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1. Introduction

In the SIP-I on Nc TR (29.802) Clause 12.1.1 discussed the possible solutions for Explicit Call Transfer (ECT). There is a proposed optimisation to remove the MGW from the served subscriber's MSC. This would appear also to contradict the requirements of TS 23.091 that the connection between the two parties resides in the served subscriber MSC. Further this optimisation would not be possible if Lawful Interception were initiated on Subscriber B, or if subsequent announcements/call handling were required then unnecessary signalling would be needed to re-insert the MGW, possibly leading to call failure. 

There is no sequence shown for this optimisation but it is assumed that it would require the implementation support by all involved nodes and as such is assumed from the TR to be clearly optional. It should show how support of this feature by other network nodes is determined without impacting the ongoing call, i.e. negotiated at call set-up.

In the second solution there is a sequence proposed for the optimisation of the selected codec to initiate an end to end codec negotiation rather than using the codecs supported by the offerer negotiated for the connection from A-B as the supported codecs for the offer from B-C (as per the current TS 23.153).
It is argued that the second sequence is needed because the codecs between A and B and between B and C might not be the same and as such proposes that the optimisation may result in TrFO between A and C if it were not possible when connecting the separate legs together within MGW-B.

What needs to really be considered is the likelihood of each leg selecting different codecs in the first place versus the additional re-invites and also the optional support of re-invites without SDP that may also not end up with a single direct codec between A and C.

In existing specifications all nodes shall support AMR_2 as default codec and preferably the default mode set as defined by TS 26.103 so for ECT within the PLMN a default compressed codec shall be supported. If ECT occurs to an external network then unless this codec is supported in external networks it is likely that regardless of the end to end codec negotiation there will be transcoding at the interworking point between the PLMN and external network and in any case a MGW will be need to be kept at the network border. Also given that the external network may not support the 3GPP defined codec negotiation then the actual sequence will most likely result in a second set of offer/answers to reduce the selected codec to a single codec as per clause 5.7.1.2.2 (second bullet) TR 29.802.

In contribution C4-070492 some solutions were proposed for implementing the optional procedure Bearer Redirection as described in TS 23.205 clause 17. The problems associated to this contribution are that it does not provide the capability to negotiate in advance if bearer redirect is supported by all nodes; it is not sufficient to simply mandate support of INVITE/Re-INIVTE without SDP. Further the use of bearer redirect permits different types of cut-through thus allowing both bearers to be connected in parallel but when data is detected then a cut-through occurs. Thus in order to use bearer redirection for SIP-I, further investigation is required.

To support CFNRy with SIP-I the procedures described already in TS 23.153 for ECT can be followed. Support of CFNR with bearer redirect needs further consideration when it is required to perform other services at MSC-A that require a MGW. 

2. Requirements

1. The need to perform a new end to end codec negotiation for call forwarding scenarios is not clear: the main goal is to avoid the need for codec re-negotiation. TS 23.153 describes the solution to permit call forwarding using the supported codecs from the previous leg.

2. Scenarios should consider the realistic cases not the theoretical ones: codec re-negotiation to external network will most likely result in transcoding if the default 3GPP codec is not supported so consideration for the additional signalling required due to non-support of 3GPP codec negotiation is required.
3. Bearer Redirection in BICC is not clearly described but what is clear is that it is not defined for OoBTC and if this requirement scope is mapped to SIP-I then there is no requirement to support INVITE without SDP when removing a MGW as the new INVITE will contain SDP for the default PCM codec.
4. Bearer Redirection to remove a MGW for a through-connected bearer shall be avoided as it results in a break of speech connection and is not defined for BICC.
5. It is assumed that SIP-I shall follow the offer/answer as per RFC 3264 which requires SDP in the offer.  Discussions in IETF even have not concluded whether an answerer that receives a Re-INVITE without SDP shall in fact send new SDP in the reply or simply return the previously negotiated SDP.
Summary

It is still not clear what are the advantages of supporting INVITE or Re-INVITE without SDP within 3GPP PLMN. Until the uncertainties are clarified no such support should be offered, given that the requirements can be met by following existing stage 2 specifications for TrFO and BICN and including SDP in SIP messages. 
Conclusions
Normative specifications shall not initiate Offers without SDP and only receipt of Offers without SDP from external SIP-I networks shall be supported and this case terminated at the IWF. It shall be a network configuration whether the call is rejected (if external network is not permitted to send INVITE without SDP - such as NICC) or if it creates a new INVITE including SDP.
Proposed Changes to TS 29.231

5
Amendments and Endorsements to Referenced Specifications

5.1 ITU-T Q.1912.5

Only Profile C shall apply.

5.2 RFC 2046

5.3 RFC 4566

.

5.4 RFC 3966

.

5.5 RFC 2976

.

5.6 RFC 3204

5.7 RFC 3261

5.8 SIP-I initial INVITEs shall always include SDP.
5.9 Editor's Note: it is FFS if SIP-I re-INVITEs shall include SDP.
5.10 RFC 3262

5.11 RFC 3264

5.12 RFC 3311

5.13 RFC 3312

5.14 RFC 3323

5.15 RFC 3325

5.16 RFC 3326
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