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Introduction and Discussion
As the discussion related to the codec negotiation with SIP-I in CT4#33, it would seem that there is a general feeling to add a new SDP parameter to signify a 3GPP SIP-I Nc based codec negotiation rather than the generic negotiation as defined in RFC 3264. But with the consideration of 3GPP CS network makes a call to external SIP network without support of 100rel and UPDATE and multiple direct codecs are returned in the SDP answer, the originating 3GPP CS network shall initiate a 2nd round codec negotiation in use of re-INVITE transaction after the call is answered to limit the direct codec.

As per RFC 3264 says below, the first format or the preferred codec SHOULD be used. We could take it into consideration that the non-3GPP would use the preferred codec in normal cases, and other codecs may be used if there are valid reasons in particular circumstances as the meaning of "SHOULD". The following several paragraphs are from RFC 3264.

   In the case of RTP, if a particular codec was referenced with a

   specific payload type number in the offer, that same payload type

   number SHOULD be used for that codec in the answer.  Even if the same

   payload type number is used, the answer MUST contain rtpmap

   attributes to define the payload type mappings for dynamic payload

   types, and SHOULD contain mappings for static payload types.  The

   media formats in the "m=" line MUST be listed in order of preference,

   with the first format listed being preferred.  In this case,

   preferred means that the offerer SHOULD use the format with the

   highest preference from the answer.
7 Offerer Processing of the Answer

   When the offerer receives the answer, it MAY send media on the

   accepted stream(s) (assuming it is listed as sendrecv or recvonly in

   the answer).  It MUST send using a media format listed in the answer,

   and it SHOULD use the first media format listed in the answer when it

   does send.

      The reason this is a SHOULD, and not a MUST (its also a SHOULD,

      and not a MUST, for the answerer), is because there will

      oftentimes be a need to change codecs on the fly.  For example,

      during silence periods, an agent might like to switch to a comfort

      noise codec.  Or, if the user presses a number on the keypad, the

      agent might like to send that using RFC 2833 [9].  Congestion

      control might necessitate changing to a lower rate codec based on

      feedback.

   The offerer SHOULD send media according to the value of any ptime and

   bandwidth attribute in the answer.

   The offerer MAY immediately cease listening for media formats that

   were listed in the initial offer, but not present in the answer.

As the non-3GPP would use the preferred codec in normal cases, and other codecs may be used if there are valid reasons in particular circumstances as the meaning of "SHOULD", (G)MSC may initiate a 2nd round codec negotiation by re-INVITE would be considered quickly enough after the call is answered to limit the direct codec.

Furthermore, the current text of TR 29.802 suggests that the UPDATE request is preferred to the re-INVITE request to perform mid-call re-negotiation.  This is not consistent with RFC 3311, which states that "Although UPDATE can be used on confirmed dialogs, it is RECOMMENDED that a re-INVITE be used instead."  We propose text to more correctly reflect this recommendation.

Proposal

It is proposed to update the following text into the draft TR 211.802 v0.2.0.

5.7
Codec Negotiation 

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

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 codec negotiation that is required to support the OoBTC functionality.  Codecs identified in IETF RFC 3267 [18], IETF RFC 3551 [28] and IETF RFC 3555 [29] may be supported for OoBTC.  As a minimum, the mandatory codecs required to be supported are listed in 3GPP TS 23.153 [17].  

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. Then a second offer may be made identifying a single selected codec for the call/session that is being established.  See Figure 5.7.1.
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Figure 5.7.1: Codec Negotiation and Call Establishment with two Offer/Answer Method

Editor's Note: The second offer/answer exchange may also take place in the PRACK / 200 OK PRACK. 

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.  See Figure 5.7.2.
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Figure 5.7.2: Codec Negotiation and Call Establishment with single Offer/Answer Method

The answer may include additional codecs that were not present in the initial offer, but are supported by the answerer.  Receipt of such an answer is required to be supported for interworking with external SIP-I networks, however it is FFS whether this will be allowed within a 3GPP network (e.g. for TFO Harmonisation).

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 list 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 reordering of the codec information in the offer/answer mechanism.  

Therefore, the codec negotiation mechanism on the Nc interface shall use the offer/answer mechanism defined in Option 2 with the following clarifications:-

-
If the answer identifies a list of codecs, these shall be placed in a descending order of preference with the Selected Codec at the beginning of the list and the rest of the list comprised of the Available Codecs List.  

-
Mid-call 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.
-
If the answer contains more than one codec that cannot be supported simultaneously by the offerer, a second offer/answer negotiation is needed to limit the list to a single select codec. (G)MSC shall adopt corresponding behaviour as per the interworking case as table 5.7 for codec re-negotiation to get a single direct codec to avoiding codec flying in the SIP-I based CS network.

Table 5.7 (G)MSC behaviour for codec renegotiation

	Calling Party
	Called Party
	GMSC behaviour
	MSC behaviour

	3GPP CS network
	3GPP CS network
	Codec renegotiation is used before call is answered to limit the selected codec using either PRACK or UPDATE method.
	codec renegotiation is used before call is answered to limit the selected codec using either PRACK or UPDATE method

	3GPP CS network
	External SIP network with support of 100rel and UPDATE
	
	

	External SIP network with support of 100rel and UPDATE
	3GPP CS network
	
	

	3GPP CS network
	External SIP network with support of 100rel but without support of UPDATE
	Codec renegotiation is used before call is answered to limit the selected codec using PRACK method.
	

	External SIP network with support of 100rel but without of support of  UPDATE
	3GPP CS network
	Codec renegotiation may or may not be used before call is answered to limit the selected codec using PRACK method.
	

	3GPP CS network
	External SIP network without support of 100rel and UPDATE
	Codec renegotiation shall be used using re-INVITE method after the call is answered to limit the direct codec.
	

	External SIP network without support of 100rel and UPDATE
	3GPP CS network
	3GPP CS network may only return a single direct codec in the SDP answer, or initiate codec renegotiation after the call is answered.
	

	Note: Only a single direct codec shall be exist in the codec renegotiation SDP offer or SDP answer originating from 3GPP CS network.


Editor's Note:  A message flow for the two differing offer/answer exchange models shall be inserted here and referenced above.  A selection of the chosen model and detailed description of this model shall be defined within this section.  It is FFS whether the codec negotiation procedure shall be allowed to result in the selection of more than one codec as required e.g. as may be required to handle incoming modem call from PSTN
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Second Offer/Answer  includes a


single selected codec common to both


Offerer and Answerer.
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