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- has developed the GSMA PRD IR.92 - a profile for IMS Voice, Supplementary Services and SMS over IMS sent over LTE. The profile also includes support of real time text (ITU-T Recommendation T.140).
- is developing the GSMA PRD IR.94 - a profile for IMS Profile for Conversational Video Service over LTE.

The IR.92 profile aims to:
· outline the least common denominator set of features for vendors to implement to secure interoperability for a basic voice service. 

· be forward compatible in that sense that the features being part of 3GPP Multimedia Telephony (and other) specifications not mentioned in the profile can be implemented in the UEs and the network and work together with the minimum set.

The minimum requirement for voice transfer in IR.92 includes:

· no use of RTCP-APP based adaptation,

· RTCP bandwidth is negotiated to be 0 kbps (unless on hold and unless used with other media),

· AVP used as the RTP transport format.

The IR.94 profile:

· is based on IR.92 profile;

· adds video service on top of the basic audio service of IR.92

· is forward compatible in that sense that the features being part of 3GPP Multimedia Telephony (and other) specifications not mentioned in the profile can be implemented in the UEs and the network and work together with the minimum set.

The minimum requirement for video transfer in IR.94 includes:

· AVPF used as the RTP transport format

Hence:

- neither IR.92 profile nor IR.94 profile require SDPCapNeg. 
- if IR.92 profile is used on its own, there is no need to implement AVPF. 

26.114 Rel-7 and Rel-8 has already been aligned with IR.92 (SP-100017) and updates for IR.94 are under discussion in SA4. However, 24.229 still requires support of AVPF and SDPCapNeg.
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****************** change 1 ******************

6.1.2
Handling of SDP at the originating UE

An INVITE request generated by a UE shall contain a SDP offer and at least one media description. The SDP offer shall reflect the calling user's terminal capabilities and user preferences for the session.

If the desired QoS resources for one or more media streams have not been reserved at the UE when constructing the SDP offer, the UE shall:

- 
indicate the related local preconditions for QoS as not met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value "optional" for the remote segment, if the UE supports the precondition mechanism (see subclause 5.1.3.1); and,

- 
set the related media streams to inactive, by including an "a=inactive" line, according to the procedures described in RFC 4566 [39], unless the UE knows that the precondition mechanism is supported by the remote UE.
NOTE 1:
When setting the media streams to the inactive mode, the UE can include in the first SDP offer the proper values for the RS and RR modifiers and associate bandwidths to prevent the receiving of the RTCP packets, and not send any RTCP packets.

If the desired QoS resources for one or more media streams are available at the UE when the SDP offer is sent, the UE shall indicate the related local preconditions as met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value "optional" for the remote segment, if the UE supports the precondition mechanism (see subclause 5.1.3.1).
NOTE 2: 
If the originating UE does not support the precondition mechanism it will not include any precondition information in SDP.

Upon generating the SDP offer for an INVITE request generated after receiving a 488 (Not Acceptable Here) response, as described in subclause 5.1.3.1, the UE shall include SDP payload containing a subset of the allowed media types, codecs and other parameters from the SDP payload of all 488 (Not Acceptable Here) responses related to the same session establishment attempt (i.e. a set of INVITE requests used for the same session establishment). For each media line, the UE shall order the codecs in the SDP payload according to the order of the codecs in the SDP payload of the 488 (Not Acceptable Here) responses.

NOTE 3:
The UE can attempt a session establishment through multiple networks with different policies and potentially can need to send multiple INVITE requests and receive multiple 488 (Not Acceptable Here) responses from different CSCF nodes. The UE therefore takes into account the SDP contents of all the 488 (Not Acceptable Here) responses received related to the same session establishment when building a new INVITE request.

Upon confirming successful local resource reservation, the UE shall create an SDP offer in which: 

-
the related local preconditions are set to met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64]; and

-
the media streams previously set to inactive mode are set to active (sendrecv, sendonly or recvonly) mode.
Upon receiving an SDP answer, which includes more than one codec per media stream, excluding the in-band DTMF codec, as described in subclause 6.1.1, the UE shall send an SDP offer at the first possible time, selecting only one codec per media stream.

