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[bookmark: _Toc423004371]***********Start of first change************
[bookmark: _Toc423004321]2	References
The following documents contain provisions which, through reference in this text, constitute provisions of the present document.
· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.
· For a specific reference, subsequent revisions do not apply.
· For a non-specific reference, the latest version applies.  In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.
[bookmark: ref21905][1]	3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]	3GPP TS 22.173: "IP Multimedia Core Network Subsystem (IMS) Multimedia Telephony Service and supplementary services; Stage 1".
[3]	3GPP TS 24.604: "Communication Diversion (CDIV); Protocol specification using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification ".
[4]	3GPP TS 24.605: "Conference (CONF) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[5]	3GPP TS 24.606: "Message Waiting Indication (MWI) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[6]	3GPP TS 24.607: "Originating Identification Presentation (OIP) and Originating Identification Restriction (OIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[7]	3GPP TS 24.608: "Terminating Identification Presentation (TIP) and Terminating Identification Restriction (TIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[8]	3GPP TS 24.610: "Communication HOLD (HOLD)  using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[9]	3GPP TS 24.611: "Anonymous Communication Rejection (ACR) and Communication Barring (CB) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[10]	3GPP TS 24.629: "Explicit Communication Transfer (ECT) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[11]	3GPP TS 24.623: "Extensible Markup Language (XML) Configuration Access Protocol (XCAP) over the Ut interface for Manipulating Simulation Services".
[12]	3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia telephony; Media handling and interaction".
[13]	3GPP TS 24.229: "Internet Protocol (IP) multimedia call control protocol based on Session Initiation Protocol (SIP) and Session Description Protocol (SDP); Stage 3".
[14]	3GPP TS 24.247: "Messaging using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3".
[15]	Void
[16]	IETF RFC 3841 (August 2004): "Caller Preferences for the Session Initiation Protocol (SIP)".
[17]	3GPP TS 24.647: "Advice Of Charge (AOC) using IP Multimedia (IM)Core Network (CN) subsystem; Protocol Specification".
[18]	3GPP TS 24.654: "Closed User Group (CUG) using IP Multimedia (IM) Core Network (CN) subsystem, Protocol Specification".
[19]	3GPP TS 24.239: "IP Multimedia Subsystem (IMS) Flexible alerting supplementary service".
[20]	3GPP TS 24.238: "Session Initiation Protocol (SIP) based user configuration; stage 3".
[21]	3GPP2 C.S0055-A: "Packet Switched Video Telephony Services".
[22]	ETSI TS 181 005: "Telecommunications and Internet converged Services and Protocols for Advanced Networking (TISPAN); Service and Capability Requirements".
[23]	3GPP TS 24.615: "Communication Waiting (CW) using IP Multimedia (IM) Core Network (CN) subsystem, Protocol Specification".
[24]	3GPP TS 24.642: "Completion of Communications to Busy Subscriber (CCBS) Completion of Communications by No Reply (CCNR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[25]	3GPP TS 24.182: "IP Multimedia Subsystem (IMS) Customized Alerting Tones (CAT); Protocol specification".
[26]	3GPP TS 36.331: "Evolved Universal Terrestrial Radio Access (E-UTRA); Radio Resource Control (RRC); Protocol specification".
[27]	3GPP TS 24.183: "IP Multimedia Subsystem (IMS) Customized Ringing Signal (CRS); Protocol specification".
[28]	IETF RFC 3362 (August 2002): "Real-time Facsimile (T.38) - image/t38 MIME Sub-type Registration".
[29]	3GPP TS 24.259: "Personal Network Management (PNM); Stage 3".
[30]	3GPP TS 24.390: "Unstructured Supplementary Service Data (USSD) using IP Multimedia (IM) Core Network (CN) subsystem IMS; Stage 3".
[31]	IETF RFC 6809 (November 2012): "Mechanism to Indicate Support of Features and Capabilities in the Session Initiation Protocol (SIP)".
[32]	3GPP TS 24.167: "3GPP IMS Management Object (MO); Stage 3".
[33]	3GPP TS 23.221: "Architectural requirements".
[34]	Void.3GPP TS 24.301: "Non-Access-Stratum (NAS) protocol for Evolved Packet System (EPS); Stage 3".
[35] 	Void.
***********End of first change************


***********Start of second change************
J.2.1	Procedures at the UE
[bookmark: _Toc423004372][bookmark: OLE_LINK7][bookmark: OLE_LINK8]J.2.1.1	Service Specific Access Control
The following information is provided by lower layer:
-	BarringFactorForMMTEL-Voice: barring rate for MMTEL voice;
-	BarringTimeForMMTEL-Voice: barring timer for MMTEL voice;
-	BarringFactorForMMTEL-Video: barring rate for MMTEL video; and
-	BarringTimeForMMTEL-Video: barring timer for MMTEL video.
[bookmark: OLE_LINK3]Upon request from a user to establish a multimedia telephony communication session as described in subclause 5.2, the UE shall:
1)	if the multimedia telephony communication session to be established is an emergency session, then skip the rest of steps below and continue with session establishment as described in subclause 5.2;
2)	retrieve SSAC related information mentioned above from lower layers;
NOTE 1:	The values of SSAC related information retrieved from lower layers can depend on whether the UE has an Access Class with a value in the range 11..15 or not. Determination of the values of the SSAC related information is described in subclause 5.3.3.10 of 3GPP TS 36.331 [26].
