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[bookmark: _Toc500932309][bookmark: _Toc51773937][bookmark: _Toc51834360][bookmark: _Toc52219213][bookmark: _Toc58359307][bookmark: _Toc68192465][bookmark: _Toc75421440][bookmark: _Toc90571482][bookmark: _Toc21077101][bookmark: _Toc35971648]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 unless the context in which the reference is made suggests a different Release is relevant (information on the applicable release in a particular context can be found in e.g. test case title, description or applicability, message description or content).
[1]	3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]	3GPP TS 34.123-1: "User Equipment (UE) conformance specification; Part 1: Protocol conformance specification".
<<< TEXT SKIPPED >>>
[158]	3GPP TS 38.508-2: "5GS; User Equipment (UE) conformance specification; Part 2: Common Implementation Conformance Statement (ICS) proforma".

<<< TEXT SKIPPED >>>
12.23.5	Test requirements
The UE shall send requests and responses as described in clause 12.23.4.
12.23a	MO MTSI speech call / EVS / Default configuration
[bookmark: _Toc21077364][bookmark: _Toc35971911][bookmark: _Toc51774200][bookmark: _Toc51834623][bookmark: _Toc52219476][bookmark: _Toc58359555][bookmark: _Toc68192713][bookmark: _Toc75421688][bookmark: _Toc90571730]12.23a.1	Definition
Test to verify that the UE correctly performs IMS mobile originated 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: _Toc21077365][bookmark: _Toc35971912][bookmark: _Toc51774201][bookmark: _Toc51834624][bookmark: _Toc52219477][bookmark: _Toc58359556][bookmark: _Toc68192714][bookmark: _Toc75421689][bookmark: _Toc90571731]12.23a.2	Conformance requirement
Same as TC 12.23. 
[bookmark: _Toc21077366][bookmark: _Toc35971913][bookmark: _Toc51774202][bookmark: _Toc51834625][bookmark: _Toc52219478][bookmark: _Toc58359557][bookmark: _Toc68192715][bookmark: _Toc75421690][bookmark: _Toc90571732]12.23a.3	Test purpose
1)	To verify that when initiating MO 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: _Toc21077367][bookmark: _Toc35971914][bookmark: _Toc51774203][bookmark: _Toc51834626][bookmark: _Toc52219479][bookmark: _Toc58359558][bookmark: _Toc68192716][bookmark: _Toc75421691][bookmark: _Toc90571733]12.23a.4	Method of test
Initial conditions
UE contains 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)
1-14)	The UE executes the procedure described in TS 36.508 [94] table 4.5A.19.3-1 steps 1 to 14.
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
	
	Step 1 defined in annex C.44
	MTSI MO speech call. Referred from 36.508 [94] table 4.5A.19.3-1 for a UE with EN-DC support.

	2
	
	INVITE
	UE sends INVITE with the first SDP offer.

	3
	
	Step 3 defined in annex C.44
	MTSI MO speech call. Referred from 36.508 [94] table 4.5A.19.3-1 for a UE with EN-DC support.

	4
	
	183 Session Progress
	SS sends an SDP answer.

	5
	
	PRACK
	UE acknowledges and optionally offers the second SDP if a dedicated EPS bearer is already established by the network.

	6
	
	200 OK
	SS sends a 200 OK and answers the second SDP if present.

	7
	
	UPDATE
	Optional step: UE sends an UPDATE with the second SDP if the second SDP was not sent at step 5.

	8
	
	200 OK
	Optional step: SS sends a 200 OK for UPDATE. 

	9-13
	
	Steps 9-13 defined in annex C.44
	

	14
	
	The UE is triggered by MMI to release the call
	

	15
	
	BYE
	The UE releases the call with BYE

	16
	
	200 OK
	The SS sends 200 OK for BYE



Specific Message Contents
[bookmark: _Toc21077368][bookmark: _Toc35971915][bookmark: _Toc51774204][bookmark: _Toc51834627][bookmark: _Toc52219480][bookmark: _Toc58359559][bookmark: _Toc68192717][bookmark: _Toc75421692][bookmark: _Toc90571734]INVITE (Step 2)
Use the default message “INVITE for MO Call” in annex A.2.1 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=(username) (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= (start-time) (stop-time)

Media description:
-	m=audio (transport port) RTP/AVP (fmt)
-	c=IN (addrtype) (connection-address for UE) [Note 1]
-	b=AS: (bandwidth-value)
-	b=RS: (bandwidth-value) [Note 9]
-	b=RR: (bandwidth-value) [Note 9]

