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*** 1st Change ***
[bookmark: _Toc60916087][bookmark: _Toc68197383][bookmark: _Toc75880632][bookmark: _Toc84254330][bookmark: _Toc84255125]7.1	MTSI MO Voice Call / 503 Service Unavailable / 5GS
[bookmark: _Toc60916088]7.1.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and configured to use preconditions and UE having sent an initial INVITE request for MO Voice call }
ensure that {
  when { UE receiving a 503 Service Unavailable response containing a Retry-After header indicating a period of 20 seconds }
   then { UE does not reattempt the request until after the indicated period }
            }

(2)
Void

[bookmark: _Toc60916089]7.1.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.229, clause 5.1.3.1]:
Upon receiving a 503 (Service Unavailable) response to an initial INVITE request containing a Retry-After header, then the originating UE shall not automatically reattempt the request until after the period indicated by the Retry-After header contents.
[TS 24.229, clause 6.1.2]:
An INVITE request generated by a UE shall contain a SDP offer and at least one media description. This SDP offer shall reflect the calling user's terminal capabilities and user preferences for the session.
…
NOTE 2:	If the originating UE does not use the precondition mechanism (see subclause 5.1.3.1), it will not include any precondition information in the SDP message body.
[bookmark: _Toc60916090]7.1.3	Test description
[bookmark: _Toc60916091]7.1.3.1	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 either configured to use preconditions or to not use preconditions or does not support preconditions.The UE is configured to use preconditions.
Preamble:
-	UE is in state 1N-A and registered to IMS
[bookmark: _Toc60916092]7.1.3.2	Test procedure sequence
Table 7.1.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	UE is made to attempt an IMS voice call
	-
	-
	-
	-

	2-7
	Steps 2-7 of generic procedure specified in Table 4.9.15.2.2-1 of TS 38.508-1 [21] are performed.
	-
	-
	-
	-

	-
	EXCEPTION: In parallel with Step 8, parallel behaviour defined in table 7.1.3.2-2 takes place
	-
	-
	-
	-

	-
	EXCEPTION: Steps 8a to 8b describe behaviour that depends on UE configuration; the “lower case letter” identifies a step sequence that takes place if such configuration was conducted.
	-
	-
	-
	-

	8a
	IF the UE is configured to use preconditions THEN step1 of Annex A.4.1 takes place.
	-->
	INVITE
	-
	-

	8b
	ELSE step 1 of Annex A.4.2 takes place.
	-->
	INVITE
	-
	-

	9
	SS sends 503 (Service Unavailable) with Retry-After header indicating a period of 20 seconds.
	<--
	503 Service Unavailable
	-
	-

	10
	UE acknowledges the reception of 503 (Service Unavailable) message.
	-->
	ACK
	-
	-

	11
	The SS starts timer t_Waits=20s.
	-
	-
	-
	-

	12
	Check: Does the UE reattempt the INVITE request?
	-->
	INVITE
	1
	F

	13
	The SS waits for expiry of t_Waits.
	-
	-
	-
	-

	-
	EXCEPTION: Steps 14a1 to 14b8 happen if the UE choses to reattempt the INVITE request, i.e., these steps are optional. The SS waits at most 30 more seconds for such INVITE request before it terminates the test case. 
	-
	-
	-
	-

	-
	EXCEPTION: Steps 14a1 to 14b8 describe behaviour that depends on UE configuration; the “lower case letter” identifies a step sequence that takes place if such configuration was conducted.
	-
	-
	-
	-

	14a1
	IF the UE is configured to use preconditions THEN step 1 of Annex A.4.1 takes place.
	-->
	INVITE
	-
	-

	14a2-14a12
	Steps 2 to 12 of Annex A.4.1 take place
	-
	-
	-
	-

	14b1
	ELSE step 1 of Annex A.4.2 takes place
	-->
	INVITE
	-
	-

	14b2-14b8
	Steps 2 to 8 of Annex A.4.2 take place
	-
	-
	-
	-



Table 7.1.3.2-2: Parallel behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The UE transmits an RRCReconfigurationComplete message.
	-->
	NR RRC: RRCReconfigurationComplete
	-
	-



[bookmark: _Toc60916093]7.1.3.3	Specific message contents
Table 7.1.3.3-1: 503 Service Unavailable (step 9, table 7.1.3.2-1)
	Derivation path: TS 34.229-1 [2], Annex A.4.2

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Retry-After
	
	
	
	

		delta-seconds
	
	20
	
	




*** Next Change ***
[bookmark: _Toc68197384][bookmark: _Toc75880633][bookmark: _Toc84254331][bookmark: _Toc84255126]7.2	MTSI MO Voice Call / 504 Server Time-out / 5GS
[bookmark: _Toc60916095]7.2.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and UE having sent an INVITE request }
ensure that {
  when { UE receives 504 Server Time-out response }
    then { UE performs initial registration to IMS }
            }

[bookmark: _Toc60916096]7.2.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.229, clause 5.1.2A.1.6]
In the event the UE receives a 504 (Server Time-out) response containing:
1)	a P-Asserted-Identity header field set to a value equal to a URI:
a)	from the Service-Route header field value received during registration; or
b)	from the Path header field value received during registration; and
NOTE 1:	If there are multiple registration flows associated with the registration, then the UE has received from the P-CSCF during registration multiple sets of Path header field and Service-Route header field values. The Path header field value and Service-Route header field value corresponding to the flow on which the 504 (Server Time-out) response was received are checked.
2)	a Content-Type header field set according to subclause 7.6 (i.e. "application/3gpp-ims+xml"), independent of the value or presence of the Content-Disposition header field, independent of the value or presence of Content-Disposition parameters,
then the following treatment is applied:
a)	if the 504 (Server Time-out) response includes an IM CN subsystem XML body as described in subclause 7.6 with the <ims-3gpp> element, including a version attribute, with the <alternative-service> child element:
A)	with the <type> child element set to "restoration" (see table 7.6.2); and
B)	with the <action> child element set to "initial-registration" (see table 7.6.3);
	then the UE:
-	shall initiate S-CSCF restoration procedures by performing an initial registration as specified in subclause 5.1.1.2; and
-	may provide an indication to the user based on the text string contained in the <reason> child element of the <alternative-service> child element of the <ims-3gpp> element.
NOTE 2:	If the UE has discovered multiple P-CSCF addresses and has information that the P-CSCF was unable to forward the request resulting in sending back the 504 (Server Time-out) response, when starting the initial registration it is appropriate for the UE to select a P-CSCF address different from the one used for the registration binding on which the 504 (Server Time-out) response was received.
[bookmark: _Toc60916097]7.2.3	Test description
[bookmark: _Toc60916098]7.2.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	The UE is either configured to use preconditions or to not use preconditions or does not support preconditions.
Preamble:
-	UE is in test state 1N-A (TS 38.508-1 [21]) and registered to IMS.
[bookmark: _Toc60916099]7.2.3.2	Test procedure sequence
Table 7.2.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	UE is made to attempt an IMS voice call.
	-
	-
	-
	-

	2-7
	Steps 2-7 of generic procedure specified in Table 4.9.15.2.2-1 of TS 38.508-1 [21] are performed.
	-
	-
	-
	-

	-
	EXCEPTION: In parallel to INVITE at Step 8, step described in Table 7.2.3.2-2: Parallel behaviour takes place.
	-->
	-
	-
	-

	8
	Step 1 of Annex A.4.2 happens.
	-->
	INVITE
	-
	-

	9
	SS sends 504 Server Time-out
	<--
	504 Server Time-out
	-
	-

	9A
	UE acknowledges the reception of 504 Server Time-out.
	-->
	ACK
	-
	-

	10
	Check: Does the UE send an initial registration request?
	-->
	REGISTER
	1
	P

	11-17
	Continue with Annex A.2 steps 2-8 in order to get the UE in a stable registered state.
	-
	-
	-
	-



Table 7.2.3.2-2: Parallel behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The UE transmits an RRCReconfigurationComplete message.
	-->
	NR RRC: RRCReconfigurationComplete
	-
	-



[bookmark: _Hlk64960998]Table 7.2.3.3-3: ACK (step 9A, Table 7.2.3.2-1)
	Derivation path: TS 34.229-1 [2], Table in subclause A.2.7 Conditions A1 and A4



[bookmark: _Toc60916100]7.2.3.3	Specific message contents
Table 7.2.3.3-1: 504 Server Time-out (step 3, Table 7.2.3.2-1)
	Derivation path: TS 34.229-1 [2], Table in subclause A.4.6



Table 7.2.3.3-2: REGISTER (step 4, Table 7.2.3.2-1)
	Derivation path: TS 34.229-1 [2], Table in subclause A.1.1 conditions A1 and A32



*** Next Change ***
[bookmark: _Toc60916155][bookmark: _Toc68197392][bookmark: _Toc75880641][bookmark: _Toc84254339][bookmark: _Toc84255134]7.11	MTSI MT Voice call without preconditions at terminating UE and originating UE requiring them / 5GS
[bookmark: _Toc60916156]7.11.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and the preconditions mechanism is disabledconfigured to not use preconditions or the UE does not support preconditions }
ensure that {
  when { UE receives INVITE for voice call where remote UE requires usage of preconditions }
    then { UE rejects INVITE with 420 Bad Extension response }
            }

[bookmark: _Toc60916157]7.11.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.229, clause 5.1.4.1]
If an initial INVITE request is received the terminating UE shall check whether the terminating UE requires local resource reservation.
NOTE 1:	The terminating UE can decide if local resource reservation is required based on e.g. application requirements, current access network capabilities, local configuration, etc.
During the session initiation, if local resource reservation is required at the terminating UE and the terminating UE supports the precondition mechanism, and:
a)	the received INVITE request includes the "precondition" option-tag in the Supported header field or Require header field and the precondition mechanism is enabled as specified in subclause 5.1.5A, the terminating UE shall use the precondition mechanism and shall include a Require header field with the "precondition" option-tag:
-	in responses to that INVITE request if those responses include an SDP body;
-	in responses to subsequent requests received in-dialog that include an SDP body and include "precondition" option-tag in Supported header field or Require header field; and
-	in subsequent requests that include an SDP body, that it sends towards the originating UE during the session initiation;
b)	the received INVITE request includes the "precondition" option-tag in the Supported header field, and the precondition mechanism is disabled as specified in subclause 5.1.5A, the terminating UE shall not use the precondition mechanism:
c)	the received INVITE request includes the "precondition" option-tag in the Require header field, and the precondition mechanism is disabled as specified in subclause 5.1.5A, the terminating UE shall reject the INVITE request with a 420 (Bad Extension) response; and
d)	the received INVITE request does not include the "precondition" option-tag in the Supported header field or Require header field, the terminating UE shall not use the precondition mechanism.
[bookmark: _Toc60916158]7.11.3	Test description
[bookmark: _Toc60916159]7.11.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	The UE is configured to not use preconditions orOR the UE does not support preconditions-	.
Preamble:
-	The UE is in test state 1N-A (TS 38.508-1 [21]) and registered to IMS.
[bookmark: _Toc60916160]7.11.3.2	Test procedure sequence
Table 7.11.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

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

	9
	Step 1 of A.5.1 happens, with one change: SS sends an INVITE request with a Require header field containing the precondition option-tag.
	<--
	INVITE
	
	

	9A
	Optional step: UE may send a 100 Trying provisional response.
	-->
	(Optional) 100 Trying
	
	

	10
	UE sends a 420 Bad Extension response with an Unsupported header field containing the precondition option-tag.
	-->
	420 Bad Extension
	1
	P

	11
	SS acknowledges the reception of 420 Bad Extension.
	<--
	ACK
	
	



[bookmark: _Toc60916161]7.11.3.3	Specific message contents
Table 7.11.3.3-1: INVITE (step 9, table 7.11.3.2-1)
	Derivation Path: Annex A.5.1

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Require
	
	
	
	RFC 3261 [6]

		option-tag
	
	precondition
	
	



Table 7.2.3.3-2: 100 Trying (step 9A, Table 7.2.3.2-1)
	Derivation path: TS 34.229-1 [2], Annex A.2.2, Condition A2



Table 7.11.3.3-3: 420 Bad Extension for INVITE (step 10, table 7.11.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.25

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Unsupported
	
	
	
	RFC 3261 [6]

		option-tag
	
	precondition
	
	



Table 7.2.3.3-4: ACK (step 11, Table 7.2.3.2-1)
	Derivation path: TS 34.229-1 [2], Annex A.2.7, Conditions A2 and A4



*** Next Change ***
[bookmark: _Toc75880643][bookmark: _Toc84254341][bookmark: _Toc84255136]7.13	MTSI MT Voice Call with RTCP disabled / 5GS
7.13.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and configured to use preconditions }
ensure that {
  when { UE receives INVITE for voice call with both b=RS and b=RR attributes set to zero }
    then { UE may respond with 100 Trying and then sends 183 Session Progress with SDP with both b=RS and b=RR set to zero and completes setup of voice call with preconditions }
}

