topology information.  A leaf node is any node that only has one active 

session.  By only having leaf nodes periodically send UPDATE messages, network 

overhead can be kept low.  If finding conference partitions as quickly as possible is 

desired, all nodes within the network can send UPDATE messages, but this will increase 

overhead significantly.  The performance aspects of which nodes should send periodic 

UPDATE messages as well as how often, is discussed in Section 5.5.  A periodic 

UPDATE message must not contain a Loop-detection field, but may contain a Bye-

address and Update-conf field, although this is not recommended. 

 An example topology UPDATE message and response message are given below. 

 

UPDATE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.0.0.1:5060;branch=z9hG4bK11073724912995 
From: catserv <sip:catserv@10.0.0.1>;tag=11073724226334 
To: catremote <sip:catremote@10.60.0.2>;tag=110737169441 
Call-ID: 110737169418467@10.60.0.2 
CSeq: 108 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: Catalyst Server <sip:CatServ@10.0.0.1>, remote 
<sip:remote@10.50.0.5>, iperf server <sip:iperfserv@10.50.0.4> 
 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.0.0.1:5060;branch=z9hG4bK11073724912995 
From: catremote <sip:catremote@10.60.0.2>;tag=110737169441 
To: catserv <sip:catserv@10.0.0.1>;tag=11073724226334 
Call-ID: 110737169418467@10.60.0.2 
CSeq: 108 UPDATE 
Contact: catremote <sip:catremote@10.60.0.2> 
Supported: AppMultiSignaling 
Content-Length: 0 
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Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: Catalyst Server <sip:CatServ@10.0.0.1>, remote 
<sip:remote@10.50.0.5>, iperf server <sip:iperfserv@10.50.0.4> 
 

4.1.2.2:  Updating Conference ID UPDATE Messages 

Updating a conference’s conference ID is necessary when two conferences merge 

together.  It is the invited conference’s responsibility to change its conference ID to that 

of the inviting conference.  For example, in Figure 4.1, a member of conference 

83772@conference2 received an INVITE from a member of conference 

111@conference1.  The session negotiations complete as normal then alice@atlanta.com 

sends an UPDATE message to those nodes in her conference informing them that the 

conference ID is changing to 111@conference1.  All future requests and response will 

contain the conference ID of 111@conference1.  Updating conference information should 

be done as soon as possible and must not wait for the periodic UPDATE messages.  If a 

periodic UPDATE is about to be sent, the Update-conf field maybe included. 

 An example of merging conferences is shown in Figure 4.1.  Assuming the session 

negotiations have already completed, Alice sends an UPDATE message, as shown below, 

to all her open sessions in conference 83772@conference2. 

Alice → someone  
 
UPDATE  sip:someone@atlanta.com SIP/2.0 
Via: SIP/2.0/UDP pc33.atlanta.com; branch=z9hG4bk7ksnnsse 
To: someone <sip:someone@atlanta.com>; tag=83762 
From: alice< sip:alice@atlanta.com>; tag=33765 
Call-ID: k873btts2@pc99.atlanta.com 
CSeq: 9832 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Appmulti: UNICAST 
Conference: 82772@conference2 
Update-conf: 111@conference1 
Content-Length: 0 
 
 
Someone → Alice 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP pc33.atlanta.com; branch= z9hG4bk7ksnnsse 
Max-Forwards: 70 
To: alice<sip:alice@atlanta.com>; tag=33765 
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From: someone<sip:someone@atlanta.com>; tag=83762 
Call-ID: k873btts2@pc99.atlanta.com 
CSeq: 9832 UPDATE 
Require: AppMultiSignaling 
AppMulti: UNICAST 
Conference: 82772@conference2 
Update-conf: 111@conference1 
Content-Length: 0 
 

 

Figure 4.1:  Example of merging conferences 
 
 

 If someone@atlanta.com has any active sessions, other than the one on which it 

received this UPDATE message, it will send new UPDATE messages to them with the 

update-conf: 111@conference1 field.  This process continues until all original 

members of conference 82772@conference2 receive an UPDATE message signaling this 

change. 
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4.1.2.3:  Loop-detection UPDATE Messages 

Loop-detection messages are required any time a new session is established and the 

number of active sessions is now two or greater.  The UPDATE message must not 

contain a Bye-address or Topology field as they will be ignored by all receiving nodes.  

The Loop detection message is sent via the new session and contains a Loop-detection 

header as well as a Source header.  If a Loop-detection message is received that contains 

a node’s own address and tag value, then the new session must have created a loop in the 

topology.  That session must be immediately closed with a BYE message containing a 

Loop-detection header. 

 An example loop-detection message and response are shown below. 

 

UPDATE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737268811942 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 101 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Source: iperf server 
<sip:iperfserv@10.50.0.4>;tag=110737268816827 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Loop-detection: loop-detection 
 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737268811942 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 101 UPDATE 
Contact: catremote <sip:catremote@10.60.0.2> 
Supported: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Loop-detection: loop-detection 
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4.1.2.4:  Bye-address UPDATE Messages 

A bye-address UPDATE message is sent every time a node receives a BYE message.  

The UPDATE message may contain a Topology field, but not a Loop-detection field.  

The Bye-address contains the address of the node leaving the conference.  This 

information is forwarded to all nodes in the conference so that topology information can 

be updated appropriately.  A Bye-address UPDATE message should be sent as soon as 

possible to keep topology information up to date at all nodes. 

 Here is an example bye-address UPDATE message and response. 

UPDATE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737268811942 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 101 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Bye-address: iperf client<iperfclient@10.50.0.3> 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737268811942 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 101 UPDATE 
Contact: catremote <sip:catremote@10.60.0.2> 
Supported: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
Bye-address: iperf client<iperfclient@10.50.0.3> 
AppMulti: UNICAST 
 
4.1.3:  Error Messages 

Additional error codes are needed to properly deal with unsupported features of this 

extension.  All error codes are in the 4xx and 5xx classes, request failures and server 

failures, respectively.  Four new error codes are defined below.  All new error codes were 

chosen so that they did not overlap with any existing error codes.   
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 430 Unsupported AppMulti:  This response is used when a required AppMulti 

protocol is recognized by not allowed or implemented.  The response should contain a list 

of the supported protocols. 

 432 Unsupported Conference Merge:  This code is used when the SIP server does 

not allow conferences to merge.  It is used both for SIP conferencing and application 

layer multicast. 

 433 Unknown Conference:  This message is used when the SIP server does not 

recognize the conference ID in a request, for example, in a BYE or UPDATE message. 

 530 Not Implemented AppMulti:  This response is used when the server does not 

recognize the application layer protocol requested.  The response should contain a list of 

the supported protocols. 

 

4.2:  Header Requirements for UNICAST, NONE and OTHER 

Tables 4.1 through 4.3, show when each header is required for each message type for 

UNICAST, NONE, and OTHER, respectively.  The following symbols are used in the 

table. 

R:  required 

O:  optional 

C:  conditional 

-:  Not used 

Table 4.1:  Required Headers for Different Messages with UNICAST 

 INVITE BYE OPTION CANCEL ACK UPDATE 200 OK 
Appmulti R O - - R O R 
Conference R R - O R R R 
Loop-
detection 

- - - - - C C 

Members O - - - - C C 
Require R R - - R R - 
Source - - - - - C C 
Topology O - - - - C C 
Update-conf - - - - - C C 
User-agent  O O O O O O O 
Bye_address - - - - - C C 
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Notes for Table 4.1: 

• Appmulti is required in the 200 OK response message only in response to an INVITE 

message. 

• Loop-detection is only present in UPDATE messages and 200/OK responses when 

this message is sent as a result of a new session being established and loops need to be 

checked. 

• Source is required when a loop-detection message is sent. 

• Topology is required in all UPDATE messages that are not loop-detection or update-

conf messages.  If it is a loop-detection message, this field should not be included, and 

if it is included SIP must not use this information to update its topology information. 

• Update-conf is required when conferences merge and have different conference IDs. 

• Bye-address is required in the UPDATE message sent immediately after receiving a 

BYE message, so that all nodes can update their topology information. 

Table 4.2:  Required Headers for Different Messages with NONE 

 INVITE BYE OPTION CANCEL ACK UPDATE 200 OK 
Appmulti R O - - R - R 
Conference - - - - - - - 
Loop-
detection 

- - - - - -  

Members - - - - - - - 
Require R R - - R - - 
Source - - - - - - - 
Topology - - - - - - - 
Update-conf - - - - - - - 
User-agent  O O O O O - O 
Bye_address - - - - - - - 
 

Notes for Table 4.2: 

• NONE does not require any of the headers specific to this extension except the 

Require and Appmulti headers.  They are needed to select NONE as the application 

layer protocol.   

• UPDATE messages are not used. 
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• Appmulti is only required in the 200 OK response for an INVITE message.  

 

Table 4.3:  Required Headers for Different Messages with OTHER 

 INVITE BYE OPTION CANCEL ACK UPDATE 200 OK 
Appmulti R O - - O O R 
Conference R R - O R R R 
Loop-
detection 

O O - - - O O 

Members O O - - - O O 
Require R R - - R R - 
Source O O - - - O O 
Topology O O - - - O O 
Update-conf O O - - - C C 
User-agent  O O O O O O O 
Bye_address O O - O - O O 
 

Notes for Table 4.3: 

• Update-conf is s required if the application layer protocol allows multicast groups to 

merge. 

• When using application layer multicast, all headers are optional and are defined 

specifically for each protocol.  A specific example of an application layer multicast 

protocol is given in Section 4.5. 

• Appmulti is only required in the 200 OK response for an INVITE message.  

 

4.3:  SIP Conference Signaling 

The enhanced conference signaling closely follows current SIP signaling.  Each user-

agent maintains separate dialogs for each host connected to it, but also maintains network 

topology and conference membership information.  When using conferencing, the invite 

transaction must contain either a members list that contains at least a partial list of 

conference members or a partial conference topology list.  If desired, the entire 

conference topology may be transferred during session negotiations.   
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 UPDATE messages are used to detect conference partitions, update conference IDs, 

and relay topology information.  UPDATE messages can be sent using TCP or UDP.  

Only leaf nodes are required to send periodic UPDATE messages.  If an UPDATE 

message is received at a node, that node is responsible for copying important fields such 

as topology, loop-detection, source, and bye-address, and forwarding this information to 

all neighbors. 

 

4.3.1:  INVITE Signaling 

This section describes the signaling involved in requesting to join a conference and being 

invited to a conference.  Status messages, 100 Trying and 180 Ringing, are shown for 

completeness, but no changes have been made to them in this extension. 

 

Figure 4.2: Network topology 
 

4.3.1.1:  INVITE Sent to a Conference 

Assume Alice wishes to join the session already established between Bob and Tom and 

assume that Bob and Tom both support this extension and have picked UNICAST, as 

shown in Figure 4.2.  Alice sends an INVITE message to Bob that contains a list of her 
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supported application layer multicast protocols.  Bob responds with a 200 OK message 

containing UNICAST as the selected application layer multicast protocol, a conference 

value of 19823@conference, and a list of members containing Bob and Tom.  

 

Alice → Bob 
 
INVITE sip:bob@biloxi.com SIP/2.0 
Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds 
Max-Forwards: 70 
To: Bob <sip:bob@biloxi.com> 
From: Alice <sip:alice@atlanta.com>;tag=1928301774 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 INVITE 
Contact: alice <sip:alice@pc33.atlanta.com> 
Require:  AppMultiSignaling 
AppMulti: UNICAST, OTHER, NONE 
User-Agent: sip_agent_1.08 
Content-Type: application/sdp 
Content-Length: 142 
 
(Alice’s SDP not shown) 
 
 
Bob → Alice 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch= z9hG4bK776asdhds  
To: Alice <sip:alice@atlanta.com>;tag=1928301774  
From: Bob <sip:bob@biloxi.com>;tag=a6c85cf 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 INVITE 
Contact: bob <sip:bob@192.0.2.4> 
Content-Length: 0 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch= z9hG4bK776asdhds  
To: Alice <sip:alice@atlanta.com>;tag=1928301774  
From: Bob <sip:bob@biloxi.com>;tag=a6c85cf 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 INVITE 
Contact: bob <sip:bob@192.0.2.4> 
Content-Length: 0 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds 
;received=192.0.2.1 
To: Alice <sip:alice@atlanta.com>;tag=1928301774  
From: Bob <sip:bob@biloxi.com>;tag=a6c85cf 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 INVITE 
Contact: bob <sip:bob@192.0.2.4> 
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AppMulti: UNICAST 
Conference: 19823@Conference 
Members: sip:bob@192.0.2.4, sip:tom@192.0.2.56 
Content-Type: application/sdp 
Content-Length: 131 
(Bob’s SDP not shown) 
 
Alice → Bob 
 
ACK sip:bob@192.0.2.4 SIP/2.0 
Via: SIP/2.0/UDP pc33.atlanta.com; branch= z9hG4bk776asdrdsss 
Max-Forwards: 70 
To: Bob<sip:bob@biloxi.com>; tag= a6c85cf 
From: Alice<sip:alice@atlanta.com>; tag=1928301774 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 ACK 
Contact: <sip:alice@pc33.atlanta.com> 
Require: AppMultiSignaling 
AppMulti: UNICAST 
Conference: 19823@Conference 
Content-Length: 0 
 

 Once the session is established, Alice must update the topology of other group 

members since Alice is a leaf node in the conference.  Alice sends the UPDATE to Bob 

who sends it to Tom.   

 

Alice → Bob 
 
UPDATE  sip:bob@192.0.2.4 SIP/2.0 
Via: SIP/2.0/UDP pc33.atlanta.com; branch=z9hG4bk776asdhds 
To: Bob <sip:bob@biloxi.com>; tag=a6c85cf 
From: Alice< sip:alice@atlanta.com>; tag=1928301774 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314160 UPDATE 
Contact: <sip:alice@pc33.atlanta.com> 
Max-Forwards: 70 
Require: AppMultiSignaling 
AppMulti: UNICAST 
Conference: 19823@Conference 
Topology: sip:alice@pc33.atlanta.com 
Content-Length: 0 
 
Bob → Alice 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP pc33.atlanta.com; branch=z9hG4bk776asdhds 
Max-Forwards: 70 
To: Alice<sip:alice@atlanta.com>; tag=1928301774 
From: Bob<sip:bob@biloxi.com>; tag= a6c85cf 
Call-ID: a84b4c76@pc33.atlant.com 
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CSeq: 32342 UPDATE 
Contact: <sip:bob@192.0.2.4>  
Require: AppMultiSignaling 
AppMulti: UNICAST 
Conference: 19823@Conference 
Topology: sip:alice@pc33.atlanta.com 
Content-Length: 0 
 
Bob → Tom 
 
UPDATE  sip:tom@biloxi.com SIP/2.0 
Via: SIP/2.0/UDP 192.0.2.4; branch=z9hG4bk7ksnnsse 
To: Tom <sip:tom@biloxi.com>; tag=873662 
From: Bob< sip:bob@biloxi.com>; tag=948762 
Call-ID: 8372bs83j2@192.0.2.4 
CSeq: 48832 UPDATE 
Contact: <sip:bob@192.0.2.4> 
Max-Forwards: 70 
Require: AppMultiSignaling 
Appmulti: UNICAST 
Conference: 19823@Conference 
Topology: sip:bob@192.0.2.4, sip:alice@pc33.atlanta.com 
Content-Length: 0 
 
Tom → Bob 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 192.0.2.4; branch= z9hG4bk776asdrdsss 
Max-Forwards: 70 
To: Bob<sip:bob@biloxi.com>; tag=948762 
From: Tom<sip:tom@biloxi.com>; tag=873662 
Call-ID: 8372bs83j2@192.0.2.4 
CSeq: 48832 ACK 
Contact: <sip:tom@192.0.2.56> 
Require: AppMultiSignaling 
AppMulti: UNICAST 
Conference: conference@19823 
Topology: sip:bob@192.0.2.4, sip:alice@pc33.atlanta.com 
Content-Length: 0 
 

4.3.1.2:  INVITE from a Conference 

Receiving an INVITE from a conference follows a similar message flow, except now the 

INVITE message contains a single application layer multicast protocol, a conference ID, 

and a members list.  The invited member does not have a choice of which application 

layer protocol to use as the conference is already established and changing protocols is 

not feasible. 
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Figure 4.3: INVITE from a conference 
 

 In Figure 4.3, Bob and Tom are currently in a conference and Bob wishes to invite 

Alice into it.  The signaling required for this is as follows. 

