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Introduction
Operators have expressed a high interest on deploying LTE (E-UTRAN) networks as soon as the LTE technology is mature enough for commercial networks. Since LTE does not support CS domain, voice over LTE will be packet based, relying on IMS core network. As 3GPP IMS specs would provide a quite feature-rich service platform, it is expected that the early voice over LTE implementations would only support a subset of the features specified by 3GPP for IMS. Not having any market-wide coordination for selecting such a subset could affect negatively the interoperability of terminals and networks. The divergence would also make it difficult to achieve roaming support between different networks. In order to prevent the divergence, operators and vendors together formed so called “One Voice” initiative to specify how IMS would be initially applied for voice over LTE implementations. GSMA has adopted the resulting spec “IMS Profile for Voice and SMS” in their document PRD IR.92 (http://gsmworld.com/newsroom/document-library/index.htm). This GSMA specification defines the minimum baseline of features for multivendor interoperability and is commonly referred as “VoLTE profile”.
The purpose of this document to provide a summary about in which respects TS 34.229 does not yet cover the requirements within GSMA “IMS Profile for Voice and SMS” and make proposals for RAN5 how to align TS 34.229 towards the GSMA specification, giving guidance for early implementations appearing to market.
Discussion
Comparison of PRD IR.92 profile and TS 34.229
“The UE and network must support the local numbers as defined in Alternative 2 in Sections 5.1.2A.1.3 and 5.1.2A.1.5 in 3GPP TS 24.229.  That is, the UE must set the dialstring containing the local number to the user part of  SIP URI in the Request URI, and set the user=phone parameter, with the “phone-context” tel URI parameter to the user part. 

The UE must set the “phone-context” parameter as defined in section 7.2A.10 in 3GPP TS 24.229. That is, for home local numbers the UE must set the “phone-context” parameter to the home domain name, as it is used to address the SIP REGISTER request. The UE and network have the option to support geo-local numbers. If the UE supports geo-local numbers, it must set the “phone-context” parameter as with home local numbers, but prefixed by the “geo-local.” string, according to the Alternative 8 in Section 7.2A.10.3 in 3GPP TS 24.229”

PRD IR.92 profile mandates the usage of “phone-context” parameter as specified in TS 24.229. However TS 34.229 currently ignores this conformance requirement from the core spec and no related check has been specified. The test case 12.12 MO MTSI Voice Call Successful with preconditions does not provide options of supplying either home local or geo-local numbers. The related common messages do not check the presence of the “phone-context” parameter either.
“The support of Globally Routable User agent URIs (GRUU)s by UE or network is not required.”

PRD IR.92 profile is explicit on not requiring GRUU support. Clarify the conditions and capabilities within TS 34.229 to point this out.
“For conference creation, the UE and IMS core network must support Three Way Session creation as described in Section 5.3.1.3.3 of 3GPP TS 24.147.
For inviting other user to the conference, the UE and IMS core network must support the procedure described in Section 5.3.1.5.3 of 3GPP TS 24.147. The UE must send the REFER method by using the existing dialog for conference session between the UE and the IMS core network (conference server). The UE must add the Replaces header to the Refer-to header in REFER, as described in Section 5.3.1.5.3 of 3GPP TS 24.147.
Note: 
In Three-Way session creation procedures, the UE has an existing session with the REFER target.”
PRD IR.92 profile mandates support for Three Way Session creation as specified for MTSI. However TS 34.229 does not cover this scenario, so a new test case would be needed for it. Existing test cases in TS 34.229 only cover creating a conference without an existing session between the conference participants.
“UE and IMS core network must support the terminal based service, as described in 3GPP TS 24.615. Network-based service is not required. Communication Waiting (CW) indication as defined in Section 4.4.1 of 3GPP TS 24.615 is not required. The UE is required to support Alert-Info, with values as specified in 3GPP TS 24.615. Service activation, deactivation, and interrogation are not required.”
PRD IR.92 profile mandates support for Communication Waiting as specified in TS 24.615. Communication Waiting service is currently not covered at all within TS 34.229, thus new test case would be needed to cover it.
Table 2.2 Supported conditions and actions in CDIV

	Type
	Parameter

	Condition
	busy

	Condition
	media (supported media types: audio, audio AND video) 

	Condition
	no-answer

	Condition
	not-registered

	Condition
	not-reachable (Note)