7.13.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 26.114, clause 7.3.1]
Point-to-point speech only sessions may not require the above functionalities and may therefore turn off RTCP by setting the SDP bandwidth modifiers (RR and RS) to zero. When RTCP is turned off (for point-to-point speech only sessions) and the media is put on hold, the MTSI client should re-negotiate the RTCP bandwidth with the SDP bandwidth modifier RR value set greater than zero, and send RTCP packets (i.e., Receiver Reports) to the other end. This allows the remote end to detect link aliveness during hold. When media is resumed, the resuming MTSI client should request to turn off the RTCP sending again through a re-negotiation of the RTCP bandwidth with SDP bandwidth modifiers equal to zero.
When RTCP is turned off (for point-to-point speech only sessions) and if sending of an additional associated RTP stream becomes required and both RTP streams need to be synchronized, or if transport feedback due to lack of end-to-end QoS guarantees is needed, a MTSI client should re-negotiate the bandwidth for RTCP by sending an SDP with the RR bandwidth modifier greater than zero. Setting the RR bandwidth modifier greater than zero allows sending of RTCP Receiver Reports even when the session is put on hold and neither terminal is actively sending RTP media.
7.13.3	Profile requirements (Informative)
[GSMA NG.114 V1.0, cl3.6.3]
The RTP implementation must include an RTP Control Protocol (RTCP) implementation according to section 7.3.1 of 3GPP TS 26.114 [16].
The UE and the entities in the IMS core network that terminate the user plane must use symmetric RTCP as defined in IETF RFC 4961 [77], and section 7.3.1 of 3GPP TS 26.114 [16].
[bookmark: _GoBack]The bandwidth for RTCP traffic must be described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by IETF RFC 3556 [78], and section 7.3.1 of 3GPP TS 26.114 [16]. Therefore, a UE must include the "b=RS:" and "b=RR:" fields in SDP, and a UE and the entities in the IMS core network that terminate the user plane must be able to interpret them. If the “b=RS:” field or “b=RR:” field or both these fields are not included in a received SDP (offer or answer), then the UE must use the recommended default value for the missing field(s) as defined in IETF RFC 3556 [78].
RTCP is controlled on a per session basis by the SDP offer/answer exchange as defined in section 7.3 of 3GPP TS 26.114 [16] with the following clarifications:
1. If the UE receives an SDP offer that contains “b=RS:” attribute set to zero, then the UE must set the “b=RS:” attribute to zero in an SDP answer to that SDP offer. If the UE receives an SDP offer that contains “b=RR:” attribute set to zero, then the UE must set the “b=RR:” attribute to zero in an SDP answer to that SDP offer. If the UE receives an SDP offer that contains both "b=RR:" and "b=RS:" attributes set to zero, then the UE must not send RTCP packets and must consider RTCP to be disabled for the session.
2. If the UE received an SDP answer containing zero values in both of the “b=RS:” and “b=RR:” attributes, then (regardless of the values assigned to these attributes in the corresponding SDP offer) the UE must not send RTCP packets and must consider RTCP to be disabled for the session.
3. The UE must accept receiving RTCP packets for a session that the UE considers RTCP to be disabled. The UE is not required to process these received RTCP packets.
…
7.13.4	Test description
7.13.4.1	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 use preconditions. 
Preamble:
-	UE is in state 1N-A and registered to IMS
7.13.4.2	Test procedure sequence
Table 7.13.4.2-1: 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 both b=RS and b=RR attributes set to zero in SDP.
(Step 1 of Annex A.5.1)
	<--
	INVITE
	
	

	2
	Optional step: UE may send a 100 Trying provisional response.
(Step 2 of Annex A.5.1)
	-->
	100 Trying
	
	

	3
	Check: Does the UE send 183 Session Progress with both b=RS and b=RR set to zero in SDP?
	-->
	183 Session Progress
	1
	P

	4
	SS acknowledges reception of 183 Session Progress.
(Step 4 of Annex A.5.1)
	<--
	PRACK
	
	

	5
	UE responds to PRACK. (Step 5 of Annex A.5.1)
	-->
	200 OK
	1
	P

	6
	SS sends a second SDP offer. (Step 6 of Annex A.5.1)
	
	UPDATE
	
	

	7
	UE responds to UPDATE, including an SDP answer.
(Step 7 of Annex A.5.1)
	
	200 OK
	
	

	8
	UE sends 180 Ringing. (Step 8 of Annex A.5.1)
	-->
	180 Ringing
	1
	P

	9
	Conditional step: if UE sent 180 Ringing reliably, SS acknowledges reception of 180 Ringing.
(Step 9 of Annex A.5.1)
	<--
	PRACK
	
	

	10
	Conditional step: if UE sent 180 Ringing reliably, UE responds to PRACK. (Step 10 of Annex A.5.1)
	-->
	200 OK
	
	

	11
	Make UE accept the voice call.
	
	
	
	

	12
	UE responds to INVITE. (Step 11 of Annex A.5.1)
	-->
	200 OK
	
	

	13
	SS acknowledges. (Step 12 of Annex A.5.1)
	<--
	ACK
	
	



7.13.4.3	Specific message contents
Table 7.13.4.3-1: INVITE (step 1, table 7.13.4.2-1)
	Derivation Path: TS 34.229-5, Step 1 of A.5.1, with following exceptions

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Message-body
	
	Media description:
b=RR:0
	
	TS 26.114 [33]
GSMA NG.114 [31]



Table 7.13.4.3-2: 183 Session Progress (step 3, table 7.13.4.2-1)
	Derivation Path: TS 34.229-5, Step 3 of A.5.1, with following exceptions

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Message-body
	
	Media description:
b=RS: 0
b=RR: 0
	
	TS 26.114 [33]
GSMA NG.114 [31]



Table 7.13.4.3-3: UPDATE (step 6, table 7.13.4.2-1)
	Derivation Path: TS 34.229-5, Step 6 of A.5.1, with following exceptions

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Message-body
	
	Media description:
b=RR:0
	
	TS 26.114 [33]
GSMA NG.114 [31]



Table 7.13.4.3-4: 200 OK (step 7, table 7.13.4.2-1)
	Derivation Path: TS 34.229-5, Step 7 of A.5.1, with following exceptions

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Message-body
	
	Media description:
b=RS: 0
b=RR: 0
	
	TS 26.114 [33]
GSMA NG.114 [31]



*** Next Change ***
[bookmark: _Toc75880646][bookmark: _Toc84254344][bookmark: _Toc84255139]7.16	MTSI MT Video call with preconditions at both originating UE and terminating UE / 5GS
7.16.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and configured to use preconditions }
ensure that {
  when { UE receives INVITE for video call }
    then { UE may respond with 100 Trying }
}

(2)
with { UE being registered to IMS and configured to use preconditions }
ensure that {
  when { UE receives INVITE for video call }
    then { UE responds with 183 Session Progress including SDP }
}

(3)
with { UE having sent 183 Session Progress }
ensure that {
  when { UE receives PRACK for 183 Session Progress }
    then { UE sends 200 OK for PRACK }
}

(4)
with { UE having sent 200 OK for PRACK }
ensure that {
  when { UE receives UPDATE including SDP }
    then { UE sends 200 OK for UPDATE including SDP and 180 Ringing }
}

(5)
with { UE having sent 180 Ringing, possibly reliably }
ensure that {
  when { 180 Ringing was sent reliably and consequently UE receives PRACK for 180 Ringing }
    then { UE sends 200 OK for PRACK }
}

(6)
with { UE having sent 180 Ringing }
ensure that {
  when { User accepts the incoming video call request }
    then { UE sends 200 OK for INVITE }
}

(7)
with { UE having sent 200 OK for INVITE }
ensure that {
  when { UE receives ACK followed by BYE }
    then { UE sends 200 OK for BYE }
}

7.16.2	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]:
For "video" and "audio" media types that utilize the RTP/RTCP, 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.
[TS 24.229, clause 6.1.3]:
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.
…
If the terminating UE uses the precondition mechanism (see subclause 5.1.4.1), if the desired QoS resources for one or more media streams have not been reserved at the terminating UE when constructing the SDP offer, the terminating UE shall indicate the related local preconditions for QoS as not met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value either "optional" or as specified in RFC 3312 [30] and RFC 4032 [64] for the remote segment.
NOTE 7:	It is out of scope of this specification which media streams are to be included in the SDP offer.
If the terminating UE uses the precondition mechanism (see subclause 5.1.4.1) and if the desired QoS resources for one or more media streams are available at the terminating UE when the SDP offer is sent, the UE shall indicate the related local preconditions as met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value either "optional" or as specified in RFC 3312 [30] and RFC 4032 [64] for the remote segment.
If the terminating UE sends an UPDATE request to remove one or more media streams negotiated in the session for which a final response to the INVITE request has not been sent yet, the terminating UE sets the ports of the media streams to be removed from the session to zero in the new SDP offer.
NOTE 8:	Upon receiving an initial INVITE request with one or more media streams which the terminating UE supports and one or more media streams which the UE does not support, the UE is not expected to reject the INVITE request just because of the presence of the unsupported media stream.
NOTE 9:	Previous versions of this document mandated the use of the SDP inactive attribute in the SDP offer if the desired QoS resources for one or more media streams had not been reserved at the originating UE when constructing the SDP offer unless the originating UE knew that the precondition mechanism was supported by the remote UE. The use can still occur when interoperating with devices based on earlier versions of this document.
[TS 26.114, clause 5.2.2]:
MTSI clients in terminals offering video communication shall support:
-	H.264 (AVC) [24] Constrained Baseline Profile (CBP) Level 1.2;
-	H.265 (HEVC) [119] Main Profile, Main Tier, Level 3.1.
In addition they should support:
-	H.264 (AVC) [24] Constrained High Profile (CHP) Level 3.1.
[TS 26.114, clause 6.2.3.2]:
If video is used in a session, the session setup shall determine the applicable bandwidth(s) as defined in clause 6.2.5, RTP profile, video codec, profile and level. The "imageattr" attribute as specified in [76] should be supported. The "framesize" attribute as specified in [60] shall not be used in the session setup.
An MTSI client shall offer AVPF for all media streams containing video. RTP profile negotiation shall be done as described in clause 6.2.1a.
An MTSI client is required to support the AVPF feedback messages trr-int, NACK and PLI [40] and the CCM feedback messages FIR, TMMBR and TMMBN [43], see Clauses 7.3.3 and 10.3. These feedback messages can only be used together with AVPF and shall be negotiated in SDP offer/answer before they can be used in the session [40]. An MTSI client sending an SDP offer for AVPF shall also include these AVPF and CCM feedback messages in the offer. An MTSI client accepting an SDP offer for AVPF for video shall also accept these AVPF and CCM feedback messages if they are offered.
If an MTSI client offers to use ECN for video in RTP streams then the MTSI client shall offer ECN Capable Transport as defined below. If an MTSI client accepts an offer for ECN for video then the MTSI client shall declare ECN Capable Transport in the SDP answer as defined below. The SDP negotiation of ECN Capable Transport is described in [84].
The use of ECN for a video stream in RTP is negotiated with the "ecn-capable-rtp" SDP attribute, [84]. ECN is enabled when both clients agree to use ECN as configured below. An MTSI client using ECN shall therefore also include the following parameters and parameter values for the ECN attribute:
-	‘leap’, to indicate that the leap-of-faith initiation method shall be used;
-	‘ect=0’, to indicate that ECT(0) shall be set for every packet.
An MTSI client offering ECN for video shall indicate support of TMMBR [43] by including the "ccm tmmbr" value within an "rtcp-fb" SDP attribute [40]. An MTSI client offering ECN for video may indicate support for RTCP AVPF ECN feedback messages [84] using the "rtcp-fb" SDP attribute with the "nack" feedback parameter and the "ecn" feedback parameter value. An MTSI client offering ECN for video may indicate support for RTCP XR ECN summary reports [84] using the "rtcp-xr" SDP attribute and the "ecn-sum" parameter.
An MTSI client receiving an offer for ECN for video with an indication of support of TMMBR [43] within an "rtcp-fb" attribute should accept the offer if it supports ECN. It shall then indicate support for TMMBR using an "rtcp-fb" attribute in the SDP answer.
An MTSI client receiving an offer for ECN for video with an indication of support of RTCP AVPF ECN feedback message but without support for TMMBR should accept the offer if it supports ECN and also the RTCP AVPF ECN feedback message. It shall then indicate support of the RTCP AVPF ECN feedback message using the "rtcp-fb" attribute in the SDP answer.
An MTSI client receiving an offer for ECN for video with an indication of support of RTCP XR ECN summary reports [84] without support for TMMBR should accept the offer if it supports ECN and also the RTCP XR ECN summary reports. It shall then indicate support of RTCP XR ECN summary reports in the SDP answer.
The use of ECN is disabled when a client sends an SDP without the "ecn-capable-rtp" SDP attribute.
An MTSI client may initiate a session re-negotiation to disable ECN to resolve ECN-related error cases. An ECN-related error case may be, for example, detecting non-ECT in the received packets when ECT(0) was expected or detecting a very high packet loss rate when ECN is used.
Examples of SDP offers and answers for video can be found in clause A.4. SDP examples for offering and accepting ECT are shown in Annex A.12.2.
NOTE:	For H.264 / MPEG-4 (Part 10) AVC, the optional max-rcmd-nalu-size receiver-capability parameter of RFC 6184 [25] should be set to the smaller of the MTU size (if known) minus header size or 1 400 bytes (otherwise).
The "framerate" attribute as specified in [8] indicates the maximum frame rate the offerer wishes to receive. If the "framerate" attribute is present in the SDP offer, its value may be modified in the SDP answer when the answerer wishes to receive video with a different maximum frame rate than what was indicated in the offer.
An MTSI client in terminal setting up asymmetric video streams with H.264 (AVC) should use both the ‘level-asymmetry-allowed’ parameter and the ‘max-recv-level’ parameter that are defined in the H.264 payload format, [25]. When the ‘max-recv-level’ parameter is used then the level offered for the receiving direction using the ‘max-recv-level’ parameter must be higher than the default level that is offered with the ‘profile-level-id’ parameter.
An SDP offer-answer example showing the usage of the ‘level-asymmetry-allowed’ and ‘max-recv-level’ parameters is included in Annex A.4.5.
An MTSI client in terminal setting up asymmetric video streams with H.265 (HEVC) should use the ‘max-recv-level-id’ parameter that is defined in the H.265 payload format, [120]. The level offered for the receiving direction using the ‘max-recv-level-id’ parameter must be higher than the default level that is offered with the ‘level-id’ parameter.
An SDP offer-answer example showing the usage of the ‘max-recv-level-id’ parameter is included in Annex A.4.8.
The resolutions in the "imageattr" attribute correspond to the image size information in the encoded video bitstream such that the x-component corresponds to the image width, and the y-component corresponds to the height component. When the bit-rate is being adapted, values of image width or image height smaller than the x- or y-component(s) in the negotiated "imageattr" attribute may be temporarily used.
7.16.3	Profile requirements (Informative)
[GSMA NG.114 V1.0, cluse 3.3.1]:
The entities in the IMS core network that terminate the user plane must support ITU-T Recommendation H.264 [83] Constrained Baseline Profile (CBP) Level 1.2 implemented as specified in section 5.2.2 of 3GPP TS 26.114 [16].
The UE must support ITU-T Recommendation H.264 [83] Constrained High Profile (CHP) Level 3.1 as specified in section 5.2.2 of 3GPP TS 26.114 [16].
The UE must support ITU-T Recommendation H.265 [84] Main Profile, Main Tier Level 3.1 as specified in section 5.2.2 of 3GPP TS 26.114 [16].
For backward compatibility, the UE must also support ITU-T Recommendation H.264 [83] Constrained Baseline Profile (CBP) Level 3.1 as specified in section 5.2.2 of 3GPP TS 26.114 [16], and when H.264 [83] (Advanced Video Coding (AVC)) CHP Level 3.1 is offered, then H.264 [83] CBP Level 3.1 must also be offered.
[GSMA NG.114 V1.0, cluse 3.3.2.1]:
The Session Description Protocol (SDP) offer/answer for video media must be formatted as specified in section 6.2.3 of 3GPP TS 26.114 [16], along with the restrictions included in the present document.
Unless preconfigured otherwise by the home operator with the Media_type_restriction_policy parameter as specified in Annex C.3 and when offering video media that is not already part of the session, regardless if it is at the start of the session or at some later point in time, the UE must include in the SDP offer at least:
1.	One H.265 (HEVC) Main Profile, Main Tier, Level 3.1 payload type as defined in sections 5.2.2 and 7.4.3 of 3GPP TS 26.114 [16].
2.	One H.264 (AVC) Constrained High Profile Level 3.1 payload type as defined in sections 5.2.2 and 7.4.3 of 3GPP TS 26.114 [16].
3.	One H.264 (AVC) Constrained Baseline Profile Level 3.1 payload type as defined in sections 5.2.2 and 7.4.3 of 3GPP TS 26.114 [16].
The payload type preference order on the SDP m= line must be as specified by the numbered list above.
Coordination of Video Orientation (CVO) as specified in 3GPP TS 26.114 [16] shall be supported with two (2) bits granularity by the UE and the entities in the IMS core network which terminate the user plane. The support for CVO shall be included in SDP offer and SDP answer as specified in section 6.2.3 of 3GPP TS 26.114 [16].
[GSMA NG.114 V1.0, cluse 3.3.2.2]:
If an asymmetric video stream for H.265 (HEVC) is supported, the parameter ‘max-recv-level-id’ should be included in the SDP offer and SDP answer, and the level offered with it must be higher than the default level offered with the ‘level-id’ parameter in the SDP offer/answer respectively, as specified in section 7.1 of IETF RFC 7798 [86] and section 6.2.3 of 3GPP TS 26.114 [16].
7.16.4	Test description
7.16.4.1	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 use preconditions. 
Preamble:
-	UE is in state 1N-A and registered to IMS
7.16.4.2	Test procedure sequence
Table 7.16.4.2-1: 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. 
(Step 1 of Annex A.16.1)
	<-
	INVITE
	-
	-