 

Bob → Alice 
 
INVITE sip:alice@atlanta.com SIP/2.0 
Via: SIP/2.0/UDP 192.0.2.4;branch=z9hG4bK776asdhds 
Max-Forwards: 70 
To: Alice <sip:alice@atlanta.com> 
From: Bob <sip:bob@biloxi.com>;tag=98989898 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 INVITE 
Contact: <sip:bob@192.0.2.4> 
Require:  AppMultiSignaling 
Conference: 19823@conference 
AppMulti: UNICAST 
Members: sip:bob@192.0.2.4, sip:tom@192.0.2.56 
Content-Type: application/sdp 
Content-Length: 142 
 
(Bob’s SDP not shown) 
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Alice → Bob 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 192.0.2.4;branch=z9hG4bK776asdhds 
From: Alice <sip:alice@atlanta.com>  
To: Bob <sip:bob@biloxi.com>; tag=98989898 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 INVITE 
Contact: bob <sip:bob@192.0.2.4> 
Content-Length: 0 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 192.0.2.4;branch=z9hG4bK776asdhds 
To: Bob <sip:bob@biloxi.com>;tag=98989898 
From: Alice <sip:alice@atlanta.com>;tag=237733 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 INVITE 
Contact: bob <sip:bob@192.0.2.4> 
Content-Length: 0 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 192.0.2.4;branch=z9hG4bK776asdhds 
;received=192.0.2.4 
To: Bob <sip:bob@biloxi.com>;tag=98989898 
From: Alice <sip:alice@atlanta.com>;tag=237733 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 INVITE  
Contact: <sip:Alice@pc33.atlanta.com> 
AppMulti: UNICAST 
Conference: 19823@conference 
Content-Type: application/sdp 
Content-Length: 131 
(Alice’s SDP not shown) 
 
Bob → Alice 
 
ACK sip:alice@pc33.altanta.com SIP/2.0 
Via: SIP/2.0/UDP 192.0.2.4; branch= z9hG4bk776asdrdsss 
Max-Forwards: 70 
To: Alice<sip:alice@atlanta.com>; tag=237733 
From: Bob<sip:bob@biloxi.com>; tag= 98989898 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 ACK 
Contact: <sip:alice@pc33.atlanta.com> 
Require: AppMultiSignaling 
AppMulti: UNICAST 
Conference: 19823@conference 
Content-Length: 0 
 

 UPDATE messages are sent from Alice as in the previous example in Section 4.2.1. 
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4.3.2:  BYE Signaling to Leave a Conference Gracefully 

When a node leaves a conference gracefully, a BYE message is sent, there are two 

possible outcomes:  (i) this is a leaf node leaving, so there is no partition in the group; or 

(ii) this is a non-leaf node and its leaving creates a partition.  This section describes in 

detail the signaling involved for these two cases. 

 

4.3.2.1:  Leaf Node Leaves Conference, No Partition Created 

When a leaf node decides to leave a conference, a partition cannot be created.  The BYE 

message contains the conference header as well as all other required SIP headers.  The 

processing of BYE messages is unchanged in this extension.   

 

Figure 4.4: Leaf node leaves conference 
 

 In the example of Figure 4.4, Alice, who is currently a member of conference 

19823@conference, wishes to leave.  She sends a BYE message to Bob to close the 

session.  Bob responds with a 200 OK message and terminates the session.  Bob then 
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informs the other members of conference 19823@conference, which happens to be only 

Tom, of Alice’s leaving through the use of an UPDATE message. 

 

Alice → Bob 
 
BYE sip: bob@biloxi.com SIP/2.0 
Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bKnashds10 
To: Bob <sip:bob@biloxi.com>;tag=a6c85cf 
From: Alice <sip:alice@atlanta.com>;tag=1928301774 
Call-ID: a84b4c76e66710 
Cseq: 231 BYE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Appmulti: UNICAST 
Conference: 19823@conference 
Content-Length: 0 
 
Bob → Alice 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bKnashds10 
To: Alice <sip:alice@atlanta.com>;tag=1928301774 
From: Bob <sip:bob@biloxi.com>;tag=a6c85cf  
Call-ID: a84b4c76e66710 
Cseq: 231 BYE 
Appmulti: UNICAST 
Conference: 19823@conference 
Content-Length: 0  
 
Bob → Tom 
 
UPDATE sip:tom@biloxi.com SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK110737262616827 
From: Bob <sip:bob@biloxi.com>;tag=110737254029358 
To: Tom <sip:tom@biloxi.com>;tag=11073718339961 
Call-ID: 110737254026962@10.50.0.3 
CSeq: 106 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Conference: 19823@conference 
Bye-address: Alice <sip:alice@atlanta.com> 
AppMulti: UNICAST 
Content-Length: 0 
 
Tom → Bob 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK110737262616827 
To: Bob <sip:bob@biloxi.com>;tag=110737254029358 
From: Tom <sip:tom@biloxi.com>;tag=11073718339961 
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Call-ID: 110737254026962@10.50.0.3 
CSeq: 106 UPDATE 
Supported: AppMultiSignaling 
Content-Length: 0 
Conference: 19823@conference 
AppMulti: UNICAST 
 

4.3.2.2:  Non-leaf Node leaves Conference, Partition Created 

When a non-leaf node leaves the conference, a partition is created that needs to be 

repaired.  All signaling involved in this process, including UPDATE messages, are 

shown below.  The original network topology and the reformed network topology for the 

example are shown in Figure 4.5. 

 Before three@temp.com leaves the conference, topology information has been 

distributed among all conference members.  Three@temp.com sends a BYE message to 

both two@temp.com and four@temp.com. Two@temp.com forwards the leaving node’s 

information on to one@temp.com and then reforms the partition by sending an INVITE 

to four@temp.com.   

 If a node leaves before topology information has been propagated to all nodes, it is 

still possible to reform the partition.  A user-agent will have received conference 

membership information from the Members field (or Topology field) during the INVITE 

transaction.  If topology information was contained in the INVITE transaction, then there 

is no issue reforming the conference.  If the Members field was used, then the user-agent 

that became disconnected, four@temp.com, would choose one of the nodes listed in the 

Members list to attempt and reform the conference. 

 In the following example, two@temp.com reforms the partition.  Node 

four@temp.com could have done this also, but it just happens that two@temp.com’s 

reformation timer expires first. 
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BY
E

 

Figure 4.5: Non-leaf node leaves conference 
 

Three → Two (BYE message) 
 
BYE sip:two@temp.com SIP/2.0 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737192326500 
From: two <sip: sip:two@temp.com >;tag=11073718339961 
To: three <sip:three@temp.com>;tag=110737254029358 
Call-ID: 110737254026962@10.50.0.3 
CSeq: 107 BYE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 
Two → Three (200 OK response for BYE) 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737192326500 
To: two <sip: sip:two@temp.com >;tag=11073718339961 
From: three <sip:three@temp.com>;tag=110737254029358 
Call-ID: 110737254026962@10.50.0.3 
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CSeq: 107 BYE 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 
Three → Four (BYE message) 
 
BYE sip:four@temp.com SIP/2.0 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK11073726894827 
From: three <three@temp.com>;tag=110737268816827 
To: four <sipfour@temp.com>;tag=11073718682995 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 102 BYE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 

Four → Three (200 OK response for BYE) 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK11073726894827 
To: three <three@temp.com>;tag=110737268816827 
From: four <sipfour@temp.com>;tag=11073718682995 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 102 BYE 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 
Two → One (UPDATE with bye-address) 
 
UPDATE one@temp.com SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.2:5060;branch=z9hG4bK110737186911942 
From: two <sip:two@temp.com>;tag=11073718235705 
To: one <sipone@temp.com>;tag=110737264329358 
Call-ID: 110737182328145@10.50.0.2 
CSeq: 102 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Bye-address: three <three@temp.com> 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 
 
One → Two (200 OK response for UPDATE with bye-address) 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.2:5060;branch=z9hG4bK110737186911942 
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To: two <sip:two@temp.com>;tag=11073718235705 
From: one <sip:one@temp.com>;tag=110737264329358 
Call-ID: 110737182328145@10.50.0.2 
CSeq: 102 UPDATE 
Content-Length: 0 
Conference: 110737249218467@Conference 
Bye-address: three <three@temp.com> 
AppMulti: UNICAST 
 
 
Two → Four (INVITE message to reform partition) 
 
INVITE sip:four@temp.com SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.2:5060;branch=z9hG4bK11073720276334 
To: four <sip: four@temp.com > 
From: two <sip:two@temp.com>;tag=110737202741 
Call-ID: 110737202718467@10.50.0.2 
CSeq: 100 INVITE 
Contact: two <sip:two@temp.com> 
Max-Forwards: 70 
Require: AppMultiSignaling 
User-Agent: sip_gui 1.0 
Subject: testing messages 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Conference: 110737249218467@Conference 
Members: two <sip:two@temp.com>, one <sip:one@temp.com> 
Content-Type: application/sdp 
Content-Length:   200 
AppMulti: UNICAST 
 
(two’s SDP not shown) 
 
Four → Two (100, 180, and 200 OK responses for INVITE) 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.50.0.2:5060;branch=z9hG4bK11073720276334 
From: four <sip: four@temp.com > 
To: two <sip:two@temp.com>;tag=110737202741 
Call-ID: 110737202718467@10.50.0.2 
CSeq: 100 INVITE 
Contact: four <sip: four@temp.com > 
Content-Length: 0 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.50.0.2:5060;branch=z9hG4bK11073720276334 
From: four <sip: four@temp.com >;tag=110737249241 
To: two <sip:two@temp.com>;tag=110737202741 
Call-ID: 110737202718467@10.50.0.2 
CSeq: 100 INVITE 
Contact: four <sip: four@temp.com > 
Content-Length: 0 
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SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.2:5060;branch=z9hG4bK11073720276334 
From: four <sip: four@temp.com >;tag=110737249241 
To: two <sip:two@temp.com>;tag=110737202741 
Call-ID: 110737202718467@10.50.0.2 
CSeq: 100 INVITE 
Contact: four <sip:four@temp.com> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   206 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 
(four’s SDP not shown) 
 
Two → Four (ACK for 200 OK) 
 
ACK sip:four@temp.com SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.2:5060;branch=z9hG4bK110737202741 
To: four <sip: four@temp.com >;tag=110737249241 
From: two <sip:two@temp.com>;tag=110737202741 
Call-ID: 110737202718467@10.50.0.2 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 
Two → Four (UPDATE loop-detection message) 
 
UPDATE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737268811942 
To: four <sip: four@temp.com >;tag=110737249241 
From: two <sip:two@temp.com>;tag=110737202741 
Call-ID: 110737202718467@10.50.0.2 
CSeq: 101 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Source: two <sip:two@temp.com>;tag=110737202741 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Loop-detection: loop-detection 
 
Four → Two (200 OK response for UPDATE loop-detection message) 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737268811942 
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From: four <sip: four@temp.com >;tag=110737249241 
To: two <sip:two@temp.com>;tag=110737202741 
Call-ID: 110737202718467@10.50.0.2 
CSeq: 101 UPDATE 
Content-Length: 0 
Conference: 110737249218467@Conference 
Source: two <sip:two@temp.com>;tag=110737202741 
AppMulti: UNICAST 
Loop-detection: loop-detection 
 

 The previous example examined the case where a single node leaves the conference, 

but it is possible that two or more nodes would leave the conference in close succession.   

If nodes two@temp.com and three@temp.com left the conference, the two leaf nodes 

would be able to reform the conference using topology information.  One@temp.com, 

would immediately attempt to reform the conference with three@temp.com.  

Three@temp.com has left the conference, so it should deny the connection request from 

one@temp.com.  One@temp.com would then look back to its topology information and 

attempt reformation with four@temp.com, thereby reforming the conference.  The same 

process would have been taking place at leaf node four@temp.com. 

 If no topology information was distributed among any of the nodes in the conference 

and nodes two@temp.com and three@temp.com left simultaneously, reformation may 

not be possible.  Reformation would depend upon the order in which the nodes joined the 

conference.  If the nodes joined the conference in the following order, reformation would 

not be possible: two@temp.com, three@temp.com, four@temp.com, one@temp.com. In 

this case, neither leaf node would know of each other, making reformation impossible.  

However, if the conference was formed in the following order, reformation could take 

place: one@temp.com, two@temp.com, three@temp.com, and four@temp.com.  It is 

however, unlikely, that multiple nodes would leave before any topology information 

could be distributed. 

 

4.3.3:  Leaving a Conference Ungracefully 

A node that leaves a conference ungracefully does not send a BYE message before 

leaving.  This could be caused by either a network or software failure.  In either case, the 
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end result is the same; the node is gone and does not respond to message requests.  As 

with nodes that leave gracefully, there are two possible outcomes of a node leaving; a 

partition can be created, or not.   

 

4.3.3.1:  Leaf Node Leaves Conference, No Partition Created 

When a leaf-node becomes disconnected from the conference, no partition is created.  

The node is discovered to be missing the next time another node attempts to send an 

UPDATE message to the missing node.  When the node is officially declared to be gone, 

after an UPDATE message times out, no further action is required.  A Bye-address 

message is not required to be sent as it is optional in this case. 

 

 

Figure 4.6:  Leaf-node disconnect 
 

 Using the example of Figure 4.6, assume Disconnected@temp.com unexpectedly 

leaves the conference without sending a BYE message to alive1@temp.com.  Node 

Alive1@temp.com sends an UPDATE message to Disconnected@temp.com and the 

message times out.  Node Alive1@temp.com is now a leaf node and responsible for 

sending periodic UPDATE messages, as shown below.   

 
UPDATE sip:disconnected@temp.com SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737267926962 
From: Alive1 <sip:Alive1@temp.com>;tag=110737249241 
To: Disconnected <sip:Disconnected@temp.com>;tag=110737202741 
Call-ID: 110737202718467@10.50.0.5 
CSeq: 116 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
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Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: Alive1 <sip:Alive1@temp.com>, Alive2 
<sip:Alive2@temp.com> 
 
. 
UPDATE retransmissions 
. 
UPDATE times out 
 

 The process is complete and Alive1@temp.com can now send an UPDATE message 

containing a Bye-address to the rest of the conference if it desires. 

 

4.3.3.2:  Non-Leaf Node leaves Conference, Partition Created 

When a non-leaf node leaves a conference, the partition created by its leaving must be 

repaired.  The partition is detected through the use of the UPDATE message. 

 Initially, five nodes are connected together, as shown in part A of Figure 4.7.  The 

Remote and Catserv nodes are disconnected from the network creating a partition 

between all three remaining clients.  Each node in the conference detects that the node to 

which it is connected is no longer present through the use of UPDATE messages.  Each 

node then starts the reformation process.  Part B shows each node’s first attempt at 

reforming the partition.  Only iperfclient is successful.  A second attempt, part C in 

Figure 4.7, is made by both catremote and iperfserv and this time they are successful in 

reforming the partition.  The reformed conference is shown in part D.  Given how the 

reformation process operates, this is not the only possible topology.   

 The message exchange needed to detect and reform this partition is shown below.  The 

node iperfclient is the first to send its periodic UPDATE message and discover that 

catserv is missing.  It should be noted that this is not always the case.  It could have been 

any of the three remaining nodes that first detect that node catserv is missing. 
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Figure 4.7:  Conference topology and message flow 
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Iperfclient Message Flow 

Node iperfclient sends its periodic UPDATE message to node catserv and determines that 

the node is disconnected.  