	Action
	target

	Action
	NoReplyTimer


For Communication Forwaring PRD IR.92 profile mandates support for action ‘NoReplyTimer’ and conditions ‘media’ and ‘not-registered’. TS 34.229 does not yet cover those. Action ‘NoReplyTimer’ and condition ‘media’ can be covered by extending existing test cases like 15.7 Communication Forwarding on non Reply: activation. To cover condition ´not-registered´ a new test case would be needed.
Table 2.3 Supported conditions in CB

	roaming

	international

	international-exHC


For Communication Barriing PRD IR.92 profile mandates support for barring all incoming, outgoing, outgoing international calls and incoming calls while roaming. TS 34.229 only covers barring of all incoming calls. New test cases would be needed to cover the other cases.
“When the UE regains PDN connectivity, the UE must perform a new initial registration to IMS, in case the IP address changed, or the IMS registration expired during the absence of IP connectivity.
If the SIP signaling bearer is lost, then the UE must re-establish the PDN connection (PDN connection request or PS attach, depending if the UE stays connected to a PDN or not). This will trigger the network to initiate a new SIP bearer in conjunction with the PDN connection establishment. After the SIP bearer is established, the UE must perform a new initial registration to the IMS core in case the IP address changed or the IMS registration expired during the absence of IP connectivity.”
For handling the cases of the UE losing PDN connectivity or SIP signalling bearer PRD IR.92 profile mandates the UE to renew its SIP registration, if it is evident to the UE that the earlier registration is expired. This is a necessary action for the UE to guarantee the service continuity, even if not specified in 3GPP core specifications. The current text within TS 24.229 allows the UE to renew its registration any time but does not require UE to do that when regaining the connectivity to the network. To cover such kind of cases new test cases would be needed. 
“If a SIP session includes media streams, and if a dedicated bearer for any media stream fails to get established, or is lost mid-session, the UE must, based on its preferences, modify, reject or terminate the SIP session that the dedicated media bearer is associated with, according to section 6.1.1 in 3GPP TS 24.229. The UE can act differently per media type.” 
For handling the cases of the UE losing a dedicated media bearer PRD IR.92 profile mandates the UE to modify, reject or terminate the session. This scenario is not covered by TS 34.229. A new test case would be needed. However as the exact behaviour of the UE is not specified, the test case can only check that the UE would send a re-INVITE or BYE request for the session but can not check the specific contents of such request.
“If one of these “m=” lines indicates the wish of establishing an audio (voice) session (using a compatible codec), then the UE following this profile must accept the offer and allow the use of whatever media streams it supports. The UE must set the port number to zero for the media streams it does not support.
Note1: This means that a voice-only UE will accept a video call request, but the call will automatically be transformed to a voice-only call. In CS telephony, the call is rejected when the terminating client cannot support all offered media (that is a voice-only terminal will reject a video call offer). Hence, this section describes a behaviour that is new to telephony.
UEs using the full set of media functions, have the option to try to update the session by sending SIP (re-)INVITE requests that include SDP offers containing multiple “m=” lines, to indicate the desire to expand the session into a more advanced multimedia session. The UE following this profile must accept such offer and allow the use of whatever media streams it supports. The UE must, in the SDP answer, set the port number to zero for the media streams it does not support
Note 2: This means that a voice-only UE will accept a request to update the session to video using a SIP 200 OK response.  But since the SDP answer will disable the video stream, the call will continue as a voice-only call.” 
PRD IR.92 profile mandates some behaviour for voice-only UEs, however such are not currently covered by TS 34.229. New test cases would be needed to cover those.
“UE must implement the roles of an SM-over-IP sender and an SM-over-IP receiver, according the procedures in Sections 5.3.1 and 5.3.2 in 3GPP TS 24.341

The status report capabilities, delivery reports, and notification of having memory available, according to Sections 5.3.1.3, 5.3.2.4 and 5.3.2.5 in 3GPP TS 24.341 must be supported.”
To cover the SM-over-IP delivery reports either new test cases or extensions to the existing test cases would be needed. For the notification of having memory available RAN5 already agreed not to cover that within TS 34.229 for practical UE memory management reasons.
“The Real Time Protocol (RTP) profile Audio Video Profile (AVP) IETF RFC 3551 must be used.
The SDPCapNeg framework [draft-ietf-mmusic-sdp-capability-negotiation-10 (May 2009): "SDP Capability Negotiation”] must not be used in the SDP offer when the AVP profile is used.
The UE and the IMS core network must be able to receive and answer to an SDP offer which uses SDPCapNeg. The answer must indicate the use of the RTP AVP profile.

