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	Reason for change:
	Guidence was issued at  SA#67 for SA working groups to examine references to IETF RTCWeb drafts for IETF codec requirements. This is inline with LS S4-150224 which states:

“Since WebRTC IMS Clients in 3GPP UEs are used for real-time multimedia communication, and since transcoding has negative impacts on quality and consumes resources, 3GPP SA4 recommendation is that WebRTC IMS clients in 3GPP UEs are required to comply with TS 26.114. 

Hence, for speech, WebRTC IMS clients in 3GPP UE 
· shall support AMR;

· shall support AMR-WB if wideband speech is supported;

· should support EVS and shall support EVS if super-wideband and fullband speech is supported.

For video, WebRTC IMS client in 3GPP UE shall support H.264 CBP Level 1.2 and should support H.264 CBP Level 3.1 and HEVC (H.265).“

TS 22.228 contains outdated references that may cause confusion.
 

	
	

	Summary of change:
	· Updates the reference to IETF RFC 7478: "Web Real-Time Communication Use-cases and Requirements" https://tools.ietf.org/html/rfc7478
· Removes 2 unnecessary references

	
	

	Consequences if not approved:
	Reference will not be updated and potential confusion to other groups regarding codecs.
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FIRST CHANGE
2.1
Normative references

[1]
3GPP TS 22.003: "CS Teleservices supported by a PLMN".

[2]
Void

[3]
Void

[4]
Void

[5]
3GPP TS 22.101: "Service principles".

[6]
Void

[7]
3GPP TS 22.146: "Multimedia Broadcast/Multicast Service; Stage 1"

[8]
Void

[9]
IETF RFC 3261: "SIP: Session Initiation Protocol"

[10]
3GPP TS 22.078: "Customised Applications for Mobile network Enhanced Logic (CAMEL); Service definition – Stage 1"

[11]
3GPP TS 22.057: "Mobile Execution Environment (MexE); Service description, Stage 1"

[12]
3GPP TS 22.038: "USIM/SIM Application Toolkit (USAT/SAT); Service description; Stage 1"

[13]
Open Mobile Alliance (OMA): OMA-RD-Parlay_Service_Access-V1_0-20100427-A
[14]
3GPP TR 21.905: "Vocabulary for 3GPP specifications"

[15]
IETF RFC 3966: "The tel URI for Telephone Numbers"

[16]
3GPP TS 22.240: "Stage 1 Service Requirement for the 3GPP Generic User Profile (GUP)"

[17]
ETSI ETS 300 284: "Integrated Services Digital Network (ISDN); User-to-User Signalling (UUS) supplementary service; Service description"

[19]
ETSI TS 102 424: "Telecommunications and Internet converged Services and Protocols for Advanced Networking (TISPAN); Requirements of the NGN network to support Emergency Communication from Citizen to Authority"

[20]
3GPP TS 22.173: "Multimedia Telephony Service and supplementary services"

[21]
3GPP TS 31.103: "Characteristics of the IP Multimedia Services Identity Module (ISIM) application".

[22]
IETF RFC 5039: "The Session Initiation Protocol (SIP) and Spam"
http://www.ietf.org/rfc/rfc5039.txt?number=5039
[23]
IETF RFC 5631: "Session Initiation Protocol (SIP) Session Mobility"
http://www.ietf.org/rfc/rfc5631.txt?number=5631
[24]
3GPP TS 23.228: "IP Multimedia Subsystem (IMS); Stage 2".

[25]
3GPP TS 22.081: "Line Identification supplementary services; Stage 1"

[26]
ITU-T Recommendation E.164: "The international public telecommunication numbering plan".

[27]
Void

[28]
Open Mobile Alliance (OMA): OMA-AD-Push-V2.3-20111122-A.pdf

[29]
IANA language (http://www.iana.org/assignments/language-subtag-registry/)

[30]
Void

[31]
Void
[32]
IETF RFC 7478: "Web Real-Time Communication Use-cases and Requirements" https://tools.ietf.org/html/rfc7478

[33]
3GPP TS 22.519: "Business Communication Requirements"

END FIRST CHANGE
SECOND CHANGE
11.1
Service description (informative)

Use cases and requirements for Web Real-Time Communication (WebRTC) are defined in  [32]. The support of WebRTC IMS client access to IMS significantly expands the pool of clients able to access IMS.

The WebRTC IMS client access to IMS feature provides a means by which an IMS operator can offer IMS services to a user running a compatible WebRTC-enabled web application in their WebRTC-enabled browser. The user will access the application from a web page offered either directly by the IMS operator or by a third party. 

END SECOND CHANGE
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