 

UPDATE sip:catserv@10.0.0.1 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK110737253615724 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=110737241641 
To: catserv <sip:catserv@10.0.0.1>;tag=110737243715724 
Call-ID: 110737241618467@10.50.0.3 
CSeq: 111 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: iperfclient <sip:iperfclient@10.50.0.3> 
 
. 
UPDATE message retransmissions. 
. 
UPDATE message times out. 
 

 Node iperfclient checks its topology information and sees that catremote is a possible 

choice to reform the partition, so it sends it an INVITE message.  Within the INVITE, the 

members list still contains the remote’s address since iperfclient does not yet know that it 

is gone.  This is OK and this information will eventually be purged from the members’ 

lists for both nodes. 

 

iperfclient → catremote 

INVITE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK110737254024464 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=110737254029358 
To: catremote <sip:catremote@10.60.0.2> 
Call-ID: 110737254026962@10.50.0.3 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
Max-Forwards: 70 
Require: AppMultiSignaling 
Proxy-Require: AppMultiSignaling 
Subject: testing messages 
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Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   205 
Conference: 110737249218467@Conference 
Members: iperfclient <sip:iperfclient@10.50.0.3>, remote 
<sip:remote@10.50.0.5>, iperf server <sip:iperfserv@10.50.0.4> 
AppMulti: UNICAST 
 
(Iperfclient SDP not shown) 
 

catremote → iperfclient 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK110737254024464 
From: catremote <sip:catremote@10.60.0.2> 
To: iperfclient <sip:iperfclient@10.50.0.3>;tag=110737254029358 
Call-ID: 110737254026962@10.50.0.3 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Content-Length: 0 
Conference: 110737249218467@Conference 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK110737254024464 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718339961 
To: iperfclient <sip:iperfclient@10.50.0.3>;tag=110737254029358 
Call-ID: 110737254026962@10.50.0.3 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Content-Length: 0 
Conference: 110737249218467@Conference 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK110737254024464 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718339961 
To: iperfclient <sip:iperfclient@10.50.0.3>;tag=110737254029358 
Call-ID: 110737254026962@10.50.0.3 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   203 
Conference: 110737249218467@Conference 
Members: catremote <sip:catremote@10.60.0.2>, remote 
<sip:remote@10.50.0.5>, iperf server <sip:iperfserv@10.50.0.4>, 
iperfclient <sip:iperfclient@10.50.0.3>, Catalyst Server 
<sip:CatServ@10.0.0.1> 
AppMulti: UNICAST 
 
(Catremote SDP not shown) 
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iperfclient → catremote 
 
ACK sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK11073725405705 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=110737254029358 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718339961 
Call-ID: 110737254026962@10.50.0.3 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 

Catremote Message Flow 

 During the time that Iperfclient is detecting the partition, so is Catremote.  Catremote 

sends an UPDATE to Catserv. 

 

UPDATE sip:catserv@10.0.0.1 SIP/2.0 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737181415724 
From: catremote <sip:catremote@10.60.0.2>;tag=110737169441 
To: catserv <sip:catserv@10.0.0.1>;tag=11073724226334 
Call-ID: 110737169418467@10.60.0.2 
CSeq: 113 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: catremote <sip:catremote@10.60.0.2> 
 
. 
UPDATE message retransmissions. 
. 
UPDATE message times out 
 
 
 
 Catremote attempts to reform partition by sending an INVITE to remote. 

INVITE sip:remote@10.50.0.5 SIP/2.0 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737181824464 
From: catremote <sip:catremote@10.60.0.2>;tag=110737181829358 
To: remote <sip:remote@10.50.0.5> 
Call-ID: 110737181826962@10.60.0.2 
CSeq: 100 INVITE 
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Contact: catremote <sip:catremote@10.60.0.2> 
Max-Forwards: 70 
Require: AppMultiSignaling 
Subject: testing messages 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   203 
Conference: 110737249218467@Conference 
Members: iperf server <sip:iperfserv@10.50.0.4>, iperfclient 
<sip:iperfclient@10.50.0.3> 
AppMulti: UNICAST 
 
(Catremote SDP not shown) 
. 
INVITE message retransmissions. 
. 
INVITE message times out 
 

 Catremote then chooses to attempt to reform the partition with iperfserv. 

catremote → iperfserver 

INVITE sip:iperfserv@10.50.0.4 SIP/2.0 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737182323281 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718235705 
To: iperf server <sip:iperfserv@10.50.0.4> 
Call-ID: 110737182328145@10.60.0.2 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Max-Forwards: 70 
Require: AppMultiSignaling 
Subject: testing messages 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   203 
Members: iperfclient <sip:iperfclient@10.50.0.3> 
AppMulti: UNICAST 
 
(Catremote SDP not shown) 
 

iperfserver → catremote 

SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737182323281 
From: iperf server <sip:iperfserv@10.50.0.4> 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718235705 
Call-ID: 110737182328145@10.60.0.2 
CSeq: 100 INVITE 
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Contact: iperf server <sip:iperfserv@10.50.0.4> 
Content-Length: 0 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737182323281 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110737264329358 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718235705 
Call-ID: 110737182328145@10.60.0.2 
CSeq: 100 INVITE 
Contact: iperf server <sip:iperfserv@10.50.0.4> 
Content-Length: 0 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737182323281 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110737264329358 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718235705 
Call-ID: 110737182328145@10.60.0.2 
CSeq: 100 INVITE 
Contact: iperf server <sip:iperfserv@10.50.0.4> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   206 
Conference: 110737249218467@Conference 
Members: iperf server <sip:iperfserv@10.50.0.4>, remote 
<sip:remote@10.50.0.5>, Catalyst Server <sip:CatServ@10.0.0.1>, 
catremote <sip:catremote@10.60.0.2>, iperfclient 
<sip:iperfclient@10.50.0.3> 
AppMulti: UNICAST 
 
(Iperfserv SDP not shown) 
 

catremote → iperfserver 

ACK sip:iperfserv@10.50.0.4 SIP/2.0 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737182316827 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718235705 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110737264329358 
Call-ID: 110737182328145@10.60.0.2 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
  

 At this point, the conference is completely reformed, but node iperfserv has also been 

attempting to reform the conference and will complete its own process. 
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Iperfsev Message Flow 

UPDATE sip:remote@10.50.0.5 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737261311478 
From: iperfserv <sip:iperfserv@10.50.0.4>;tag=110737249241 
To: remote <sip:remote@10.50.0.5>;tag=110737202741 
Call-ID: 110737202718467@10.50.0.5 
CSeq: 114 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: iperf server <sip:iperfserv@10.50.0.4> 
 
. 
UPDATE message retransmission 
. 
UPDATE times out 
 

 Iperfserv attempts to reform the partition by sending a message to Catserv. 

 

INVITE sip:CatServ@10.0.0.1 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737268423281 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=11073726845705 
To: Catalyst Server <sip:CatServ@10.0.0.1> 
Call-ID: 110737268428145@10.50.0.4 
CSeq: 100 INVITE 
Contact: iperf server <sip:iperfserv@10.50.0.4> 
Max-Forwards: 70 
Require: AppMultiSignaling 
Proxy-Require: AppMultiSignaling 
Subject: testing messages 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   206 
Conference: 110737249218467@Conference 
Members: catremote <sip:catremote@10.60.0.2>,  iperfclient 
<sip:iperfclient@10.50.0.3> 
AppMulti: UNICAST 
 
(Iperfserv SDP not shown) 
 
. 
INVITE message retransmission. 
. 
INVITE message times out 
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 Iperfserv now attempts to reform the partition with catremote.  It should be noted that 

this link does, in fact, cause a loop to be formed.  It is not necessary for node iperfserv to 

actually attempt this session, but it is shown to prove that loop detection is addressed.  

This situation should be avoided if possible. 

 
iperfserver → catremote 

INVITE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK1107372688491 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
To: catremote <sip:catremote@10.60.0.2> 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 100 INVITE 
Contact: iperf server <sip:iperfserv@10.50.0.4> 
Max-Forwards: 70 
Require: AppMultiSignaling 
Proxy-Require: AppMultiSignaling 
Subject: testing messages 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   206 
Conference: 110737249218467@Conference 
Members: iperf server <sip:iperfserv@10.50.0.4>, Catalyst Server 
<sip:CatServ@10.0.0.1>, catremote <sip:catremote@10.60.0.2> 
AppMulti: UNICAST 
 
(Iperfserv SDP not shown) 
 

catremote → iperfserver 

SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK1107372688491 
From: catremote <sip:catremote@10.60.0.2> 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Content-Length: 0 
Conference: 110737249218467@Conference 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK1107372688491 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
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Content-Length: 0 
Conference: 110737249218467@Conference 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK1107372688491 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   203 
Conference: 110737249218467@Conference 
Members: catremote <sip:catremote@10.60.0.2>, remote 
<sip:remote@10.50.0.5>, iperf server <sip:iperfserv@10.50.0.4>, 
Catalyst Server <sip:CatServ@10.0.0.1>, iperfclient 
<sip:iperfclient@10.50.0.3> 
Appmulti: UNICAST 
 
(Catremote SDP not shown) 
 

iperfserv → catremote 
 
ACK sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK11073726882995 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
 

 Node iperfserv sends a loop-detection message over the newly created link.  It 

immediately receives an UPDATE loop-detection message from catremote with a source 

of iperfserv. 

 

iperfserv → catremote 

UPDATE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737268811942 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
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Call-ID: 11073726889961@10.50.0.4 
CSeq: 101 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Source: iperf server 
<sip:iperfserv@10.50.0.4>;tag=110737268816827 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: iperf server <sip:iperfserv@10.50.0.4> 
Loop-detection: loop-detection 
 

catremote → iperfserver 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110737268811942 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 101 UPDATE 
Contact: catremote <sip:catremote@10.60.0.2> 
Supported: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: iperf server <sip:iperfserv@10.50.0.4> 
Loop-detection: loop-detection 
 
UPDATE sip:iperfserv@10.50.0.4 SIP/2.0 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737186911942 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718235705 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110737264329358 
Call-ID: 110737182328145@10.60.0.2 
CSeq: 102 UPDATE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Source: iperf server 
<sip:iperfserv@10.50.0.4>;tag=110737268816827 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: catremote <sip:catremote@10.60.0.2>, iperf server 
<sip:iperfserv@10.50.0.4> 
Loop-detection: loop-detection 
 

iperfserv → catremote 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110737186911942 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110737264329358 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718235705 
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Call-ID: 110737182328145@10.60.0.2 
CSeq: 102 UPDATE 
Contact: iperf server <sip:iperfserv@10.50.0.4> 
Supported: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Topology: catremote <sip:catremote@10.60.0.2>, iperf server 
<sip:iperfserv@10.50.0.4> 
Loop-detection: loop-detection 
 

 Node iperfserv sees the source address and corresponding tag value and associates this 

loop-detection message with one of its open dialogs.  Node iperfserv then must 

immediately close this dialog.  The BYE message contains a Loop-detection header to 

indicate that this session is being closed as a result of a loop and no action is required on 

the part of the catremote to reform a partition, since there is not one. 

iperfserver → catremote 
 
BYE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK11073726894827 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
To: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 102 BYE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Loop-detection: loop-detection 
 

catremote → iperfserv 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK11073726894827 
From: catremote <sip:catremote@10.60.0.2>;tag=11073718682995 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110737268816827 
Call-ID: 11073726889961@10.50.0.4 
CSeq: 102 BYE 
Contact: catremote <sip:catremote@10.60.0.2> 
Content-Length: 0 
Conference: 110737249218467@Conference 
AppMulti: UNICAST 
Loop-detection: loop-detection 
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 At this time, the partition process is complete and the conference has successfully 

been reformed. 

 

4.3.4:  OPTION Message 

OPTION messages are unchanged in this extension and can be sent any time in or out of 

a conference.  The message should contain a supported field listing 

“AppMultiSignaling” as a supported extension.  No header fields specific to this 

extension should be placed within the OPTION message. 

 

4.4:  Application Layer Multicast Signaling 

A single application layer multicast signaling process cannot be defined here.  Each 

multicast protocol requires different information about a session to be passed by SIP.  All 

examples within this section are possible messages that may be sent when using an 

application layer multicast protocol, but the section does not provide a comprehensive list 

of possible messages.  For a specific example of an application layer multicast protocol, 

see Section 4.5 which describes a ring protocol implementation. 

 

4.4.1 INVITE Signaling 

INVITE signaling for application layer multicast contains many of the same fields as 

conferencing, but could also include many fields which are not used for INVITE 

transactions.  All headers specific to this extension become optional for multicast 

protocols, with the exception of the Require and Appmulti headers. 

 

4.4.1.1:  INVITE to an Application Layer Multicast Group 

When sending an INVITE to a multicast group, the initial INVITE message looks similar 

to that of a conferencing INVITE, but the response can be different. 
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Figure 4.8:  INVITE to a multicast group 
 

 In Figure 4.8, Alice sends an INVITE message to Bob who is in an application layer 

multicast group.  Bob responds with a 200 OK message that contains a Members field 

and a source field.  The exact interpretation of the fields depends on the specific 

application layer protocol being used.  The Members field could be defined to mean that 

Alice needs to create a session with all addresses in the members list.  The source field 

could be used to indicate the group leader of a multicast group if the protocol operates in 

a centralized way. 

 

Alice → Bob 
 
INVITE sip:bob@biloxi.com SIP/2.0 
Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds 
Max-Forwards: 70 
To: Bob <sip:bob@biloxi.com> 
From: Alice <sip:alice@atlanta.com>;tag=1928301774 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 INVITE 
Contact: <sip:alice@pc33.atlanta.com> 
Require:  AppMultiSignaling 
AppMulti: UNICAST, OTHER, NONE 
User-Agent: sip_agent_1.08 
Content-Type: application/sdp 
Content-Length: 142 
 
(Alice’s SDP not shown) 
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Bob → Alice 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK11073716946334 
From: Bob <sip:bob@biloxi.com> 
To: Alice <sip:alice@atlanta.com>;tag=1928301774 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 INVITE 
Content-Length: 0 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK11073716946334 
From: Bob <sip:bob@biloxi.com>;tag=11073724226334 
To: Alice <sip:alice@atlanta.com>;tag=1928301774 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 INVITE 
Contact: Bob <sip:bob@biloxi.com> 
Content-Length: 0 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP pc33.atlanta.com;branch=z9hG4bK776asdhds  
To: Alice <sip:alice@atlanta.com>;tag=1928301774  
From: Bob <sip:bob@biloxi.com>;tag=a6c85cf 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 INVITE 
Contact: <sip:bob@192.0.2.4> 
AppMulti: OTHER 
User-Agent: sip_agent_1.08 
Conference: 12345@conference 
Members: <sip:tom@192.0.2.56>, <sip:sara@192.0.2.66> 
Source: Steve <sip:Steve@192.0.2.187> 
Content-Type: application/sdp 
Content-Length: 131 
 
(Bob’s SDP not shown) 
 
Alice → Bob 
 
ACK sip:bob@192.0.2.4 SIP/2.0 
Via: SIP/2.0/UDP pc33.atlanta.com; branch= z9hG4bk776asdrdsss 
Max-Forwards: 70 
To: Bob<sip:bob@biloxi.com>; tag= a6c85cf 
From: Alice<sip:alice@atlanta.com>; tag=1928301774 
Call-ID: a84b4c76e66710@pc33.atlanta.com 
CSeq: 314159 ACK 
Contact: <sip:alice@pc33.atlanta.com> 
Require: AppMultiSignaling 
AppMulti: OTHER 
User-Agent: sip_agent_1.08 
Conference: conference@12345 
Content-Length: 0 
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Figure 4.9:  INVITE from a multicast group 

 
 

4.4.1.2:  INVITE from an Application Layer Multicast Group 

An INVITE message received from a multicast group should contain the same headers as 

an INVITE message received from a conference.  In the example signaling messages 

below, Alice receives an INVITE message from Bob in conference 22245@conference, 

which contains the same headers as a UNICAST INVITE message.  The example is 

illustrated in Figure 4.10. 