	2
	Check: (Optional) Does the UE respond with a 100 Trying provisional response? (Step 2 of Annex A.16.1)
	->
	100 Trying
	1
	-P

	3
	Check: Does the UE send 183 response reliably with the SDP answer to the offer in INVITE? (Step 3 of Annex A.16.1)
	->
	183 Session Progress
	2
	P

	4
	SS acknowledges the receipt of 183 response from the UE. (Step 4 of Annex A.16.1)
	<-
	PRACK
	-
	-

	5
	Check: Does the UE responds to PRACK with 200 OK.
(Step 5 of Annex A.16.1)
	->
	200 OK
	3
	P

	6
	SS sends an UPDATE with SDP offer indicating SS reserved resources. (Step 6 of Annex A.16.1)
	<-
	UPDATE
	
	

	7
	Check: Does the UE acknowledges the UPDATE with 200 OK and includes SDP answer to acknowledge its current precondition status. (Step 7 of Annex A.16.1)
	->
	200 OK
	4
	P

	8
	Check: (Optional) Does the UE responds to INVITE with 180 Ringing? (Step 8 of Annex A.16.1)
	->
	180 Ringing
	-
	-

	9
	(Optional) SS shall send PRACK only if the 180 response contains 100rel option tag within the Require header? (Step 9 of Annex A.16.1)
	<-
	PRACK
	-
	-

	10
	Check: (Optional) Does the UE acknowledges the PRACK with 200 OK? (Step 10 of Annex A.16.1)
	->
	200 OK
	5
	P

	11
	UE is made to answer the call.
	-
	-
	-
	-

	12
	Check: Does the UE responds to INVITE with a 200 OK final response after the user answers the call?
(Step 12 of Annex A.16.1)
	->
	200 OK
	6
	P

	13
	The SS acknowledges the receipt of 200 OK for INVITE. (Step 13 of Annex A.16.1)
	<-
	ACK
	-
	-

	14
	The SS releases the call with BYE. (Step 1 of Annex A.8)
	<-
	BYE
	-
	-

	15
	Check: Does the UE sends 200 OK for BYE. 
(Step 2 of Annex A.8)
	->
	200 OK
	7
	P



7.16.4.3	Specific message contents
None as fully specified in A.16.1 and A.8.

*** Next Change ***
[bookmark: _Toc75880649][bookmark: _Toc84254347][bookmark: _Toc84255142]7.19	MTSI MT Voice Call / EVS / AMR-WB IO mode / 5GS
7.19.1	Test Purpose (TP)
(1)
with { UE having set up a voice call using EVS and being configured to use preconditions }
ensure that {
  when { UE receives INVITE indicating to switch to EVS AMR-WB IO mode }
    then { UE responds by accepting this switch }
            }

7.19.2	Conformance Requirements
[TS 26.114, clause 5.2.1.1]:
MTSI clients in terminals offering speech communication shall support narrowband, wideband and super-wideband communication. The only exception to this requirement is for the MTSI client in constrained terminal offering speech communication, in which case the MTSI client in constrained terminal shall support narrowband and wideband, and should support super-wideband communication.
In addition, MTSI clients in terminals offering speech communication shall support:
-	.AMR speech codec (3GPP TS 26.071 [11], 3GPP TS 26.090 [12], 3GPP TS 26.073 [13] and 3GPP TS 26.104 [14]) including all 8 modes and source controlled rate operation ‎3GPP TS 26.093 [15]. The MTSI client in terminal shall be capable of operating with any subset of these 8 codec modes. More detailed codec requirements for the AMR codec are defined in clause 5.2.1.2.
MTSI clients in terminals offering wideband speech communication at 16 kHz sampling frequency shall support:
-	AMR-WB codec (3GPP TS 26.171 ‎‎[17], 3GPP TS 26.190 ‎[18], 3GPP TS 26.173 ‎[19] and 3GPP TS 26.204 [20]) including all 9 modes and source controlled rate operation ‎3GPP TS 26.193 [21]. The MTSI client in terminal shall be capable of operating with any subset of these 9 codec modes. More detailed codec requirements for the AMR-WB codec are defined in clause 5.2.1.3. When the EVS codec is supported, the EVS AMR-WB IO mode may serve as an alternative implementation of AMR-WB as defined in clause 5.2.1.4.
MTSI clients in terminals offering super-wideband or fullband speech communication shall support:
-	EVS codec ( TS 26.441 [121], TS 26.444 [124], TS 26.445 [125], TS 26.447 [127], TS 26.451 [131], TS 26.442 [122], TS 26.452 [165] and TS 26.443 [123]) as described below including functions for backwards compatibility with AMR-WB ( TS 26.446 [126]) and discontinuous transmission ( TS 26.449 [129] and TS 26.450 [130]). More detailed codec requirements for the EVS codec are defined in clause 5.2.1.4.
Encoding of DTMF is described in Annex G.
[TS 26.114, clause 5.2.1.4]:
When the EVS codec is supported, the MTSI client in terminal may support dual-mono encoding and decoding.
When the EVS codec is supported, EVS AMR-WB IO may serve as an alternative implementation of the AMR-WB codec, [125]. In this case, the requirements and recommendations defined in this specification for the AMR-WB codec also apply to EVS AMR-WB IO.
NOTE:	The DTX operation of EVS Primary and AMR-WB IO can be configured in sending direction with either a fixed SID update interval (from 3 to 100 frames) or an adaptive SID update interval - more details can be found in clauses 4.4.3 and 5.6.1.1 of TS 26.445 [125]. Implementers of MTSI clients are advised to take into account this SID flexibility of EVS.
[TS 26.114, clause 6.2.2.3]:
An MTSI client in terminal must understand all the payload format options that are defined in RFC 4867 [28], and in [125]. It does not have to support operating according to all these options but must be capable to properly accepting or rejecting all options.
…
Table 6.3a: Handling of SDP parameters common to EVS Primary and EVS AMR-WB IO in the received SDP offer and in the SDP answer
	Parameter
	Comments
	Handling

	ptime
	
	

	maxptime
	
	

	dtx
	
	MTSI client in terminal shall not include dtx in the initial SDP offer. MTSI MGW may modify SDP offer to include dtx in order to disable DTX in the session.

	dtx-recv
	
	MTSI client in terminal shall not include dtx-recv. MTSI MGW may modify SDP offer or answer in order to disable DTX for the send direction of the receiver of dtx-recv.

	hf-only
	
	-

	evs-mode-switch
	This parameter is used by MTSI MGW either when starting in EVS AMR-WB IO mode instead of EVS Primary mode or when switching between EVS Primary mode and EVS AMR-WB IO mode, e.g., for SRVCC.
	MTSI client in terminal shall not include evs-mode-switch in the initial SDP offer. When including evs-mode-switch in the SDP offer during a session, the offerer shall use the requested mode when sending EVS packets. However, if a media stream is already being received, the offerer needs to be prepared to receive packets in both EVS primary and EVS AMR-WB IO modes until receiving the answer. When including evs-mode-switch in the SDP answer during a session, the answerer shall use the requested mode when sending EVS packets. When receiving SDP answer including evs-mode-switch during a session, the offerer shall use the requested mode when sending EVS packets.

	max-red
	See Table 6.3

	channels
	See Table 6.3



Table 6.3b: Handling of the EVS Primary SDP parameters in the received SDP offer and in the SDP answer
	Parameter
	Comments
	Handling

	br
	
	An MTSI client in terminal supporting the EVS codec is required to support the entire bit-rate range but may offer a smaller bit-rate range or even a single bit-rate.

	br-send
	
	

	br-recv
	
	

	bw
	The session should start with the maximum bandwidth supported by the initial bit-rate up to the maximum negotiated bandwidth. If a range of bandwidth is negotiated, the codec can operate in any bandwidth in the session but the maximum bandwidth in the range should be used after the start of or update of the session. If a single audio bandwidth higher than narrowband is negotiated, the codec operates in the negotiated bandwidth but can use lower bandwidth(s) in the session, depending on the input signal.
	Both the offerer and the answerer shall send according to the bandwidth parameter in the answer.

	bw-send
	
	

	bw-recv
	
	

	ch-send
	
	

	ch-recv
	
	

	cmr
	In EVS AMR-WB IO mode, CMR to the bit-rates of EVS AMR-WB IO mode and NO_REQ is always enabled.
	If cmr=-1 and the session is in the EVS Primary mode, MTSI client in terminal shall not transmit CMR. If cmr=-1 and the session is in the EVS AMR-WB IO, MTSI client in terminal shall restrict CMR to values of EVS AMR-WB-IO bit-rates and NO_REQ in the session.
MTSI client in terminal is required to accept CMR even when cmr=-1. MTSI client in terminal is required to accept RTP payload without CMR even when cmr=1.

	ch-aw-recv
	
	If a positive (2, 3, 5, or 7) value of ch-aw-recv is declared for a payload type and the payload type is accepted, the receiver of the parameter shall send partial redundancy (channel-aware mode) at the start of the session using the value as the offset. If ch-aw-recv=0 is declared or not present for a payload type and the payload type is accepted, the receiver of the parameter shall not send partial redundancy (channel-aware mode) at the start of the session. If ch-aw-recv=-1 is declared for a payload type and the payload type is accepted, the receiver of the parameter shall not send partial redundancy (channel-aware mode) in the session. If not present or a non-negative (0, 2, 3, 5, or 7) value of ch-aw-recv is declared for a payload type and the payload type is accepted, partial redundancy (channel-aware mode) can be activated or deactivated during the session based on the expected or estimated channel condition through adaptation signalling, such as CMR (see Annex A.2 of [125]) or RTCP based signalling (see clause 10.2). If not present or a non-negative (0, 2, 3, 5, or 7) value of ch-aw-recv is declared for a payload type and the payload type is accepted, the partial redundancy offset value can also be adjusted during the session based on the expected or estimated channel condition through adaptation signalling.



