

	
3GPP TSG-CT WG1 Meeting #124-e	C1-203679
Electronic meeting, 2-10 June 2020											   
	CR-Form-v12.0

	CHANGE REQUEST

	

	
	24.379
	CR
	0614
	rev
	-
	Current version:
	15.7.0
	

	

	For HELP on using this form: comprehensive instructions can be found at 
http://www.3gpp.org/Change-Requests.

	



	Proposed change affects:
	UICC apps
	
	ME
	X
	Radio Access Network
	
	Core Network
	X



	

	Title:	
	SSRC handling for implicit floor request case

	
	

	Source to WG:
	Samsung

	Source to TSG:
	C1

	
	

	Work item code:
	MCImp-eMCPTT-CT
	
	Date:
	2020-05-19

	
	
	
	
	

	Category:
	A
	
	Release:
	Rel-15

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)
Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	[bookmark: OLE_LINK1]Use one of the following releases:
Rel-8	(Release 8)
Rel-9	(Release 9)
Rel-10	(Release 10)
Rel-11	(Release 11)
Rel-12	(Release 12)
Rel-13	(Release 13)
Rel-14	(Release 14)
Rel-15	(Release 15)
Rel-16	(Release 16)

	
	

	Reason for change:
	No procedure is defined to handle the SSRC in case of implicit floor request with/without implicit grant support in 3GPP TS 24.379.

	
	

	Summary of change:
	Introduced the new media fmtp attribute to support the ssrc value in case of implicit floor request with/without implicit grant support.

	
	

	Consequences if not approved:
	[bookmark: _GoBack]Incomplete functionalities for SSRC support and without this implicit floor request support with ssrc, the solution will not functional as expected

	
	

	Clauses affected:
	2, 6.2.1

	
	

	
	Y
	N
	
	

	Other specs
	
	X
	 Other core specifications	
	TS/TR ... CR ... 

	affected:
	
	X
	 Test specifications
	TS/TR ... CR ... 

	(show related CRs)
	
	X
	 O&M Specifications
	TS/TR ... CR ... 

	
	

	Other comments:
	

	
	

	This CR's revision history:
	



Page 1
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* * * * * * NEXT CHANGE * * * * * * *
[bookmark: _Toc11409184][bookmark: _Toc27499512]6.2.1	SDP offer generation
The SDP offer shall contain only one SDP media-level section for MCPTT speech according to 3GPP TS 24.229 [4] and, if floor control shall be used during the session, shall contain one SDP media-level section for a media-floor control entity according to 3GPP TS 24.380 [5].
When composing an SDP offer according to 3GPP TS 24.229 [4] the MCPTT client:
1)	shall set the IP address of the MCPTT client for the offered MCPTT speech media stream and, if floor control shall be used, for the offered media-floor control entity;
NOTE:	If the MCPTT client is behind a NAT the IP address and port included in the SDP offer can be a different IP address and port than the actual IP address and port of the MCPTT client depending on the NAT traversal method used by the SIP/IP Core.
2)	shall include an "m=audio" media-level section for the MCPTT media stream consisting of:
a)	the port number for the media stream selected; and
b)	the codec(s) and media parameters and attributes with the following clarification:
i)	if the MCPTT client is initiating a call to a group identity;
ii)	if the <preferred-voice-encodings> element is present in the group document retrieved by the group management client as specified in 3GPP TS 24.481 [31] containing an <encoding> element with a "name" attribute; and
iii)	if the MCPTT client supports the encoding name indicated in the value of the "name" attribute;
then the MCPTT client:
i)	shall insert the value of the "name" attribute in the <encoding name> field of the "a=rtpmap" attribute as defined in IETF RFC 4566 [12];
c)	if the SDP offer is for an ambient listening call:
i)	if this is a remotely initiated ambient listening call, include an "a=recvonly" attribute; or
ii)	if this is a locally initiated ambient listening call, include an "a=sendonly" attribute; and
d)	"i=" field set to "speech" according to 3GPP TS 24.229 [4]; and
e)	if the MCPTT client is initiating a call with implicit floor request:
i)	include an "a=ssrc" attribute as specified in IETF RFC 5576 [84]; 
3)	if floor control shall be used during the session, shall include an "m=application" media-level section as specified in 3GPP TS 24.380 [5] clause 12 for a media-floor control entity, consisting of:
a)	the port number for the media-floor control entity selected as specified in 3GPP TS 24.380 [5]; and
b)	the 'fmtp' attributes as specified in 3GPP TS 24.380 [5] clause 14; and
4)	if end-to-end security is required for a private call and the SDP offer is not for establishing a pre-established session, shall include the MIKEY-SAKKE I_MESSAGE in an "a=key-mgmt" attribute as a "mikey" attribute value in the SDP offer as specified in IETF RFC 4567 [47].
* * * * * * * END CHANGES * * * * * * *
