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C.38
Generic test procedure for MTSI Video conference creation

Test procedure

1-8) UE creates the video conference. The same message sequence as in steps 1 - 8 of Annex C.25 are used to create the conference into the conference focus and negotiate the media.

9)
SS responds to the INVITE request with valid 200 OK response.

10)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

11)
SS waits the UE to optionally subscribe to the conference event package with a SUBSCRIBE message
12)
If UE sent SUBSCRIBE, SS responds to it with 200 OK response.

13)
If UE sent SUBSCRIBE, SS sends a NOTIFY for the conference event package to the UE.

14) If SS sent a NOTIFY, SS waits the UE to respond the NOTIFY with 200 OK.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1-8
	
	Steps 1-8 of Annex C.25
	The same messages as in steps 1 - 8 of Annex C.25

	9
	(
	200 OK
	The SS responds INVITE with 200 OK and gives the final conference URI within the response

	10
	(
	ACK
	The UE acknowledges the receipt of 200 OK for INVITE

	11
	(
	SUBSCRIBE
	Optional: UE subscribes the conference event

	12
	(
	200 OK
	Optional: SS responds to the subscription

	13
	(
	NOTIFY
	Optional: SS sends the initial state of the conference event to the UE

	14
	(
	200 OK
	Optional: UE responds to the NOTIFY


NOTE:
The default messages contents in annex A are used with condition “IMS security“ or “GIBA” when applicable

Specific Message Contents

The specific message contents for steps 1 – 8 is otherwise identical to what has been specified in Annex C.25, but with the additional exceptions to steps 1 and 3 as below:

INVITE (Step 2)

	Header/param
	Value/remark

	Request-Line
	

	
Request-URI
	px_ConferenceFactoryUri

	To
	

	
addr-spec
	px_ConferenceFactoryUri


183 Session in Progress for INVITE (Step 4)

	Header/param
	Value/remark

	Contact
	

	
addr-spec
	px_TemporaryConferenceUri

	
feature-param
	isfocus


C.40
Generic test procedure for MTSI MT speech call for rSRVCC in alerting state
Test procedure:

1) MO speech is initiated on the UE as a result of receiving information from the lower layers that the CS to PS SRVCC access transfer is initiated. The call is initiated towards the URI of the STI-rSR as received during registration.

2)
UE sends an INVITE request to the SS.
3)
SS responds to the INVITE request with a 100 Trying response.
4)
SS responds to the INVITE request with a 183 Session Progress response.
5)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.
5)
SS waits for the UE to send a PRACK request.
6)
SS responds to the PRACK request with a 200 OK.

7)
UE waits for the SS to send an INFO request.

8)
UE responds to the INFO request with a 200 OK.
9)
SS waits for the UE to send an INFO request..
10)
SS responds to the INVITE request with a 200 OK.

11)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.
Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	UE attempt an IMS speech call a result  of an initiaton of the rSRVCC procedure
	

	2
	(
	INVITE
	UE sends INVITE with the first SDP offer.

	3
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	4
	(
	183 Session Progress
	SS sends an 183 Session Progress

	5
	(
	PRACK
	UE acknowledges the 183 Session PRogress

	6
	(
	200 OK
	SS sends a 200 OK 

	7
	(
	INFO
	SS sends INFO request for transfer of incoming early session

	8
	(
	200 OK
	UE responds INFO with 200 OK. 

	9
	(
	INFO
	UE sends INFO request to confirm the call

	10
	(
	200 OK
	SS responds INVITE with 200 OK. 

	11
	(
	ACK
	UE acknowledges. 


Specific Message Contents

INVITE (Step 2)

Use the default message “INVITE for MO Call” in annex A.2.1 with the following exceptions:

	Header/param
	Value/Remark

	Message-body
	SDP body with details according to information previously exchanged with the SS.
Note: preconditions are not used.


