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<Start of modified section 1>
[bookmark: _Toc68197395]7.17	MTSI MT Video call without preconditions at both originating UE and terminating UE / 5GS
7.17.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and configured to not use preconditions }
ensure that {
  when { UE receives INVITE for video call }
    then { UE may respond with 100 Trying and then sends 183 Session Progress with SDP without preconditions }
}

(2)
with { UE having sent 183 Session Progress }
ensure that {
  when { UE receives PRACK for 183 Session Progress }
    then { UE sends 200 OK for PRACK }
}

(3)
with { UE having sent 200 OK for PRACK }
ensure that {
  when { UE is ready to start the call }
    then { UE sends 180 Ringing followed by 200 OK for INVITE }
}

7.17.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.229, clause 6.1.1]:
The "integration of resource management and SIP" extension is hereafter in this subclause referred to as "the precondition mechanism" and is defined in RFC 3312 as updated by RFC 4032.
In order to authorize the media streams, the P-CSCF and S-CSCF have to be able to inspect the SDP payloads. Hence, the UE shall not encrypt the SDP payloads.
During session establishment procedure, SIP messages shall only contain SDP payload if that is intended to modify the session description, or when the SDP payload must be included in the message because of SIP rules described in RFC 3261. 
...
For "video" and "audio" media types that utilize the P/CP, the UE shall specify the proposed bandwidth for each media stream utilizing the "b=" media descriptor and the "AS" bandwidth modifier in the SDP. 
...
If the media line in the SDP indicates the usage of RTP/RTCP, and if the UE is configured to request an RTCP bandwidth level for the session is different than the default RTCP bandwidth as specified in RFC 3556, then in addition to the "AS" bandwidth modifier in the media-level "b=" line, the UE shall include two media-level "b=" lines, one with the "RS" bandwidth modifier and the other with the "RR" bandwidth modifier as described in RFC 3556 to specify the required bandwidth allocation for RTCP. The bandwidth-value in the b=RS: and b=RR: lines may include transport overhead as described in subclause 6.1 of RFC 3890.
For other media streams the "b=" media descriptor may be included. The value or absence of the "b=" parameter will affect the assigned QoS which is defined in 3GPP TS 29.208.
NOTE 1:	In a two-party session where both participants are active, the CP receiver reports are not sent, therefore, the RR bandwidth modifier will typically get the value of zero.
The UE shall include the MIME subtype "telephone-event" in the "m=" media descriptor in the SDP for audio media flows that support both audio codec and DTMF payloads in P packets as described in RFC 4733.
The UE shall inspect the SDP contained in any SIP request or response, looking for possible indications of grouping of media streams according to RFC 3524 and perform the appropriate actions for IP-CAN bearer establishment for media according to IP-CAN specific procedures (see subclause B.2.2.5 for IP-CAN implemented using GPRS).
If resource reservation is needed, the UE shall start reserving its local resources whenever it has sufficient rmation about the media streams, media authorization and used codecs available.
NOTE 2:	Based on this resource reservation can, in certain cases, be initiated immediately after the sending or receiving of the initial SDP offer.
...
[TS 24.229, clause 6.1.3]:
Upon receipt of an initial SDP offer in which no precondition information is available, the terminating UE shall in the SDP answer:
-	if, prior to sending the SDP answer the desired QoS resources have been reserved at the terminating UE, set the related media streams in the SDP answer to:
-	active mode, if the offered media streams were not listed as inactive; or
-	inactive mode, if the offered media streams were listed as inactive.
…
Upon sending a SDP answer to an SDP offer (which included one or more media lines which was offered with several codecs) the terminating UE shall:
-	select exactly one codec per media line and indicate only the selected codec for the related media stream. In addition, the UE may icate support of the in-band DTMF codec, as described in subclause 6.1.1; or
-	if the UE is participant in a multi-stream multiparty multimedia conference session using simulcast (indicated by the presence of "a=simulcast" SDP attribute(s) in the SDP answer, as defined in RFC 8853 [249]), apply the procedures defined in 3GPP TS 26.114 [9B] annex S.
…
Upon sending an SDP answer to an SDP offer, with the SDP answer including one or more media streams for which the originating side did indicate its local preconditions as not met, if the precondition mechanism is used by the terminating UE (see subclause 5.1.4.1), the terminating UE shall indicate its local preconditions and request the confirmation for the result of the resource reservation at the originating end point.
…
Upon receiving an initial INVITE request that includes the SDP offer containing an IP address type (in the "c=" parameter) that is not supported by the UE, the UE shall:
-	if the UE is a UE performing the functions of an external attached network and
1)	if the received SDP offer contains an "altc" SDP attribute indicating an alternative and supported IP address; and
2)	the UE supports the "altc" SDP attribute;
	select an IP address type in accordance with RFC 6947 [228]; or
-	otherwise respond with a 488 (Not Acceptable Here) response including a 301 Warning header field indicating "incompatible network address format".
NOTE 2:	Upon receiving an initial INVITE request that does not include an SDP offer, the UE can accept the request and include an SDP offer in the first reliable response. The SDP offer will reflect the called user's terminal capabilities and user preferences for the session.
If the UE receives an SDP offer that specifies different IP address type for media (i.e. specify it in the "c=" parameter of the SDP offer) that the UE is using for signalling, and if the UE supports both IPv4 and IPv6 addresses simultaneously, the UE shall accept the received SDP offer. Subsequently, the UE shall either acquire an IP address type or use an existing IP address type as specified in the SDP offer, and include it in the "c=" parameter in the SDP answer.
NOTE 3:	Upon receiving an initial INVITE request, that includes an SDP offer containing connection addresses (in the "c=" parameter) equal to zero, the UE will select the media streams that is willing to accept for the session, reserve the QoS resources for accepted media streams, and include its valid connection address in the SDP answer.
7.17.3	Test description
7.17.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	The UE contains either ISIM and USIM applications or only USIM application on UICC.
-	The UE is configured to register for IMS after switch on.
-	The UE is configured to not use preconditions. 
Preamble:
-	UE is in state 1N-A and registered to IMS
7.17.3.2	Test procedure sequence
Table 7.17.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	0A-0H
	Steps 1-8 of generic procedure specified in Table 4.9.16.2.2-1 of TS 38.508-1 [21] are performed.
	-
	-
	-
	-

	1
	SS sends INVITE with the first SDP offer.
	<-
	INVITE
	-
	-

	2
	Check: (Optional) Does The UE respond with a 100 Trying provisional response?
	->
	100 Trying
	1
	-P

	3
	The UE sends 183 response reliably with the SDP answer to the offer in INVITE
	->
	183 Session Progress
	-
	-

	4
	SS acknowledges the receipt of 183 response from the UE.
	<-
	PRACK
	-
	-

	5
	Check: Does the UE respond to PRACK with 200 OK?
	->
	200 OK
	2
	P

	6
	Check: (Optional) Does the UE responds to INVITE with 180 Ringing?
	->
	180 Ringing
	3
	P

	7
	(Optional) SS shall send PRACK only if the 180 response contains 100rel option tag within the Require header.
	<-
	PRACK
	-
	-

	8
	(Optional) The UE acknowledges the PRACK with 200 OK.
	->
	200 OK
	-
	-

	9
	Make UE accept the video call.
	-
	-
	-
	-

	10
	The UE responds to INVITE with a 200 OK final response after the user answers the call.
	->
	200 OK
	-
	-

	11
	The SS acknowledges the receipt of 200 OK for INVITE.
	<-
	ACK
	-
	-



7.17.3.3	Specific message contents
None as fully specified in A.16.2.
<End of modified section 1>