Attributes for media: 
-	a=rtpmap: (payload type) EVS/16000 [Note 5, 10]
-	a=fmtp: (format) br=5.9-24.4; bw=nb-swb; max-red= (att-field) [Note 6, 7]
-	a=rtpmap: (payload type) AMR-WB/16000 [Note 5, 10]
-	a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 6, 8]
-	a=rtpmap: (payload type) telephone-event/16000
-	a=fmtp: (format)
-	a=rtpmap: (payload type) AMR/8000 [Note 5, 10]
-	a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 6, 8]
-	a=rtpmap: (payload type) telephone-event/8000 
-	a=fmtp: (format)
-	a=ecn-capable-rtp: leap ect=0 [Note 2]
-	a=rtcp-fb:* nack ecn [Note 2]
-	a=rtcp-xr:ecn-sum [Note 2]
-	a=rtcp-rsize [Note 2]
-	a=ptime:20
-	a=maxptime:240

Attributes for media security mechanism:
-	a=3ge2ae: requested [Note 3]
-	a=a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:WVNfX19zZW1jdGwgKCkgewkyMjA7fQp9CnVubGVz|2^20|
1:4FEC_ORDER=FEC_SRTP" [Note 3]

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

Note 1: At least one "c=" field shall be present.
Note 2: Attributes for ECN Capability may be present if the UE supports Explicit Congestion Notification.
Note 3: Attributes for media plane security are present if the use of end-to-access-edge security is supported by UE.
Note 4: Void
Note 5: The channel number shall be “/1” or omitted.
Note 6: Values from 0 to 220 are allowed in the att-field.
Note 7: The parameters dtx, dtx-recv and evs-mode-switch shall not be present.
Note 8: The parameters mode-set, mode-change-period, mode-change-neighbor, crc, robust-sorting and interleaving shall not be present.
Note 9: The RR value must be greater than 0. The RS value can be any value.
Note 10: The ordering of payload types shall be as listed, i.e., EVS before AMR-WB before AMR.



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

	Require
	

	    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 (fmt) [Note 1, 4]
-	b=AS:65
-	b=RS: (bandwidth-value) [Note 5]
-	b=RR: (bandwidth-value) [Note 5]

Attributes for media:
-	a=rtpmap: (payload type) EVS/16000/1 [Note 1]
-	a=fmtp: (format) br=5.9-24.4; bw=nb-swb; max-red=220

-	a=ecn-capable-rtp: leap ect=0 [Note 2]
-	a=rtcp-fb:* nack ecn [Note 2]
-	a=rtcp-xr:ecn-sum [Note 2]
-	a=ptime:20
-	a=maxptime:240

Attributes for media security mechanism:
-	a=3ge2ae: requested [Note 3]
-	a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4 [Note 3]

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

Note 1: The values for fmt, payload type and format are copied from step 2.
Note 2: Attributes for ECN Capability are present if the UE supports Explicit Congestion Notification.
Note 3: Attributes for media plane security are present if the use of end-to-access-edge security is supported by UE.
Note 4: Transport port is the port number of the SS (see RFC 3264 clause 6).
Note 5: The bandwidth-value is copied from step 2.
.



PRACK (Step 5)
Use the default message “PRACK” in annex A.2.4 with the following exceptions:
	Header/param
	Value/Remark

	Require
    option-tag
	
precondition (shall be present if SDP message-body present)

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

Session description:
-	v=0
-	o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE) [Note 2]
-	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 3]
-	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 3] [Note 5]
-	a=fmtp: (format) [Note 3][Note 4]

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

Note 1: At least one "c=" field shall be present.
Note 2: "o=" line identical to previous SDP sent by UE except that sess-version is incremented by one
Note 3: The value for fmt, payload type and format is not checked
Note 4: Parameters for the codec are not checked
Note 5: The channel number shall be “/1” or omitted.



200 OK for PRACK (Step 6)
Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1 with the following exceptions:
	Header/param
	Value/remark

	Require
    option-tag
	
precondition (shall be present if SDP message-body present)

	Content-Type
	Header optional
Contents if present:

		media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	Contents present if PRACK (step 5) contained a SDP.

SDP body of the 200 OK response copied from the received PRACK in step 4 and modified as follows:

-	IP address on "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media;
-	"o=" line identical to previous SDP sent by SS except that sess-version is incremented.

Attributes for preconditions:
1. a=curr:qos remote sendrecv



UPDATE (Step 7)
Use the default message “UPDATE” in annex A.2.5 with the following exceptions:
	Header/param
	Value/remark

	Require
	Same contents as specified in step 5.

	Message-body
	Same contents as specified in step 5.



200 OK for UPDATE (Step 8)
Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1 with the following exceptions:
	Header/param
	Value/remark

	Require
    option-tag
	
precondition

	Content-Type
	

		media-type
	application/sdp 

	Content-Length
	

	      Value
	length of message-body

	Message-body
	SDP body of the 200 response copied from the received UPDATE in step 7 and modified as follows:

-	IP address on "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media;
-	“o=” line identical to previous SDP sent by SS except that sess-version is incremented.

Attributes for preconditions:
1. a=curr:qos remote sendrecv



12.23a.5	Test requirements
The UE shall send requests and responses as described in clause 12.23a.4.