 

Bob → Alice 
 
INVITE sip:alice@atlanta.com SIP/2.0 
Via: SIP/2.0/UDP 192.0.2.4;branch=z9hG4bK776asdhds 
Max-Forwards: 70 
To: Alice <sip:alice@atlanta.com> 
From: Bob <sip:bob@biloxi.com>;tag=98989898 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 INVITE 
Contact: <sip:bob@192.0.2.4> 
Require:  AppMultiSignaling 
Conference: 22245@conference 
AppMulti: OTHER 
User-agent: sipapp_2.3 
Topology: <sip:bob@192.0.2.6>, <sip:tom@192.0.2.56>, 
<sip:sara@192.0.2.56>,  
Topology: <sip:bob@192.0.2.6>, <sip:amy@192.0.2.102> 
Content-Type: application/sdp 
Content-Length: 142 
 
(Bob’s SDP not shown) 
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Alice → Bob 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 192.0.2.4;branch=z9hG4bK776asdhds 
From: Alice <sip:alice@atlanta.com> 
To: Bob <sip:bob@biloxi.com>;tag=98989898 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 INVITE 
Content-Length: 0 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 192.0.2.4;branch=z9hG4bK776asdhds 
To: Bob <sip:bob@biloxi.com>;tag=98989898 
From: Alice <sip:alice@atlanta.com>;tag=237733 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 INVITE 
Contact: Alice <sip:alice@atlanta.com> 
Content-Length: 0 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 192.0.2.4;branch=z9hG4bK776asdhds 
;received=192.0.2.1 
To: Bob <sip:bob@biloxi.com>;tag=98989898 
From: Alice <sip:alice@atlanta.com>;tag=237733 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 INVITE  
Contact: <sip:Alice@pc33.atlanta.com> 
AppMulti: OTHER 
User-agent: sipapp_2.3 
Conference: 22245@conference  
Content-Type: application/sdp 
Content-Length: 131 
(Alice’s SDP not shown) 
 
Bob → Alice 
 
ACK sip:alice@pc33.atlanta.com SIP/2.0 
Via: SIP/2.0/UDP 192.0.2.4; branch= z9hG4bk776asdrdsss 
Max-Forwards: 70 
From: Bob<sip:bob@biloxi.com>; tag= 98989898 
To: Alice<sip:alice@atlanta.com>; tag=237733 
Call-ID: 83m2h3n323m@192.0.2.4 
CSeq: 7832 ACK 
Contact: <sip:bob@192.0.2.4> 
Require: AppMultiSignaling 
AppMulti: OTHER 
User-agent: sipapp_2.3 
Conference: 22245@conference  
Content-Length: 0 
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4.4.2:  BYE Signaling 

In an application layer multicast group, departing nodes send a BYE message as normal, 

but headers specific to this extension may or may not be present.  There is no requirement 

for reforming group partitions either.  It is assumed that an application layer protocol 

would provide a level of functionality even greater than that of UNICAST, but this may 

not always be the case. 

 In the example below, Bob sends a standard BYE message to Alice, but includes a 

members list.  This could be used by Alice to reform the partition after Bob is gone. 

 

Bob → Alice 
 
BYE sip:alice@pc33.atlanta.com SIP/2.0 
Via: SIP/2.0/UDP server10.biloxi.com;branch=z9hG4bK4b43c2ff8.1 
Max-Forwards: 70 
From: Bob <sip:bob@biloxi.com>;tag=a6c85cf 
To: Alice <sip:alice@atlanta.com>;tag=1928301774 
Call-ID: a84b4c76e66710@192.0.2.4 
CSeq: 231 BYE 
Conference: 28772@conference 
Appmulti: OTHER 
User-agent: app_lay_prot_1.9 
Require: AppMultiSignaling 
Members: <sip:Dave@192.0.2.196> 
Content-Length: 0 
 
Alice → Bob 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 192.0.2.4;branch=z9hG4bKnashds10 
To: Bob <sip:bob@biloxi.com>;tag=a6c85cf 
From: Alice <sip:alice@atlanta.com>;tag=1928301774 
Call-ID: a84b4c76e66710@192.0.2.4 
CSeq: 231 BYE 
Conference: 28772@conference 
Appmulti: OTHER 
User-agent: app_lay_prot_1.9 
Content-Length: 0 
 

4.5:  Ring Protocol Signaling 

A ring protocol was implemented as an application layer multipoint communication 

protocol using the signaling defined in this extension.  While a ring protocol is not 
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complex compared to currently available application layer multicast protocols, it does 

show how the headers of this extension can be used to implement different protocols. 

 The Appmulti protocol of “OTHER” is used as the type of application layer protocol.  

Maintaining the ring topology is made possible by extensive use of the Members header.  

UPDATE messages are not used and merging groups is not allowed.   

 The Members list is used to tell a node to whom it should connect to reform the ring or 

to whom it should send a BYE message to remove a loop.  If an INVITE, 200 OK 

response, or BYE message is received that contains a Members list with a valid address 

in it, that node is responsible for either sending a new INVITE message to the node in the 

Members list or sending a BYE message to them. 

 

4.5.1:  Header Definitions 

Only those headers whose definitions have changed from those defined in Section 4.1 are 

described below. 

 

4.5.1.1:  Members 

The syntax of the members list remains unchanged. 

 The Members field is responsible for maintaining the ring topology.  If a node receives 

an INVITE message or 200 OK response message that contains a Members list, the node 

is responsible for establishing a new session with the node contained in the members list 

if one does not already exist.  If this session already exists and there are now three active 

sessions, the session must be closed as it forms a loop within the ring. 

 A received BYE message that contains a Members list requires the receiving node to 

establish a new session with the node contained in the members list if it does not already 

exist.  This action reforms the ring when a member of the group leaves. 
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Figure 4.10:  Forming a ring topology 
 

 Figure 4.10 illustrates how the members list works.  Node TWO invites node FOUR to 

the group.  Within the INVITE request, the Members field contains the address of node 

THREE.  Node FOUR then invites node THREE and includes the address of node TWO 

in its Members field.  Node THREE determines that it already has a session established 

with node TWO and closes that session with a BYE message that has no Members list.  

Since there is not a members field contained in the BYE message, node TWO does not 

need to do anything.  The ring is now complete, as illustrated in Figure 4.12. 

`

THREE

`

ONE

`

TWO

`

FOUR
 

Figure 4.11:  Completed ring topology 
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4.5.2:  Header Tables 

The required fields for each type of message used with the ring protocol are shown in 

Table 4.4. The implemented ring protocol users “OTHER” as its choice of application 

layer protocol and does not use UPDATE messages. 

Table 4.4:  Required Headers for Different Messages with the Ring Protocol 

 INVITE BYE OPTION CANCEL ACK UPDATE 200 OK 
Appmulti R R - - R - R 
Conference R R - O R - R 
Loop-
detection 

- - - - - - - 

Members R R - - R - R 
Require R R - - - - - 
Source - - - - - - - 
Topology - - - - - - - 
Update-conf - - - - - - - 
User-agent  R R O O R - R 
Bye_address - - - - - - - 
 

4.5.3:  Forming a Ring 

All necessary signaling for forming a ring was shown earlier.  Figure 4.12 shows the 

message flow needed to create the ring topology and Figure 4.13 shows the final ring 

topology.  The number above each arrow is the order in which the message is sent.  Each 

message transaction is shown below. 

 

Figure 4.12:  Ring message flow 
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Figure 4.13:  Final ring topology 
 

1) Remote invites iperfclient to start the ring topology 

INVITE sip:iperfclient@10.50.0.3 SIP/2.0 
Via: SIP/2.0/UDP 10.0.0.5:5060;branch=z9hG4bK11069400096334 
From: remote <sip:remote@10.0.0.5>;tag=110694000941 
To: iperfclient <sip:iperfclient@10.50.0.3> 
Call-ID: 110694000918467@10.0.0.5 
CSeq: 100 INVITE 
Contact: remote <sip:remote@10.0.0.5> 
Max-Forwards: 70 
Require: AppMultiSignaling 
User-Agent: sip_gui 1.0 
Subject: testing messages 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   199 
AppMulti: UNICAST, OTHER, NONE 
 
(remote SDP not shown) 
 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.0.0.5:5060;branch=z9hG4bK11069400096334 
From: iperfclient <sip:iperfclient@10.50.0.3> 
To: remote <sip:remote@10.0.0.5>;tag=110694000941 
Call-ID: 110694000918467@10.0.0.5 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
Content-Length: 0 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.0.0.5:5060;branch=z9hG4bK11069400096334 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=110694034841 
To: remote <sip:remote@10.0.0.5>;tag=110694000941 
Call-ID: 110694000918467@10.0.0.5 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
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Content-Length: 0 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.0.0.5:5060;branch=z9hG4bK11069400096334 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=110694034841 
To: remote <sip:remote@10.0.0.5>;tag=110694000941 
Call-ID: 110694000918467@10.0.0.5 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   205 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 
(iperfclient’s sdp not shown) 
 
 
ACK sip:iperfclient@10.50.0.3 SIP/2.0 
Via: SIP/2.0/UDP 10.0.0.5:5060;branch=z9hG4bK110694001041 
From: remote <sip:remote@10.0.0.5>;tag=110694000941 
To: iperfclient <sip:iperfclient@10.50.0.3>;tag=110694034841 
Call-ID: 110694000918467@10.0.0.5 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 
 
2)  Iperfserver joins the session by sending an invite to iperfclient 

When Iperfserver receives the 200 OK response for the iperfclient, it contains the address 

of the remote in the Members field. 

 

INVITE sip:iperfclient@10.50.0.3 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK11069404616334 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046141 
To: iperfclient <sip:iperfclient@10.50.0.3> 
Call-ID: 110694046118467@10.50.0.4 
CSeq: 100 INVITE 
Contact: iperf server <sip:iperfserv@10.50.0.4> 
Max-Forwards: 70 
Require: AppMultiSignaling 
User-Agent: sip_gui 1.0 
Subject: testing messages 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   206 
AppMulti: UNICAST, OTHER, NONE 
 
(iperfserver’s sdp not shown) 
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SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK11069404616334 
From: iperfclient <sip:iperfclient@10.50.0.3> 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046141 
Call-ID: 110694046118467@10.50.0.4 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
Content-Length: 0 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK11069404616334 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=11069403646334 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046141 
Call-ID: 110694046118467@10.50.0.4 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
Content-Length: 0 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK11069404616334 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=11069403646334 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046141 
Call-ID: 110694046118467@10.50.0.4 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   205 
Conference: 110694034818467@Conference 
Members: remote <sip:remote@10.0.0.5> 
AppMulti: OTHER 
 
(iperfclient’s sdp not shown) 
 
ACK sip:iperfclient@10.50.0.3 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694046141 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046141 
To: iperfclient <sip:iperfclient@10.50.0.3>;tag=11069403646334 
Call-ID: 110694046118467@10.50.0.4 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 

3)  Iperfserver completes the ring 

Iperfserver uses the address (remote <sip:remote@10.0.0.5>) in the 200 OK 

Members field to complete the ring.  The INVITE message’s members list contains the 

address of iperfclient so that the remote can close this session if necessary. 
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INVITE sip:remote@10.0.0.5 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694046126500 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046118467 
To: remote <sip:remote@10.0.0.5> 
Call-ID: 11069404616334@10.50.0.4 
CSeq: 100 INVITE 
Contact: iperf server <sip:iperfserv@10.50.0.4> 
Max-Forwards: 70 
Require: AppMultiSignaling 
User-Agent: sip_gui 1.0 
Subject: testing 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   206 
Conference: 110694034818467@Conference 
Members: iperfclient <sip:iperfclient@10.50.0.3> 
AppMulti: OTHER 
 
(iperfserver’s SDP not shown) 
 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694046126500 
From: remote <sip:remote@10.0.0.5> 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046118467 
Call-ID: 11069404616334@10.50.0.4 
CSeq: 100 INVITE 
Contact: remote <sip:remote@10.0.0.5> 
Content-Length: 0 
Conference: 110694034818467@Conference 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694046126500 
From: remote <sip:remote@10.0.0.5>;tag=110694002618467 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046118467 
Call-ID: 11069404616334@10.50.0.4 
CSeq: 100 INVITE 
Contact: remote <sip:remote@10.0.0.5> 
Content-Length: 0 
Conference: 110694034818467@Conference 
 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694046126500 
From: remote <sip:remote@10.0.0.5>;tag=110694002618467 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046118467 
Call-ID: 11069404616334@10.50.0.4 
CSeq: 100 INVITE 
Contact: remote <sip:remote@10.0.0.5> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   199 
Conference: 110694034818467@Conference 
Members: iperfclient <sip:iperfclient@10.50.0.3> 
AppMulti: OTHER 
 
(remote’s sdp not shown) 
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ACK sip:remote@10.0.0.5 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694046119169 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046118467 
To: remote <sip:remote@10.0.0.5>;tag=110694002618467 
Call-ID: 11069404616334@10.50.0.4 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 

4)  Iperfserver wishes to invite Catremote into the ring 

The INVITE contains the address of the iperfclient in the Members header.  

 

INVITE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694047215724 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110694047226500 
To: catremote <sip:catremote@10.60.0.2> 
Call-ID: 110694047219169@10.50.0.4 
CSeq: 100 INVITE 
Contact: iperf server <sip:iperfserv@10.50.0.4> 
Max-Forwards: 70 
Require: AppMultiSignaling 
User-Agent: sip_gui 1.0 
Subject: testing messages 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   206 
Conference: 110694034818467@Conference 
Members: iperfclient <sip:iperfclient@10.50.0.3> 
AppMulti: OTHER 
 
(iperfserver’s SDP not shown) 
 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694047215724 
From: catremote <sip:catremote@10.60.0.2> 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694047226500 
Call-ID: 110694047219169@10.50.0.4 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
 
 
Content-Length: 0 
Conference: 110694034818467@Conference 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694047215724 
From: catremote <sip:catremote@10.60.0.2>;tag=110693968941 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694047226500 
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Call-ID: 110694047219169@10.50.0.4 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Content-Length: 0 
Conference: 110694034818467@Conference 
 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694047215724 
From: catremote <sip:catremote@10.60.0.2>;tag=110693968941 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694047226500 
Call-ID: 110694047219169@10.50.0.4 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   203 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 
(catremote’s SDP not shown) 
 
ACK sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694047215724 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110694047226500 
To: catremote <sip:catremote@10.60.0.2>;tag=110693968941 
Call-ID: 110694047219169@10.50.0.4 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 

5)  Catremote completes the ring 

The Members field, in the previously received INVITE message, contained the address of 

iperfclient.  The INVITE being sent to iperfclient contains the address of iperfserver in 

the Members field so that it may close this session if necessary. 

