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[bookmark: _Toc423004371]***********Start of 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
Upon request from a user to establish an originating multimedia telephony communication session as described in subclause 5.2:
1)	the UE shall start timer RequestTimeout when sending INVITE request within MMTEL session;
2)	the UE shall start timer RequestTimeout when sending PRACK request within MMTEL session; or
3)	the UE shall start timer RequestTimeout when sending UPDATE request within MMTEL session.

[bookmark: _Toc423004374]Annex X (normative):
Timers

The table X.1 provides a description of the timers specified in the present document.
Table X.1: Timers
	Timer
	Timer value
	Cause of start
	Normal stop
	On expiry

	RequestTimeout
	Configurable value between 5 and 15s

	On sending of a SIP INVITE request, SIP PRACK request or SIP UPDATE request.
	On receipt of any SIP response
	UE shall stop the current session.
(NOTE)

	NOTE: UE can ensure voice call continuity service.
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