Table 6.3c: SDP parameters for the EVS AMR-WB IO parameters in the received SDP offer and in the SDP answer
	Parameter
	Comments
	Handling

	mode-set
	See Table 6.3

	mode-change-period
	

	mode-change-neighbor
	

	mode-change-capability
	The default value is re-defined in comparison to that in [28].
	As the default and the only allowed value of mode-change-capability is 2 in EVS AMR-WB IO, it is not required to include this parameter in the SDP offer or answer.



NOTE 2:	ECN-triggered adaptation is currently undefined for EVS. This does not prevent ECN-triggered adaptation from being negotiated and used for AMR or AMR-WB.
[TS 26.114, clause 6.2.5.2]:
If an MTSI client includes an AMR or AMR-WB mode-set, or EVS Primary mode br or br-recv parameter in the SDP offer or answer, the MTSI client shall set the b=AS parameter to a value matching the maximum codec mode in the mode-set or the highest bit-rate in the br or br-recv, the packetization time (ptime), and the intended redundancy level. For example, b=AS for AMR-WB at IPv6 should be set to 38 if mode-set includes {6.60, 8.85, 12.65}, the packetization time is 20, and if no extra bandwidth is allocated for redundancy. Likewise, b=AS for EVS Primary mode at IPv4 should be set to 42 if br=7.2-24.4, the packetization is header-full payload format, ptime=20, and no extra bandwidth is allocated for redundancy.
If an MTSI client does not include an AMR or AMR-WB mode-set, or EVS Primary mode br or br-recv parameter in the SDP offer or answer, the MTSI client shall set the b=AS parameter in the SDP to a value matching the highest AMR/AMR-WB mode, i.e., AMR 12.2 and AMR-WB 23.85, or the highest bit-rate of EVS Primary mode depending on negotiated bandwidth(s), i.e., EVS 24.4 for NB and EVS 128 for WB, SWB and FB, respectively.
NOTE 1:	When no mode-set is defined, then this should be understood as that the offerer or answerer is capable of sending and receiving all codec modes of AMR or AMR-WB. An MTSI client in terminal will not include the mode-set parameter in SDP offer in the initial offer-answer negotiation. See Clause 6.2.2.2, Tables 6.1 and 6.2. It is however expected that the mode-set is defined when an SDP offer is received from an MTSI MGW inter-working with CS GERAN/UTRAN, see Clause 6.2.2.3, Table 6.5.
The bandwidth to use for b=AS for AMR and AMR-WB, and EVS Primary mode should be computed as shown in Annexes K and Q respectively. Tables 6.7 and 6.8 shows the bandwidth for the respective AMR and AMR-WB codec when the packetization time is 20 and no extra bandwidth is allocated for redundancy. The b=AS value is computed without taking statistical variations, e.g., the effects of DTX, into account. Such variations can be considered in the scheduling and call admission control. Detailed procedures to compute b=AS of AMR and AMR-WB, and EVS Primary mode can be found in Annexes K and Q.
NOTE 2:	For any payload format, b=AS of EVS Primary mode at 5.9 kbps source controlled variable bit-rate (SC-VBR) coding is computed as the b=AS of its highest component bit-rate, 8 kbps.
NOTE 3:	b=AS of EVS AMR-WB IO mode can be computed as in the octet-aligned payload format of AMR-WB as shown in Annex K.
b=AS of EVS shall be equal to the maximum of b=AS of the highest included EVS primary mode and b=AS of the highest included EVS AMR-WB IO mode, regardless of the presence and configuration of evs-mode-switch.
Table 6.7: b=AS for each codec mode of AMR when ptime is 20
	Payload format
	Codec mode

	
	4.75
	5.15
	5.9
	6.7
	7.4
	7.95
	10.2
	12.2

	Bandwidth-efficient
	IPv4
	22
	22
	23
	24
	24
	25
	27
	29

	
	IPv6
	30
	30
	31
	32
	32
	33
	35
	37

	Octet-aligned
	IPv4
	22
	22
	23
	24
	25
	25
	28
	30

	
	IPv6
	30
	30
	31
	32
	33
	33
	36
	38



Table 6.8: b=AS for each codec mode of AMR-WB when ptime is 20
	Payload format
	Codec Mode

	
	6.6
	8.85
	12.65
	14.25
	15.85
	18.25
	19.85
	23.05
	23.85

	Bandwidth-efficient
	IPv4
	24
	26
	30
	31
	33
	35
	37
	40
	41

	
	IPv6
	32
	34
	38
	39
	41
	43
	45
	48
	49

	Octet-aligned
	IPv4
	24
	26
	30
	32
	33
	36
	37
	40
	41

	
	IPv6
	32
	34
	38
	40
	41
	44
	45
	48
	49



Table 6.9: b=AS for each bit-rate of EVS Primary mode when ptime is 20
	Payload format
	Bit-rate

	
	7.2
	8
	9.6
	13.2
	16.4
	24.4
	32
	48
	64
	96
	128

	Header-full
	IPv4
	24
	25
	27
	30
	34
	42
	49
	65
	81
	113
	145

	
	IPv6
	32
	33
	35
	38
	42
	50
	57
	73
	89
	121
	153



7.19.3	Test description
7.19.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	UE is configured to use the preconditions mechanism.
Preamble:
-	The UE is in test state 1N-A (TS 38.508-1 [21]) and registered to IMS.
7.19.3.2	Test procedure sequence
Table 7.19.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	UE is made to attempt an IMS voice call.
	-
	-
	
	

	2-7
	Steps 2-7 of generic procedure specified in Table 4.9.15.2.2-1 of TS 38.508-1 [21] are performed
	-
	-
	
	

	8
	Step 1 of Annex A.4.1 happens
	-->
	INVITE
	
	

	9
	Step 2 of Annex A.4.1 happens
	<--
	100 Trying
	
	

	10
	Step 3 of Annex A.4.1 happens
	<--
	183 Session Progress
	
	

	11
	Step 4 of Annex A.4.1 happens
	-->
	PRACK
	
	

	12
	Step 5 of Annex A.4.1 happens
	<--
	200 OK
	
	

	13
	Step 6 of Annex A.4.1 happens
	-->
	UPDATE
	
	

	14
	Step 7 of Annex A.4.1 happens
	<--
	200 OK
	
	

	15
	Step 8 of Annex A.4.1 happens
	<--
	180 Ringing
	
	

	16
	Step 9 of Annex A.4.1 happens
	-->
	PRACK
	
	

	17
	Step 10 of Annex A.4.1 happens
	<--
	200 OK
	
	

	18
	Step 11 of Annex A.4.1 happens
	<--
	200 OK
	
	

	19
	Step 12 of Annex A.4.1 happens
	-->
	ACK
	
	

	20
	Step 1 of Annex A.5.1 happens
	<--
	INVITE
	
	

	21
	Step 2 of Annex A.5.1 happens
	-->
	100 Trying
	
	

	22
	Step 11 of Annex A.5.1 happens
	-->
	200 OK
	1
	P

	23
	Step 12 of Annex A.5.1 happens
	<--
	ACK
	
	



7.19.3.3	Specific message contents
INVITE (Step 20)
Use the default message "INVITE (Step 1)" in annex A.5.1 with the following exceptions:
	Header/param
	Value/remark

	Supported
	

	   option-tag
	precondition

	Message-body
	SDP body copied from the previous 200 OK (step 12 or 14) and modified as follows:

- "o=" line identical to previous SDP sent by SS except that sess-version is incremented.
- "a=fmtp" line identical to previous SDP sent by SS except that "evs-mode-switch=1" is added.



200 OK (Step 22)
Use the default message "200 OK (Step 11)" in annex A.5.1 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
	The following SDP types and values.

Session description:
v=0
o=(user-name) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE) [Note 4]
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) evs-mode-switch=1; [Note 2, 3]

Attributes for preconditions:
a=curr:qos local sendrecv
a=curr:qos remote sendrecv
a=des:qos mandatory local sendrecv
a=des:qos mandatory remote sendrecv

Note 1: At least one "c=" field shall be present.
Note 2: The values for fmt, payload type and format are not checked.
Note 3: The evs-mode-switch is checked, but no other codec parameters.
Note 4: "o=" line identical to previous SDP sent by UE except that sess-version is incremented by one.



*** Next Change ***
[bookmark: _Toc75880650][bookmark: _Toc84254348][bookmark: _Toc84255143]7.20	MTSI MO Voice Call / add video and remove video / with preconditions at both originating UE and terminating UE / 5GS
7.20.1	Test Purpose (TP)
(1)
with { UE is configured to use preconditions and having has set up a voice call with preconditions }
ensure that {
  when { UE is made to add video to the voice call }
    then { UE sends re-INVITE with SDP media for both voice and video }
}

(2)
with { UE having sent re-INVITE }
ensure that {
  when { UE receives 100 Trying and 183 Session in Progress with SDP answer }
    then { UE acks with PRACK }
}

(3)
with { UE having sent PRACK }
ensure that {
  when { UE receives 200 OK for PRACK and indication that resources are reserved }
    then { UE sends UPDATE with SDP offer indicating reserved resources }
}

(4)
with { UE having sent UPDATE }
ensure that {
  when { UE receives 200 OK for UPDATE followed by 200 OK for re-INVITE }
    then { UE sends ACK }
}

(5)
with { UE having successfully added video }
ensure that {
  when { UE is made to remove video again }
    then { UE sends re-INVITE with SDP indicating that video is being removed from the call }
}

(6)
with { UE having sent re-INVITE }
ensure that {
  when { UE receives 100 Trying followed by 200 OK and indication that video resources have been removed }
    then { UE sends ACK }
}