INVITE sip:iperfclient@10.50.0.3 SIP/2.0 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110693968926500 
From: catremote <sip:catremote@10.60.0.2>;tag=110693968918467 
To: iperfclient <sip:iperfclient@10.50.0.3> 
Call-ID: 11069396896334@10.60.0.2 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Max-Forwards: 70 
Require: AppMultiSignaling 
User-Agent: sip_gui 1.0 
Subject: testing 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   203 
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Conference: 110694034818467@Conference 
Members: iperf server <sip:iperfserv@10.50.0.4> 
AppMulti: OTHER 
 
(catremote’s SDP not shown) 
 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 
10.60.0.2:5060;branch=z9hG4bK110693968926500From: iperfclient 
<sip:iperfclient@10.50.0.3> 
To: catremote <sip:catremote@10.60.0.2>;tag=110693968918467 
Call-ID: 11069396896334@10.60.0.2 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
Content-Length: 0 
Conference: 110694034818467@Conference 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110693968926500 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=110694037526500 
To: catremote <sip:catremote@10.60.0.2>;tag=110693968918467 
Call-ID: 11069396896334@10.60.0.2 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
Content-Length: 0 
Conference: 110694034818467@Conference 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110693968926500 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=110694037526500 
To: catremote <sip:catremote@10.60.0.2>;tag=110693968918467 
Call-ID: 11069396896334@10.60.0.2 
CSeq: 100 INVITE 
Contact: iperfclient <sip:iperfclient@10.50.0.3> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   205 
Conference: 110694034818467@Conference 
Members: remote <sip:remote@10.0.0.5> 
AppMulti: OTHER 
 
(iperfclient’s SDP not shown) 
 
 
ACK sip:iperfclient@10.50.0.3 SIP/2.0 
Via: SIP/2.0/UDP 10.60.0.2:5060;branch=z9hG4bK110693968919169 
From: catremote <sip:catremote@10.60.0.2>;tag=110693968918467 
To: iperfclient <sip:iperfclient@10.50.0.3>;tag=110694037526500 
Call-ID: 11069396896334@10.60.0.2 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
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6)  Iperfclient sends a BYE to iperfserver 

Node iperfclient uses the address in the Members list, of the previously received INVITE 

message, to send a BYE message to Iperfserver.  The session created an extra loop in the 

topology.  The BYE messages does not contain a Members field because not action is 

necessary for node iperfserver 

 

BYE sip:iperfserv@10.50.0.4 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK110694037519169 
From: iperfclient <sip:iperfclient@10.50.0.3>;tag=11069403646334 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046141 
Call-ID: 110694046118467@10.50.0.4 
CSeq: 101 BYE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.3:5060;branch=z9hG4bK110694037519169 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046141 
To: iperfclient <sip:iperfclient@10.50.0.3>;tag=11069403646334 
Call-ID: 110694046118467@10.50.0.4 
CSeq: 101 BYE 
Contact: iperf server <sip:iperfserv@10.50.0.4> 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 

 

4.5.4:  Leaving a Ring 

When a node wishes to leave the group, the members list is once again used to reform the 

ring.  If the Members field is present, the node that received the BYE message must send 

an INVITE to the node in the Members list. 

 Figure 4.14 shows the sequence of messages needed for node iperfserver to leave the 

group.  Figure 4.15 shows the final ring topology after node iperfserver is gone. 
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Figure 4.14: Leaving node message flow 
 

 

Figure 4.15: Final topology 
 

1)  Iperfserver sends a BYE message to remote 

The BYE message’s members list contains the address of catremote. 

 
BYE sip:remote@10.0.0.5 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694053211478 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046118467 
To: remote <sip:remote@10.0.0.5>;tag=110694002618467 
Call-ID: 11069404616334@10.50.0.4 
CSeq: 101 BYE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110694034818467@Conference 
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Members: catremote <sip:catremote@10.60.0.2> 
AppMulti: OTHER 
 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694053211478 
From: remote <sip:remote@10.0.0.5>;tag=110694002618467 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694046118467 
Call-ID: 11069404616334@10.50.0.4 
CSeq: 101 BYE 
Contact: remote <sip:remote@10.0.0.5> 
Content-Length: 0 
Conference: 110694034818467@Conference 
Members: catremote <sip:catremote@10.60.0.2> 
AppMulti: OTHER 
 

2)  Iperfserver sends a BYE message to catremote 

The message does not contain a Members list, as it is the responsibility of the remote to 

reform the ring. 

 

BYE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694053229358 
From: iperf server <sip:iperfserv@10.50.0.4>;tag=110694047226500 
To: catremote <sip:catremote@10.60.0.2>;tag=110693968941 
Call-ID: 110694047219169@10.50.0.4 
CSeq: 101 BYE 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.50.0.4:5060;branch=z9hG4bK110694053229358 
From: catremote <sip:catremote@10.60.0.2>;tag=110693968941 
To: iperf server <sip:iperfserv@10.50.0.4>;tag=110694047226500 
Call-ID: 110694047219169@10.50.0.4 
CSeq: 101 BYE 
Contact: catremote <sip:catremote@10.60.0.2> 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 

3)  Remote sends an invite to catremote to reform the ring.   

The message does not have a Members list because there is no action required by node 

catremote.  Node catremote does send a 200 OK response with a Members list because it 

does not know that this is only to reform the ring.  The remote ignores the members list. 
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INVITE sip:catremote@10.60.0.2 SIP/2.0 
Via: SIP/2.0/UDP 10.0.0.5:5060;branch=z9hG4bK110694009715724 
From: remote <sip:remote@10.0.0.5>;tag=110694009726500 
To: catremote <sip:catremote@10.60.0.2> 
Call-ID: 110694009719169@10.0.0.5 
CSeq: 100 INVITE 
Contact: remote <sip:remote@10.0.0.5> 
Max-Forwards: 70 
Require: AppMultiSignaling 
User-Agent: sip_gui 1.0 
Subject: testing 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   199 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 
(remote SDP not shown) 
 
 
SIP/2.0 100 Trying 
Via: SIP/2.0/UDP 10.0.0.5:5060;branch=z9hG4bK110694009715724 
From: catremote <sip:catremote@10.60.0.2> 
To: remote <sip:remote@10.0.0.5>;tag=110694009726500 
Call-ID: 110694009719169@10.0.0.5 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Content-Length: 0 
Conference: 110694034818467@Conference 
 
SIP/2.0 180 Ringing 
Via: SIP/2.0/UDP 10.0.0.5:5060;branch=z9hG4bK110694009715724 
From: catremote <sip:catremote@10.60.0.2>;tag=110693974815724 
To: remote <sip:remote@10.0.0.5>;tag=110694009726500 
Call-ID: 110694009719169@10.0.0.5 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Content-Length: 0 
Conference: 110694034818467@Conference 
 
SIP/2.0 200 OK 
Via: SIP/2.0/UDP 10.0.0.5:5060;branch=z9hG4bK110694009715724From: 
catremote <sip:catremote@10.60.0.2>;tag=110693974815724 
To: remote <sip:remote@10.0.0.5>;tag=110694009726500 
Call-ID: 110694009719169@10.0.0.5 
CSeq: 100 INVITE 
Contact: catremote <sip:catremote@10.60.0.2> 
Allow: INVITE, ACK, OPTIONS, CANCEL, BYE 
Content-Type: application/sdp 
Content-Length:   203 
Conference: 110694034818467@Conference 
Members: iperfclient <sip:iperfclient@10.50.0.3> 
AppMulti: OTHER 
 
(catremote SDP not shown) 
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ACK sip:catremote@10.60.0.2 SIP/2.0Via: SIP/2.0/UDP 
10.0.0.5:5060;branch=z9hG4bK110694009711478 
From: remote <sip:remote@10.0.0.5>;tag=110694009726500 
To: catremote <sip:catremote@10.60.0.2>;tag=110693974815724 
Call-ID: 110694009719169@10.0.0.5 
CSeq: 100 ACK 
Max-Forwards: 70 
Require: AppMultiSignaling 
Content-Length: 0 
Conference: 110694034818467@Conference 
AppMulti: OTHER 
 

4.6:  Additional Application Layer Multicast Protocols and Possible Signaling 

A more realistic topology to be used for media distribution is a tree topology.  Assuming 

this is a binary tree and the root node has complete topology information, an overview of 

possible signaling will be given. 

 It is assumed that the tree protocol will have its own control signaling and SIP will 

only be used for media transfers.  It is envisioned that a node would initially join the tree 

through an INVITE transaction.  This INVITE could come from any node currently in the 

tree, or from the joining node.  This session would be temporary until the joining node 

learns of its final position in the tree.  In either the INVITE message or 200 OK response, 

the contact information for the root node of the tree would be transferred to the joining 

node, possibly through the use of the Source field.  The joining node would then contact 

the root node through the tree’s own control signaling.  The joining node would learn 

from the root node where it should officially join the tree topology.  At this time, the 

joining node would open a new SIP session to the node indicated by the root node, and 

close the temporary session it had originally established.  The purpose of the temporary 

session is so that the joining node can immediately start sending and receiving media.   

 When a node leaves the tree, the leaving node can do one of two things: (i) send a 

BYE message informing the children nodes that they need to contact the root node for 

reorganization, or (ii), actually tell the children nodes who they need to establish a new 

sessions with to reform the tree.  The first approach would use the Source field again, 

where as the second approach could use the Members field.  Determining how the tree 

will be reformed is left up to the tree protocol, and not SIP. 
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 Several assumptions were made in this signaling overview, and any change in those 

assumptions would change how SIP operates. 

 

4.7:  Summary 

This chapter showed in detail how this extension can be used.  Examples were given for 

both conferencing and application layer multicasting.  When using SIP conferencing, this 

extension allows each node in the conference to be aware of other members and to repair 

the conference when necessary.  The use of UPDATE messages is key to SIP’s ability to 

provide this functionality.  The UPDATE message detects partitions, relays departing 

member information to the entire group, and distributes topology information.   

 The extensions allow almost any imaginable form of application layer multicasting.  

SIP does not restrict which protocols can be used, as each protocol gets its own definition 

for headers in this extension.  SIP provides a means of giving the application enough 

information to begin its protocol, such as topology and members information.  If desired, 

the application can use SIP to gather topology and member information, but it is left to 

the application to process and store this information.   
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Chapter 5 

Performance Evaluation 

 

Several performance metrics were chosen to evaluate this extension:  message size, 

message completion time, and partition reformation time.  Performance results were 

collected for this extension to answer the following questions.   

1. What are the average message sizes? 

2. How long does it take to complete a message transaction? 

3. How long does it take to detect and repair a partition? 

4.  How does an application layer protocol compare in message size and message 

completion time? 

 Where applicable, these results are compared to standard SIP signaling. 

 

5.1:  Average Message Size 

Message size for this extension can vary as the number of nodes in the conference 

changes.  Therefore, a fixed maximum conference size (number of nodes) was assumed 

when evaluating average message size.   The network topology used for evaluation is 

shown in Figure 5.1 and contains six nodes.  The number on each node is the order in 

which it joins the conference. 

 
Figure 5.1:  Network topology for evaluating average message size 
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5.1.1: UNICAST INVITE Transaction 

The INVITE transaction includes the initial INVITE message, the 200 OK response 

message, and the ACK message.  Status messages, such as 100 Trying and 180 Ringing, 

are not required for an invite transaction and, so, are not included.  In addition, status 

messages are unchanged in this extension and do not differ from standard SIP signaling.  

The initial INVITE comes from a node already in the conference. For example, referring 

to Figure 5.1, once ONE and TWO have established a conference, TWO will invite 

THREE, then FOUR, and then FIVE into the conference.  FIVE will then invite SIX to 

form the final network topology.  Session Description Protocol (SDP) bodies within 

messages are not included in calculating message size.  The SDP message bodies are not 

included in calculating message size because they are not a required part of a SIP 

message and could vary significantly in size depending up the media capabilities of a 

user-agent.  SDP message bodies range in size from 100 to 300 bytes per message, which 

would add a total of 200 to 600 bytes per INVITE transaction.  The following fifteen 

headers are included in each INVITE message:  request URI, a single Via, From, To, 

Call-ID, CSeq, Contact, Max-forwards, Require, User-agent, Subject, Allow, Content-

type, Content-length, Conference2, Members3 and Appmulti.  The 200 OK response 

message contains the following headers:  response code and phrase, a single Via, From, 

To, Call-ID, CSeq, Contact, Allow, Content-type, Content-length, Appmulti, and 

Conference.  The ACK message contains the following headers:  request URI, a single 

Via, From, To, Call-ID, CSeq, Max-forwards, Require, Content-length, Conference, and 

Appmulti. 

 Tables 5.1 and 5.2 contain the message sizes for all six invite transactions for 

UNICAST and standard SIP, respectively.  The SIP message contains all headers 

described above except those specific to this extension. 

 

 

                                                
2 The conference header is not included in the initial INVITE from ONE to TWO, but is in the 200 OK 
response message.  All INVITE message sent after the conference is formed contain the conference header. 
3 The Members header not included in the initial INVITE because there are no other members in the 
conference.  After the conference is formed, the Members header contains a full list of members. 
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Table 5.1:  UNICAST SIP INVITE Message Size (bytes) 

Message 
Type 

ONE to 
TWO 

TWO to 
THREE 

TWO to 
FOUR 

TWO to 
FIVE 

FIVE to SIX 

INVITE 525 613 651 699 733 
200 OK 517 489 508 513 502 
ACK 392 390 394 401 397 

 

Table 5.2:  Standard SIP INVITE Message Size (bytes) 

Message 
Type 

ONE to 
TWO 

TWO to 
THREE 

TWO to 
FOUR 

TWO to 
FIVE 

FIVE to SIX 

INVITE 465 445 450 458 452 
200 OK 396 388 400 405 397 
ACK 307 303 307 314 310 

 

 For the extension (UNICAST SIP), the initial INVITE from ONE to TWO is the 

smallest INVITE message as it does not contain a Members list or Conference header.  

All INVITE messages sent thereafter contain both of these fields.  Once the conference is 

established, the INVITE message size increases, on average, by 40 bytes per message.  

The reason for this increase is that the Members list grows in length by one address in 

each subsequent INVITE message.   

 A comparison of minimum message sizes for the extension and standard SIP is shown 

in Table 5.3.  When looking at the minimum size of messages sent, this extension 

increases message size by 18 to 29 percent.   When comparing maximum message sizes, 

as shown in Table 5.4, this extension increased message sizes by 28 to 58 percent. 

 

Table 5.3:  Percent Increase for Minimum Message Size 

Message Type Standard SIP 
Minimum (bytes) 

UNICAST SIP 
Minimum (bytes) 

Increase 
(%) 

INVITE 445 525 18 
200 OK 388 489 26 
ACK 303 390 29 
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Table 5.4:  Percent Increase for Maximum Message Size 

Message Type Standard SIP 
Maximum (bytes) 

UNICAST SIP 
Maximum (bytes) 

Increase 
(%) 

INVITE 465 733 58 
200 OK 405 517 28 
ACK 314 401 28 

 

 Given the linear increase in INVITE message size, special attention needs to be made 

to Section 18.1.1 of RFC 3261 [9].  Message fragmentation should be avoided if possible 

when using UDP and it is suggested to keep message size below 1300 bytes, including 

message bodies such as SDP.  Assuming a message body of 300 bytes, this leaves 1000 

bytes for the message.  If each message increases by 40 bytes, as in Table 5.1, this limits 

the conference to twelve members.  Measures can be taken to reduce message size such 

as only including immediate neighbors in the INVITE Members field.  If this approach is 

pursued, the maximum message would be sent from TWO to FOUR and would be 651 

bytes in size, an increase of only 40% in message size.  Another approach is to decrease 

the size of the member value itself.  This could be easily done by only using the SIP 

username, FQDN, and port number, if necessary, and dropping all other fields. 

 

5.1.2: UNICAST BYE Transaction 

The BYE transaction includes a BYE message and a 200 OK response message.  Each 

BYE message contains the following headers:  request URI, Via, From, To, Call-ID, 

CSeq, Max-forwards, Require, Content-length, Conference, and Appmulti.  The 200 OK 

response message contains the following headers:  response code and phrase, Via, From, 

To, Call-ID, CSeq, Contact, Conference, Appmulti, and Content-length.  Using the 

network topology presented in Figure 5.1, nodes leave the conference in the reverse order 

that they join.  Message sizes are shown for this extension and standard SIP signaling in 

Tables 5.5 and 5.6, respectively. 
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Table 5.5:  UNICAST SIP BYE Message Size (bytes) 

Message 
Type 

SIX to 
FIVE 

FIVE to 
TWO 

FOUR to 
TWO 

THREE to 
TWO 

TWO to 
ONE 

BYE 395 404 395 392 395 
200 OK 377 385 376 373 376 

 

Table 5.6:  Standard SIP BYE Message Size (bytes) 

Message 
Type 

SIX to 
FIVE 

FIVE to 
TWO 

FOUR to 
TWO 

THREE to 
TWO 

TWO to 
ONE 

BYE 306 317 308 305 308 
200 OK 318 326 317 314 317 

 

 BYE message size for the extension remains nearly constant as conference 

membership changes.  Message size varies by only 3 percent.  200 OK responses vary by 

a similar amount.  The headers specific to this extension increase average message size 

when compared to standard SIP by 19 to 28 percent, as indicated in Table 5.7.   