Note:
In 3GPP TS 26.114 section 6.2.1a, it is recommended that that a UE or the IMS core network use the SDPCapNeg attributes ‘tcap’ and ‘pcfg’ to indicate the support of both the RTP profiles AVP and AVP Feedback Profile (AVPF). Hence, to be forward compatible with equipment using the full set of media functions, a minimum set UE and the IMS core network must be able to ignore the SDPCapNeg attributes and answer to the RTP AVP profile in the offer.”

Currently TS 34.229 test cases assume the UE to use SDPCapNeg procedures to offer either RTP AVP or RTP AVPF profile. However PRD IR.92 profile mandates the UEs to use RTP AVP and not to use SDPCapNeg for the SDP offers sent. Thus the usage of SDPCapNeg and RTP AVPF within the existing test cases should be made conditional, to apply only to UEs not supporting PRD IR.92 profile.
“In active “speech-only sessions,” the RTCP transmission must be turned off by the UE and the entities in the IMS core network that terminates the user plane, by setting the "RS" and "RR" SDP bandwidth modifiers to zero. When media is put on hold, the transmission of RTCP must be temporarily enabled by (re-)negotiating the RTCP bandwidth with "RS" and "RR" SDP bandwidth modifiers greater than zero.”
To comply with PRD IR.92 profile the existing TS 34.229 test cases for speech only sessions and call hold procedures should be modified according to these RTCP transmission requirements.
“The UE and the IMS core network must support DTMF events as defined in Annex G of 3GPP TS 26.114.”
PRD IR.92 profile mandates the UE to support DTMF events within RTP. This has an impact of the SDP contents in offer-answer negotiation. SDP must also contain telephone-events. The requirements within TS 34.229 for the content of SDP related to voice sessions should be modified accordingly.
“UE and network must support Robust Header Compression (RoHC) as specified in 3GPP TS 36.323, IETF RFC 3095 and IETF RFC 4815. The UE and network must be able to apply the compression to packets that are carried over the radio bearer dedicated for the voice media. At minimum, UE and network must support "RTP/UDP/IP" profile (0x0001) to compress RTP packets and "UDP/IP" profile (0x0002) to compress RTCP packets. The UE and network must support these profiles for both IPv4 and IPv6.”
This far TS 34.229 has not covered transport of RTP media. It is an open question whether the current test approach should be extended towards media, in order to be able to ensure that the UE correctly applies protocols like RoHC, RTP and RTCP. 
“The UE and the network must support both IPv4 and IPv6 for all protocols that are used for the VoIP application: SIP, SDP, RTP, RTCP and XCAP/HTTP. At PS attach, the UE must request the PDN type: IPv4v6, as specified in Section 5.3.1.1 in 3GPP TS 23.401. If both IPv4 and IPv6 addresses are assigned for the UE, the UE must prefer to IPv6 address type when the UE discovers the P-CSCF.”
The current test cases of TS 34.999 do not rely on requesting type IPv4v6 at PS attach. Within the test cases there is neither any check of UE preferring IPv6 address type as the test cases will only provide address of one single type at a time. Thus to cover these requirements either new test cases would be needed or the existing test cases modified with optional procedures applying only to UEs supporting PRD IR.92 profile.
“UEs and network deployments must support emergency services in the IMS domain.

The UE and the network must support the IMS emergency services as specified in 3GPP Release 9, TS 23.167, chapter 6.2 and annex H, and emergency procedures as specified in TS 23.401.”
IMS emergency services are not yet covered by TS 34.229.
Annex A of PRD IR.92 profile
Annex A defines some requirements for deployments where CS access is used to complement the LTE-based radio access. For the emergency calls it also outlines usage of the CS fallback procedures for networks and/or UEs which do not support emergency calls over IMS.
“The network and the UE must support the IMS voice over PS session supported indication as specified in TS 23.401 (section 4.3.5.8) in 3GPP Release 8.

An UE must perform voice domain selection for originating sessions as specified in 3GPP Release 8, TS 23.221, Section 7.2a and Annexes A.1/A.2. The UE must follow the “UE behaviour when performing combined/ non-combined EPS/IMSI attach,” with the setting of: "prefer IMS PS Voice with CS Voice as secondary."

