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The following is a change request to the 3GPP TR 29.802 which is currently in draft form. Vodafone ask 3GPP TSG‑CT WG4 to approve this addition to 3GPP TR 29.802.
The aim of the below is to provide content for clause 5.2.1.5, "Support for SDP with unspecified connection address ". Details of which are summarised thus:
· Sending of an SDP Offer with an unspecified contact address is not supported for a SIP-I based Nc Interface when originating Offers.  However, it must be possible to interwork with external networks that may support sending such an Offer.
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3.3
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].
BCF
Bearer Control Function

BICC
Bearer Independent Call Control

BICN
Bearer Independent Core Network

CS
Circuit Switched

DSP
Digital Signal Processing

GERAN
GSM/EDGE Radio Access Network

(G)MSC-S
(Gateway) MSC Server
IAM
Initial Address Message

IETF
Internet Engineering Task Force

IP
Internet Protocol

IPBCP
IP Bearer Control Protocol

IWF
Interworking Function

MGCF
Media Gateway Control Function

MGW
Media Gateway
MSC-S
MSC Server

NNI
Network-Network interface

OoBTC
Out of Band Transcoder Control
RTO
Remote Transcoder Operation

RTP
Real-Time Transport Protocol

SCTP
Stream Control Transmission Protocol

SCUDIF
Service Change and UDI Fallback 

SIP
Session Initiation Protocol

SDP
Session Description Protocol

TCP
Transmission Control Protocol
TDM
Time-Division Multiplexing

TFO
Tandem Free Operation
TrFO
Transcoder Free Operation

UDP
User Datagram Protocol

UTRAN
UMTS Terrestrial Radio Access Network
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5.2
Definition of SIP-I Profile

Editor's Note:
Changes to this Clause need to be agreed within CT4.

The main objective of this Technical Report is to provide a SIP-I based Nc interface that can suitably interwork with external SIP-I based signalling networks.  These SIP-I based signalling networks are already prevalent in many fixed‑line operator networks and transit networks today.  The networks utilise the SIP profile that is defined by ITU-T Recommendation Q.1912.5 [16] Profile C which employs full ISUP encapsulation.  

In order to ease interworking and improve convergence between fixed implementations and mobile implementations, the SIP-I based Nc interface shall be based on ITU-T Recommendation Q.1912.5 [16] Profile C.

Editor's Note:
extensions to this base profile, in order to provide additional capabilities provided by a BICC-based Nc interface or to provide interworking with existing 3GPP interfaces, are FFS.
5.2.1
SIP-I profile options

Editor's Note: Additional aspects of the SIP-I profile are still under investigation, the results will need to be included in these sections

5.2.1.1
Support for 100rel
Editor's Note: SIP-I based Nc support of 100rel needs to be investigated for inclusion 

5.2.1.2
Support for UPDATE method
Editor's Note: ITU-T Rec. Q.1912.5 support of the UPDATE method requires investigation for all profiles including SIP-I.

5.2.1.3
Support for Preconditions
Editor's Note: Support for preconditions for Profile C (SIP-I) in ITU-T Rec. Q.1912.5 is optional.  It needs to be investigated and is for further study.

5.2.1.4
Support for INVITE request without SDP

Editor's Note: ITU-T Rec. Q.1912.5 includes scenarios for sending and receiving INVITE requests with or without SDP. Whether SIP-I based Nc supports sending of initial INVITE requests with or without SDP and sending of re-INVITE requests without SDP is for further study.  

5.2.1.5
Support for SDP with unspecified connection address
RFC 3264 states that a SIP endpoint MUST be capable of receiving an SDP offer with a zero (unspecified) connection address.  RFC 3264 describes this unspecified connection address as being useful when the offerer needs to perform offer/answer negotiation but does not have the address or port available.  In this case, an agent MUST be capable of receiving SDP with a connection address of 0.0.0.0, in which case it means that neither RTP nor RTCP should be sent to the peer. 
This mechanism for disabling media streams has been used for putting a call on hold, although this is no longer recommended.  A preferred alternative to disable media streams as in ITU-T Q.1912.5 [16] is to use the attribute "a=inactive" in updated SDP.
The SIP-I based Nc shall not support the use of an unspecified connection address when sending an SDP Offer but shall support the receipt of such an Offer to enable interworking with external endpoints.





















































































