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Annex B (normative):
Codec Negotiation between a BICC CS network and the IM CN subsystem

B.1
Introduction

This annex describes optional procedures for interworking of codec negotiation between a BICC CS network and the IM CN subsystem.  Codec negotiation is a mandatory aspect of the SDP offer/answer negotiation within the IM CN subsystem, and is an optional capability within a BICC CS network.  Normally codec negotiation procedures are applied independently within the two networks, typically requiring the insertion of a transcoder within the IM-MGW, as shown in Figure 31/1 in clause 8.1, between the codec selected for use within the BICC network and the codec selected for use within the IM CN subsystem.  Implementation of these optional codec negotiation interworking procedures enables allocation of transcoder-less user plane interworking procedures at the IM-MGW, as shown in Figure 31/2 of clause 8.1.  A transcoder-less bearer path usually provides better voice quality, uses fewer processing resources for transcoding, and delivers more efficient transport of compressed speech.

B.1.1
Codec negotiation within the IM CN subsystem

Within the IM CN subsystem, codec negotiation occurs during session establishment using SDP offer/answer procedures as documented in RFC 3264 [36].  Either the initiating or terminating endpoint of a SIP session can initiate an SDP offer/answer exchange at session initiation, during session establishment or during a stable call, using one of the procedures documented in RFC 3261 [19], RFC 3262 [x], or RFC 3311 [y].  Both endpoints can initiate as many SDP offer/answer exchanges as necessary during a session.  One endpoint (called the offerer) initiates an SDP offer/answer exchange by sending an SDP (called an SDP offer) to its peer with a list of codecs in priority order along with related parameters.  The other endpoint (called the answerer) responds to the SDP offer by either selecting the codec of interest and returning the selection in an SDP (called the SDP answer) back to the offerer, or rejecting the SDP offer with a suitably formatted SDP answer.  The answerer can optionally return an SDP answer with a list of codecs detailing its capabilities rather than a final codec selection, necessitating a second SDP offer/answer exchange to complete the negotiation.  

At the beginning of session establishment in the IM CN subsystem, the INVITE request usually carries the initial SDP offer, and the corresponding SDP answer is carried within a reliable 18x response.  If a second SDP offer/answer exchange is needed during initial codec negotiation, a PRACK request carries the second SDP offer and the response to the PRACK carries the corresponding SDP answer.  Mid-call SDP offer/answer exchanges within the IM CN subsystem are carried either within an UPDATE transaction according to RFC 3311[y] or within a re-INVITE transaction according to RFC 3261 [19].  UPDATE transactions usually occur before reaching the active phase of the call (before called party answer) and re-INVITE transactions can only occur during the active phase of the call.  RFC 3261 [19] and related RFCs support SDP offer/answer scenarios using other combinations of SIP messages, but they are not discussed in this annex since they are not specified for use within the IM CN subsystem.

B.1.2
Codec negotiation within a BICC CS network

Clause 8.3 of ITU-T Q.1902.4 [30] defines the optional codec negotiation procedure associated with call establishment.  Codec negotiation is applicable to all five variations of the bearer set-up procedure, as defined in clauses 7.4 and 7.5 of ITU-T Q.1902.4 [30].  One of these procedures will apply, depending on the variation selected within the BICC CS network.  In all cases, the serving node initiating codec negotiation includes a Supported Codec List within the IAM that it sends to its peer.  The Supported Codec List contains all the codecs offered for use during the call in priority order.  The serving node terminating codec negotiation selects the codec with the highest priority in the received Supported Codec List that is appropriate for the call and constructs the Available Codec List for the call by deleting the entries that cannot be used for the call.  The serving node terminating codec negotiations returns the Selected Codec and the Available Codec List to the serving node initiating codec negotiation in an APM.

Clauses 10.4.1 through 10.4.3 of ITU-T Q.1902.4 [30] define the codec modification procedure. Either endpoint involved in the call can initiate codec modification at any time during the active phase of a call once the bearer connection has been established, a codec has been selected, and the Available Codec List has been exchanged among the serving nodes.  The serving node initiating codec modification can either modify the selected codec to a new one in the Available Codec List and/or modify the Available Codec List to a subset of the previous Available Codec List.  The serving node terminating codec modification can either accept or reject the change in an APM towards the serving node initiating codec modification.

Clauses 10.4.4 through 10.4.6 of ITU-T Q.1902.4 [30] define the mid-call codec negotiation procedure.  Either endpoint involved in the call can initiate mid-call codec negotiation at any time during the active phase of a call once the bearer connection has been established.  The serving node initiating codec negotiation includes a Supported  Codec List within an APM that it sends to its peer.  The Supported Codec List contains all the codecs offered for use during the call in priority order.  The serving node terminating codec negotiation can either accept or reject the codec negotiation.  When accepting the codec negotiation, the serving node terminating codec negotiation selects the codec with the highest priority in the received Supported Codec List that is appropriate for the call and constructs the Available Codec List for the call by deleting the entries that cannot be used for the call.  If it accepts the codec negotiation, the serving node terminating codec negotiations returns the Selected Codec and the Available Codec List to the serving node initiating codec negotiation in an APM.  The Selected Codec can be the same as the one resulting from the previous codec negotiation or can be different.  The serving node initiating codec negotiation can either accept or reject the changes to the Selected Codec and the Available Codec List in an APM towards the serving node terminating codec negotiation.

B.1.3
Interworking codec negotiation procedures

The BICC codec negotiation procedures are similar to but not identical with the SDP offer/answer procedures as used in the IM CN subsystem.  In the IM CN subsystem, initial codec negotiation occurs in two phases.  In the first phase, the offerer and answerer exchange codec capabilities, and in the second phase, the offerer selects the codec to be used for the session.  In the BICC codec negotiation procedure, the serving node terminating codec negotiation picks the Selected Codec for the call.  The following clause describes interworking procedures to adapt between nuances of the two networks.  Note that the procedures of Annex A of ITU-T Q.1912.5 [49] do not apply since the differences between the Nb and Mb interfaces, as discussed in clause 8.1, always require the allocation of a media intermediary at the IM-MGW between the networks.  The procedures of Annex A of ITU-T Q.1912.5 do apply when both the BICC and SIP networks use the same media bearer technology, and there is no need to allocate a media intermediary.

B.2
Control plane interworking

B.2.1
Incoming call interworking from SIP to BICC at I-MGCF

B.2.2
Incoming call interworking from BICC to SIP at O-MGCF

B.2.3
Mid-call interworking from SIP to BICC at I-MGCF or O-MGCF

B.2.4
Mid-call interworking from BICC to SIP at I-MGCF or O-MGCF

B.2.5
Codec parameter translation between BICC CS network and the IM CN subsystem

B.3
MGCF – IM-MGW interaction during interworking of codec negotiation
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