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Introduction
Support of SIP-I Profile extensions

The main purpose of the TR 29.802 is to study the application of SIP-I as a call control option for the Nc interface. One of the drivers for this requirement is to permit easier interworking with SIP-I external networks. However priority must be given to support of existing functionality and services offered within the PLMN.
The TR shall base its protocol and interworking on ITU-T SIP-I Profile C as described in Q.1912.5 and as such the TR shall describe any additions to this profile that are needed by 3GPP PLMN and also any exclusions that shall not be supported. This includes parts of the protocol that may only be supported at a gateway node to facilitate interworking with external networks, support of options in SIP-I Profile C or any additional SIP extensions on Nc should be justified. The TR shall make it clear what may only be supported at the Interworking Function (scope of CT3 work) and what is really required on Nc interface. 
Interworking to IMS is described in the TR but under separate sections for interworking.  Interworking to other SIP profiles is not part of this TR.

3GPP Architecture

3GPP Architecture as specified in TS 23.002 shall be followed. This architecture is further detailed within the Bearer Independent CS Stage 2, TS 23.205. No new nodes shall be defined within the scope of this work. SIP Proxies are outside the scope of 3GPP CS architecture; only logical 3GPP PLMN functions shall be described. In the 3GPP Layered Architecture MSC's and GMSC's have a bearer function within a MGW. The TR shall not consider call mediation type nodes without bearer functions as they are not part of the current architecture. Support for optional bearer optimsations such as bearer redirection shall be described in accordance with TS 23.205. 
Proposals
The following changes are proposed to the TR to ensure a consistent approach to the work is made and remove any discussion that is outside the scope of the 3GPP architecture. The proposal does not include impacts to section 5.7
Proposed Changes to TR
1
Scope

The present document provides a study into providing a SIP-I based Nc interface (G)MSC-S - (G)MSC-S as an alternative to the existing BICC definition.  The document covers the functional description, network architecture and protocol definition for the SIP-I based solution.  The contents of this report when stable shall be moved into a Technical Specification 3GPP TS ab.cde along with modifications to existing specifications.
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3
Definitions, symbols and abbreviations

Delete from the above heading those words which are not applicable.

Subclause numbering depends on applicability and should be renumbered accordingly.

Editor's Note:
Both CT3 and CT4 may agree additions to this Clause independently.

3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].

Definition format

<defined term>: <definition>.

example: text used to clarify abstract rules by applying them literally.

Editor's Note:
this section to be completed as and when content is added. Clause numbers are subject to change until such time as the document is approved at version 7.0.0

3.2
Symbols

For the purposes of the present document, the following symbols apply:

Iu
Interface between the RNS and the core network. It is also considered as a reference point.

Mc
Interface between the server and the media gateway.

Nb
Interface between media gateways.

Nc
The NNI call control interface between (G)MSC servers.

Editor's Note:
this section to be completed as and when content is added. Clause numbers are subject to change until such time as the document is approved at version 7.0.0

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
MSC/IWF
IWF at call control layer toward external network (see 3GPP TS 29.007)
NNI
Network-Network interface

OoBTC
Out of Band Transcoder Control

PRACK
Provisional Response Acknowledgement

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

Editor's Note:
this section to be completed as and when content is added. Clause numbers are subject to change until such time as the document is approved at version 7.0.0

4
Overview

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

4.1
Background

In 3GPP R4, the coupling between the Bearer and Control plane in the Circuit Switched (CS) core network was broken with the introduction of the Bearer Independent Core Network (BICN).  The BICN allowed for the definition of a separate control plane that could control the bearer plane independently of the transport technology used for the bearer, thus opening the possibility to use ATM or IP transport for CS traffic, as well as TDM.

The specification of this architecture and the associated required functionality and call flows can be found in 3GPP TS 23.205 [2].  Within this architecture, three interfaces were identified;-

-
The Nc interface, this being the interface between (G)MSC-S and (G)MSC-S.  This interface is further defined in 3GPP TS 29.205 [3] and is based on BICC as defined in ITU-T recommendations Q.1902.1 to Q.1902.6 (see [4] to [9]).

