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E.2.3.3
Fallback to speech at session establishment

If SCUDIF Fallback (see 3GPP TS 23.172 [115]) occurs on the CS side, the APM message contains a speech codec as "Selected Codec". The MGCF shall then disable the video "m-line" in the first SDP answer, if not yet sent, and complete the call-setup in the same way as for a normal speech call. If the SDP answer was already sent (precondition used), the MGCF shall update the SIP session to speech by sending a SIP UPDATE message with a relevant SDP. 

If in a non-SCUDIF case (ISUP or BICC without SCUDIF) 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 speech only codec. Then the call/session continues as in a speech only case. If the interworking node does not support the fallback, it shall release the session.
Next modified clause

E.2.4.1.3
Fallback to speech during call setup
The called party can reject the video component in the SDP offer (signal 2 in figure E.2.4.1.1) by returning an SDP answer where the video related m-line is disabled (in signal 3 in figure E.2.4.1.1).
If the MGCF receives an SDP answer during call setup where the video related m-line is disabled, it shall react as follows:

-
If the MGCF has received a SCUDIF call setup from the CS side (MuMe and speech codecs in IAM message, see 3GPP TS 23.172 [115]), the MGCF shall apply a SCUDIF fallback to speech on the CS side. The MGCF shall use a speech codec as Selected Codec and exclude the MuMe codec from the available codec list.
-
If the MGCF has received a multimedia call setup without SCUDIF from the CS side, and the CS network supports CS fallback, the MGCF should terminate the call.
NOTE 1:
A call termination can trigger the caller´s device to set up a new speech call.

NOTE 2:
Other procedures to maintain the CS call, e.g. dissabling the video componet on the CS side or providing a suitable video announcement and discarding received video media from the CS side, are FFS.
Next modified clause

E.2.5.2.1


SCUDIF

E.2.5.2.1.0
General

SCUDIF is standardised in 3GPPP TS 23.172 [115].
E.2.5.2.1.1
IM CN subsystem originated change

E.2.5.2.1.1.1
Change from multimedia to speech

Figure E.2.5.2.1.1.1.1 shows an IM CN subsystem originated modification from multimedia to speech during an ongoing session when the CS leg supports BICC. The interworking node receives an INVITE message that indicates the dropping of the video media from the session, message 1.  The interworking node can only accept the dropping of the media component and sends a corresponding codec modification request to the BICC network, message 2, and acknowledges the INVITE with a 200 OK message. The BICC network indicates a successful codec modification, message 5.
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Figure E.2.5.2.1.1.1.1: IM CN subsystem originated modification
from multimedia to speech when the CS leg supports BICC
Editor's note:
Handling of a case, where a codec is received in BICC negotiation but not included in the available codec list negotiated previously, is ffs.

E.2.5.2.1.1.2
Change from speech to multimedia

Figure E.2.5.2.1.1.2.1 shows an IM CN subsystem originated modification from speech to multimedia during an ongoing session when the CS leg supports BICC. The interworking node receives an INVITE message that offers the adding of a video media to the ongoing speech session, message 1. The interworking node accepts the offer and sends a corresponding codec modification request to the BICC network, message 2. The BICC network indicates a successful codec modification, message 3. The interworking node acknowledges the INVITE with a 200 OK message after the MONA or H.245 in‑band negotiation in step 4 is completed.
If the codec modification is not successful in the BICC network, the interworking node responds to the INVITE message with the speech codec in the 200 OK message to retain the speech only session.
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Figure E.2.5.2.1.1.2.1: IM CN subsystem originated modification
from speech to multimedia when the CS leg supports BICC
E.2.5.2.1.2
CS network originated change

E.2.5.2.1.2.1
Change from multimedia to speech

Figure E.2.5.2.1.2.1.1 shows a CS network originated modification from multimedia to speech during an ongoing session when the CS leg supports BICC. The interworking node receives a Modify Codec message that indicates the dropping of the video media from the session, message 1. The interworking node accepts the dropping of the video component and sends a corresponding INVITE message to the IM CN subsystem, message 2, and acknowledges the codec modification request to the BICC network, message 3. The IM CN subsystem acknowledges the INVITE dropping the video media with a 200 OK, message 4.
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Figure E.2.5.2.1.2.1.1: CS network originated modification
from multimedia to speech when the CS leg supports BICC
E.2.5.2.1.2.2
Change from speech to multimedia

Figure E.2.5.2.1.2.2.1 shows a CS network originated modification from speech to multimedia during an ongoing session when the CS leg supports BICC. The interworking node receives a Modify Codec message that indicates the adding of a video media to the ongoing speech session, message 1. The interworking node accepts the offer and sends a corresponding INVITE message to the IM CN subsystem, message 2. The IM CN subsystem acknowledges the INVITE adding the video media with a 200 OK, message 3, and acknowledges the codec modification request to the BICC network, message 4. The interworking node may have to update the codecs, messages 7 and 8, after the MONA or H.245 in‑band negotiation in step 6.
If the IM CN subsystem does not accept the addition of the video media to the session, the interworking node rejects the modify codec request to retain the speech only session.
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Figure E.2.5.2.1.2.2.1: CS network originated modification
from speech to multimedia when the CS leg supports BICC
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