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4.7.2.1	Actions at the originating UE
Procedures according to 3GPP TS 24.229 [1] shall apply.
Certain services require the usage of the Alert-Info header field, Call-Info header field and Error-Info header field according to procedures specified by IETF RFC 3261 [4].
If the UE detects that in-band information is received from the network as early media, the in-band information received from the network shall override locally generated communication progress information.
NOTE 1:	In-band information received from the network overrides any locally generated communication progress information also when the most recently received P-Early-Media header fields of all early dialogs contain "inactive" or "recvonly".
NOTE 2:	When multiple early dialogs exist with authorization as "sendrecv" or "sendonly", the mechanism used by the UE to associate the received early media with the correct early dialog is unspecified in this version of this specification.
The UE shall not generate the locally generated communication progress information if an early dialog exists where the last received P-Early-Media header field as described in IETF RFC 5009 [12] contains "sendrecv" or "sendonly".
If an early dialog exists where a SIP 18x response to the SIP INVITE request other than 183 (Session Progress) response was received, no early dialog exists where the last received P-Early-Media header field as described in IETF RFC 5009 [12] contained "sendrecv" or "sendonly" and in-band information is not received from the network, then the UE is expected to render the locally generated communication progress information.
NOTE 3:	According to 3GPP TS 22.173 [23] the UE for an MMTel session generates the communication progress information specified in clause F.2 of 3GPP TS 22.001 [24], with parameters applicable for the home network of the UE.
If the UE supports the P-Early-Media header field as defined in IETF RFC 5009 [12], and at least one P-Early-Media header field has been received on at least one early dialog, then the UE shall send any available user generated media, e.g. speech or DTMF, on media stream(s) associated with the early dialog for which the most recent P-Early-Media header field, as described in IETF RFC 5009 [12], contained a "sendrecv" header field value. If there is more than one such early dialog, the UE shall use the early dialog where the P-Early-Media header field was most recently received.
If the UE receives a re-INVITE request containing no SDP offer, the UE shall send a 200 (OK) response containing an SDP offer according to 3GPP TS 24.229 [1] indicating the directionality used by UE as
-	"sendonly" if the re-INVITE request is received on a dialog where the associated communication session has been put on hold by the user or has been put on hold by both users at both ends; and
-	"sendrecv" otherwise.
[bookmark: OLE_LINK2][bookmark: _GoBack]During the established communication, if a video stream is provided with the media level attribute "a=content: g.3gpp.announce_ni" as specified in Annex X, the UE shall play this video stream without confirmation with the user if it is allowed to play video without confirmation based on local policy.
[bookmark: _Toc20208215][bookmark: _Toc36035380]4.7.2.10	Action at the terminating UE
Certain services require the usage of the Alert-Info header field and Call-Info header field according to procedures specified by IETF RFC 3261 [4].
If the UE receives a re-INVITE request containing no SDP offer, the UE shall send a 200 (OK) response containing an SDP offer according to 3GPP TS 24.229 [1] indicating the directionality used by UE as
-	"sendonly" if the re-INVITE request is received on a dialog where the associated communication session has been put on hold by the user; and
-	"sendrecv" otherwise.
[bookmark: _Toc20208205][bookmark: _Toc36035370]During the established communication, if a video stream is provided with the media level attribute "a=content: g.3gpp.announce_ni" as specified in Annex X, the UE shall play this video stream without confirmation with the user if it is allowed to play video without confirmation based on local policy.
4.7.2.9.1	Providing announcements during an established communication session
The AS may use the Call-Info header field according to procedures specified by IETF RFC 3261 [4] to provide an announcement during an established communication session.
The AS may send an in-band message or media using an existing media-stream to provide an announcement during an established communication session. The AS may re-negotiate the media to a media type suitable for the announcement.
The AS may add a new media stream in addition to the existing media stream by SDP re-negotiation to provide an announcement using different media than in the existing media stream (e.g., providing video stream with audio stream) during an established communication session. In the re-negotiation for providing video announcement, based on the operator policy, the AS may include an SDP a=content media-level attribute as specified in RFC 4796 [xx], with a "g.3gpp. announce_ni" value as specified in Annex X in the SDP offer.
Annex X (normative):
SDP a=content attribute "g.3gpp.announce_ni" value
X.1	Introduction
IANA registration table: "content SDP Parameters" table of "Session Description Protocol (SDP) Parameters" registry
IANA registry: A new value "g.3gpp.announce_ni" for the SDP a=content media-level attribute defined in RFC 4796 [xx].
Reference: 3GPP TS 24.628, http://www.3gpp.org/ftp/Specs/archive/24_series/24.628/
X.2	Usage
This value "g.3gpp.announce_ni" is used only for informative purposes, to indicate an SDP media description is for the announcement service and the announcement stream shall be played without user confirmation. The "a=content" media-level attribute with a "g.3gpp.announce_ni" value can be inserted into the SDP offer by the AS for providing a video announcement during an established communication.