An UE must be able to assist the Service Centralization and Continuity Application Server (SCC AS) to execute terminating domain selection (UE T-ADS) as specified in 3GPP TS 23.237 and 3GPP TS 24.237.

If the UE supports both IMS emergency and CS emergency services, it must be able to perform domain selection for emergency calls, and automatically be able to retry in the other domain if an emergency session attempt fails, as defined in TS 23.167 chapter 7.3. The UE must be able to detect if the network is not supporting IMS emergency sessions as defined in TS 23.401, then select the CS domain for UE detected emergency sessions.”
CS/PS domain selection procedures are not yet covered by TS 34.229
“The network must support the Single Radio Voice Call Continuity (SR-VCC) procedures for handover from E-UTRAN as described in TS 23.216. The UE detects that that the network support SR-VCC from the reply from the MME on the Attach request message (TS 23.216 section 6.2.1).

The UE must support the SR-VCC procedures as described in TS 23.216. A SR-VCC capable terminal must indicate support for SR-VCC in the MS network capability parameter in the attach and tracking area/ routing area update messages (TS 24.301 section 9.9.3.20 and 24.008 10.5.5.12).
If the UE supports SR-VCC for IMS Telephony as described in Annex A, it must also support SR-VCC for IMS emergency sessions as specified in 3GPP Release 9 TS 23.216 and TS 23.237. The SR-VCC UE which supports IMS emergency service must support SIP instance ID as defined in 3GPP TS 24.237.

If the network supports the SR-VCC procedures for handover of an IMS telephony session from EUTRAN to CS described in Annex A, it must also support SR-VCC for IMS emergency sessions as specified in 3GPP Release 9 TS 23.216 and TS 23.237. In that case, the network must support the SIP instance ID as described in 3GPP TS 24.237.”
SR-VCC procedures are not yet covered by TS 34.229
“When IMS emergency service is not possible (for example, the UE or network does not support IMS emergency), and when the UE supporting CS Fallback (CSFB), as described in 3GPP TS 23.272, is IMSI attached, and emergency services are supported in the CS domain, the UE must use the CSFB procedures for CS emergency service. If the network or the UE does not support CSFB, the UE must autonomously select the RAT which supports CS emergency service”
CS fallback procedures are not yet covered by TS 34.229

Annex B of PRD IR.92 profile
Annex B defines the Global Text Telephony (TTY) support for deaf/hearing impaired people over IMS using T.140 real time text.

“Global Text Telephony/teletypewriter messages must use ITU-T Recommendation T.140 real-time text according to the rules and procedures specified in 3GPP TS 26.114 with the following clarifications:

· The UE must offer AVP for all media streams containing real-time text.
· For real-time text, RTCP reporting must be turned of by setting the SDP bandwidth modifiers “RS” and “RR” to zero.

· Redundant transmission of real-time text characters must not be used.

· The sampling time used must be 300 ms.

· Change of the sampling time (rate adaptation) is not required.”

The existing test cases within TS 34.229 for T.140 real-time text sessions do not totally comply to these requirements, specifically for SDP “RR” bandwidth modifier. Modification for the existing test cases would be needed to be compliant with Annex B requirements of PRD IR.92 profile.
Proposals
Due to the emerging market need and the reached consensus amongst the operators and vendors on GSMA “IMS Profile for Voice and SMS”, it is proposed to align TS 34.229 towards this profile.

More specifically it is proposed to organize the related work in RAN5 as follows:
· In scope of test case maintenance align the contents and applicability statements of existing test cases of TS 34.229 towards GSMA IMS profile for voice and SMS. This would mean that the presence of some parameters and applicability of the related checks within the test cases would depend whether or not the terminal supports this profile. A specific question is whether it would be acceptable to introduce a new capability in TS 34.229 part 2 for the PRD IR.92 profile defined within a GSMA specification. Alternatively a set of new capabilities for the related optional MTSI features could be introduced.
· In scope of a new WI to create new test cases into TS 34.229, to cover additional MTSI scenarios currently not covered by the existing test cases, but declared as mandatory in PRD IR.92 profile. The specific scenarios to be added should be listed in the workplan. A separate decision would be needed whether the WI should cover IMS emergency calls or whether the work would rely on the CS fallback procedures for emergency calls, according to PRD IR.92 profile Annex A.
· Consider covering the requirements for Annex A (like single radio voice call continuity and CS fallback) and Annex B (TTY) in scope of the new WI.
