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<START OF CHANGES>

6.2.23	On-network / First-to-answer call / Pre-established session / Client Terminated (CT)
6.2.23.1	Test Purpose (TP)
(1)
with { UE (MCPTT Client) registered and authorized for MCPTT Service, including authorized to receive private calls, and, having established a pre-established session }
ensure that {
  when { the UE (MCPTT Client) receives a SIP INVITE message as a part of request for establishment of a first-to-answer call }
    then { UE (MCPTT Client) notifies the User for the incoming call, and, responds to the Server with a SIP 180 (Ringing) message, and, after the User accepts the call sends to the Server a SIP 200 (OK) message }
            }

(2)
Void
(3)
with { UE (MCPTT Client) registered and authorized for MCPTT Service, including authorized to initiate first to answer calls, and, having established a CT on-demand session replacing a pre-established session }
ensure that {
  when { UE (MCPTT User) wants to release the MCPTT first-to-answer call }
    then { UE (MCPTT Client) sends a SIP BYE request and after receiving a SIP 200 (OK) terminates the call }
            }

6.2.23.2	Conformance requirements
References: The conformance requirements covered in the present TC are specified in: TS 24.379 clauses 11.1.1.2.1.2, 11.1.1.2.2.2, 6.2.3.1.1, 6.2.3.2.1, 6.2.5.1. Unless otherwise stated these are Rel-15 requirements.
[TS 24.379, clause 11.1.1.2.1.2]
Upon receipt of an initial SIP INVITE request, the MCPTT client shall follow the procedures for termination of multimedia sessions in the IM CN subsystem as specified in 3GPP TS 24.229 [4] with the clarifications below.
The MCPTT client:
...
5)	if an end-to-end security context needs to be established and if the <session-type> in the application/vnd.3gpp.mcptt-info+xml MIME body of the incoming SIP INVITE request is set to "first-to-answer" then:
a)	if necessary, shall instruct the key management client to request keying material from the key management server as described in 3GPP TS 33.180 [78];
b)	shall use the keying material to generate a PCK as described in 3GPP TS 33.180 [78];
c)	shall use the PCK to generate a PCK-ID with the four most significant bits set to "0001" to indicate that the purpose of the PCK is to protect private call communications and with the remaining twenty eight bits being randomly generated as described in 3GPP TS 33.180 [78];
d)	shall encrypt the PCK to a UID associated to the MCPTT client using the MCPTT ID and KMS URI of the originator of the SIP INVITE request as determined by the procedures of subclause 6.2.8.3.9 and a time related parameter as described in 3GPP TS 33.180 [78];
e)	shall generate a MIKEY-SAKKE I_MESSAGE using the encapsulated PCK and PCK-ID as specified in 3GPP TS 33.180 [78];
f)	shall add the MCPTT ID of the MCPTT user to the initiator field (IDRi) of the I_MESSAGE as described in 3GPP TS 33.180 [78]; and
NOTE 4:	The initiator of the MIKEY-SAKKE I_MESSAGE is in this case the terminating client from the perspective of the call.
g)	shall sign the MIKEY-SAKKE I_MESSAGE using the MCPTT user's signing key provided in the keying material together with a time related parameter, and add this to the MIKEY-SAKKE payload, as described in 3GPP TS 33.180 [78];
...
8)	if the <session-type> in the application/vnd.3gpp.mcptt-info+xml MIME body of the incoming SIP INVITE request is set to "first-to-answer":
a)	shall notify the user of the incoming call;
b)	shall not forward the first-to-answer call;
c)	if the MCPTT user is busy on another call, shall send a SIP 486 (Busy Here) to the SIP INVITE request according to 3GPP TS 24.229 [4] and not continue with any further steps in this subclause; and
d)	if the MCPTT user does not answer the call within a time decided by the client implementation, the MCPTT client shall send a SIP 480 (Temporarily Unavailable) to the SIP INVITE request according to 3GPP TS 24.229 [4] and not continue with any further steps in this subclause;
NOTE 5:	In the conditions below, as the SIP layer implements the actions for commencement mode, it is assumed that the Answer-Mode or Priv-Answer-Mode header fields are set correctly in line with the setting of the <session-type> in the application/vnd.3gpp.mcptt-info+xml MIME body of the incoming SIP INVITE request.
...
10)	shall perform the manual commencement procedures specified in subclause 6.2.3.2.1 if either of the following conditions are met:
...
[TS 24.379, clause 11.1.1.2.2.2]
The MCPTT client shall follow the procedures for termination of multimedia sessions as specified in clause 11.1.1.2.1.2 with the following clarifications:
...
[TS 24.379, clause 6.2.3.2.1]
When performing the manual commencement mode procedures:
1)	if the MCPTT user declines the MCPTT session invitation the MCPTT client shall send a SIP 480 (Temporarily Unavailable) response towards the MCPTT server with the warning text set to: "110 user declined the call invitation" in a Warning header field as specified in subclause 4.4, and not continue with the rest of the steps in this subclause.
The MCPTT client:
1)	shall accept the SIP INVITE request and generate a SIP 180 (Ringing) response according to rules and procedures of 3GPP TS 24.229 [4];