 

Table 5.7:  Percent Increase for Average Message Size 

Message Type Standard SIP 
Average (bytes) 

Extension SIP 
Average (bytes) 

Increase 
(%) 

INVITE 309 396 28 
200 OK 318 377 19 

 

 BYE transaction message size does not scale with conference size and remains 

constant for all conference sizes.  The increase in message size for the extension 

compared to standard SIP is a result of the Conference, Appmulti, and Require headers. 

 

5.1.3:  UPDATE Transaction for UNICAST 

The UPDATE transaction is composed of an UPDATE request and a 200 OK response 

message.  This section focuses on topology UPDATE messages, as they change in size 

depending upon network topology.   
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 UPDATE messages are sent from all leaf nodes at periodic intervals.  Nodes ONE, 

THREE, FOUR, and SIX are considered leaf nodes.  The series of UPDATE messages 

sent from node ONE and received at node SIX are examined for message size with 

results provided in Table 5.8.  The UPDATE message was created for this extension, so 

message size cannot be compared to standard SIP signaling. 

 

Table 5.8:  UNICAST SIP UPDATE Message Size (bytes) 

Message Type ONE to TWO TWO to FIVE FIVE to SIX 
UPDATE 442 480 526 
200 OK 450 492 532 

 

 Message size once again increases by approximately 40 bytes per conference member.  

This linear increase in size once again poses a problem if conference size becomes too 

large and UDP is being used.  If the message size continues to increase at a rate of 40 

bytes per additional node traversed, the message will become larger than 1300 bytes after 

21 hops.  This does not limit conference size to 21 members, but instead limits a single 

path from one node to another to fewer than 21 hops.  The actual number of participants 

in the conference is only limited by the application. 

 

5.2:  Ring Protocol Message Sizes 

As described in Section 4.5, a ring protocol was implemented as an example application 

layer multicast protocol.  The final ring topology used for calculating message size is 

shown in Figure 5.2.  The number of each node is the order in which it joins the group. 
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Figure 5.2:  Final ring topology for evaluating message size 
 

5.2.1:  Ring INVITE Transaction 

The ring protocol INVITE message contains the following headers:  request URI, a single 

Via, From, To, Call-ID, CSeq, Contact, Max-forwards, Require, User-agent, Subject, 

Allow, Content-type, Content-length, Conference4, Members and Appmulti.  The 200 OK 

response message contains the following headers:  response code and phrase, a single 

Via, From, To, Call-ID, CSeq, Contact, Allow, Content-type, Content-length, Appmulti, 

and Conference.  The ACK message contains the following headers:  request URI, a 

single Via, From, To, Call-ID, CSeq, Max-forwards, Require, Content-length, 

Conference, and Appmulti. 

 INVITE message sizes for the ring protocol are shown in Table 5.9.  Assuming that 

the same ring topology is created using standard SIP signaling, the INVITE transaction 

has the message sizes presented in Table 5.10. 

Table 5.9:  Ring SIP INVITE Message Size (bytes) 

Message 
Type 

ONE to 
TWO 

THREE to 
ONE 

THREE to 
FOUR 

FOUR to 
TWO 

INVITE 523 597 612 605 
200 OK 453 498 454 505 
ACK 390 392 396 404 

                                                
4 The conference header is not included in the initial INVITE from ONE to TWO, but is in the 200 OK 
response message.  All INVITE messages sent after the conference is formed contain the conference 
header. 
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Table 5.10:  Standard SIP Signaling Message Size (bytes) 

Message 
Type 

ONE to 
TWO 

THREE to 
ONE 

THREE to 
FOUR 

FOUR to 
TWO 

INVITE 465 471 477 462 
200 OK 396 408 397 391 
ACK 305 319 311 307 

 

 The percent increase in minimum message size when compared to standard SIP 

signaling is shown in Table 5.11.  The percent increase for maximum message sizes is 

shown in Table 5.12. 

Table 5.11:  Percent Increase for Minimum Message Size 

Message Type Standard SIP 
Minimum (bytes) 

Ring SIP 
Minimum (bytes) 

Increase 
(%) 

INVITE 462 523 13 
200 OK 391 453 16 
ACK 305 390 28 

 

Table 5.12:  Percent Increase for Maximum Message Size 

Message Type Standard SIP 
Maximum (bytes) 

UNICAST SIP 
Maximum (bytes) 

Increase 
(%) 

INVITE 477 612 28 
200 OK 408 505 24 
ACK 319 404 27 

 

 Unlike UNICAST, the ring protocol’s INVITE message size does not increase with 

group membership.  Message size remains fairly constant once the ring has been 

established.  These variations are due to the differences in SIP usernames or display 

names.  The minimum message size for the ring protocol is 13 to 28 percent larger than 

the standard SIP signaling counterpart.  When maximum message sizes are examined, the 

ring protocol’s message sizes are 24 to 28 percent larger.   
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5.2.2:  Ring BYE Transaction 

The ring BYE transaction includes a BYE message and a 200 OK response message.  

Each BYE message contains the following headers:  request URI, Via, From, To, Call-

ID, CSeq, Max-forwards, Require, Content-length, Conference, Members, and Appmulti.  

The 200 OK response message contains the following headers:  response code and 

phrase, Via, From, To Call-ID, CSeq, Contact, Conference, Appmulti, and Content-

length.  Using the network topology shown in Figure 5.2, nodes leave the conference in 

the reverse order that they joined.   

 Two BYE messages are sent from each departing node, except for when there are only 

two nodes left in the ring.  Table 5.13 presents the message sizes for all BYE 

transactions.   

Table 5.13:  Ring Protocol SIP BYE Message Size (bytes) 

Message 
Type 

FOUR to 
TWO 

FOUR to 
THREE 

THREE to 
ONE 

THREE to 
TWO 

TWO to 
ONE 

BYE 443 404 407 442 392 
200 OK 425 384 389 418 368 

 

 Table 5.14 contains the message sizes of standard SIP signaling.  Assuming that a ring 

topology is formed using standard SIP and that nodes left in the same order, then the 

messages sent have the sizes specified in the table. 

Table 5.14:  Standard SIP BYE Message Size (bytes) 

Message 
Type 

FOUR to 
TWO 

FOUR to 
THREE 

THREE to 
ONE 

TWO to 
ONE 

BYE 358 319 322 307 
200 OK 368 347 350 335 

 

 The average percentage increase in message size for the extension versus standard SIP 

is presented in Table 5.15.  Message size increased, on average, by 28 percent for BYE 

messages and 13 percent for the 200 OK responses. 
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Table 5.15:  Ring Protocol Percent Increase for Average Message Size 

Message Type Standard SIP 
Average (bytes) 

Extension SIP 
Average (bytes) 

Increase 
(%) 

BYE 327 418 28 
200 OK 350 397 13 

 

 

5.3:  Average Message Completion Times 

Message completion time is defined to be the amount of time needed to complete a 

message transaction, from creation of the message to the processing of the received 

response.  This measurement is most heavily influenced by two sources: computer 

processing speed and network speed.  The network used for testing, shown in Figure 5.3, 

consists of two computers connected by a 100-megabit per second (Mbps) Ethernet 

switch.  The 100-Mbps Ethernet switch was used to remove as much network latency 

from the message completion time as possible.   

 

Figure 5.3:  Network configuration for timing experiments 
 

 The SIP client is a 1.4-GHz Intel Centrino notebook computer with 512 MB of RAM 

running Microsoft Windows XP.  The SIP server is a 1.4-GHz desktop with 1.5 GB of 

RAM running Microsoft Windows XP.  The SIP client generates all message requests 

and sends them to the SIP server.  All timing is done at the SIP client. 

 Measurements are made using the oSIP package and the software implementation 

described in Chapter 6. 
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5.3.1:  INVITE Completion Time 

The INVITE transaction is composed of the INVITE request, the 100 Trying and 180 

Ringing status message responses, the 200 OK response message, and the ACK message.  

Timing begins when the INVITE message starts to be created and timing ends when the 

ACK has been sent. 

 Results were collected for Appmulti protocols UNICAST, NONE, and OTHER (ring 

implementation).  Results for standard SIP signaling are also provided as a baseline for 

comparison.  Each protocol was tested ten times and the results are displayed in Table 

5.16. 

 From the results provided, the average processing time for an INVITE transaction 

varies by up to 11 percent with the application layer protocol in use.  Standard SIP 

signaling has an average message completion time of 57 ms.  This is identical to the 

NONE protocol.  This is expected as the NONE protocol is nearly identical to standard 

SIP signaling and only differs by including two extra headers in the INVITE transaction.  

The NONE protocol does not require any additional message processing beyond standard 

SIP signaling.   

Table 5.16:  INVITE Message Completion Time (ms) 

Trial UNICAST OTHER NONE SIP 
1 59 60 59 64 
2 58 66 59 62 
3 59 62 62 46 
4 57 66 61 60 
5 62 63 61 49 
6 67 66 50 60 
7 61 57 56 53 
8 65 64 56 57 
9 55 60 51 56 
10 67 61 59 62 
Average 61 63 57 57 
Std. Dev. 4.2 3.1 4.1 6 

 

 When comparing extension signaling, NONE experienced the fastest completion time.  

Completion time rose by 4 ms and 6 ms when UNICAST and OTHER were used, 

respectively.  Completion times for UNICAST and OTHER differ by only 3 percent.  
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Considering the simplicity of a ring protocol, it was expect to have a similar completion 

time to UNICAST.  However, in general, application layer multicast protocols are more 

complex than UNICAST and can be expected to take longer to complete the INVITE 

transaction. 

 

5.3.2:  BYE Completion Time 

The BYE transaction consists of a BYE message and the 200 OK response.  Timing 

begins when the message creation process begins and ends after the 200 OK response 

message is processed. 

 Message completion times for UNICAST, OTHER, NONE, and standard SIP are 

shown in Table 5.17.  It is interesting to see that all three extension protocols and the 

standard SIP implementation had the same average completion time of 32 ms.  This result 

is reasonable when one considers that all three protocols and standard SIP must carry out 

exactly the same operations when ending a session.  If additional nodes are present in the 

conference, it is likely that the OTHER protocol will have a longer completion time as it 

would likely require additional processing to prevent the conference from becoming 

partitioned. 

Table 5.17:  BYE Message Completion Time (ms) 

Trial UNICAST OTHER NONE SIP 
1 27 38 25 34 
2 40 33 30 33 
3 24 23 28 40 
4 30 36 35 42 
5 37 38 34 20 
6 33 29 38 43 
7 33 38 38 21 
8 32 30 27 32 
9 34 31 35 28 
10 26 27 32 25 
Average 32 32 32 32 
Std. Dev. 5 5.2 4.6 8.3 
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5.3.3:  UPDATE Completion Time 

The UPDATE transaction includes an UPDATE message and the 200 OK response 

message.  Completion timing starts when message creation begins and ends when the 

response is processed.   

 Since the UPDATE message is unique to the UNICAST protocol, comparisons are not 

available for standard SIP signaling and application layer multicast protocols.  

Transaction completion times are provided in Table 5.18. 

 The UPDATE transaction takes only 29 ms to complete, which is even faster than the 

BYE transaction.  Given that there are only two nodes in this conference, little processing 

is required to update topology and membership information.  As conference membership 

increases, it can be expected that UPDATE completion time will also increase. 

 

Table 5.18:  UPDATE Message Completion Time (ms) 

Trial Time 
1 23 
2 30 
3 40 
4 26 
5 24 
6 32 
7 31 
8 40 
9 21 
10 24 
Average 29 
Std. Dev. 6.8 

 

 

5.4:  Timeouts for UNICAST 

The amount of time before a node is determined to be disconnected for the network is 

determined by the timeout value chosen for non-INVITE client transactions.  Timer F 

controls this timeout.  Timer F is defined in Section 17.1.2.2 of RFC 3261 [9] and is 32 

seconds in length.  A 32-second delay for determining that a node is disconnected is not 
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ideal.  Separate timeout values for local area networks (LAN) and wide area networks 

(WAN) are recommended.   

 

5.4.1:  WAN Timeouts 

A single timeout value for all wide area networks is not possible as the latency in 

different WANs or segments of a WAN can differ by large amounts.  Ideally, this timeout 

value is chosen based on current network conditions so as to give optimal performance.  

A timeout value is suggested below that can operate under a range of normal network 

conditions. 

 Average one-way WAN latency ranges from 4 ms to 225 ms [18].  This means that 

two-way communication takes anywhere from 8 ms to 450 ms.   Packet loss was on 

average less than 0.2 percent, but network outages lasted anywhere from 1 to 25 seconds 

and occurred up to 3 times a day [18].  Since the average packet loss rate is so small, 

network outages play a more significant role in determining a timeout value.  Averaging 

the network outages results in an average network outage time of 12.3 seconds.   

 Setting a timeout value of 17 seconds would guarantee that at least one SIP message is 

sent outside of the average network outage.  SIP messages are sent with exponentially 

increasing time intervals.  The initial packet is sent at time 0, the first retransmission is 

sent after 0.5 seconds, the second retransmission is sent 1 second after the first 

retransmission, then 2 seconds later, 4 seconds later, etc.  The fifth retransmission is sent 

at time 15.5 seconds and is sent after the average network outage period.  The extra 1.5 

seconds would cover the WAN latency and message processing time. 

 Of course, not all WANs are created equal and some have significantly better 

performance than others.  Network outages of only 1 to 2 seconds are possible, in which 

case a timeout of 17 seconds is significantly longer than needed.  In this case, a timeout 

of 4 to 5 seconds would be sufficient.  
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5.4.2:  Local LAN Timeouts 

 Local area networks are, in general, over provisioned and under-utilized.  A LAN 

should be on par with the fastest WANs with respect to latency and packet loss, meaning 

that a timeout of 4 to 5 seconds should be adequate under normal network conditions.  It 

is even possible to go as low as a 1-second timeout.  In one second, two SIP messages 

would be sent and would still leave 500 ms for processing the message.   

 

5.5:  Partition Reformation Delays UNICAST 

A partition can be formed as a result of a node gracefully leaving a conference by sending 

a BYE message or by a node becoming disconnected from the conference.  The time to 

repair each type of partition is different and is examined in detail.  Figure 5.4 shows the 

network topology used for partition reformation tests.  User-agent 1 is connected to User-

agent 2, and User-agent 2 is connected to User-agent 3. 

 

Figure 5.4:  Network topology used for partition reformation experiments 
 

5.5.1:  Graceful Departures 

When a node gracefully leaves a conference its neighboring nodes immediately reform 

the conference if the departing node is not a leaf node.  User-agent 2 leaves the 

conference and sends a BYE message to User-agent 1 and User-agent 3.  Each node, 

upon receipt of the BYE request, responds with a 200 OK response message and then 

attempts to reform the partition.  Each node waits a random timeout, from 0 to 500 ms, 
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and then attempts to invite the only other remaining node.  The timeout is to help prevent 

simultaneous reformation attempts by both conference nodes. 

 Timing is done at User-agent 1 and begins as soon as it receives the BYE request from 

User-agent 2.  The timing concludes as soon as the conference is considered reformed, 

which is as soon as User-agent 1 receives and processes the 200 OK response message 

for the INVITE sent to User-agent 3.  Results are presented in Table 5.19. 

 The average time to reform a conference is 341 ms; this is considerably longer than 

the individual times for an INVITE or BYE transaction.  Using the average completion 

time presented in Tables 5.16 and 5.17 for INVITE and BYE transactions, respectively, 

reformation without any delays should complete in approximately 93 ms.  This means 

that, on average, there is a 248-ms delay between receiving the BYE message and 

sending the new INVITE message.  If desired, this delay value may be reduced to 

improve reformation time, but the chance of having simultaneous INVITE messages will 

increase. 

Table 5.19:  Graceful Reformation Time (ms) 

Trial Reformation Time 
1 262 
2 462 
3 505 
4 221 
5 513 
6 241 
7 371 
8 94 
9 264 
10 474 
Average 341 
Std. Dev. 144.3 

 

 

5.5.2:  Ungraceful Departures 

An ungraceful departure is created by unplugging the network cable connected to User-

agent 2.  The cable is unplugged after all topology information has been distributed 
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between conference members.  A timeout value of 4 seconds was chosen for the 

UPDATE transaction.  Timing began with creation of the first UPDATE message; timing 

ended after processing the 200 OK response message for an INVITE transaction.  Ten 

trials were run and results are given in Table 5.20.   