-
The Mc interface, this being the interface between (G)MSC-S and MGW.  This interface is further defined in 3GPP TS 29.232 [10] and is based on the ITU-T recommendation H.248.1 [11].

-
The Nb interface, this being the interface between MGW and MGW.  This interface is further defined in 3GPP TS 29.414 [12] and 3GPP TS 29.415 [13] and is based on the transport layer of the Iu interface defined in 3GPP TS 25.414 [14] and 3GPP TS 25.415 [15].

The architecture is shown below.
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Figure 1: CS core network logical architecture

In section 5.1.2.2 of 3GPP TS 23.205 [2] on the Nc interface, the statement that ‘Any suitable call control protocol may be used over the Nc interface (e.g. BICC)’ can be found.  3GPP TS 29.205 [3] currently only defines the use of BICC on the Nc interface.  However, other possibilities exist.

Within this TR, the possibility to use a different protocol on the interface between (G)MSC-S’s is considered.  The protocol that would act as the basis for the work is SIP-I as defined in ITU-T recommendation Q.1912.5 [16].  The use of SIP-I would be specific to the use of IP in the Bearer plane and so, strictly, the BICN architecture could not be considered to be Bearer Independent if SIP-I was used on the Nc interface.

The use of IP in the bearer plane is a growing trend within the telecoms industry, and the associated trend in non-3GPP networks is for SIP-I to be used as the control plane protocol.  As a result, the mobile industry dependence on BICC may increasingly create ‘islands’ of mobile networks that have to be interconnected via SIP-I controlled transit networks, or connected via those SIP-I based transits to SIP-I based fixed line operator networks.  However, it is not easy for the mobile operator to move away from BICC as it has mobile industry specific extensions associated with it for the support of Out Of Band Transcoder Control (OoBTC) which is key to the success of Transcoder Free Operation (TrFO) as defined in 3GPP TS 23.153 [17].

Three possible solutions exist to resolve this misalignment;-

1.
Redefine the call control protocol for BICN as SIP-I, with suitable extensions to SIP-I to support TrFO.

2.
Define the interworking of BICC to SIP-I, and define TrFO extensions for SIP-I to traverse a transit network.

3.
Maintain the current TDM interconnects between operators.

It should be noted that many transit networks already transport native TDM traffic over IP, and so in option 3, whilst maintaining TDM interconnects might technically seem like an option, there are in fact conversion points between TDM and IP and back again already in place.  Hence moving towards an IP end-to-end interconnect will result in considerably less delay, less transcoding and a reduction in other bearer manipulation.

Option 2 would have the advantage of not requiring existing BICC networks to alter their implementation, whilst also accommodating TrFO through the extensions to the SIP-I profile.  However, there is still a requirement for an Interworking Function (IWF) at the edge of the mobile network, and a considerable amount of standards effort to define that IWF to maintain the OoBTC signalling across the conversion point.  Perhaps more importantly, there is a need to define how OoBTC would operate over SIP-I.  

Since OoBTC functioning would need to be defined for SIP-I for Option 2 to be successful, this would make Option 1 possible as well, where Option 1 would remove the need for an IWF from BICC to an external SIP-I network.  The decision of whether to go with Option 1 or Option 2 is really one for an individual operator to make based on what they have deployed.  However, the net result is that an OoBTC enabled SIP-I would need to be defined, and this in turn amounts to equivalent functionality to that required on Nc.
Architecture shall conform to 3GPP TS 23.002 [xx] in the course of this TR and therefore Call Mediation Nodes, SIP Proxies or Transit Servers are not be part of the 3GPP CS PLMN and therefore specific provision for such nodes shall not be part of SIP-I on Nc requirements. 
4.2
Functional Impacts

In order for SIP-I to be used as the control plane protocol for the support of OoBTC enabled mobile to mobile calls, it is required to define the way in which codec negotiation, out of band takes place at call initiation and during the call.   Also, the use of SIP-I on the Nc interface requires SIP-I to support Nc interface functionality.  However, defining the protocol to be used on the Nc interface may permit a solution that ignore functions that either are not required with SIP-I that are defined in BICC or that have been found to be redundant, however care must be taken that interworking and backward compatibility are maintained.  Conversely, SIP-I may offer the ability to support additional functions that are not currently defined for BICC based call control models.

