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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 4867 [42]), 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.

5.7.1
Codec Negotiation Offer/Answer Model

The support of Q.1912.5 has associated with it support for the 'Offer/Answer' model as specified in IETF RFC 3264 [27]. The Offer/Answer model is capable of exchanging SDP for the purposes of session establishment and can be used to support the speech codec negotiation that is required to support the OoBTC functionality. Codecs identified in IETF RFC 4867 [42], IETF RFC 3551 [28] and IETF RFC 3555 [29] may be supported for OoBTC. As a minimum, the mandatory speech codecs required to be supported are listed in 3GPP TS 23.153 [17].

If the answer includes multiple speech codecs from the initial offer, then all of these codecs are available for immediate use unless the offerer sends a second offer to limit the list of active codecs. It is beneficial for both endpoints in a 3GPP SIP-I network to be aware of the Available Codecs List, which can only be signalled using existing IETF procedures by including multiple speech codecs in the answer. To avoid a second offer/answer exchange, a 3GPP-specific SDP extension can be used to allow the inclusion of the Available Codecs List within the SDP answer in such a way that the speech codecs in the Available Codecs List are clearly identified as unavailable for use without an additional offer/answer exchange.

IETF RFC 3264 [27] states that the answerer may list the codecs in their desired order of preference, but it is recommended that unless there is a specific reason, the answerer lists the codecs in the same relative order they were present in the offer. However, the support of the codec negotiation process used for TrFO provides sufficient justification for the reordering of the speech codec information in the offer/answer mechanism.

NOTE:
It is only the speech codecs that are considered in this section as it is the speech codec negotiation and support of multiple speech codecs simultaneously that is of issue. Other SDP "codecs" such as RTP Tel Event or Silence Frame payload may be supported simultaneously with other SDP "codecs". Where "codec" is mentioned in this Clause it is meant Speech Codec unless explicitly stated otherwise.

For the codec negotiation over a SIP-I based Nc interface, two models are considered:

1.
An initial offer includes the codecs supported by the offerer in a descending order of preference, with the answer including the codecs from that list that are also supported by the answerer in the same order. This scenario is problematic if the answerer includes speech codecs in the answer that the answerer cannot support simultaneously. In order to resolve this, a second offer must be made identifying a single selected codec for the call/session that is being established however the SDP offer/answer procedures do not mandate that the offerer initiate a second offer/answer exchange. See Figure 5.7.1.1.
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Figure 5.7.1.1: Codec Negotiation and Call Establishment with two Offer/Answer Method

2.
An offer includes the codecs supported by the offerer in a descending order of preference, with the answer including the codecs from that list that are also supported by the answerer in a descending order of preference as determined by the answerer with the selected codec moved to the top of the list. In order to identify this codec negotiation as being in accordance to 3GPP specifications a 3G SDP extension is included in the SDP in both the Offer and the Answer. See Figure 5.7.1.2 shows and example of this proposal.
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Figure 5.7.1.2: Codec Negotiation and Call Establishment with single Offer/Answer Method
Therefore, in Option 2 the codec negotiation mechanism on the Nc interface shall use the offer/answer mechanism with the following clarifications:

-
A new 3GPP SDP extension will be defined that indicates that the offerer supports the 3GPP codec negotiation as described in this clause.

-
A new 3GPP SDP extension will be defined that indicates that the answerer supports the 3GPP codec negotiation as described in this clause. The answer will contain a selected codec and additional "available codecs". The "available codecs" are clearly understood to be unavailable for use by either endpoint during the session without another offer/answer exchange

-
If the offer includes the 3GPP SDP extension, then if the answerer supports the 3GPP codec negotiation as well the answer shall reply with the new 3GPP SDP extension as described above.

-
The Selected Codec shall include all parameters and configuration information such as mode set in an exact and unambiguous way.
-
The Codec entry for AMR Codec Types may have several additional parameters. These parameters may specify support of alternative AMR configurations in the Supported Codec List and in the Available Codec List, but these parameters shall specify exactly one AMR Configuration for the Selected Codec.

-
The Available Codec List shall be ordered and structured in the same way as the Supported Codec List, but in priority of the Answerer.
NOTE: 
This Available Codec List permits the Offerer to select an optimal new local access codec during a handover to another (radio) access type that may support other codecs than were originally offered to the Answerer. The Offerer can thus optimise the codec selection at the time of handover rather than having to select a codec that is not optimum and then try to modify this after a subsequent codec negotiation with the Answerer. Codec modification toward the terminal and RAN should be minimized.
-
The SDP answer shall include the codecs from the received list that are also supported by the answerer in a descending order of preference as determined by the answerer with the Selected Codec moved to the top of the list. The remainder of the received list of codecs shall contain the Available Codecs List.

-
The Answerer may also return additional codecs or configurations that it supports, but which were not in the initial Supported Codec List of the Offerer.
-
An additional SDP offer/answer (codec) negotiation may be required whenever there is a change in the bearer configuration due to, e.g., handover or feature invocation.