2)	shall include the option tag "timer" in a Require header field of the SIP 180 (Ringing) response;
3)	shall include the g.3gpp.mcptt media feature tag in the Contact header field of the SIP 180 (Ringing) response;
4)	shall include the g.3gpp.icsi-ref media feature tag containing the value of "urn:urn-7:3gpp-service.ims.icsi.mcptt" in the Contact header field of the SIP 180 (Ringing) response; and
5)	shall send the SIP 180 (Ringing) response to the MCPTT server.
When sending the SIP 200 (OK) response to the incoming SIP INVITE request, the MCPTT client shall follow the procedures in subclause 6.2.3.1.1.
When NAT traversal is supported by the MCPTT client and when the MCPTT client is behind a NAT, generation of SIP responses is done as specified in this subclause and as specified in IETF RFC 5626 [15].
[TS 24.379, clause 6.2.3.1.1]
1)	shall accept the SIP INVITE request and generate a SIP 200 (OK) response according to rules and procedures of 3GPP TS 24.229 [4];
2)	shall include the option tag "timer" in a Require header field of the SIP 200 (OK) response;
3)	shall include the g.3gpp.mcptt media feature tag in the Contact header field of the SIP 200 (OK) response;
4)	shall include the g.3gpp.icsi-ref media feature tag containing the value of "urn:urn-7:3gpp-service.ims.icsi.mcptt" in the Contact header field of the SIP 200 (OK) response;
5)	shall include the Session-Expires header field in the SIP 200 (OK) response and start the SIP session timer according to IETF RFC 4028 [7]. The "refresher" parameter in the Session-Expires header field shall be set to "uas";
6)	shall, if the incoming SIP INVITE request contains a Replaces header field, include in the SDP answer in the SIP 200 (OK) response to the SDP offer the parameters used for the pre-established session identified by the contents of the Replaces header field;
...
8)	shall send the SIP 200 (OK) response towards the MCPTT server according to rules and procedures of 3GPP TS 24.229 [4];
9)	shall, if the incoming SIP INVITE request contains a Replaces header field, release the pre-established session identified by the contents of the Replaces header field; and
10)	shall interact with the media plane as specified in 3GPP TS 24.380 [5] subclause 6.2.
When NAT traversal is supported by the MCPTT client and when the MCPTT client is behind a NAT, generation of SIP responses is done as specified in this subclause and as specified in IETF RFC 5626 [15].
[TS 24.379, clause 6.2.5.1]
When the MCPTT client wants to release an MCPTT session using on-demand session signalling, the MCPTT client:
1)	if the session is in the process of being established, shall send a SIP CANCEL request according to 3GPP TS 24.229 [4] and skip the rest of the steps;
2)	shall interact with the media plane as specified in 3GPP TS 24.380 [5];
3)	shall generate a SIP BYE request according to 3GPP TS 24.229 [4];
4)	shall set the Request-URI to the MCPTT session identity to release; and
5)	shall send a SIP BYE request towards MCPTT server according to 3GPP TS 24.229 [4].
6.2.23.3	Test description
6.2.23.3.1	Pre-test conditions
System Simulator:
-	SS (MCPTT server)
-	For the underlying "transport bearer" over which the SS and the UE will communicate Parameters are set to the default parameters for the basic E-UTRA Single cell network scenarios, as defined in TS 36.508 [24] clause 4.4. The simulated Cell 1 shall belong to PLMN1 (the PLMN specified for MCPTT operation in the MCPTT configuration document).
IUT:
-	UE (MCPTT client)
-	The test USIM set as defined in TS 36.579-1 [2], subclause 5.5.10 is inserted.
Preamble:
-	The UE has performed the Generic Test Procedure for MCPTT UE registration as specified in TS 36.579-1 [2], subclause 5.4.2.
-	The MCPTT User performs the Generic Test Pprocedure for MCPTT Authorization/Configuration and Key Generation as specified in TS 36.579-1 [2], subclause 5.3.2.
-	The MCPTT User is authorized to participate in private calls: the <allow-private-call-participation> element of the <ruleset> element is present in the MCPTT user profile document and is set to "true".
-	The MCPTT User performs the Generic Test Pprocedure for MCPTT pre-established session establishment CO as specified in TS 36.579-1 [2], subclause 5.3.3.
-	UE States at the end of the preamble
-	The UE is in E-UTRA Registered, Idle Mode state.
-	The MCPTT Client Application has been activated and User has registered-in as the MCPTT User with the Server as active user at the Client.
6.2.23.3.2	Test procedure sequence
Table 6.2.23.3.2-1: Main behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Check: Does the UE (MCPTT client) successfully complete the CT MCPTTX private call establishment, manual commencement, as per the step sequence specified in TS 36.579-1 [2], subclause 5.3.6 with the exception that the SS requests First-to-answer call in the SIP INVITE message?
	-
	-
	1
	-

	2-4
	Void
	-
	-
	-
	-

	5
	Make the UE (MCPTT User) request termination of the call.
(NOTE 1)
	-
	-
	-
	-

	6
	The UE (MCPTT Client) performs the generic test procedure for MCX CO call release as described in TS 36.579-1 [2] Table 5.3.10.3-1 to end the call.
	-
	-
	3
	-

	NOTE 1:	This is expected to be done via a suitable implementation dependent MMI.