If the UE sends an initial INVITE request that includes only an IPv6 address in the SDP offer, and receives an error response (e.g., 488 (Not Acceptable Here) with 301 Warning header field) indicating "incompatible network address format", the UE shall send an ACK as per standard SIP procedures. Subsequently, the UE may acquire an IPv4 address or use an existing IPv4 address, and send a new initial INVITE request to the same destination containing only the IPv4 address in the SDP offer.

NOTE 4:
If the first SDP offer sent by the UE not supporting RFC 5939 [137] includes a video media component transported using RTP/AVPF as specified in RFC 4585 [135] then upon receiving an SDP answer, with port of video media component set to zero, to the first SDP offer, the UE can send another SDP offer at the first possible time, offering video media component transported using RTP/AVP as specified in RFC 3551 [55A].

****************** change 2 ******************

A.3.2.1
Major capabilities

Table A.317: Major capabilities

	Item
	Does the implementation support
	Reference
	RFC status
	Profile status

	
	Capabilities within main protocol
	
	
	

	x
	video?
	[8H]
	n/a
	o

	
	
	
	
	

	
	Extensions
	
	
	

	22
	integration of resource management and SIP?
	[30] [64]
	o
	c14

	23
	grouping of media lines?
	[53]
	c3
	c3

	24
	mapping of media streams to resource reservation flows?
	[54]
	o
	c1

	25
	SDP bandwidth modifiers for RTCP bandwidth?
	[56]
	o
	o (NOTE 1)

	26
	TCP-based media transport in the session description protocol?
	[83]
	o
	c2

	27
	interactive connectivity establishment?
	[99]
	o
	c4

	28
	session description protocol format for binary floor control protocol streams?
	[108]
	o
	o

	29
	extended RTP profile for real-time transport control protocol (RTCP)-based feedback (RTP/AVPF)?
	[135]
	o
	c5

	30
	SDP capability negotiation?
	[137]
	o
	c6

	31
	Session Description Protocol (SDP) extension for setting up audio media streams over circuit-switched bearers in the Public Switched Telephone Network (PSTN)?
	[155]
	o
	c7

	32
	miscellaneous capabilities negotiation in the Session Description Protocol (SDP)?
	[156]
	o
	c7

	33
	transport independent bandwidth modifier for the Session Description Protocol?
	[152]
	o
	c8

	38
	SDP media capabilities negotiation?
	[172]
	o
	c12

	39
	Message Session Relay Protocol?
	[178]
	o
	c17

	41
	a SDP offer/answer mechanism to enable file transfer?
	[185]
	o
	o

	c1:
IF A.3/1 THEN m ELSE n/a - - UE role.

c2:
IF A.3/1 OR A.3/6 OR A.3/7 THEN o ELSE n/a - - UE, MGCF, AS. 

c3:
IF A.317/24 THEN m ELSE o - - mapping of media streams to resource reservation flows.

c4:
IF A.3/9B THEN m ELSE IF A.3/1 OR A.3/6 THEN o ELSE n/a - - IBCF, UE, MGCF.

c5:
IF (A.3A/50 AND A.317/x) OR A.3A/50A OR A.3/6 OR A.3/9B THEN m ELSE o - - multimedia telephony service participant, video, multimedia telephony service application server, MGCF, IBCF.

c6:
IF A.3A/50A OR A.3/6 OR A.3/9B THEN m ELSE o - - multimedia telephony service application server, MGCF, IBCF.

c7: 
IF A.3A/82 OR A.3A/83 THEN m ELSE o - - ICS user agent, SCC application server.

c8:
IF A.317/25 AND (A.3/1 OR A.3/6) THEN o ELSE n/a - - SDP bandwidth modifiers for RTCP bandwidth, UE, MGCF.

c12:
IF A.3A/82 OR A.3A/83 THEN m ELSE o - - ICS user agent, SCC application server.

c14:
IF A.4/2C THEN m ELSE o - - initiating a session which require local and/or remote resource reservation.

c17:
IF A.3A/33B OR A.3A/34 THEN m ELSE IF A.3A/8 OR A.3A/9 THEN o ELSE n/a - - session-mode messaging participant, session-mode messaging intermediate node, IBCF, MRFC.

	NOTE 1:
For "video" and "audio" media types that utilise RTP/RTCP, if the RTCP bandwidth level for the session is different than the default RTCP bandwidth as specified in RFC 3556 [56], then, it shall be specified. For other media types, it may be specified.