7.20.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.173, clause 5.2]:
The IMS multimedia telephony communication service can support different types of media, including media types listed in 3GPP TS 22.173 [2]. The session control procedures for the different media types shall be in accordance with 3GPP TS 24.229 [13] and 3GPP TS 24.247 [14], with the following additions:
a)	Multimedia telephony is an IMS communication service and the P-Preferred-Service and P-Asserted-Service headers shall be treated as described in 3GPP TS 24.229 [13]. The coding of the ICSI value in the P-Preferred-Service and P-Asserted-Service headers shall be according to subclause 5.1.
[TS 24.229, clause 5.1.2A.1]:
If this is a request within an existing dialog, and the request includes a Contact header field, then the UE should insert the previously used Contact header field.
...
After the dialog is established the UE may change the dialog capabilities (e.g. add a media or request a supplementary service) if defined for the IMS communication service as identified by the ICSI value using the same dialog. Otherwise, the UE shall initiate a new initial request to the other user.
[TS 24.229, clause 5.1.3]:
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 [30] as updated by RFC 4032 [64].
The preconditions mechanism should be supported by the originating UE.
If the precondition mechanism is disabled as specified in subclause 5.1.5A, the UE shall not use the precondition mechanism.
The UE may initiate a session without the precondition mechanism if the originating UE does not require local resource reservation.
NOTE 1:	The originating UE can decide if local resource reservation is required based on e.g. application requirements, current access network capabilities, local configuration, etc.
In order to allow the peer entity to reserve its required resources, if the precondition mechanism is enabled as specified in subclause 5.1.5A; the originating UE supporting the precondition mechanism should make use of the precondition mechanism, even if it does not require local resource reservation.
Upon generating an initial INVITE request using the precondition mechanism, the UE shall:
-	indicate the support for reliable provisional responses and specify it using the Supported header field; and
-	indicate the support for the preconditions mechanism and specify it using the Supported header field.
Upon generating an initial INVITE request using the precondition mechanism, the UE shall not indicate the requirement for the precondition mechanism by using the Require header field.
During the session initiation, if the originating UE indicated the support for the precondition mechanism in the initial INVITE request and:
a)	the received response with an SDP body includes a Require header field with "precondition" option-tag, the originating UE shall include a Require header field with the "precondition" option-tag:
-	in subsequent requests that include an SDP body, that the originating UE sends in the same dialog as the response is received from; and
-	in responses with an SDP body to subsequent requests that include an SDP body and include "precondition" option-tag in Supported header field or Require header field received in-dialog; or
b)	the received response with an SDP body does not include the "precondition" option-tag in the Require header field, 
-	in subsequent requests that include an SDP body, the originating UE shall not include a Require or Supported header field with "precondition" option-tag in the same dialog; 
-	in responses with an SDP body to subsequent requests with an SDP body but without "precondition" option-tag in the Require or Supported header field, the originating UE shall not include a Require or Supported header field with "precondition" option-tag in the same dialog; and
-	in responses with an SDP body to subsequent requests with an SDP body and with "precondition" option-tag in the Require or Supported header field, the originating UE shall include a Require header field with "precondition" option-tag in the same dialog.
NOTE 2:	Table A.4 specifies that UE support of forking is required in accordance with RFC 3261 [26]. The UE can accept or reject any of the forked responses, for example, if the UE is capable of supporting a limited number of simultaneous transactions or early dialogs.
Upon successful reservation of local resources the UE shall confirm the successful resource reservation (see subclause 6.1.2) within the next SIP request.
NOTE 3:	In case of the precondition mechanism being used on both sides, this confirmation will be sent in either a PRACK request or an UPDATE request. In case of the precondition mechanism not being supported on one or both sides, alternatively a reINVITE request can be used for this confirmation after a 200 (OK) response has been received for the initial INVITE request, in case the terminating UE does not support the PRACK request (as described in RFC 3262 [27]) and does not support the UPDATE request (as described in RFC 3311 [29]).
NOTE 4:	The UE can receive a P-Early-Media header field authorizing an early-media flow while the required preconditions, if any, are not met and/or the flow direction is not enabled by the SDP direction parameter. According to RFC 5009 [109], an authorized early-media flow can be established only if the necessary conditions related to the SDP negotiation are met. These conditions can evolve during the session establishment.
NOTE 5:	When the UE is confirming the successful resource reservation using an UPDATE request (or a PRACK request) and the UE receives a 180 (Ringing) response or a 200 (OK) response to the initial INVITE request before receiving a 200 (OK) response to the UPDATE request (or a 200 (OK) response to the PRACK request), the UE does not treat this as an error case and does not release the session.
NOTE 6:	The UE procedures for rendering of the received early media and of the locally generated communication progress information are specified in 3GPP TS 24.628 [8ZF].
[TS 24.229, clause 5.1.4A.1]:
If the precondition mechanism was used during the session establishment, as described in subclause 5.1.3.1 or 5.1.4.1, the UE shall indicate support of the precondition mechanism during a session modification. If the precondition mechanism was not used during the session establishment, the UE shall not indicate support of the precondition mechanism during a session modification. 
In order to indicate support of the precondition mechanism during a session modification, upon generating a reINVITE request, an UPDATE request with an SDP body, or a PRACK request with an SDP body, the UE shall:
a)	indicate the support for the precondition mechanism using the Supported header field;
b)	not indicate the requirement for the precondition mechanism using the Require header field; and
c)	if a re-INVITE request is being generated, indicate the support for reliable provisional responses using the Supported header field;
[TS 24.229, clause 5.1.4A.2]:
Upon receiving a reINVITE request, an UPDATE request, or a PRACK request that indicates support for the precondition mechanism by using the Supported header field or requires use of the precondition mechanism by using the Require header field, the UE shall:
a)	if the precondition mechanism was used during the session establishment, as described in subclause 5.1.3.1 or 5.1.4.1, use the precondition mechanism for the session modification; and
…
If the precondition mechanism is used for the session modification, the UE shall indicate support for the preconditions mechanism, using the Require header field, in responses that include an SDP body, to the session modification request.
[TS 24.229, clause 6.1]:
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 [30] as updated by RFC 4032 [64].
In order to authorize the media streams, the P-CSCF and S-CSCF have to be able to inspect SDP message bodies. Hence, the UE shall not encrypt SDP message bodies.
During the session establishment procedure, and during session modification procedures, SIP messages shall only contain an SDP message body if that is intended to modify the session description, or when the SDP message body is included in the message because of SIP rules described in RFC 3261 [26].
...
For "video" and "audio" media types that use the RTP/RTCP and where the port number is not zero, the UE shall specify the proposed bandwidth for each media stream using the "b=" media descriptor and the "AS" bandwidth modifier in the SDP.
...
If the media line in the SDP message body 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 [56], 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 [56] 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 [152].
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 or 3GPP 29.213 [13C].
NOTE 3:	In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifier will typically get the value of zero.
If an in-band DTMF codec is supported by the application associated with an audio media stream, then the UE shall include, in addition to the payload type numbers associated with the audio codecs for the media stream, for each clock rate associated with the audio codecs for the media stream, a payload type number associated with the MIME subtype "telephone-event", to indicate support of in-band DTMF as described in RFC 4733 [23].
The UE shall inspect the SDP message body contained in any SIP request or response, looking for possible indications of grouping of media streams according to RFC 3524 [54] 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, subclause L.2.2.5 for IP-CAN implemented using EPS, and subclause U.2.2.5 for IP-CAN implemented using 5GS).
In case of UE initiated resource reservation and if the UE determines resource reservation is needed, the UE shall start reserving its local resources whenever it has sufficient information about the media streams, media authorization and used codecs available.
NOTE 4:	Based on this resource reservation can, in certain cases, be initiated immediately after the sending or receiving of the initial SDP offer.
In order to fulfil the QoS requirements of one or more media streams, the UE may re-use previously reserved resources. In this case the UE shall indicate as met the local preconditions related to the media stream, for which resources are re-used.
[TS 24.229, clause 6.1.2]:
An INVITE request generated by a UE shall contain a SDP offer and at least one media description. This SDP offer shall reflect the calling user's terminal capabilities and user preferences for the session.
If the desired QoS resources for one or more media streams have not been reserved at the UE when constructing the SDP offer, the UE:
shall indicate the related local preconditions for QoS as not met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value either "optional" or as specified in RFC 3312 [30] and RFC 4032 [64] for the remote segment, if the UE uses the precondition mechanism (see subclause 5.1.3.1); and
-	if the UE uses the precondition mechanism (see subclause 5.1.3.1), shall not request confirmation for the result of the resource reservation (as defined in RFC 3312 [30]) at the terminating UE.
NOTE 1:	Previous versions of this document mandated the use of the SDP inactive attribute. This document does not prohibit specific services from using direction attributes to implement their service-specific behaviours.
If the UE uses the precondition mechanism (see subclause 5.1.3.1), and the desired QoS resources for one or more media streams are available at the UE when the SDP offer is sent, the UE shall indicate the related local preconditions as met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value either "optional" or as specified in RFC 3312 [30] and RFC 4032 [64] for the remote segment and shall not request confirmation for the result of the resource reservation (as defined in RFC 3312 [30]) at the terminating UE.
NOTE 2:	If the originating UE does not use the precondition mechanism (see subclause 5.1.3.1), it will not include any precondition information in the SDP message body.
...
Upon confirming successful local resource reservation, the UE shall create an SDP offer in which the related local preconditions are set to met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64].
Upon receiving an SDP answer, which includes more than one codec per media stream, excluding the in-band DTMF codec, as described in subclause 6.1.1, the UE shall:
send an SDP offer at the first possible time, selecting only one codec per media stream; 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.
If the UE sends an initial INVITE request that includes only an IPv6 address in the SDP offer, and receives an error response (e.g., 488 (Not Acceptable Here) with 301 Warning header field) indicating "incompatible network address format", the UE shall send an ACK as per standard SIP procedures. Subsequently, the UE may acquire an IPv4 address or use an existing IPv4 address, and send a new initial INVITE request to the same destination containing only the IPv4 address in the SDP offer.
[TS 26.114, clause 6.2.1a.1]
MTSI clients should support SDPCapNeg to be able to negotiate RTP profiles for all media types where AVPF is supported. MTSI clients supporting SDPCapNeg shall support the complete SDPCapNeg framework. 
SDPCapNeg is described in [69]. This clause only describes the SDPCapNeg attributes that are directly applicable for the RTP profile negotiation, i.e. the tcap, pcfg and acfg attributes. TS 24.229 [7] may outline further requirements needed for supporting SDPCapNeg in SDP messages.
NOTE:	This clause describes only how to use the SDPCapNeg framework for RTP profile negotiation using the tcap, pcfg and acfg attributes. Implementers may therefore (incorrectly) assume that it is sufficient to implement only those specific parts of the framework that are needed for RTP profile negotiation. Doing so would however not be future proof since future versions may use other parts of the framework and there are currently no mechanisms for declaring that only a subset of the framework is supported. Hence, MTSI clients are required to support the complete framework.
[TS 26.114, clause 6.2.1a.2]
For voice and real-time text, SDPCapNeg shall be used when offering AVPF the first time for a new media type in the session since the support for AVPF in the answering client is not known at this stage. For video, an MTSI client shall either offer AVPF and AVP together using SDPCapNeg, or the MTSI client shall offer only AVPF without using SDPCapNeg. If an MTSI client has offered only AVPF for video, and then receives as response either an SDP answer where the video media component has been rejected, or an SIP 488 or 606 failure response with an SDP body indicating that only AVP is supported for video media, the MTSI client should send a new SDP offer with AVP as transport for video. Subsequent SDP offers, in a re-INVITE or UPDATE, may offer AVPF without SDPCapNeg if it is known from an earlier re-INVITE or UPDATE that the answering client supports this RTP profile. If the offer includes only AVP then SDPCapNeg does not need to be used, which can occur for: text; speech if RTCP is not used; and in re-INVITEs or UPDATEs where the RTP profile has already been negotiated for the session in a preceding INVITE or UPDATE.
When offering AVP and AVPF using SDPCapNeg, the MTSI client shall offer AVP on the media (m=) line and shall offer AVPF using SDPCapNeg mechanisms. The SDPCapNeg mechanisms are used as follows:
the support for AVPF is indicated in an attribute (a=) line using the transport capability attribute ‘tcap’. AVPF shall be preferred over AVP.
at least one configuration using AVPF shall be listed using the attribute for potential configurations ‘pcfg’.
[TS 26.114, clause 6.2.3.2]:
If video is used in a session, the session setup shall determine the applicable bandwidth(s) as defined in clause 6.2.5, RTP profile, video codec, profile and level. The "imageattr" attribute as specified in [76] should be supported. The "framesize" attribute as specified in [60] shall not be used in the session setup.
An MTSI client shall offer AVPF for all media streams containing video. RTP profile negotiation shall be done as described in clause 6.2.1a.
[TS 26.114, clause 6.2.5.1]:
The SDP shall include bandwidth information for each media stream and also for the session in total. The bandwidth information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier as defined in RFC 4566 [8].
An MTSI client in terminal should include the ‘a=bw-info’ attribute in the SDP offer. When accepting a media type where the ‘a=bw-info’ attribute is included the MTSI client in terminal shall include the ‘a=bw-info’ attribute in the SDP answer if it supports the attribute. The ‘a=bw-info’ attribute and the below used bandwidth properties are defined in clause 19.
[TS 26.114, clause 6.3]:
During session renegotiation for adding or removing media components, the SDP offerer should continue to use the same media (m=) line(s) from the previously negotiated SDP for the media components that are not being added or removed. 
An MTSI client in terminal may support multiple media components including media components of the same media type. An MTSI client in terminal may support adding one or more media components to an on-going session which already contains a media component of the same media type. If an MTSI client in terminal needs to have multiple media components of the same media type in a single MTSI session, then the MTSI client in terminal should use the SDP content attributes as defined in [81] for identifying different media components.
[TS 26.114, clause 7.3.1]
The RS and RR values included in the SDP answer should be treated as the negotiated values for the session and should be used to calculate the total RTCP bandwidth for all terminals in the session.
7.20.3	Test description
7.20.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	UE is configured to use preconditions. 
Preamble:
-	UE has registered to IMS services and set up the MO call, by executing annex A.4.1.
7.20.3.2	Test procedure sequence
Table 7.20.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	Make UE add video to the voice call
	
	
	-
	-

	2
	Check: Does the UE send re-INVITE with an SDP offer containing media lines for both voice and video?
	->
	INVITE
	1
	P

	3
	The SS responds with a 100 Trying provisional response
	<-
	100 Trying
	-
	-

	4
	SS responds with an SDP answer indicating that SS has not reserved its resources for video
	<-
	183 Session in Progress
	-
	-

	5
	Check: Does the UE acknowledge the receipt of 183 response with PRACK?
	->
	PRACK
	2
	P

	6
	The SS responds PRACK with 200 OK.
	<-
	200 OK
	-
	-

	7
	Check: Does the UE send an UPDATE after having reserved the resources for video if meeting the preconditions indicated in step 4?
	->
	UPDATE
	3
	P

	8
	The SS responds UPDATE with 200 OK and indicates having reserved the resources
	<-
	200 OK
	-
	-

	9
	The SS responds re-INVITE with 200 OK
	<-
	200 OK
	-
	-

	10
	Check: Does the UE acknowledge the receipt of 200 OK for re-INVITE?
	->
	ACK
	4
	P

	11
	Make UE release video from the media call
	
	
	-
	-

	12
	Check: Does the UE send re-INVITE with a SDP offer indicating that the video component is removed from the call?
	->
	INVITE
	5
	P

