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12.24.5	Test requirements
The UE shall send requests and responses as described in clause 12.24.4.
12.24a	MT MTSI speech call / EVS / Default configuration
[bookmark: _Toc21077370][bookmark: _Toc35971917][bookmark: _Toc51774206][bookmark: _Toc51834629][bookmark: _Toc52219482][bookmark: _Toc58359561][bookmark: _Toc68192719][bookmark: _Toc75421694][bookmark: _Toc90571736]12.24a.1	Definition
Test to verify that the UE correctly performs IMS mobile terminated voice call setup with EVS when using IMS Multimedia Telephony. This process is described in 3GPP TS 24.229 [10], clauses 5.1.3 and 6.1, TS 24.173 [65] and TS 26.114 [66]. 
[bookmark: _Toc21077371][bookmark: _Toc35971918][bookmark: _Toc51774207][bookmark: _Toc51834630][bookmark: _Toc52219483][bookmark: _Toc58359562][bookmark: _Toc68192720][bookmark: _Toc75421695][bookmark: _Toc90571737]12.24a.2	Conformance requirement
Same as TC12.24. 
[bookmark: _Toc21077372][bookmark: _Toc35971919][bookmark: _Toc51774208][bookmark: _Toc51834631][bookmark: _Toc52219484][bookmark: _Toc58359563][bookmark: _Toc68192721][bookmark: _Toc75421696][bookmark: _Toc90571738]12.24a.3	Test purpose
1)	To verify that, when initiating MT MTSI speech call and SS needs to reserve resources, the UE performs correct exchange of SIP protocol signalling messages for setting up the session.
2)	To verify that within SIP signalling the UE performs the correct exchange of SIP header and parameter contents.
3)	To verify that within SIP signalling the UE performs the correct exchange of SDP contents.
4)	To verify that the UE is able to release the call.
[bookmark: _Toc21077373][bookmark: _Toc35971920][bookmark: _Toc51774209][bookmark: _Toc51834632][bookmark: _Toc52219485][bookmark: _Toc58359564][bookmark: _Toc68192722][bookmark: _Toc75421697][bookmark: _Toc90571739]12.24a.4	Method of test
Initial conditions
UE contains either ISIM and USIM applications or only USIM application on UICC. UE has discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 up to the last step.
SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration (IMS security).
Test procedure applicable for a UE with EN-DC support (TS 38.508-2 [158] A.4.1-3/2)
1-26)	The UE executes the procedures described in TS 36.508 [94] table 4.5A.20.3-1 steps 1 to 26.
NOTE:	No NR cell is required to be setup in the preamble
Expected sequence
NOTE:	Only the IMS procedure relevant to the test purpose is described below.
	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	INVITE
	SS sends INVITE with the first SDP offer.

	2-3
	
	Steps 2-3 defined in annex C.45
	MTSI MT speech call. Referred from 36.508 [94] table 4.5A.20.3-1 for a UE with EN-DCsupport.

	4
	
	183 Session Progress
	The UE sends 183 response reliably with the SDP answer to the offer in INVITE

	5-15
	
	Steps 5-15 defined in annex C.45
	MTSI MT speech call. Referred from 36.508 [94] table 4.5A.20.3-1 for a UE with EN-DC support.



Specific Message Content
[bookmark: _Toc21077374][bookmark: _Toc35971921][bookmark: _Toc51774210][bookmark: _Toc51834633][bookmark: _Toc52219486][bookmark: _Toc58359565][bookmark: _Toc68192723][bookmark: _Toc75421698][bookmark: _Toc90571740]INVITE (Step 1)
Use the default message “INVITE for MT Call” in annex A.2.9 with the following exceptions:
	Header/param
	Value/remark

	Supported
	

	   option-tag
	precondition

	Message-body
	The following SDP types and values.

Session description:
- v=0
- o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)
- s=-
- c=IN (addrtype) (connection-address for SS)
- b=AS:65

Time description:
- t=0 0

Media description:
- m=audio (transport port) RTP/AVP 96 97 98 99 100
- b=AS:65
- b=RS:0
- b=RR:2000

Attributes for media: 
- a=rtpmap:96 EVS/16000/1
- a=fmtp:96 br=5.9-24.4; bw=nb-swb; max-red=220
- a=rtpmap:97 AMR-WB/16000/1
- a=fmtp:97 mode-change-capability=2; max-red=220
- a=rtpmap:98 telephone-event/16000
- a=fmtp:98 0-15
- a=rtpmap: 99 AMR/8000/1
- a=fmtp:99 mode-change-capability=2; max-red=220
- a=rtpmap: 100 telephone-event/8000
- a=fmtp: 100 0-15
- a=ptime:20
- a=maxptime:240

Attributes for preconditions:
- a=curr:qos local none
- a=curr:qos remote none
- a=des:qos mandatory local sendrecv
- a=des:qos optional remote sendrecv



183 Session Progress (Step 4)
Use the default message "183 Session Progress" in annex A.2.3 with the following exceptions:
	Header/param
	Value/remark

	Status-Line
	

	    Reason-Phrase
	Not checked

	Require
	

	   option-tag
	precondition

	Message-body
	The following SDP types and values shall be present.

Session description:
- v=0
- o=(user-name) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)
- s=(session name)
- c=IN (addrtype) (connection-address for UE) [Note 1]
- b=AS: (bandwidth-value)

Time description:
- t=0 0

Media description:
- m=audio (transport port) RTP/AVP (fmt) [Note 2]
- c=IN (addrtype) (connection-address for UE) [Note 1]
- b=AS: (bandwidth-value)
- b=RS: (bandwidth-value)
- b=RR: (bandwidth-value)

Attributes for media:
- a=rtpmap:(payload type) EVS/16000 [Note 2]
- a=fmtp: (format) br=5.9-24.4; bw=nb-swb; max-red=(att-field) [Note 2]

Attributes for preconditions:
- a=curr:qos local none or a=curr:qos local sendrecv
- a=curr:qos remote none
- a=des:qos mandatory local sendrecv
- a=des:qos mandatory remote sendrecv
- a=conf:qos remote sendrecv
Note 1: At least one "c=" field shall be present.
Note 2: The value for fmt, payload type and format is not checked



12.24a.5	Test requirements
The UE shall send requests and responses as described in clause 12.24a.4.