6.2.23.3.3	Specific message contents
Table 6.2.23.3.3-1: SIP INVITE (Step 1, Table 6.2.23.3.2-1; Step 2, TS 36.579-1 [2], Table 5.3.6.3-1)
	Derivation Path: TS 36.579-1 [2], table 5.5.2.5.2-1, condition FIRST-TO-ANSWER

	Information Element
	Value/remark
	Comment
	Reference
	Condition

	Replaces
	
	
	RFC 3891 [117] TS 24.379 [9] clause 6.3.2.2
	

	  callid
	callid of the targeted pre-established session
	
	
	

	  replaces-params
	
	
	
	

	    from-tag
	to-tag of the targeted pre-established session
	
	
	

	    to-tag
	from-tag of the targeted pre-established session
	
	
	

	Message-body
	
	
	
	

	  MIME body part
	
	SDP message
	
	

	    MIME-part-body
	SDP message as described in Table 6.2.23.3.3-2
	
	
	

	  MIME body part
	
	MCPTT Info/MCVideo/MCData
	
	

	    MIME-part-body
	MCPTT-Info as described in Table 6.2.23.3.3-3
	
	
	



Table 6.2.23.3.3-2: SDP Message in SIP INVITE (Table 6.2.23.3.3-1)
	Derivation Path: TS 36.579-1 [2], table 5.5.3.1.2-1, condition FIRST_SDP_FROM_SS, PRE_ESTABLISHED_SESSION,,WITHOUT_MEDIACONTROL (NOTE 1)

	Information Element
	Value/remark
	Comment
	Reference
	Condition

	Session description:
	
	
	
	

	  Origin
	
	
	
	

	    sess-id
	"87654321"
	different value than for pre-established session
	
	

	    sess-version
	"87654321"
	different value than for pre-established session
	
	

	Media description[1]
	
	Media description for audio
	
	

	  media description
	
	m= line
media = audio
	
	

	    fmt
	same value as used for pre-established session
	
	
	

	NOTE 1:	Without floor control is chosen for simplifying the test sequence and to check that the client does not copy the media description for media control as negotiated for the pre-established session to the SDP answer for the new session.



Table 6.2.23.3.3-3: MCPTT-Info in SIP INVITE (Table 6.2.23.3.3-1)
	Derivation Path: TS 36.579-1 [2], table 5.5.3.2.2-1, condition FIRST-TO-ANSWER



Table 6.2.23.3.3-4:Void

Table 6.2.23.3.3-5: SIP 200 (OK) (Step 1, Table 6.2.23.3.2-1; Step 6, TS 36.579-1 [2], Table 5.3.6.3-1)
	Derivation Path: TS 36.579-1 [2], table 5.5.2.17.1.1-1

	Information Element
	Value/remark
	Comment
	Reference
	Condition

	Message-body
	
	
	
	

	  MIME body part
	
	SDP message
	
	

	  MIME-part-bodySDP message
	As SDP Message as described in Table 6.2.23.3.3-6
	
	
	



Table 6.2.23.3.3-6: SDP Message in SIP 200 (OK) (Table 6.2.23.3.3-5)
	Derivation Path: TS 36.579-1 [2], table 5.5.3.1.1-1, condition PRE_ESTABLISHED_SESSION, WITH_SECURITY

	Information Element
	Value/remark
	Comment
	Reference
	Condition

	Session description:
	
	
	
	

	  Origin
	
	o= line
	
	

	    sess-id
	different value than used in the SDP offer for establishment of the pre-established session
	
	
	

	    sess-version
	any allowed value
	
	
	

	Media description[1]
	
	Media description for audio
	
	

	  media description
	same values as in in the SDP offer for establishment of the pre-established session
	m= line
media = audio

Especially port and fmt shall be the same
	
	

	  Bandwidth
	same values as in in the SDP offer for establishment of the pre-established session
	
	
	

	  media attribute
	same rtpmap attribute as in in the SDP offer for establishment of the pre-established session
	a= line
attribute = rtpmap
	
	

	  media attribute
	same fmtp attribute as in in the SDP offer for establishment of the pre-established session
	a= line
attribute = fmtp
	
	

	Media description[2]
	Not present
	Media description for media control
	
	



Table 6.2.23.3.3-7-8: Void
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