	13
	The SS responds with a 100 Trying provisional response
	<-
	100 Trying
	-
	-

	14
	SS releases the QoS flow for video
	
	
	-
	-

	15
	The SS responds re-INVITE with 200 OK
	<-
	200 OK
	-
	-

	16
	Check: Does the UE acknowledge the receipt of 200 OK for re-INVITE?
	->
	ACK
	6
	P

	17
	Make the UE release the call.
	-
	-
	-
	-

	18
	UE sends BYE
	->
	BYE
	-
	-

	19
	SS sends 200 OK for BYE
	<-
	200 OK
	-
	-



7.20.3.3	Specific message contents
Table 7.20.3.3-1: re-INVITE (step 2, table 7.20.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.1, conditions A1, A5 and A28.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Supported
	
	
	
	

		option-tag
	
	precondition
	
	

	Message-body
	
	Same SDP body as in Step 6 (UPDATE) of Annex A.15.1, with following differences:

Audio media attribute for preconditions:
a=curr:qos remote sendrecv

Video media attribute for preconditions:
a=curr:qos local none
	
	TS 24.229 [7]
TS 26.114 [33]



Table 7.20.3.3-2: 100 Trying (step 3, table 7.20.3.2-1)
	Derivation Path: Annex A.15.1, Step 2



Table 7.20.3.3-3: 183 Session in Progress (step 4, table 7.20.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.3, Condition A1

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Require
	
	
	
	

		option-tag
	
	precondition
	
	

	Message-body
	
	Same SDP body as in Step 3 (183 Session in Progress) of Annex A.15.1, with following exceptions:

Session description:
"o=" line identical to previous SDP sent by SS except that sess-version is incremented by one
	
	TS 24.229 [7]
TS 26.114 [33]



Table 7.20.3.3-4: PRACK (step 5, table 7.20.3.2-1)
	Derivation Path: Annex A.15.1, Step 4



Table 7.20.3.3-5: 200 OK for PRACK (step 6, table 7.20.3.2-1)
	Derivation Path: Annex A.15.1, Step 5



Table 7.20.3.3-6: UPDATE (step 7, table 7.20.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.5, conditions A1 and A6.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Supported
	
	
	
	

		option-tag
	
	precondition
	
	

	Message-body
	
	Same contents as specified in step 6 (UPDATE) of A.15.1 with the following exceptions:
For preconditions of audio media:
a=curr:qos remote sendrecv
	
	TS 24.229 [7]
TS 26.114 [33]



Table 7.20.3.3-7: 200 OK for UPDATE (step 8, table 7.20.3.2-1)
	Derivation Path: Annex A.15.1 Step 7



Table 7.20.3.3-8: 200 OK for re-INVITE (step 9, table 7.20.3.2-1)
	Derivation Path: Annex A.15.1, Step 11



Table 7.20.3.3-9: ACK for re-INVITE (step 10, table 7.20.3.2-1)
	Derivation Path: Annex A.15.1, Step 12



Table 7.20.3.3-10: re-INVITE (step 12, table 7.20.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.1, conditions A1, A5 and A28.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	
	
	
	
	

	Supported
	
	
	
	

		option-tag
	
	precondition
	
	

	Message-body
	
	Same SDP body as in Step 2 (re-INVITE), with following exceptions:

Media description:
m=video 0 RTP/AVPF (fmt)
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) H265/90000
a=fmtp: (format) profile-id=1;level-id=(att-field)

Attributes for preconditions:
a=curr:qos local sendrecv
a=curr:qos remote sendrecv
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv or a=des:qos mandatory remote sendrecv
	
	TS 24.229 [7]
TS 26.114 [33]



Table 7.20.3.3-11: 100 Trying (step 13, table 7.20.3.2-1)
	Derivation Path: Annex A.15.1, step 2



Table 7.20.3.3-12: 200 OK for INVITE (step 15, table 7.20.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.3.1, Conditions A2, A5, A11, A20 and A22

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Require
	
	
	
	

		option-tag
	
	precondition
	
	

	Content-Type
	
	
	
	

		media-type
	
	application/sdp
	
	

	Content-Length
	
	header shall be present if UE uses TCP to send this message and if there is a message body
	
	

		value
	
	length of message-body
	
	

	Message-body
	
	SDP body copied from the received re-INVITE in step 12 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
	
	



Table 7.20.3.3-13: ACK (step 16, table 7.20.3.2-1)
	Derivation Path: Annex A.15.1, step 12



Table 7.20.3.3-14: BYE (step 18, table 7.20.3.2-1)
	Derivation Path: Annex A.7, step 1



Table 7.20.3.3-15: 200 OK for BYE (step 19, table 7.20.3.2-1)
	Derivation Path: Annex A.7, step 2



*** Next Change ***
[bookmark: _Toc84254349][bookmark: _Toc84255144]7.21	MTSI MO Voice Call / add video and remove video / without preconditions at both originating UE and terminating UE / 5GS
7.21.1	Test Purpose (TP)
(1)
with { UE is configured to not use preconditions and has having set up a voice call without preconditions }
ensure that {
  when { UE receives re-INVITE indicating addition of video to voice call }
    then { UE may send 100 Trying and sends 183 Session Progress with SDP answer }
}

(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 followed by 200 OK for re-INVITE }
}

(3)
with { UE receiving ACK }
ensure that {
  when { UE is made to remove video again }
    then { UE sends re-INVITE with SDP indicating that video is being removed from the call }
}

(4)
with { UE having sent re-INVITE }
ensure that {
  when { UE receives 100 Trying followed by 200 OK and indication that video resources have been removed }
    then { UE sends ACK }
}

7.21.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.173, clause 5.2]:
The IMS multimedia telephony communication service can support different types of media, including media types listed in 3GPP TS 22.173 [2]. The session control procedures for the different media types shall be in accordance with 3GPP TS 24.229 [13] and 3GPP TS 24.247 [14], with the following additions:
a)	Multimedia telephony is an IMS communication service and the P-Preferred-Service and P-Asserted-Service headers shall be treated as described in 3GPP TS 24.229 [13]. The coding of the ICSI value in the P-Preferred-Service and P-Asserted-Service headers shall be according to subclause 5.1.
[TS 24.229, clause 5.1.2A.2]:
After the dialog is established the UE may change the dialog capabilities (e.g. add a media or request a supplementary service) if defined for the IMS communication service as identified by the ICSI value using the same dialog. Otherwise, the UE shall initiate a new initial request to the other user.
[TS 24.229, clause 5.1.4A.1]:
If the precondition mechanism was used during the session establishment, as described in subclause 5.1.3.1 or 5.1.4.1, the UE shall indicate support of the precondition mechanism during a session modification. If the precondition mechanism was not used during the session establishment, the UE shall not indicate support of the precondition mechanism during a session modification. 

[TS 24.229, clause 5.1.4A.2]:
Upon receiving a reINVITE request, an UPDATE request, or a PRACK request that indicates support for the precondition mechanism by using the Supported header field or requires use of the precondition mechanism by using the Require header field, the UE shall:
a)	if the precondition mechanism was used during the session establishment, as described in subclause 5.1.3.1 or 5.1.4.1, use the precondition mechanism for the session modification; and
b)	if the precondition mechanism was not used during the session establishment, and:
1)	if the use of the precondition mechanism is required using the Require header field, reject the request by sending a 420 (Bad Extension) response; and
2)	if the support of the precondition mechanism is indicated using the Supported header field, not use the precondition mechanism for the session modification.
[TS 24.229, clause 6.1]:
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 [30] as updated by RFC 4032 [64].
In order to authorize the media streams, the P-CSCF and S-CSCF have to be able to inspect SDP message bodies. Hence, the UE shall not encrypt SDP message bodies.
During the session establishment procedure, and during session modification procedures, SIP messages shall only contain an SDP message body if that is intended to modify the session description, or when the SDP message body is included in the message because of SIP rules described in RFC 3261 [26].
...
For "video" and "audio" media types that use the RTP/RTCP and where the port number is not zero, the UE shall specify the proposed bandwidth for each media stream using the "b=" media descriptor and the "AS" bandwidth modifier in the SDP.
...
If the media line in the SDP message body 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 [56], 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 [56] 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 [152].
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 or 3GPP 29.213 [13C].
NOTE 3:	In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifier will typically get the value of zero.
If an in-band DTMF codec is supported by the application associated with an audio media stream, then the UE shall include, in addition to the payload type numbers associated with the audio codecs for the media stream, for each clock rate associated with the audio codecs for the media stream, a payload type number associated with the MIME subtype "telephone-event", to indicate support of in-band DTMF as described in RFC 4733 [23].
The UE shall inspect the SDP message body contained in any SIP request or response, looking for possible indications of grouping of media streams according to RFC 3524 [54] 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, subclause L.2.2.5 for IP-CAN implemented using EPS, and subclause U.2.2.5 for IP-CAN implemented using 5GS).
In case of UE initiated resource reservation and if the UE determines resource reservation is needed, the UE shall start reserving its local resources whenever it has sufficient information about the media streams, media authorization and used codecs available.
NOTE 4:	Based on this resource reservation can, in certain cases, be initiated immediately after the sending or receiving of the initial SDP offer.
In order to fulfil the QoS requirements of one or more media streams, the UE may re-use previously reserved resources. In this case the UE shall indicate as met the local preconditions related to the media stream, for which resources are re-used.
[TS 24.229, clause 6.1.2]:
An INVITE request generated by a UE shall contain a SDP offer and at least one media description. This SDP offer shall reflect the calling user's terminal capabilities and user preferences for the session.
If the desired QoS resources for one or more media streams have not been reserved at the UE when constructing the SDP offer, the UE:
shall indicate the related local preconditions for QoS as not met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value either "optional" or as specified in RFC 3312 [30] and RFC 4032 [64] for the remote segment, if the UE uses the precondition mechanism (see subclause 5.1.3.1); and
-	if the UE uses the precondition mechanism (see subclause 5.1.3.1), shall not request confirmation for the result of the resource reservation (as defined in RFC 3312 [30]) at the terminating UE.
NOTE 1:	Previous versions of this document mandated the use of the SDP inactive attribute. This document does not prohibit specific services from using direction attributes to implement their service-specific behaviours.
If the UE uses the precondition mechanism (see subclause 5.1.3.1), and the desired QoS resources for one or more media streams are available at the UE when the SDP offer is sent, the UE shall indicate the related local preconditions as met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64], as well as the strength-tag value "mandatory" for the local segment and the strength-tag value either "optional" or as specified in RFC 3312 [30] and RFC 4032 [64] for the remote segment and shall not request confirmation for the result of the resource reservation (as defined in RFC 3312 [30]) at the terminating UE.
NOTE 2:	If the originating UE does not use the precondition mechanism (see subclause 5.1.3.1), it will not include any precondition information in the SDP message body.
...
Upon confirming successful local resource reservation, the UE shall create an SDP offer in which the related local preconditions are set to met, using the segmented status type, as defined in RFC 3312 [30] and RFC 4032 [64].
Upon receiving an SDP answer, which includes more than one codec per media stream, excluding the in-band DTMF codec, as described in subclause 6.1.1, the UE shall:
send an SDP offer at the first possible time, selecting only one codec per media stream; 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.
If the UE sends an initial INVITE request that includes only an IPv6 address in the SDP offer, and receives an error response (e.g., 488 (Not Acceptable Here) with 301 Warning header field) indicating "incompatible network address format", the UE shall send an ACK as per standard SIP procedures. Subsequently, the UE may acquire an IPv4 address or use an existing IPv4 address, and send a new initial INVITE request to the same destination containing only the IPv4 address in the SDP offer.
[TS 26.114, clause 6.2.1a.1]
MTSI clients should support SDPCapNeg to be able to negotiate RTP profiles for all media types where AVPF is supported. MTSI clients supporting SDPCapNeg shall support the complete SDPCapNeg framework. 
SDPCapNeg is described in [69]. This clause only describes the SDPCapNeg attributes that are directly applicable for the RTP profile negotiation, i.e. the tcap, pcfg and acfg attributes. TS 24.229 [7] may outline further requirements needed for supporting SDPCapNeg in SDP messages.
NOTE:	This clause describes only how to use the SDPCapNeg framework for RTP profile negotiation using the tcap, pcfg and acfg attributes. Implementers may therefore (incorrectly) assume that it is sufficient to implement only those specific parts of the framework that are needed for RTP profile negotiation. Doing so would however not be future proof since future versions may use other parts of the framework and there are currently no mechanisms for declaring that only a subset of the framework is supported. Hence, MTSI clients are required to support the complete framework.
[TS 26.114, clause 6.2.1a.2]
For voice and real-time text, SDPCapNeg shall be used when offering AVPF the first time for a new media type in the session since the support for AVPF in the answering client is not known at this stage. For video, an MTSI client shall either offer AVPF and AVP together using SDPCapNeg, or the MTSI client shall offer only AVPF without using SDPCapNeg. If an MTSI client has offered only AVPF for video, and then receives as response either an SDP answer where the video media component has been rejected, or an SIP 488 or 606 failure response with an SDP body indicating that only AVP is supported for video media, the MTSI client should send a new SDP offer with AVP as transport for video. Subsequent SDP offers, in a re-INVITE or UPDATE, may offer AVPF without SDPCapNeg if it is known from an earlier re-INVITE or UPDATE that the answering client supports this RTP profile. If the offer includes only AVP then SDPCapNeg does not need to be used, which can occur for: text; speech if RTCP is not used; and in re-INVITEs or UPDATEs where the RTP profile has already been negotiated for the session in a preceding INVITE or UPDATE.
When offering AVP and AVPF using SDPCapNeg, the MTSI client shall offer AVP on the media (m=) line and shall offer AVPF using SDPCapNeg mechanisms. The SDPCapNeg mechanisms are used as follows:
the support for AVPF is indicated in an attribute (a=) line using the transport capability attribute ‘tcap’. AVPF shall be preferred over AVP.
at least one configuration using AVPF shall be listed using the attribute for potential configurations ‘pcfg’.
[TS 26.114, clause 6.2.3.2]:
If video is used in a session, the session setup shall determine the applicable bandwidth(s) as defined in clause 6.2.5, RTP profile, video codec, profile and level. The "imageattr" attribute as specified in [76] should be supported. The "framesize" attribute as specified in [60] shall not be used in the session setup.
An MTSI client shall offer AVPF for all media streams containing video. RTP profile negotiation shall be done as described in clause 6.2.1a.
[TS 26.114, clause 6.2.5.1]:
The SDP shall include bandwidth information for each media stream and also for the session in total. The bandwidth information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier as defined in RFC 4566 [8].
An MTSI client in terminal should include the ‘a=bw-info’ attribute in the SDP offer. When accepting a media type where the ‘a=bw-info’ attribute is included the MTSI client in terminal shall include the ‘a=bw-info’ attribute in the SDP answer if it supports the attribute. The ‘a=bw-info’ attribute and the below used bandwidth properties are defined in clause 19.
[TS 26.114, clause 6.3]:
During session renegotiation for adding or removing media components, the SDP offerer should continue to use the same media (m=) line(s) from the previously negotiated SDP for the media components that are not being added or removed. 
An MTSI client in terminal may support multiple media components including media components of the same media type. An MTSI client in terminal may support adding one or more media components to an on-going session which already contains a media component of the same media type. If an MTSI client in terminal needs to have multiple media components of the same media type in a single MTSI session, then the MTSI client in terminal should use the SDP content attributes as defined in [81] for identifying different media components. 
[TS 26.114, clause 7.3.1]
The RS and RR values included in the SDP answer should be treated as the negotiated values for the session and should be used to calculate the total RTCP bandwidth for all terminals in the session.
7.21.3	Test description
7.21.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	UE is configured to not use preconditions. 
Preamble:
-	UE registered to IMS services and set up the MO call, by executing annex A.4.2.
7.21.3.2	Test procedure sequence
Table 7.21.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	SS sends re-INVITE with an SDP offer containing media lines for both voice and video
	<-
	INVITE
	-
	-