Table 5.20:  Ungraceful Partition Reformation Time (ms) 

Trial Reformation Time 
1 4182 
2 4452 
3 4231 
4 4422 
5 4122 
6 4102 
7 4379 
8 4455 
9 4503 
10 4199 
Average 4305 
Std. Dev. 152.4 

 

 Reformation took, on average, 4305 ms to complete.  The UPDATE message timed 

out in 4000 ms, leaving 305 ms for completing the INVITE transaction.  The INVITE 

transaction was shown to take, on average, 61 ms.  Results are shown in Table 5.16.  This 

leaves 244 ms of time unaccounted for.  The 244 ms of delay is the result of how the 

oSIP library handles message retransmissions and timeouts.  Every 500 ms, the 

retransmission timers are updated and messages are retransmitted if needed.  Since these 

timers start operating as soon as the application is initiated, and not when a message is 

first sent, there could be as much as 500 ms of extra delay in the timeout process.  This 

would, over a long enough period of time, average to 250 ms of added delay to the 

partition reformation process.  This timer is user defined, but recommended to be 500 ms.  

In standard SIP signaling, this added delay would go unnoticed as once a message timed 

out no additional signaling is required.  For this extension, a shorter retransmission timer 

will produce better results. 
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 In the event of multiple node failures, the partition reformation time scales linearly 

with the number of node failures.  Figure 5.5 shows the reformation time for a varying 

number of disconnected nodes with a four-second timeout. 
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Figure 5.5:  Reformation time for varying nodes and timeouts 
 

5.6:  Finding a Partition and Bandwidth Requirements 

Detecting a partition is directly related to the number of leaf nodes in the conference and 

the interval between periodic UPDATE messages.  As the number of leaf nodes increase, 

so do the number of UPDATE messages that are sent.  If the interval between UPDATE 

messages decreases, the number of UPDATE messages increases.  Finding a balance 

between the number of leaf nodes and the interval between UPDATE messages is 

necessary for detecting a partition in a reasonable amount of time and keeping bandwidth 

usage within limits. 

 The topology shown in Figure 5.6(b) contains four leaf nodes, each of which sends a 

periodic UPDATE message.  Using the data shown in Table 5.8 for average UPDATE 

transaction size and assuming that each node in the network adds an additional 80 bytes 
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per transaction (UPDATE message and 200 OK response), the average UPDATE 

transaction size for the conference is 1083 bytes.  With four nodes transmitting periodic 

UPDATEs and six nodes total in the network, this amounts to twenty separate UPDATE 

transactions. That results in a total of 173 kb of traffic which translates to 2.9 kbps for 

four UPDATES in one minute.  Figure 5.7 compares the bandwidth required for a 

varying number of leaf nodes and number of UPDATE sent per minute.  All topologies 

used for calculating bandwidth requirements are shown in Figure 5.6. 

 

Figure 5.6:  Topologies used for conference experiments 
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Figure 5.7:  Bandwidth required for UPDATE transactions 

A) 5 Leaf Nodes B) 4 Leaf Nodes 

C) 3 Leaf Nodes D) 2 Leaf Nodes 
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 The number of UPDATES sent per minute is shown in Figure 5.8 and is simply the 

number of leaf nodes times the number of UPDATE messages that a single node sends in 

one minute. 

Number of UPDATES

0

10

20

30

40

50

60

1 2 3 4 5 6 7 8 9 10

UPDATEs Sent per Minute

T
o

ta
l 

N
u

m
b

er
 o

f 
U

P
D

A
T

E
S

5 Leaf Nodes

4 Leaf Nodes

3 Leaf Nodes

2 Leaf Nodes

 

Figure 5.8:  Number of UPDATE messages sent 
 

 Assuming the best case scenario where UPDATE messages are sent at equally spaced 

intervals, the time between UPDATE messages is shown in Figure 5.9.  If only one 

UPDATE is sent per minute by each node, a conference with two leaf nodes would 

discover a partition in at most 30 seconds, while a conference with five leafs nodes would 

discover it in less than 15 seconds.  The five-node conference can discover the partition 

in half the time, but uses 2.3 times more bandwidth.  If the number of UPDATE 

messages sent per minute increases to two for a two leaf node conference, a partition will 

be detected in at most 15 seconds, but would use only 87 percent of the bandwidth of a 

five-node conference sending one UPDATE message per minute.   
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Figure 5.9:  UPDATE message interval 
 
 

 Having fewer leaf nodes in a conference reduces the total bandwidth needed for 

UPDATE messages, even when the interval between UPDATE messages is equal. 

 Ideally UPDATE messages would be sent at equal intervals but, without some form 

of synchronization between leaf nodes, it is unlikely that partitions will be detected in 

optimal or near optimal time.  The time it takes to detect a partition can be bounded by 

the following equation, where N is the number of UPDATEs sent per minute at a single 

leaf node and M is the number of leaf nodes. 

      N
IntervalMaximum

NM

1
_

1 ≤≤       (1) 

 For a four leaf node conference, the resulting upper and lower bounds are shown in 

figure 5.10.   
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Figure 5.10:  Four leaf node partition detection bounds 
 

 To compensate for a SIP user-agent’s inability to detect partitions in near optimal 

time, the number of UPDATE message sent per minute must be increased.  From a 

partition detection standpoint, it is better to have fewer leaf nodes transmitting more 

UPDATE messages than it is to have more leaf nodes transmitting fewer UPDATE 

messages.   

 

5.7:  Ring Reformation 

The ring protocol implemented does not detect and repair partitions in the multicast 

group caused by ungraceful departures.  Therefore, there are only two cases in which the 

ring topology needs to change:  when inviting a new member to the group, or a when a 

node gracefully leaves the group. 
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5.7.1:  Ring INVITE Reformation 

When a new member attempts to join the ring, it must be inserted into the ring which 

requires two INVITE transactions and a BYE transaction, as illustrated in Figure 5.11. 

 

Figure 5.11:  Joining ring topology 
 

 Node 3 invites the joining node, which in turn invites node 2 to complete the ring.  

Node 2 receives the INVITE from the joining node and then closes the session it had with 

node 3 as it formed a loop within the ring.  Node 3 begins timing with the creation of the 

INVITE message being sent to the joining node; timing ends after sending a 200 OK 

response to the BYE message it received from node 2.  Table 5.21 contains the results of 

this reformation. 

 The reformation process takes 24 ms less time than the sum of the average message 

completion times for two INVITE and a BYE transactions.  This implementation does not 

wait for one transaction to finish before another begins.  As soon as the joining node 

receives the INVITE message from node 3, it begins forming an INVITE message to 

send to node 2 while it is finishing the INVITE transaction with node 3.  Node 2, upon 

receipt of the INVITE message from the joining node, begins the BYE transaction with 

node 3 to close the un-needed session.  This parallelism allows the ring reformation 

process to complete sooner than expected based on the completion times for its individual 

components. 
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Table 5.21:  Joining Node Completion Time (ms) 

Trial Completion 
Time 

1 118 
2 145 
3 100 
4 153 
5 99 
6 160 
7 95 
8 171 
9 99 
10 196 
Average 134 
Std. Dev. 36.1 

 

5.7.2:  Ring BYE Reformation 

 When a node leaves the ring, two BYE transactions and an INVITE transaction are 

required, as shown in Figure 5.12.  Timing for this reformation is done differently than 

for other cases.  Since the departing node is not a part of the final INVITE transaction, 

timing is done at node 3 and begins when node 3 receives the initial BYE message and 

ends when the INVITE transaction completes.  This time is only part of the complete 

reformation process as it does not include the time required to send the initial BYE 

message from the departing node.  Results are presented in Table 5.22. 

 

Figure 5.12:  Ring topology with leaving node 
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Table 5.22:  Leaving Node Completion Time (ms) 

Trial Completion 
Time  

1 88 
2 107 
3 99 
4 92 
5 93 
6 90 
7 99 
8 98 
9 104 
10 101 
Average 97 
Std. Dev. 6.2 

 

 As with the INVITE reformation results, the time to reform the ring when a node 

leaves is less than the sum of the average message completion times.  Processing of 

messages is done in parallel when possible.  Node 2 receives the BYE message from the 

leaving node and, before finishing the BYE transaction, it sends an INVITE message to 

node 3.  By completing these two transactions at the same time, the ring is reformed 

faster than by completing each transaction in series. 

 

5.8:  Summary 

The performance, measured in terms of message size and transaction completion time, of 

this extension was compared to that of a standard SIP implementation.  It was shown that 

message size for UNICAST varies with topology and that messages are 18 to 58 percent 

larger for this extension when compared to standard SIP signaling.  INVITE transaction 

completion times for UNICAST are only 7 percent longer than standard SIP and BYE 

transactions take equal amounts of time.   

 When using UNICAST, repairing a partition depends on being able to detect it as 

quickly as possible.  Detecting a partition requires sending UPDATE messages at 

periodic intervals.  Finding a balance between the number of leaf nodes and the interval 
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between UPDATE messages is necessary for timely detection of partitions and keeping 

bandwidth usage low.   

 The timeout chosen for determining that a node has been disconnected should be high 

enough to cover average network latency and outages, but low enough to not significantly 

degrade conference performance.  Timeout values should not be the same for all 

networks, as each network performs differently.  Possible timeout values for typical 

WANs and LANs were proposed. 

 The implemented ring protocol’s message size remains constant with group size and is 

13 to 28 percent larger than their standard SIP signaling counterparts for INVITE 

transactions and 13 to 28 percent larger for BYE transactions.  Message completion time 

is 11 percent longer than standard SIP signaling for INVITE transactions, but BYE 

transactions complete in similar time.   

 Reforming a ring topology is required when a node joins or gracefully leaves the 

group.  Three separate transactions are required to reform the ring.  On average, it takes 

134 ms to reform the ring when a node joins the group and only 97 ms to reform the ring 

when a node leaves.  The ring protocol completes the leaving node reformation 244 ms 

faster than UNICAST, due to UNICAST adding an extra delay to prevent simultaneous 

reformation attempts.  Due to the way the ring protocol is defined, there will never be 

simultaneous reformation attempts so this delay is not present.  Otherwise, the 

reformation times for UNICAST and the ring protocol would be fairly consistent.
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Chapter 6 

Implementation Overview 

 

This chapter gives an overview of the SIP implementation created for this thesis research.  

A description of the open source library oSIP is given detailing the capabilities of the 

library as well as modifications made to it to support this extension.  Section 6.2 

describes the functional groups of the implementation and Section 6.3 explains how the 

functional groups work together.  Section 6.4 presents the user interface.  Finally, in 

Section 6.5, a summary of this implementation is given. 

 

6.1:  oSIP 

oSIP is an open source SIP implementation which can be freely downloaded5.  Version 

2.0.9 was used in this implementation.  The oSIP library contains a C implementation of 

the SIP finite state machine and a message parser.  The finite state machine follows that 

described in Sections 17.1 and 17.2 of [9] for client transactions and server transactions, 

respectively.  The message parser provides message structures and helper functions to 

parse incoming SIP messages. 

 This section describes the functions of the state machine and how it is used.  The 

capabilities of the message parser are presented and how they are used is briefly 

described.  Finally, the modifications made to this library needed to implement this 

extension are described. 

 

6.1.1:  oSIP Finite State Machine 

The finite state machine contains four separate state machines for the four different types 

of transactions:  client INVITE, client non-INVITE, server INVITE, and server non-

INVITE.  All four state machines are presented in Appendix A.  Each state machine is 
                                                
5 oSIP is available at http://www.gnu.org/software/osip/osip.html. 
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defined in Sections 17.1 and 17.2 of [9] for client transactions and server transactions, 

respectively. 

 INVITE transactions can be in one of four states:  calling, proceeding, completed, or 

terminated.  A non-INVITE transaction can be in one of four states:  trying, proceeding, 

completed, or terminated.  Moving between states is accomplished by building an event 

and passing it to the correct state machine.  An event falls into three categories:  a SIP 

message sent or received, a timer times out, or a transport error.  If one of the three types 

of events is passed to the state machine, the transaction will move to the proper state.  

 The operation of the state machine is handled entirely by oSIP.  All that is required of 

the user is to pass events to and from the state machine. 

 

6.1.2:  oSIP Message Parser 

The oSIP message parser is capable of parsing and formatting SIP messages.  Helper 

functions are available to parse incoming message into their appropriate structures.  The 

parser recognizes all required SIP headers as well as a number of optional headers, such 

as authentication, content, and generic headers.  The parser does not help in forming 

requests or responses, but provides the necessary structures for creating a message. 

 

6.1.3:  Modifications to oSIP 

Modifications were made to both the finite state machine and the message parser.  The 

finite state machine required only Timer F in the client INVITE transaction and the client 

non-INVITE transaction to be changed.  This timer is responsible for INVITE and 

UPDATE message timeouts.  The importance of this timer was discussed in Section 

5.4.2.  No additional changes were necessary as no new states are needed for this 

extension.  The UPDATE message follows a standard non-INVITE client transaction 

state machine. 

 The message parser required more extensive changes.  Additional structures had to be 

added to support the new headers created for this extension and helper functions had to 
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be created to parse the message fields.  A complete listing of changes is available in 

Appendix B. 

 

6.2:  Code Overview 

oSIP is a low-level C library in that it does not provide a high-level application program 

interface (API) for controlling SIP sessions, but requires the user to manage all sessions 

and to form requests and responses appropriately.  This implementation contains ten 

functional groups to manage the SIP sessions and form requests and responses. 

 

6.2.1:  Callbacks 

 Callbacks are required by oSIP to pass events from the state machine to the user.  

Callbacks are used to notify the user of incoming messages, error conditions, and 

completed actions and provide a means of passing outgoing messages to the UDP layer. 

A set of functions are registered with oSIP when it is initialized that tell it which 

functions to call when a particular event happens. 

 Incoming messages pass through the state machine, updating its current state, and then 

are passed back to the user to form a response. Depending upon what type of message it 

is, INVITE, BYE, 200 OK, or any other SIP message, a particular callback is called.  

Within this callback, message responses can start to be formed session information, such 

as sequence numbers and dialog information, can be updated. 

 

6.2.2:  Message Request 

The functions comprising the message request functional group are responsible for 

generating SIP message requests.  Requests fall into two categories, within a dialog and 

outside of a dialog.  Only INVITE and possible OPTION messages can be sent outside of 

a dialog, while BYE messages and UPDATE messages must always be sent in a dialog.  

Requests that are created while in a dialog need specific information about that session, 

such as sequence number and call-id, while those sent outside of a dialog do not.  By 
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differentiating between the two types of requests, the same functions can be used for 

different message requests.  All request messages for UNICAST, NONE, and standard 

SIP signaling are creating within this functional group.  When an application layer 

protocol is used, additional headers are needed and that is done in the application layer 

functional group. 

 

6.2.3:  Message Response 

Message responses include 1xx status messages, 2xx OK messages, and 3xx-6xx error 

messages.  For all incoming requests, a response is required.  Responses for requests 

share many common fields.  For example, all 2xx OK messages require fields such as 

sequence number, call-id, to, and from fields.  Because of these similarities, all requests 

(INVITE, BYE, OPTIONS, and UPDATE) can use the same functions to generate a 

generic response message.  Once a generic message has been created, fields that are 

specific to the request can be added.  For example, an OPTION message response would 

have a supported field describing extensions supported by the application, where as a 

BYE response would not have this.  Message responses are completed in their entirety 

with the exception of those responses that needed application layer multicast headers.  

Any response that needs application layer multicast headers is completed by the 

application layer. 

 

6.2.4:  UDP Layer 

The UDP layer is responsible for sending and receiving SIP messages.  Incoming SIP 

messages are received on UDP port 5060.  The SIP message is then parsed and passed to 

the finite state machine.  Outgoing messages are received from a callback and sent to 

their destination from the address contain in either the VIA header or request URI header.  

