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5.3.2
Preconditions not used at IMS side


5.3.2.1
Interactions between H.245 and SIP/SDP
Figure 5.3.2.1.1 shows examples of interactions between H.245 and SIP/SDP for IM CN subsystem originated session. Most SIP and ISUP or BICC messages are intentionally omitted, since the SDP may be embedded in various SIP messages and since the in‑band H.245 Messages are not tightly coupled with out-of-band ISUP or BICC messages. Examples on how the depicted SDP and H.245 messages may be embedded in an SIP and BICC/ISUP Callflow are given in the subsequent Clauses.

Figure 5.3.2.1.1 assumes that the IMS peer does not use the SIP precondition extension.
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Figure 5.3.2.1.1 Interactions between H.245 and SIP/SDP for IM CN subsystem originated session.
IMS peer does not use SIP preconditions.
Upon receipt of a SIP INVITE request containing speech and video Codecs (signal 1 in Figure 5.3.2.1.1) the Interworking Node (consisting of MGCF and IM-MGW) starts the call set-up for multimedia call at the CS side by sending an IAM requesting an UDI bearer (signal 2 in Figure 5.3.2.1.1).

If no unmet local SDP preconditions are contained in signal 1, the Inter‑working node should defer sending an SDP answer until the H.245 negotiation is completed. 

After the completion of the H.223 bearer setup at the Cs side, the Inter‑working Node shall send a Terminal Capability Set message describing its own capabilities (signal 4 in Figure 5.3.2.1.1). Unless the Inter‑working Node supports transcoding, the Inter‑working Node shall only send codecs that have been offered at the IM CN subsystem side (as received in signal 1 in Figure 5.3.2.1.1) within this message.

The Inter‑working Node will receive a H.245 Terminal Capability Set message describing the supported Codecs at the peer´s side (signal 6 in Figure 5.3.2.1.1).

The codecs contained both in the sent and received terminal capability set message may be selected at the CS side. The final decision of the selected codecs at the CS side is taken when the H.245 open logical Channels message (signal 7 in Figure 5.3.2.1.1) is sent or received. The direction of this message is determined by the H.245 master-slave determination procedure.

If the Inter‑working Node does not transcode, it shall send an SDP answer (signal 7 in Figure 5.3.2.1.1) indicating the codecs selected within the H.245 negotiation after the completion of the H.245 negotiation.

5.3.2.2
Early media at the CS side through-connected

5.3.2.2.1
BICC with SCUDIF
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Figure 5.3.2.2.1.1 Interactions between BICC and SIP/SDP for IM CN subsystem originated session.
No SDP preconditions at the IMS side.
Backward and Forward early media through-connected at Cs side

Figure 5.3.2.2.1.1 shows examples of interactions between BICC and SIP/SDP for IM CN subsystem originated session.  It is assumed that SCUDIF is applied at the BICC side and the SIP preconditions extension is used at the IMS side. Furthermore, backward and forward early media are through-connected at the Cs side, allowing the H.245 negotiation to progress before the CS side BICC or ISUP call establishment is completed.

The same example Callflow is depicted in Figure 5.3.2.1.1 and Figure 5.3.2.2.1.1.  Signal 7 of Figure 5.3.2.1.1 maps to signal 11of Figure 5.3.2.2.1.1. Signal 4, 5 and 6 of Figure 5.3.2.1.1 are included in box 7 of Figure 5.3.2.2.1.1

If SCUDIF Fallback occurs on the CS side, the APM message (signal 4 in Figure 5.3.2.2.1.1) contains a speech codec as “Selected Codec”. The MGCF shall then disable the video “m-line” in the first SDP answer in signal 11 in Figure 5.3.2.2.1.1 and complete the call-setup in the same way as for a normal speech call.

5.3.2.2.2
BICC without SCUDIF

Editor´s Note:
It is FFS if the use cases of BICC without SCUDIF and ISUP can be described together.