	2
	Optional: UE may respond with a 100 Trying provisional response
	->
	100 Trying
	-
	-

	3
	Check: Does the UE respond 183 Session in Progress with an SDP answer?
(Step 3 of Annex A.16.2)
	->
	183 Session in Progress
	1
	P

	4
	SS acknowledges the receipt of 183 response with PRACK and optionally offers second SDP to indicate the changed precondition status
	<-
	PRACK
	-
	-

	5
	Check: Does the UE respond PRACK with 200 OK and answers the second SDP (if any) with mirroring its contents?
	->
	200 OK
	2
	P

	5A
	Make UE accept the call modification.
	
	
	
	

	6
	UE responds re-INVITE with 200 OK
(Step 9 of Annex A.16.2)
	->
	200 OK
	-
	-

	7
	SS acknowledges the receipt of 200 OK for re-INVITE
(Step 10 of Annex A.16.2)
	<-
	ACK
	-
	-

	8
	Make UE release video from the media call
	-
	
	-
	-

	9
	Check: Does the UE send re-INVITE with a SDP offer indicating that the video component is removed from the call?
	->
	INVITE
	3
	P

	10
	The SS responds with a 100 Trying provisional response
(Step 2 of Annex A.15.1)
	<-
	100 Trying
	-
	-

	11
	SS releases the QoS flow for video
	-
	-
	-
	-

	12
	The SS responds re-INVITE with 200 OK
	<-
	200 OK
	-
	-

	13
	Check: Does the UE acknowledge the receipt of 200 OK for re-INVITE?
	->
	ACK
	4
	P

	14
	Make the UE release the call
	-
	-
	-
	-

	15
	UE sends BYE
	->
	BYE
	-
	-

	16
	SS sends 200 OK for BYE
	<-
	200 OK
	-
	-



7.21.3.3	Specific message contents
Table 7.21.3.3-1: re-INVITE (step 1, table 7.21.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in annex A.2.9, conditions A1 and A5.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Supported
	
	
	
	

		option-tag
	
	precondition
	
	

	Content-Type
	
	
	
	

		media-type
	
	application/sdp
	
	

	Content-Length
	
	
	
	

		value
	
	length of message-body
	
	

	Message-body
	
	Same SDP body as in Step 1 (INVITE) of Annex A.16.2, with following exceptions:

Session description:
o=line identical to previous SDP sent by SS except that sess-version is incremented by one

Time description:
t= (start-time) (stop-time)

Media description (added following line):
c=IN (addrtype) (connection-address for SS) [Note 1]

Note 1: At least one "c=" field shall be present.
	
	TS 24.229 [7]
TS 26.114 [33]



Table 7.21.3.3-2: 100 Trying (step 2, table 7.21.3.2-1)
	Derivation Path: Annex A.16.2, step 2



Table 7.21.3.3-3: 183 Session Progress (step 3, table 7.21.3.2-1)
	Derivation Path: Annex A.16.2, step 3



[bookmark: _Hlk79058908]Table 7.21.3.3-4: PRACK (step 4, table 7.21.3.2-1)
	Derivation Path: Annex A.16.2, step 4



Table 7.21.3.3-5: 200 OK for PRACK (step 5, table 7.21.3.2-1)
	Derivation Path: Annex A.16.2, step 5



Table 7.21.3.3-6: 200 OK for re-INVITE (step 6, table 7.21.3.2-1)
	Derivation Path: Annex A.16.2, step 9



Table 7.21.3.3-7: ACK for re-INVITE (step 7, table 7.21.3.2-1)
	Derivation Path: Annex A.16.2, step 10



Table 7.21.3.3-8: re-INVITE (step 9, table 7.21.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.1, conditions A1, A5 and A28.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Content-Type
	
	
	
	

		media-type
	
	application/sdp
	
	

	Content-Length
	
	
	
	

		value
	
	length of message-body
	
	

	Message-body
	
	Same SDP body as in Step 1 (re-INVITE), with following exceptions:

Media description:
m=video 0 RTP/AVPF (fmt)
b=AS: (bandwidth-value)
b=RS: (bandwidth-value)
b=RR: (bandwidth-value)

Attributes for media: 
a=rtpmap: (payload type) H265/90000
a=fmtp: (format) profile-id=1; level-id=93; \
a=acfg:1 t=1
	
	TS 24.229 [7]
TS 26.114 [33]



Table 7.21.3.3-9: 100 Trying (step 10, table 7.21.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.2, Condition A1



Table 7.21.3.3-10: 200 OK for re-INVITE (step 12, table 7.21.3.2-1)
	Derivation Path: Annex A.15.1, Step 11



Table 7.21.3.3-11: ACK for re-INVITE (step 13, table 7.21.3.2-1)
	Derivation Path: Annex A.15.1, Step 12



[bookmark: _Hlk79063103]Table 7.21.3.3-12: BYE (step 15, table 7.21.3.2-1)
	Derivation Path: Annex A.7, step 1



Table 7.21.3.3-13: 200 OK for BYE (step 16, table 7.21.3.2-1)
	Derivation Path: Annex A.7, step 2



*** Next Change ***
[bookmark: _Toc68197412][bookmark: _Toc75880670][bookmark: _Toc84254368][bookmark: _Toc84255163]8.26	MO Call Hold without announcement / 5GS
8.26.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and being configured to use preconditions and having set up a voice call }
ensure that {
  when { UE is being made to hold the call }
    then { UE sends re-INVITE or UPDATE, and completes the call hold procedure }
            }

(2)
with { UE having put the voice call on hold }
ensure that {
  when { UE is being made to resume the call }
    then { UE sends re-INVITE or UPDATE, and completes the call resume procedure }
            }

8.26.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.610 clause 4.5.2.1]:
In addition to the application of procedures according to 3GPP TS 24.229 [1], the following procedures shall be applied at the invoking UE in accordance with RFC 3264 [4].
A UE shall not invoke the HOLD service on a dialog associated with an emergency call the UE has initiated.
If not all the media streams are affected, the invoking UE shall generate a new SDP offer where:
1)	for each media stream that is to be held, the SDP offer contains:
-	an "inactive" SDP attribute if the stream was previously set to "recvonly"; or
-	a "sendonly" SDP attribute if the stream was previously set to "sendrecv";
NOTE 1:	If the directionality attribute of the media stream is currently "sendonly" or "inactive", then that media stream is not put on hold and, in the SDP offer, the directionality for that media stream remains unchanged.
2)	for each held media stream that is to be resumed, the SDP offer contains:
-	a "recvonly" SDP attribute if the stream was previously an inactive media stream; or
-	a "sendrecv" SDP attribute if the stream was previously a sendonly media stream, or the attribute may be omitted, since sendrecv is the default; and
3)	for each media stream that is unaffected, the media parameters in the SDP offer remain unchanged from the previous SDP.
If all the media streams are to be held:
-	if they all have identical directionality, the invoking UE shall generate an SDP offer containing a session level direction attribute, or separate media level direction attributes, in the SDP that is set to:
1)	"inactive" if the streams were previously set to "recvonly"; or
2)	"sendonly" if the streams were previously set to "sendrecv"; and
NOTE 2:	If the directionality attribute of all the media streams is currently "sendonly" or "inactive", then all these media streams are not put on hold and, in the SDP offer, the directionality for these media streams will remain unchanged.
-	if they all do not have identical directionality, then for each media stream in the session, the invoking UE shall follow the procedure listed above for individual media streams.
If all the media streams were previously on hold and are to be resumed:
-	if they all have identical directionality, the invoking UE shall generate a session level direction attribute, or separate media level direction attributes, in the SDP that is set to:
1)	"recvonly" if the streams were previously inactive media streams; or
2)	"sendrecv" if the streams were previously sendonly media streams, or the attribute may be omitted, since sendrecv is the default; and
-	if they all do not have identical directionality, then for each media stream in the session, the invoking UE shall follow the procedure listed above for individual media streams.
If, in the generated SDP offer, there is at least one media stream whose directionality has changed from the previous SDP, the UE shall send the generated SDP offer in a re-INVITE request (or UPDATE request) to the remote UE.
[TS 26.114 clause 7.3.1]:
RTCP packets should be sent for all types of multimedia sessions to enable synchronization with other RTP transported media, remote end-point aliveness information, monitoring of the transmission quality, and carriage of feedback messages such as TMMBR for video and RTCP APP for speech. The RR value should be set greater than zero to enable RTCP packets to be sent when media is put on hold and during active RTP media transmission, including real-time text sessions which may have infrequent RTP media transmissions.
[TS 24.229 clause 6.1.1]:
If the media line in the SDP message body 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 [56], 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 [56] 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 [152].
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 or 3GPP 29.213 [13C].
NOTE 3:	In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifier will typically get the value of zero.
8.26.3	Test description
8.26.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
- 	UE is configured to use preconditions
Preamble:
-	The UE has registered to IMS and set up the MO call, by executing the generic test procedure in Annex A.2 up to the last step and thereafter executing the generic test procedure in A.4.1.
8.26.3.2	Test procedure sequence
Table 8.26.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The UE is made to hold the call
	-
	-
	
	

	2
	Check: Does the UE send INVITE or UPDATE with a SDP offer to hold the call?
(Step 1 of Annex A.17)
	-->
	INVITE or UPDATE
	1
	P

	3
	The SS responds to the INVITE with a 100 Trying provisional response.
(Step 2 of Annex A.17)
	<--
	100 Trying
	
	

	4
	The SS responds to INVITE or UPDATE with 200 OK to indicate that the remote UE is no more sending any media (call hold) or resumes sending media (call resume)
(Step 3 of Annex A.17)
	<--
	200 OK
	
	

	5
	If the UE sent INVITE in step 1 then UE acknowledges the receipt of 200 OK for INVITE. (Step 4 of Annex A.17)
	-->
	ACK
	
	

	6
	The UE is made to resume the call
	-
	-
	
	

	7
	Check: Does the UE send INVITE or UPDATE with a SDP offer to resume the call?
(Step 1 of Annex A.17)
	-->
	INVITE or UPDATE
	2
	P

	8
	The SS responds to the INVITE with a 100 Trying provisional response.
(Step 2 of Annex A.17)
	<--
	100 Trying
	
	

	9
	The SS responds to INVITE or UPDATE with 200 OK to indicate that the remote UE is no more sending any media (call hold) or resumes sending media (call resume)
(Step 3 of Annex A.17)
	<--
	200 OK
	
	