3)	if video is offered in the multimedia telephony communication session:
A)	if back-off timer Tx is running, reject the multimedia telephony communication session establishment and skip the rest of steps below; or
B)	else, then:
I)	draw a new random number "rand1" that is uniformly distributed in the range 0 ≤ rand1 < 1; and
II)	if the random number "rand1" is lower than BarringFactorForMMTEL-Video, then skip the rest of steps below and continue with session establishment as described in subclause 5.2;
NOTE 2:	If the BarringFactorForMMTEL-Video is set to 1, the session is exempted from barring.
III)	else, then;
i)	draw a new random number "rand2" that is uniformly distributed in the range 0 ≤ rand2 < 1; and
ii)	start back-off timer Tx with the timer value calculated using the formula:
Tx =  (0,7 + 0,6*rand2) * BarringTimeForMMTEL-Video; and
iii)	reject the multimedia telephony communication session establishment and skip the rest of steps below;
4)	if audio is offered in the multimedia telephony communication session:
A)	if back-off timer Ty is running, reject the multimedia telephony communication session establishment and skip the rest of steps below; or
B)	else, then;
I)	draw a new random number "rand3" that is uniformly distributed in the range 0 ≤ rand3 < 1; and
II)	if the random number "rand3" is lower than BarringFactorForMMTEL-Voice, then skip the rest of steps below and continue with session establishment as described in subclause 5.2;
NOTE 3:	If the BarringFactorForMMTEL-Voice is set to 1, the session is exempted from barring.
III)	else, then;
i)	draw a new random number "rand4" that is uniformly distributed in the range 0 ≤ rand4 < 1; and
ii)	start timer Ty with the timer value calculated using the fomula:
Ty =  (0,7 + 0,6*rand4) * BarringTimeForMMTEL-Voice; and
iii)	reject the multimedia telephony communication session establishment;
NOTE 4:	If the multimedia telephony communication implemenation and the access stratum protocol implementation are located in separate physical entities, it is expected that the interconnecting protocol supports the transfer of information elements needed for the service specific access control enforcement.
Service Specific Access Control is not activated when the UE is in other radio accesses (e.g. UTRAN/GERAN). And when UE camping on E-UTRAN moves to other radio accesses (e.g. UTRAN/GERAN), back-off timer (Tx or Ty or both) shall be stopped if running.
[bookmark: _Toc423004373]J.2.1.2	Smart Congestion Mitigation
The following information is provided to the non-access stratum:
-	MO-MMTEL-voice-started;
-	MO-MMTEL-voice-ended.
-	MO-MMTEL-video-started; and
-	MO-MMTEL-video-ended;
Upon request from a user to establish an originating multimedia telephony communication session as described in subclause 5.2, and if the session establishment is continued after performing the Service Specific Access Control as specified in subclause J.2.1.1:
1)	if only audio or only real-time text or only both audio and real-time text (see subclause 4.2 for 3GPP systems) are offered in the multimedia telephony communication session, and no other originating multimedia telephony communication session initiated with offering only audio or only real-time text or only both audio and real-time textexists, the UE sends the MO-MMTEL-voice-started indication to the non-access stratum and continue with session establishment as described in subclause 5.2;
2)	if video is offered in the multimedia telephony communication session, and no other originating multimedia telephony communication session initiated with offering video exists, the UE sends the MO-MMTEL-video-started indication to the non-access stratum and continue with session establishment as described in subclause 5.2.
When an originating multimedia telephony communication session ends (i.e. a response to a BYE or a failure response to the initial INVITE request is transferred), the originating multimedia telephony communication session was initiated with offering only audio or only real-time text or only both audio and real-time text (i.e. in the SDP offer in the initial INVITE request), and no other originating multimedia telephony communication session initiated with offering only audio or only real-time text or only both audio and real-time text exists, the UE sends the MO-MMTEL-voice-ended to the non-access stratum.
When an originating multimedia telephony communication session ends (i.e. a response to a BYE or a failure response to the initial INVITE request is transferred), the originating multimedia telephony communication session was initiated with offering video (i.e. in the SDP offer in the initial INVITE request), and no other originating multimedia telephony communication session initiated with offering video exists, the UE sends the MO-MMTEL-video-ended indication to the non-access stratum.
NOTE 1:	If the UE supports other 3GPP specific mechanisms for communicating with the non-access stratum protocol implementation, e.g. DHCP discovery via PCO, then the UE is expected to support the transfer of information elements needed for the smart congestion mitigation enforcement.
NOTE 2:	Adding or removing media during the multimedia telephony communication session has no impact on the information relating to smart congestion mitigation.
J.2.1.2	MMTEL session timeouts
The subclause is applicable if the Request-URI is a SIP-URI created by a conversion of a TEL-URI and if the UE is CS combined attached and the UE did not received a “CS fallback not preferred” or “SMS only” indication during last successful combined attach or combined tracking area updating procedure.
Upon request from a user to establish an originating multimedia telephony communication session as described in subclause 5.2:
1)	if UE does not receive any SIP responce to an INVITE request within MMTEL session timeout parameter value, then MMTEL session shall be terminated and UE shall proceed as specified in 3GPP  TS  24.301 [34] subclause 5.6.1;
2)	if UE does not receive any SIP responce to an PRACK request within MMTEL session timeout parameter value, then MMTEL session shall be terminated and UE shall proceed as specified in 3GPP  TS  24.301 [34] subclause 5.6.1;
3)	if UE does not receive any SIP responce to an UPDATE request within MMTEL session timeout parameter value, then MMTEL session shall be terminated and UE shall proceed as specified in 3GPP  TS  24.301 [34] subclause 5.6.1.
MMTEL session timeout parameter may be implementation specific due to different equipment behaviour depending on the market and can vary between between 10 and 30 seconds.
***********End of second change************