-
Mid-call codec negotiation shall use the SIP UPDATE method during an early dialog and may use either the SIP UPDATE method or the re-INVITE method during an established dialog, although IETF RFC 3311 recommends the use of the re-INVITE method in this case.

5.7.3
Supported Codecs and Call Events

The following list references the specifications that define the RTP framing procedures that have to be standardized on the Nb interface for the listed codec when SIP-I is the signalling protocol on the Nc interface.

Table 5.7.3.1 Supported payload types

	Payload Type Name
	References
	Applicable Codecs
	Support

	audio/AMR
	RFC 4867 [42]
3GPP TS 29.163 Annex B [25]
	all AMR codecs in 3GPP TS 26.103 [43]
	Mandatory

Not all configurations are mandatory. Some configurations are preferred, see 3GPP TS 26.103 [43].

	audio/AMR-WB
	RFC 4867 [42]
3GPP TS 29.163 Annex B [25]
	all AMR-WB codecs in 3GPP TS 26.103 [43]
	Mandatory if WB is supported.

Not all configurations are mandatory, see 3GPP TS 26.103 [43].

	audio/GSM-EFR
	RFC 3551 [28]
	GSM EFR
	Optional

	audio/PCMA
	RFC 3551 [28]
	G.711
	Mandatory

	audio/PCMU
	RFC 3551 [28]
	G.711
	Mandatory

	audio/CLEARMODE
	RFC 4040 [34]
	clear channel data and MUME/SCUDIF
	Mandatory

	audio/telephone-event
	4733 [35] 
	DTMF
	Mandatory

	audio/CN
	RFC 3389 [41]
	comfort noise for CODECs that do not support as part of the CODEC itself such as G.711
	Optional


NOTE:
Support for MUME may require additions to IETF RFC 4040 [34] since there is currently no mechanism to signal MUME in SDP.

NOTE1:
GSM FR and GSM HR (RFC 3551 [28]) codecs will not be supported on SIP-I based Nc, as for BICC based Nc.
Additional codecs or call events may be supported by 3GPP SIP-I nodes on SIP-I based Nc or at the edge of the CS network e.g. to enable interoperation with non-3GPP SIP-I networks, but this is out of the scope of the TR. Examples of such codecs or call events are listed below. 

Table 5.7.3.2 Examples of additional payload types

	Payload Type Name
	References
	Applicable Codecs

	image/T38
	ITU-T Rec. T.38
	G3 facsimile

	audio/T38
	ITU-T Rec. T.38
	G3 facsimile

	text/T140
	RFC 4103 [63]

ITU-T Rec. T.140
	GTT

	text/RED
	RFC 4102

RFC 2198
	Redundant GTT

	audio/G723
	RFC 3551
	MUME audio option G.723.1

	audio/G729

audio/G729D

audio/G729E
	RFC 3551
	NGN codecs

	video/H261
	RFC 3551
	MUME video option H.261

	video/H263
	RFC 3551
	MUME video option H.263

	video/mp4v-es
	RFC 3640 [62]
	MUME video option mpeg4

	Video/H264
	RFC 3984 [69]
	MUME video option mpeg4


10.1.2
MSC server

The network initiated call clearing shall be performed in accordance with 3GPP TS 23.108 [39]. The following clauses describe the additional requirements for the bearer independent CS core network.

10.1.2.2
Call clearing to the UE

The MSC server initiates call clearing towards the UE and requests release of the associated radio resources as described in 3GPP TS 23.108[39]. Once the call clearing and the release of the associated radio resources have been completed, the MSC server releases any MGW allocated resources for the access side. If any resources were seized in the MGW, the MSC server uses the Release Termination procedure to requests the MGW to remove the access side bearer termination.
10.2
User Initiated

The user initiated call clearing shall be performed in accordance with 3GPP TS 23.108 [39]. Procedures used for user initiated call clearing are equivalent to those for a BICC-based Nc interface with the exception of the procedures described in the following clauses.
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MSC B does not know if MSC-A will send a second Offer to reduce the codec list to a single codec. Hence this is a problem for MSC-B if it cannot support multiple speech codecs at the same time. One alternative is that it must always reply with a single speech codec.
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Ext Node


3G PLMN


Ext SIP-I


INVITE[SupportedCodecs1, OoBTCIndicator]


INVITE[SupportedCodecs2, OoBTCIndicator]


18x SESSION PROGRESS [SelectedCodec, AvailableCodecs,OoBTCIndicator]


Ext n/w  
supports 
3G Codec List, creates a list structured with selected codec first and all subequent codecs (and configurations) as available. Confirms support by returning OoBTCindicator.


18x SESSION PROGRESS [SelectedCodec, AvailableCodecs,OoBTCIndicator]


GMSC/IWF removes any codecs not supported and forwards new SupportedCodecs2 list.


NOTE1: The functions depicted (MSC/VLR, (G)MSC, IWF are logical functions that can be collocated in the same physical node.
  NOTE2: the terminating case is a mirror image as Ext SIP network supporting 3G codec negotiation can be PLMN.