183 Session Progress (Step 4)

Use the default message “183 Session Progress for INVITE” in annex A.2.3 with the following exceptions:
	Header/param
	Value/Remark

	Recv-Info
	

	
Info-package-type
	+g.3gpp.state-and-event

	Feature-Caps
	

	
feature-param
	+g.3gpp.ti= (value) [Note 1] 

	Message-body
	Editor’s note: The content of the SDP body is FFS.

	
	[Note 1]: The value of this parameter shall be the same as the Transaction Identifier sent by the SS in the preceding CS call setup.


PRACK (Step 5)

Use the default message “PRACK” in annex A.2.4

INFO (Step 7)
	Header/param
	Value/remark

	Request-Line
	

	
Method
	INFO

	
Request-URI
	UE’s contact address in SIP URI form, as provided in the Contact header within the INVITE creating the dialog

	
SIP-Version
	SIP/2.0

	Via
	order of the parameters in this header must be like in this table

	
via-parm1:
	

	

Sent-protocol
	SIP/2.0/UDP  when using UDP or SIP/2.0/TCP  when using TCP

	

sent-by
	IP address and protected server port of SS

	

via-branch
	value starting with ‘z9hG4bK’

	
via-parm2:
	

	

sent-protocol
	SIP/2.0/UDP  when using UDP or SIP/2.0/TCP  when using TCP

	

sent-by
	px_scscf

	

via-branch

	value starting with ‘z9hG4bK’

	From
	

	
addr-spec
	SIP URI of the STI-SR

	
tag
	tag value corresponding to the SIP URI in the From header

	To
	

	
addr-spec
	any IMPU within the set of IMPUs on ISIM

	
tag

	tag value corresponding to the SIP URI in the To header

	Call-ID
	

	
callid
	same as value received in INVITE message

	CSeq
	

	
value
	value of CSeq sent by the UE within its previous request in the same dialog but increased by one

	
method
	INFO

	Contact
	

	
addr-spec
	SIP URI of the STI-SR

	Content-Type
	

	
media-type
	application/vnd.3gpp.state-and-event-info+xml

	Max-Forwards
	

	
value
	non-zero value

	Recv-Info
	

	
Info-package-type
	+g.3gpp.state-and-event

	Content-Length
	

	
value
	length of message-body

	Message-body
	 <?xml version="1.0" encoding="UTF-8"?> 

     <state-and-event-info> 

     <state-info>early</state-info> 

      <direction>receiver</direction> 

</state-and-event-info>


INFO (Step 9)
	Header/param
	Value/remark

	Request-Line
	

	
Method
	INFO

	
Request-URI
	SIP URI of the STI-SR

	
SIP-Version
	SIP/2.0

	Via
	order of the parameters in this header must be like in this table

	
via-parm1:
	

	

Sent-protocol
	SIP/2.0/UDP  when using UDP or SIP/2.0/TCP  when using TCP

	

sent-by
	IP address and protected server port of SS

	

via-branch
	value starting with ‘z9hG4bK’

	
via-parm2:
	

	

sent-protocol
	SIP/2.0/UDP  when using UDP or SIP/2.0/TCP  when using TCP

	

sent-by
	px_scscf

	

via-branch

	value starting with ‘z9hG4bK’

	From
	

	
addr-spec
	SIP URI of the UE

	
tag
	tag value corresponding to the SIP URI in the From header

	To
	

	
addr-spec
	SIP URI of the STI-SR

	
tag

	tag value corresponding to the SIP URI in the To header

	Call-ID
	

	
callid
	same as value received in INVITE message

	CSeq
	

	
value
	value of CSeq sent by the SS within its previous request in the same dialog but increased by one

	
method
	INFO

	Contact
	

	
addr-spec
	SIP URI of UE

	Content-Type
	

	
media-type
	application/vnd.3gpp.state-and-event-info+xml

	Max-Forwards
	

	
value
	non-zero value

	Recv-Info
	

	
Info-package-type
	+g.3gpp.state-and-event

	Content-Length
	

	
value
	length of message-body

	Message-body
	 <?xml version="1.0" encoding="UTF-8"?> 

     <state-and-event-info> 

      <direction> initiator</direction> 

     < event>call-accepted</event> 

</state-and-event-info>