One such area is likely to be in the handling of the User Plane Framing Protocol.  Nc interface based on BICC assumes the default user plane utilises the Iu-UP framing on the Nb interface but, in moving to SIP-I such support for the Iu Framing does not exist within the SIP-I profile Q.1912.5 Profile C.  Hence SIP-I can either be extended, or alternatively the use of Iu Framing on the Nb interface can be reviewed.  This would lead to the likely adoption of RTP transport for the bearer plane (see IETF RFC 3267 [18]), which would in turn bring alignment between the Nb interface and the Mb interface.

Similarly, BICC utilizes the IP Bearer Control Protocol (ITU-T recommendation Q.1970 [19]) for transport of media characteristics when the bearer is IP.  IPBCP is initiated at the MGW and transported transparently in the Mc and Nc interfaces.  However, it is really a container for transport of SDP, and so when using SIP-I on Nc, the SDP can be included within the message body itself.  This would make it logical to transport SDP directly within H.248 commands on the Mc interface, making the Mc interface look a lot more like the Mn interface (see 3GPP TS 29.332 [20]).

The result of the adoption of a SIP-I based call control interface may promote functional alignment between the functions of the MSC-S/MGW in the BICN architecture and the functions of the MGCF/IM-MGW in the IMS architecture (see 3GPP TS 23.228 [21]). 

This TR investigates the functional impact and the required specification work for the support of SIP-I based call control of IP bearers in the Circuit Switched Core Network. 

5
Basic Principles

5.1 
Introduction
Editor's Note:
Changes to this Clause need to be agreed within CT4.

The introduction of a SIP-I based Nc interface has implications on a number of different aspects within the Circuit Switched Core Network.  This section highlights the impacted areas and describes the basic principles for providing the same functional capabilities as provided by a BICC-based Nc Interface.

Specifically, impacted areas are:-

-
The implementation of a SIP-I based Nc Interface shall include the capability to provide the same functionality that a BICC based Nc interface provides.  Therefore a SIP-I profile shall be specified in order to provide this functionality.  

-
The signalling transport for a SIP-I based Nc interface may be impacted.  An appropriate single transport layer protocol is required to be specified.

-
The IP Bearer Control Protocol (IPBCP) ITU-T Recommendation Q.1970 [19] is currently used on a BICC based Nc Interface in order to transport the media characteristics of an IP bearer.  An appropriate mechanism to transport the media characteristics shall be specified for a SIP-I based Nc interface.

-
Currently a BICC based Nc Interface specifies four alternative call establishment mechanisms in 3GPP TS 23.205 [2].  These are Fast Forward Bearer Establishment, Delayed Forward Bearer Establishment, Fast Backward Bearer Establishment, and Delayed Backward Bearer Establishment.  SIP-I based Nc interface shall be defined only to support the Call Establishment Models that are relevant to network operation with IP bearers.  This may be a subset of the currently defined call establishment models.

-
The BICC based Nc Interface currently supports the ability to provide codec negotiation which in turn allows the OoBTC/TrFO functionality defined in 3GPP TS 23.153 [17] and SCUDIF 3GPP TS 23.172 [22] and TFO harmonisation.  This functionality shall be supported on a SIP-I based Nc interface, therefore a mechanism for codec negotiation on the Nc interface shall be specified.  Furthermore, supported codecs shall be specified and existing services (e.g. Circuit-Switched Data, DTMF, etc) shall be specified for a SIP-I based Nc interface.

-
The implementation of a SIP-I based Nc interface shall interwork with the existing BICC based Nc interface.  In addition interworking with additional interfaces currently supported by the BICN shall be supported (e.g.  3GPP IMS SIP). 
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.
Extensions to this base profile in order to provide additional capabilities provided by a BICC based Nc interface shall be described and clearly differentiated from current Profile C.

