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Introduction

The proposed architecture within 23.821 covers both the CS Domain and the PS Domain.  The PS Domain has been enhanced to support multi-media capabilities with the addition of the CSCF and associated call control functionalities.

The contribution puts forward the requirement that the call control to be used between the terminal and the CSCF (for the provision of MultiMedia type services via the PS domain) shall be based on the Session Initiation Protocol (SIP). 

Why SIP

To provide MultiMedia type services via the PS domain it will be necessary to use a call control protocol (between the terminal equipment and the CSCF) that is capable of supporting the delivery of these services.

This document recommends that the development of the call control protocol is based on SIP.

In the following, the reasons for recommending SIP in preference to other MultiMedia call control protocols, in particular the ITU H.323 protocol, are outlined.

It should be noted that on top of SIP as defined in RFC 2543, other protocols, such as SDP describing the media streams, are required for negotiating and establishing user bearers. Henceforth, when referring to SIP, the set of protocols providing the necessary functionality for controlling calls is intended.

This contribuition outlines five areas that support the choice of SIP (in preference to H.323) as the basis for the call control protocol to be used between the terminal equipment and the CSCF. These areas are as follows:

· Size of Protocol

The H.323 protocol stack is very rich in functionality but is also complex and heavyweight. It is thought that the complexity within H.323 will present problems not only in functionality but also in implementation, since it would result in a large stack size to realize the multimedia capabilities of the protocol. In addition, a complex protocol is inherently difficult to change. 

H.323 is considered to be an established protocol meeting the requirements that it was designed for. However, it is thought that modifications to H.323 are a difficult task, primarily due to the maturity and complexity of the protocol. The ITU has responsibility for H.323 and the development time line and expected evolution may be difficult to impact with UMTS specific changes within the R00 timeframe.

SIP is considerably less complex, resulting in a smaller stack size in the mobile terminal, although it has less functionality than that of H.323. However, this lightweight attribute, along with SIP’s status as a relatively new protocol, position SIP as an ideal protocol to modify and enhance to meet the R2000 requirements.

Implementation is also an important factor when selecting a protocol. It is important that costs are kept to a minimum. It is thought that the costs of implementing the changes to H.323, to meet the R2000 requirements, would be expensive and time consuming. 

Modifications to SIP to meet the requirements are thought to be less complex and therefore less expensive to implement.

In conclusion SIP has more opportunity to evolve, develop, and be influenced for use in R2000 UMTS than H.323.

· Transportation

H.323 was designed to primarily use TCP for call signaling. This is undesirable both in terms of the amount of signaling overhead and the inherent delay when using TCP. Developments within the ITU have enhanced H.323 to use UDP as the underlying transport layer. Additions to the message set have also been made to support the use of UDP for delivery acknowledgement. However, this recent development requires further study. 

SIP is independent to the underlying transport layer. Therefore it can use either TCP or UDP, of which UDP is more favoured. The SIP message set already contains a delivery acknowledgement message to re-assure that the signaling has been delivered. 

· Required Standardisation Effort

Further study is required as to the length of time required to modify the protocol (SIP/H.323) to meet the requirement of supporting MultiMedia type services via the PS domain for R2000.

In terms of protocol and product maturity, H.323 has a strong lead over SIP in that it has been used and tested in both private and public networks. H.323 has been developed for a fixed network environment and will require changes to the protocol to meet the UMTS mobile specific requirement. Therefore it is thought that because of the complexity of the protocol, the time and effort to implement these standards and protocol changes would be significant.

SIP is a relatively new protocol. In addition, it has well-thought out mechanisms for adding extensions.  These advantages allow for greater flexibility in defining the call control capabilities and services needed for R2000. Moreover, SIP has already been extended to support service provider needs in other contexts (e.g., cable). Thus, there is a large enough window of time to enhance SIP for R2000.

· Application Integration

SIP’s ASCII-based protocol has been designed to be simple to integrate into terminal applications, such as WAP and HTML. SIP’s syntax derives from HTTP, allowing new terminal and proxy capabilities to be developed by a broad development community using standard text processing tools such as Perl, and Web tools like cgi-bin. In addition, SIP messages convey information allowing easy integration of voice with applications like email and Web. SIP messages may by default be relatively long, but compression could be applied to achieve message lengths comparable to those of H.323.

H.323 is ASN.1 encoded, which results in short messages but is harder to integrate into applications. H.323 has been adding new information elements (e.g., URLs) to support functionality currently in SIP, but it is still behind.

· Flexibility and Extensibility

SIP has defined mechanisms to allow new functions or protocol headers to be gracefully added to SIP (upwards compatibility), while allowing interoperation with terminals and proxies that do not understand these new capabilities.  Unsupported or unknown headers are simply ignored, reducing code size and implementation complexity. However, if support for a particular set of capabilities is required, the REQUIRES and PROXY_REQUIRES headers allow a terminal to indicate this. 

H.323 requires full backward compatibility with previous versions of the standard. This causes the protocol to continue to accumulate baggage as it evolves over time.

Both protocols support legacy telephony service features. Where SIP has an advantage is in its extensibility to support new multimedia services.

Backward Compatibility Issues

TS 23.121 recommends H.323 as the multimedia call control model for the PS domain in UMTS R99. Note that standardization of R99 H.323 support is at the application level, i.e. does not affect the infrastructure. Furthermore, it does not support RT MultiMedia services. From a practical standpoint, the proposal to use SIP for call control in the PS domain between the UE and the CSCF in release 2000 does not raise concerns regarding backward compatibility. 

Text Proposal for TR 23.821
Based on the reasons outlined above, this document recommends that the following text be included in Section 8 of TR 23.821, Architecture Principles for Release 2000:
8.1
A Single call control between the UE and CSCF

For MultiMedia type services delivered via the PS Domain within the R00 architecture, a single call control protocol shall be used between the user equipment UE and the CSCF(over the Gm reference point). 

The intention is to select a standardised CC Protocol that will be revised within 3GPP to meet UMTS specific call control requirements.  

8.2
Protocols over the Gm reference point

The single protocol applied between the UE and CSCF (over the Gm reference point) within the R00 architecture will be based on SIP (as defined by RFC 2543, other relevant RFC’s, and additional 3GPP enhancements).