5.3.2.2.3
ISUP

5.3.2.2.3.1
Session establishment
Figure 5.3.2.2.3.1.1 shows an example of interactions between ISUP and SIP/SDP for IM CN subsystem originated session.  It is assumed that no preconditions extension is used at the IMS side. Furthermore, backward and forward early media are through-connected at the CS side, allowing the H.245 negotiation to progress before the CS side ISUP call establishment is completed.

Based on the video and audio media request in the incoming SIP INVITE message, the inter‑working node generates an IAM message with a BCIE indicating UDI and H.223 & H.245 towards the CS network.  After the H.245 in‑band negotiation is completed in the CS leg, the inter‑working node terminates the SIP/SDP offer answer procedure in the IM CN leg to correspond to the H.245 negotiation results and its own audio coding capabilities by the SIP 200 OK with relevant media parameters, message 10.
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Figure 5.3.2.2.3.1.1 Interactions between ISUP and SIP/SDP for IM CN subsystem originated session.
No SDP preconditions at the IMS side.
Backward and Forward early media through-connected at CS side

5.3.2.2.3.2
Fallback to speech at session establishment
If the called CS terminal or network rejects the video call setup by sending a REL message to the MGCF, the MGCF releases the CS video call being established, re-establishes the CS call in a speech only mode sending a new IAM with a speech BCIE to the CS network and updates the IM CN leg codecs to a audio only codec (refer to message 10 in figure 5.3.2.2.3.1.1, only m=AMR indicated in the 200 OK(INVITE) message). Then the call/session continues as in a speech only case.  If the inter‑working node does not support the fallback, it may release the session.
5.3.2.3
Early media at the CS side not through-connected

5.3.2.3.1
BICC with SCUDIF

5.3.2.3.2
BICC without SCUDIF

Editor´s Note:
It is FFS if the use cases of BICC without SCUDIF and ISUP can be described together.

5.3.2.3.3
ISUP

5.3.2.3.3.1
Session establishment
Figure 5.3.2.3.3.1.1 shows an example of interactions between ISUP and SIP/SDP for IM CN subsystem originated session.  It is assumed that no preconditions extension is used at the IMS side. Furthermore, backward and forward early media are not through-connected at the CS side, allowing the H.245 negotiation to progress only after the CS side ISUP call establishment is completed.

Based on the video and audio media request in the incoming SIP INVITE message, the inter‑working node generates an IAM message with a BCIE indicating UDI and H.223 & H.245 towards the CS network.  After the H.245 in‑band negotiation is completed in the CS leg, the inter‑working node answeres the SDP to select the media in the IM CN leg, to correspond to the H.245 negotiation results and its own audio coding capabilities by sending the SIP 200 OK(INVITE), which the interworking node has deferred until then,.
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Figure 5.3.2.3.3.1.1 Interactions between ISUP and SIP/SDP for IM CN subsystem originated session.
No SDP preconditions at the IMS side.
Backward and Forward early media not through-connected at CS side
5.3.2.3.3.2
Fallback to speech at session establishment
Fallback to speech is described in figure 5.3.2.3.3.2.1. Fallback to speech is applied, if the called CS terminal or network rejects the video call setup.  When the MGCF receives a REL message as a response to the IAM message with a video call request, the MGCF releases the CS video call being established, re-establishes the CS call in a speech only mode sending a new IAM with a speech BCIE to the CS network. The MGCF accepts only with the speech codec (m=AMR) from the SDP offer in the INVITE when sending the 200 OK to INVITE, message 11. Then the call/session continues as in a speech only case.  

If the inter‑working node does not support the fallback, it may release the session.
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Figure 5.3.2.3.3.2.1 Interactions between ISUP and SIP/SDP for IM CN subsystem originated session.
No SDP preconditions, early media not through-connected.
Fallback to speech
Next modified Clause 

5.4.3
Preconditions not used by IMS terminal
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