Extensions to this base profile in order to provide interworking to external SIP-I interfaces shall be clearly differentiated from requirements on Nc interface. and generally limited to the Interworking Function within a Gateway node. Justification shall be made to extend the base profile on Nc interface to support functions over and above what is currently supported by BICC on Nc.
The SIP-I profile shall comply with existing optional or mandatory  features and shall distinguish between these.
Interworking to IMS shall be described in Clause 14 and shall be defined within the scope of the current architecture (i.e. MGCF).

5.2.0
Initial profile

Table 5.2.0 lists the references defined to be part of the Profile C of ITU-T Recommendation Q.1912.5 [16] that are applicable to the SIP-I based Nc interface.  Additional elements of the profile are identified elsewhere within this TR.

It should be noted that some referenced RFCs provide additional procedures that are not applicable to the SIP-I based Nc interface (e.g., only ISUP MINE is required from RFC 3204 [54], QSIG is not within the scope of this SIP-I profile). More explicit applicability will be provided by the SIP-I based Nc technical  specification.

Table 5.2.0
Initial profile for SIP-I based Nc interface

	Reference
	ITU-T Profile C Status
	SIP-I based Nc Status

	RFC 2046 (November 1996) "Multipurpose Internet Mail Extensions (MIME) Part Two: Media Types". [52]
	Supported
	Supported

	RFC 2976 (October 2000): "The SIP INFO method". [53]
	Supported
	Supported

	RFC 3204 (December 2001) “MIME media types for ISUP and QSIG Objects”. [54]
	Supported
	Supported

	RFC 3261 (June 2002): "SIP: Session Initiation Protocol". [30]
	Supported
	Supported

	RFC 3262 (June 2002): "Reliability of provisional responses in Session Initiation Protocol (SIP)". [36]
	Optional
	Supported

	RFC 3264 (June 2002): "An Offer/Answer Model with Session Description Protocol (SDP)". [27]
	Supported
	Supported

	RFC 3311 (September 2002): "The Session Initiation Protocol (SIP) UPDATE method". [37]
	Supported
	Supported

	RFC 3312 (October 2002): "Integration of resource management and Session Initiation Protocol (SIP)". [38]
	Optional
	Supported

	RFC 3323 (November 2002): "A Privacy Mechanism for the Session Initiation Protocol (SIP)". [55]
	Supported
	Supported



	RFC 3325 (November 2002): "Private Extensions to the Session Initiation Protocol (SIP) for Network Asserted Identity within Trusted Networks". [56]
	Supported
	Supported

	RFC 3326 (December 2002): "The Reason Header Field for the Session Initiation Protocol (SIP)". [57]
	Supported
	Supported

	RFC 3966 (December 2004): "The tel URI for Telephone Numbers". [31]
	Supported

Replaces RFC 2806
	Supported

	RFC 4566 (July 2006):  "SDP: Session Description Protocol". [58]
	Supported

Replaces RFC 2327 [26]
	Supported


The IETF has replaced or updated RFC 2806 with RFC 3966 [31] and RFC 2327 [27] with RFC 4566 [58] as shown in the table.

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

5.2.1.4
Support for INVITE request without SDP

GMSC-S or MSC/IWF shall support the handling of INVITE request without SDP in the receiving side, to facilitate interworking with external SIP-I networks.: 
· A GMSC-S which receives an INVITE without SDP shall create a list of codecs containing all codecs supported by the GMSC-S and generate an INVITE with its SDP. See Clause 5.7 for further details of codec negotiation procedures.
Editor's Note: justification made in Tdoc C4-070366 for generating SIP-I INVITES within 3GPP PLMN are not sufficient: current architecture assumes all logical nodes have MGW function. The only case where a MGW may (optionally) be removed is in TS 23.205 Clause 17 under the circumstances ".. when an endpoint of a call changes due to the operation of an application layer service " although this still contradicts TS 23.002's definition of an MSC.
Editor's Note: Scenarios shall be described in the TR to justify support in SIP-I based Nc of sending of INVITE or re-INVITE requests without SDP so that the proposal can be completely assessed.

5.2.1.5
Support for SDP with unspecified connection address

.


Editor's Note: The support and generation of an unspecified connection address in SDP using SIP-I based Nc is FFS.
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