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7.4.10.2
Session hold initiated from the CS network side

If an MSC receives a CPG message with "remote hold" and there is no dialog established towards the UE the MGCF shall send an UPDATE or re-INVITE request containing an SDP with "sendonly" or "inactive" media, as described in RFC 3264 [36], when the first established dialog is established.

When an MGCF receives a CPG message with a "remote hold" Generic notification indicator and the media on the IMS side are not “sendonly” or “inactive”, the MGCF shall forward the hold request by sending an UPDATE or re-INVITE message on the early dialog which was last established containing SDP with "sendonly" or "inactive" media, as described in RFC 3264 [36]. 

If additional early dialog is established during the "remote hold" condition the MGCF shall send UPDATE or re-INVITE request containing an SDP with "sendonly" or "inactive" media on the new established dialog , as described in RFC 3264 [36].
If an UPDATE request with an SDP offer is received on one of the early dialogs for a call in the "remote hold" condition the MGCF shall send an appropriate SDP answer followed by a new UPDATE request including SDP with "sendonly" or "inactive" media on the dialog , as described in RFC 3264 [36].
If a MGCF receives a 200 OK response on a dialog for which the call is "remote hold" condition the MGCF shall send UPDATE or re-INVITE request containing an SDP with "sendonly" or "inactive" media on the dialog where 200 OK was received, as described in RFC 3264 [36]. If received SDP is indicating "sendonly" and the Contact header field of the remote party contained an "isfocus" header field parameter, defined in IETF RFC 3840 [X], the MGCF shall order the MGW to disconnect the media towards the IMS.
If the MGCF receives a CPG with Generic Notification Indicator "remote retrieval" for a early dialog then a SIP UPDATE request (indicating call retrieval) shall be sent if the call hold service had been invoked on the early dialog before. For each subsequent early dialog for which the MSC receives an 18x response or an UPDATE request with an SDP offer, the MSC shall sent SIP UPDATE indicating call retrieval after a possible SDP answer to the SDP offer, if that dialog had received a call hold indication before. 

If the MGCF receives a CPG with Generic Notification Indicator "remote retrieval" on a confirmed dialog then a SIP RE-INVITE or UPDATE request (according to implementation option]) shall be sent for this dialog only if the call hold service had been invoked for this dialog before. If the media path towards the IMS was disconnected due to an "isfocus" header field parameter, defined in IETF RFC 3840 [X], in the remote party Contact header field, media shall be resumed.
When an MGCF receives a CPG message with a "remote retrieval" Generic notification indicator and the media on the IMS side are not "sendrecv" or "recvonly", the MGCF shall forward the resume request by sending an UPDATE or re-INVITE message containing SDP with "sendrecv" or "recvonly" media, as described in RFC 3264 [36]. If the media path towards the IMS was disconnected due to an "isfocus" header field parameter, defined in IETF RFC 3840 [X], in the remote party Contact header field, media shall be resumed.
If the MGCF receives a CPG with "remote hold"’ or "remote retrieval" before answer, it shall forward the request using an UPDATE message. If the MGCF receives a CPG with "remote hold" or "remote retrieval" after answer, it should forward the request using re-INVITE but may use UPDATE.

If link aliveness information is required at the IM-MGW while the media are on hold, the O-MGCF should provide modified SDP RR and RS bandwidth modifiers specified in IETF RFC 3556 [59] within the UPDATE or re-INVITE messages holding and retrieving the media to temporarily enable RTCP while the media are on hold, as detailed in Clause 7.4 of 3GPP TS 26.236 [32]. If no link aliveness information is required at the IM-MGW, the O-MGCF should provide the SDP RR and RS bandwidth modifiers previously used.

The interworking does not impact the user plane with the following exceptions;
-
the MGCF provides modified SDP RR and RS bandwidth modifiers within the UPDATE or re-INVITE messages;or

-
the Contact header of the IMS remote party contains the "isfocus" header field parameter.

If the MGCF provides modified SDP RR and RS bandwidth modifiers to the IMS side, the MGCF shall also provide modified SDP RR and RS bandwidths to the IM-MGW, as described in the clause 9.2.10. If the Contact header of the IMS remote party contains the "isfocus" header field parameter, defined in IETF RFC 3840 [X], media shall not be provided towards the IMS network.
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Figure 30b Session hold/resume initiated from the CS network side
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