All packets sent and received are UDP packets. 
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6.2.5:  Core 

The core is responsible for initializing the application and maintaining the main 

application structure.  Initializations of the oSIP library are necessary which includes 

registering callbacks, allocating memory for oSIP structures, and starting the oSIP timers. 

In addition, the main application structure must be initialized.  This structure contains all 

information relating to an open session such as members lists, topology, and dialogs.  

After initialization is complete, the UDP layer is started and messages may not be sent 

and received. 

 When dealing with the main application structure, helper functions were created to 

retrieve and modify application data.  When the application exits, the core is responsible 

for de-allocating memory and closing open sockets. 

 

6.2.6:  Application Layer 

The application layer deals exclusively with the implemented ring protocol.  This 

functional group adds headers needed for the application layer protocol that are not added 

during regular message creation.  This functional group also contains all logic needed to 

reform the ring when a node joins or leaves the group.   

 

6.2.7:  Media Layer 

The media layer is responsible for receiving and forwarding all incoming media.  The 

media layer opens and listens for media on the ports specified by the SDP body contained 

in the INVITE and 200 OK messages.  When an incoming media packet is received, it is 

forwarded to all nodes that are part of an active dialog.   

 

6.2.8:  Debug 

The debug block of code is responsible for generating debug files and updating 

debugging information on the screen.  All SIP messages are written to a log file as well as 

to the screen.  Additional log files are created that contain error and success messages, 
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SIP message size, and timing information.  All output files are written to the C:\ 

directory.   

 

6.2.9:  Timing 

Timing information is collected for INVITE, BYE, and UPDATE messages as well as for 

partition reformations.  Timing is accomplished by using two API calls:  

QueryPerformanceCounter and QueryPerformanceFrequency.  Timing was truncated to 

one millisecond of resolution. 

 

6.2.10:  SDP 

The capability to form and process SDP message bodies is accomplished in the SDP 

block of code.  Currently, only text messages can be sent between SIP clients and not real 

audio.  The SDP messages do not reflect this as they are built to negotiate an actual audio 

stream.  The only value SDP messages have for this implementation is that they contain 

the port numbers used by the media layer to send and receive text messages.  The actual 

audio and video codecs chosen during negotiations go unused. 

 

6.3:  How it Works Together 

This section describes how the functional groups described above work together to form 

the implementation.  Timing and debugging issues are not included in this discussion as 

they do not provide functions necessary for operation.  This discussion is divided into 

two sections, code flow without an application layer multicast protocol and code flow 

with an application layer multicast protocol. 

 

6.3.1:  SIP Code Flow 

The code flow for UNICAST, NONE, and standard SIP signaling is the same.  An 

overview of how request and response messages are formed is presented below.  It is 

assumed that the application is already running and that all initialization is complete.  At 
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this time the UPD layer is operating and the core is executing the oSIP timers.  The media 

layer is started upon receiving an INVITE message or its 200 OK response.  SDP 

negotiations, while not shown, take place during the message request and message 

response functional group.  SDP message bodies are only included in INVITE/200 OK 

responses and in OPTIONS/200 OK responses.   

 

6.3.1.1:  Generating a Message Request 

When the user starts the request process by pressing the button (see Section 6.4) for an 

INVITE, OPTIONS, or BYE message the GUI starts the message request process.  The 

message request functional block creates the new request with all necessary headers and 

passes it to the oSIP library in the form of an event.  If any session information 

maintained in the core needs to be updated, it is done in the message request functional 

group.  When the core timers expire, the oSIP library calls the callback function 

registered for this particular event.  The callback passes the message request to the UDP 

layer for transmission.  After transmission, the UDP layer returns either a success or 

failure message back to the callback, which then informs the oSIP library.  This process 

is shown in Figure 6.1.   

 

 

Figure 6.1:  Message request process 
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 If the message request is not started by the user, such is the case with a periodic 

UPDATE message, than the core timers call the message request functions to begin the 

request process.   

 When an ACK request is sent during an INVITE transaction, the process is slightly 

different as this request is being generated as a result of receiving a 200 OK response.  

The incoming response is received by the UDP layer which creates a new SIP event and 

passes it to the oSIP library.  When the core timer expires, the callback function is called 

which in turn starts the message request process.  The message request functional group 

creates the ACK request and updates any session information in the core.  After forming 

the ACK, the ACK is passed directly to the UDP layer for transmission.  No interaction 

with the oSIP library is necessary.  This process is shown in Figure 6.2. 

 

Figure 6.2:  ACK message request process 
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functional group.  If any session information needs to be updated in the core, these 
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updates are completed here.  The message response is created and then a new SIP event is 

created and passed to the oSIP library.  Then, after the core timers expire again, the 

message is given back to the callbacks which then pass it to the UDP layer for 

transmission.  The UDP layer once again returns a success or failure message to the 

callbacks which then inform the oSIP library.  The entire process is shown in Figure 6.3. 

 

Figure 6.3:  Message response process 
 

 It should be noted that, although an ACK is considered to be a message request, it 

does not require a response.  When an ACK is received, the process terminates after step 

2 as no additional actions are required. 
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upon receiving an INVITE message or its 200 OK response.  SDP negotiations, while not 

shown, take place during the message request and message response functional group.  

SDP message bodies are only included in INVITE/200 OK responses and in 

OPTIONS/200 OK responses.   

 

6.3.2.1:  Message Request 

The process of forming a message request, such as INVITE, BYE, or UPDATE, is nearly 

identical to that of a non-application layer multicast protocol.  The only addition to the 

process is in when the request is being formed.  As a message is built it can require 

addition message headers, so during this stage, functions of the application layer are 

called to add these needed headers.  This is the only changed needed to create a message 

request as seen in Figure 6.4. 

 

Figure 6.4:  Application layer protocol message request process 
 

 The ACK message request is identical to that described in Section 6.4.1.1 and is 

shown in Figure 6.2.  The application layer protocol does not need to make any changes 

to the ACK request. 
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6.3.2.2:  Message Response 

Forming a message response is also similar to the process described in Section 6.4.1.2 for 

a non-application layer protocol.  The entire process is the same except for during 

creation of the message response.  During this stage, calls are made to functions in the 

application layer, as shown in Figure 6.5. 

 

Figure 6.5:  Application layer protocol message response process 
 

 During the message response process, an additional step may be needed that is not 

shown above.  This step reforms the ring topology, but is not shown above as it does not 

affect the response being generated for the current request.  This additional step takes 

place after a response has been generated and passed to the oSIP library.  The callback 

makes another call to the application layer where addition requests, such as an INVITE or 

BYE message, will be created in order to reform the ring topology.  The creation of this 
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request follows the process outlined in Figure 6.4, except that the application layer is 

starting the message request process. 

 

6.4:  User Interface 

The graphical user interface (GUI) for the prototype implementation is pictured in figure 

6.6.  The GUI was designed for debugging and performance testing and is not intended 

for use in a final release.   A brief description of the features of the interface will be 

provided. 

 Local user information is displayed in the upper left corner of the GUI.  This 

information is used to fill the Contact and From fields in all SIP messages.  Directly to 

the right of the local information is the remote information.  This is where the contact 

information of a remote user-agent would be entered for sending a request.   

 Below the remote user information is where the current list of members is displayed.  

Any change in conference membership is immediately visible in this text box. 

 Debugging information is displayed to the right of the remote user information.  The 

top display box outputs general debugging information as well as current topology.  As 

topology UPDATE messages are received at the local user-agent, the node’s topology 

information is updated and displayed here.  Just below the general debugging information 

is a complete print out of SIP messages sent and received at the local user-agent. 

 In the upper right corner is where timing information is displayed.  The transaction 

complete time for INVITE, BYE, UPDATE transactions is visible as well as reformation 

delays.  All timing displays are in milliseconds and updated as message transactions 

complete. 

 Directly below the timing data is where the user can select the Appmulti protocol to be 

used during a media session.  The three application layer protocols are available to 

choose from but may only be changed before a session is initiated. 
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Figure 6.6:  Prototype graphical user interface 
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6.5:  Summary 

This chapter outlined the major functional blocks of the implementation of the SIP 

extension developed in this research.  Each block’s functionality was described at a high 

level.  A description of how the functional groups work together was given for both with 

and without an application layer protocol.  For a more detailed description of the inner 

workings of this implementation, please see the comments provided within the code 

itself.   
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Chapter 7 

Conclusion 

 

7.1:  Summary 

As voice communications transition to packet-switched networks, the Session Initiation 

Protocol’s simplicity and efficiency make it a natural choice for signaling.  Through the 

use of four logical entities and 12 message types (six message requests and six response 

classes), SIP is able to initiate, modify, and terminate a media session.   

 SIP allows for multiparty calls either through conferencing or IP multicast.  When 

using conferencing, SIP user-agents are not aware of conference members who are not 

immediate neighbors and SIP conferences are easily partitioned by node failures and 

gracefully departing nodes.  SIP IP multicasting improves upon conferencing by 

eliminating partitions in multipoint communications.  The network infrastructure must 

carry the burden of duplicating and forwarding all media between SIP user-agents, which 

means that SIP agents can enter and leave the multicast group without disturbing other 

members.  However, requiring IP multicast does limit the usability of this feature since 

deployment of IP multicast is limited.  If communications are to take place across 

disparate networks IP multicasting most likely will not be supported by the ISPs 

connecting the two networks.  Conferencing and IP multicast each have their own 

advantages and disadvantages, but both can be improved. 

 SIP defines the ability to extend the functionality of the protocol through the use of an 

extension.  It is through an extension that the functionality of SIP when using 

conferencing and multicasting is improved.  This is the first known extension to integrate 

fault tolerance, membership awareness, and partition recovery into the conferencing 

abilities of SIP.  This extension also allows for the simplified use of application layer 

multicast protocols by providing a means of negotiating the application layer protocol, 

and providing additional headers to transfer necessary session information.  The end 
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result is for SIP to provide enough information to begin operation of the application layer 

multicast protocol. 

 The extension has been defined and integrated into a standard SIP implementation.  

The implementation was then tested in a variety of network topologies to show how the 

added signaling could provide fault tolerance, membership awareness, and partition 

recovery for conferencing.  In addition, a simple application layer multicast protocol was 

defined using newly added headers and tested for its ability to operate properly. 

 

7.2:  Results 

Quantitative results for message size, transaction time, and partition reformation delay 

were collected for UNICAST, the ring protocol, and a standard SIP implementation. 

 The message size for this extension varied with topology and increased by 18 to 58 

percent compared to standard SIP when using UNICAST.  When using the ring protocol, 

message size increased from 13 to 28 percent when compared to standard SIP signaling.  

While total message size increased by up to 58 percent in the tests conducted, the 

majority of the increase was due to the Members field, which can be reduced by using 

only immediate neighbors and dropping unnecessary fields in the URI. 

 Transaction completion times were measured for INVITE, BYE, and UPDATE 

transactions, where applicable.  The INVITE transaction takes on average 63 ms to 

complete when using the ring protocol, which is only an 11 percent increase compared to 

a standard SIP INVITE transaction.  When using UNICAST, there is only a 7 percent 

increase in transaction time.  The BYE transaction completed in equal time for all tests.  

The UPDATE transaction completed in only 29 ms, which is 3 ms faster than the BYE 

transaction.  No comparison is available for the UPDATE transaction since only 

UNICAST uses it.  Overall, the processing required for this extension is not significantly 

higher than standard SIP signaling. 

 Partition reformation testing was divided into two categories, graceful and ungraceful 

node departure.  A SIP user-agent that gracefully departs the conference causes, on 

average, a 341-ms delay before the conference is repaired.  This delay takes into account 



 133

a random timeout, which ranges from 0 to 500 ms.  An ungraceful node departure 

requires neighboring user-agents to detect the missing node through the use of an 

UPDATE message.  Only after a timeout waiting for an UPDATE message is the node 

declared to be missing.  The timeout of the message is defined by the user and has a large 

impact on the performance of this extension.  With a user-defined timeout of four 

seconds, it took, on average, 4.3 seconds to repair a single node failure. Guidelines were 

proposed for a generic timeout value, but the timeout should be determined on a per-

network basis.   

 

7.3:  Future Work 

This extension took the first step towards improving multiparty calls in SIP.  The next 

logical step would be to define additional application layer multicast protocols and 

associated signaling.  The use of additional protocols can only be accomplished after the 

signaling has been defined.  Until this time, the usability of this extension will be limited 

by the lack of application layer protocol support.   

 Improving performance for detecting conference partitions should be considered.  

Currently timeout values are static once the conference begins, which can result in less 

than optimal performance if network conditions change.  Ideally, the timeout values 

would dynamically change with network conditions.  This could be done by continuously 

timing the UPDATE message transaction and tracking the number of packet losses 

experienced.  This would allow user-agents to automatically adjust their timeouts 

depending on the current network conditions. 

 Message size with the extension was, for some cases, considerably larger than the 

standard SIP signaling message size.  Suggestions were provided to help shrink the gap 

between this extension’s signaling and standard SIP, but actual testing was not conducted 

with these suggestions.  It would be useful to see the full affect of these changes on 

message size and scalability. 
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Appendix A:  SIP Response Messages 
 
 
1xx Provisional Responses 
100 Trying  
180 Ringing  
181 Call Is Being Forwarded  
182 Queued  
183 Session Progress  
 
2xx Success Responses 
200 OK  
202 Accepted: Used for referrals 
 
3xx Redirect Responses  
300 Multiple Choices  
301 Moved Permanently  
302 Moved Temporarily  
305 Use Proxy  
380 Alternative Service  
 
4xx Request failures 
400 Bad Request  
401 Unauthorized 
402 Payment Required (Reserved for future use)  
403 Forbidden  
404 Not Found 
405 Method Not Allowed  
406 Not Acceptable  
407 Proxy Authentication Required  
408 Request Timeout 
410 Gone 
413 Request Entity Too Large  
414 Request-URI Too Long  
415 Unsupported Media Type  
416 Unsupported URI Scheme  
420 Bad Extension  
421 Extension Required  
423 Interval Too Brief  
480 Temporarily Unavailable  
481 Call/Transaction Does Not Exist  
482 Loop Detected  
483 Too Many Hops  
484 Address Incomplete  
485 Ambiguous  
486 Busy Here  
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487 Request Terminated  
488 Not Acceptable Here  
491 Request Pending  
493 Undecipherable 
 
5xx Server failures 
500 Server Internal Error  
501 Not Implemented  
502 Bad Gateway  
503 Service Unavailable  
504 Server Time-out  
505 Version Not Supported 
513 Message Too Large 
 
6xx Global failures  
600 Busy Everywhere  
603 Decline  
604 Does Not Exist Anywhere  
606 Not Acceptable 
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Appendix B:  SIP State Machines 
 
 
Figures B.1 through B.4 show the finite state machines as defined in RFC 3261 [9]. 
 

 
Figure B.1: INVITE client transaction 
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Figure B.2:  Non-INVITE client transaction 
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Figure B.3: INVITE server transaction 
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Figure B.4:  Non-INVITE server transaction 
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Appendix C:  oSIP Parser Changes 
 
 
A listing of all oSIP files that were modified is given below, as well as a short description 
of what was changed. 
 
Message.h 
 
Added new variables to the osip_message struct for holding new headers as defined in 
this extension 
 
Message.c 
 
Modified the message_init( ) function to initialize the new headers contained in the 
osip_message struct 
 
Defined all “set” functions that were prototyped in osip_parser.h 
 
De-allocated all new message headers in osip_message_free( ) 
 
Added support for cloning message structures that contained new message headers 
 
Osip_message_parse.c 
 
Added new error message codes to the code_to_reasons4xx struct 
 
Osip_message_to_str.c 
 
Added new functions to osip_message_to_str to convert new message headers to strings  
 
Osip_const.h 
 
Defined constants for new message headers and changed the number of response codes 
from 51 to 55 
 
Osip_parser.h 
 
Declared function prototypes for setting and retrieving new message headers 
 
Osip_parser_cfg.c 
 
Added new headers into the alphabetically sorted array used for parser initialization 
 
Parser.h 
 
Defined the number of headers to be 38 
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