	10
	Optional: If the UE sent INVITE in step 1 then UE acknowledges the receipt of 200 OK for INVITE. (Step 4 of Annex A.17)
	-->
	ACK
	
	

	11
	The SS releases the call with BYE.
(Step 1 of Annex A.8)
	<--
	BYE
	-
	-

	12
	The UE sends 200 OK for BYE.
(Step 2 of Annex A.8)
	-->
	200 OK
	-
	-



8.26.3.3	Specific message contents
None as fully specified in Annex A.17 and Annex A.8.

*** Next Change ***
[bookmark: _Toc84254369][bookmark: _Toc84255164][bookmark: _Toc68197413][bookmark: _Toc75880671]8.27	MO video Call Hold without announcement / 5GS
8.27.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and being registered to use preconditions and having set up a video call }
ensure that {
  when { UE is being made to hold the call }
    then { UE sends re-INVITE or UPDATE, and completes the call hold procedure }
            }

(2)
with { UE having put the video call on hold }
ensure that {
  when { UE is being made to resume the call }
    then { UE sends re-INVITE or UPDATE, and completes the call resume procedure }
            }

8.27.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.610 clause 4.5.2.1]:
In addition to the application of procedures according to 3GPP TS 24.229 [1], the following procedures shall be applied at the invoking UE in accordance with RFC 3264 [4].
A UE shall not invoke the HOLD service on a dialog associated with an emergency call the UE has initiated.
If not all the media streams are affected, the invoking UE shall generate a new SDP offer where:
1)	for each media stream that is to be held, the SDP offer contains:
-	an "inactive" SDP attribute if the stream was previously set to "recvonly"; or
-	a "sendonly" SDP attribute if the stream was previously set to "sendrecv";
NOTE 1:	If the directionality attribute of the media stream is currently "sendonly" or "inactive", then that media stream is not put on hold and, in the SDP offer, the directionality for that media stream remains unchanged.
2)	for each held media stream that is to be resumed, the SDP offer contains:
-	a "recvonly" SDP attribute if the stream was previously an inactive media stream; or
-	a "sendrecv" SDP attribute if the stream was previously a sendonly media stream, or the attribute may be omitted, since sendrecv is the default; and
3)	for each media stream that is unaffected, the media parameters in the SDP offer remain unchanged from the previous SDP.
If all the media streams are to be held:
-	if they all have identical directionality, the invoking UE shall generate an SDP offer containing a session level direction attribute, or separate media level direction attributes, in the SDP that is set to:
1)	"inactive" if the streams were previously set to "recvonly"; or
2)	"sendonly" if the streams were previously set to "sendrecv"; and
NOTE 2:	If the directionality attribute of all the media streams is currently "sendonly" or "inactive", then all these media streams are not put on hold and, in the SDP offer, the directionality for these media streams will remain unchanged.
-	if they all do not have identical directionality, then for each media stream in the session, the invoking UE shall follow the procedure listed above for individual media streams.
If all the media streams were previously on hold and are to be resumed:
-	if they all have identical directionality, the invoking UE shall generate a session level direction attribute, or separate media level direction attributes, in the SDP that is set to:
1)	"recvonly" if the streams were previously inactive media streams; or
2)	"sendrecv" if the streams were previously sendonly media streams, or the attribute may be omitted, since sendrecv is the default; and
-	if they all do not have identical directionality, then for each media stream in the session, the invoking UE shall follow the procedure listed above for individual media streams.
If, in the generated SDP offer, there is at least one media stream whose directionality has changed from the previous SDP, the UE shall send the generated SDP offer in a re-INVITE request (or UPDATE request) to the remote UE.
[TS 26.114 clause 7.3.1]:
RTCP packets should be sent for all types of multimedia sessions to enable synchronization with other RTP transported media, remote end-point aliveness information, monitoring of the transmission quality, and carriage of feedback messages such as TMMBR for video and RTCP APP for speech. The RR value should be set greater than zero to enable RTCP packets to be sent when media is put on hold and during active RTP media transmission, including real-time text sessions which may have infrequent RTP media transmissions.
[TS 24.229 clause 6.1.1]:
If the media line in the SDP message body 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 [56], 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 [56] 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 [152].
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 or 3GPP 29.213 [13C].
NOTE 3:	In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifier will typically get the value of zero.
8.27.3	Test description
8.27.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
- 	UE is configured to use preconditions
Preamble:
-	The UE has registered to IMS and set up the MO Video call, by executing the generic test procedure in Annex A.2 up to the last step and thereafter executing the generic test procedure in A.15.1.
8.27.3.2	Test procedure sequence
Table 8.27.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The UE is made to hold the call
	-
	-
	-
	-

	2
	Check: Does the UE send INVITE or UPDATE with a SDP offer to hold the call?
(step 1 in annex A.24)
	-->
	INVITE or UPDATE
	1
	P

	3-5
	Steps 2-4 in annex A.24 are performed.
	-
	-
	-
	-

	6
	The UE is made to resume the call
	-
	-
	-
	-

	7
	Check: Does the UE send INVITE or UPDATE with a SDP offer to resume the call?
(step 1 in annex A.24)
	-->
	INVITE or UPDATE
	2
	P

	8-10
	Steps 2-4 in annex A.24 are performed.
	-
	-
	-
	-


8.27.3.3	Specific message contents
None as fully described in Annex A.24.

*** Next Change ***
[bookmark: _Toc68197414][bookmark: _Toc75880672][bookmark: _Toc84254370][bookmark: _Toc84255165]8.28	MT Call Hold without announcement / 5GS
8.28.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and being configured to using preconditions and having set up an MO voice call }
ensure that {
  when { UE receives re-INVITE including call hold instructions }
    then { UE may send 100 Trying and sends 200 OK for re-INVITE }
            }

(2)
with { UE having responded to re-INVITE for call hold }
ensure that {
  when { UE receives ACK followed by re-INVITE including call resume instructions }
    then { UE may send 100 Trying and sends 200 OK for re-INVITE }
            }

(3)
with { UE having concluded the call resume procedure }
ensure that {
  when { UE is being made to release the call }
    then { UE sends BYE }
            }

8.28.2	Conformance Requirements
[bookmark: OLE_LINK3]The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.610 clause 4.5.2.9]:
3GPP TS 24.229 [1] shall apply.
[TS 26.114 clause 7.3.1]:
RTCP packets should be sent for all types of multimedia sessions to enable synchronization with other RTP transported media, remote end-point aliveness information, monitoring of the transmission quality, and carriage of feedback messages such as TMMBR for video and RTCP APP for speech. The RR value should be set greater than zero to enable RTCP packets to be sent when media is put on hold and during active RTP media transmission, including real-time text sessions which may have infrequent RTP media transmissions.
[TS 24.229 clause 6.1.1]:
If the media line in the SDP message body 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 [56], 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 [56] 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 [152].
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 or 3GPP 29.213 [13C].
NOTE 3:	In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifier will typically get the value of zero.
8.28.3	Test description
8.28.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	UE is configured to use preconditions.
Preamble:
-	The UE is in test state 1N-A (TS 38.508-1 [21]) and registered to IMS.
8.28.3.2	Test procedure sequence
Table 8.28.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	SS sends INVITE with a SDP offer to hold the call
(Step 1 of Annex A.18)
	<--
	INVITE
	-
	-

	2
	Optional: The UE responds with a 100 Trying provisional response
(Step 2 of Annex A.18)
	-->
	100 Trying
	-
	-

	3
	Check: Does the UE respond to INVITE with 200 OK to indicate that the UE is no more expecting to receive any media?
(Step 3 of Annex A.18)
	-->
	200 OK
	1
	P

	4
	The SS acknowledges the receipt of 200 OK for INVITE
(Step 4 of Annex A.18)
	<--
	ACK
	-
	-

	5
	SS sends INVITE with a SDP offer to resume the call
(Step 1 of Annex A.18)
	<--
	INVITE
	-
	-

	6
	Optional: The UE responds with a 100 Trying provisional response
(Step 2 of Annex A.18)
	-->
	100 Trying
	-
	-

	7
	Check: Does the UE respond to INVITE with 200 OK to indicate that the UE is no more expecting to receive any media?
(Step 3 of Annex A.18)
	-->
	200 OK
	2
	P

	8
	The SS acknowledges the receipt of 200 OK for INVITE
(Step 4 of Annex A.18)
	<--
	ACK
	-
	-

	9
	UE is made to release the call
	-
	-
	-
	-

	10
	Check: Does the UE send BYE to release the call?
(Step 1 of Annex A.7)
	-->
	BYE
	3
	P

	11
	The SS sends 200 OK for BYE
(Step 2 of Annex A.7)
	<--
	200 OK
	-
	-



8.28.3.3	Specific message contents
None as fully specified in Annex A.18 and A.7.
*** Next Change ***
[bookmark: _Toc84254371][bookmark: _Toc84255166][bookmark: _Toc68197415][bookmark: _Toc75880673]8.29	MT Video Call Hold without announcement / 5GS 
8.29.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and configured to use preconditions and having set up an MO video call }
ensure that {
  when { UE receives re-INVITE including call hold instructions }
    then { UE may send 100 Trying and sends 200 OK for re-INVITE }
            }

(2)
with { UE having responded to re-INVITE for call hold }
ensure that {
  when { UE receives ACK followed by re-INVITE including call resume instructions }
    then { UE may send 100 Trying and sends 200 OK for re-INVITE }
            }

(3)
with { UE having concluded the call resume procedure }
ensure that {
  when { UE is being made to release the call }
    then { UE sends BYE }
            }

8.29.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.610 clause 4.5.2.9]:
3GPP TS 24.229 [1] shall apply.
[TS 26.114 clause 7.3.1]:
RTCP packets should be sent for all types of multimedia sessions to enable synchronization with other RTP transported media, remote end-point aliveness information, monitoring of the transmission quality, and carriage of feedback messages such as TMMBR for video and RTCP APP for speech. The RR value should be set greater than zero to enable RTCP packets to be sent when media is put on hold and during active RTP media transmission, including real-time text sessions which may have infrequent RTP media transmissions.
[TS 24.229 clause 6.1.1]:
If the media line in the SDP message body 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 [56], 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 [56] 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 [152].
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 or 3GPP 29.213 [13C].
NOTE 3:	In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifier will typically get the value of zero.
8.29.3	Test description
8.29.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	UE is configured to use preconditions.
Preamble:
-	The UE has registered to IMS and set up the MO Video call, by executing the generic test procedure in Annex A.2 up to the last step and thereafter executing the generic test procedure in A.15.1.
8.29.3.2	Test procedure sequence
Table 8.29.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	SS sends INVITE with a SDP offer to hold the video call
	<--
	INVITE
	-
	-

	2
	Optional: The UE responds with a 100 Trying provisional response
	-->
	100 Trying
	-
	-

	3
	Check: Does the UE respond to INVITE with 200 OK to indicate that the UE is no more expecting to receive any media?
	-->
	200 OK
	1
	P

	4
	The SS acknowledges the receipt of 200 OK for INVITE
	<--
	ACK
	-
	-

	5
	SS sends INVITE with a SDP offer to resume the call
	<--
	INVITE
	-
	-

	6
	Optional: The UE responds with a 100 Trying provisional response
	-->
	100 Trying
	-
	-

	7
	Check: Does the UE respond to INVITE with 200 OK to indicate that the UE resumes sending media (call resume)?
	-->
	200 OK
	2
	P

	8
	The SS acknowledges the receipt of 200 OK for INVITE
	<--
	ACK
	-
	-

	9
	UE is made to release the call
	-
	-
	-
	-

	10
	Check: Does the UE send BYE to release the call?
	-->
	BYE
	3
	P

	11
	The SS sends 200 OK for BYE
	<--
	200 OK
	-
	-



8.29.3.3	Specific message contents
Table 8.29.3.3-1: INVITE (step 1, table 8.29.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.9, Conditions A1, A3 and A4

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
Request-URI
	
	
the same URI in the request line as the SS has sent in the Contact header of an earlier message within the same dialog
	
	

	Supported
Option-tag
	
	
precondition
	
	

	Message-body
	
	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)
s=(session name)
c=IN (addrtype) (connection-address for UE)
b=AS: (bandwidth-value)

Time description:
t=0 0

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

Attributes for media:
a=rtpmap: (payload type) EVS/16000
a=fmtp: (format) 
a=sendrecv

Attributes for preconditions:
a=curr:qos local sendonly
a=curr:qos remote sendonly
a=des:qos mandatory local sendonly
a=des:qos optional remote sendonly or a=des:qos mandatory remote sendonly


Media description:
m=video (transport port) RTP/AVPF (fmt) 
c=IN (addrtype) (connection-address for UE) 
b=AS: (bandwidth-value)
b=RS: (bandwidth-value)
b=RR: (bandwidth-value)

Attributes for media:
a=rtpmap: (payload type) H264/90000
a=fmtp: (format) profile-level-id= (att-field) 

Attributes for preconditions:
a=curr:qos local sendonly
a=curr:qos remote sendonly
a=des:qos mandatory local sendonly
a=des:qos optional remote sendonly
	
	TS 24.229 [7]



Table 8.29.3.3-2: 200 OK (step 3/7, table 8.29.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.3.1, Conditions A10 and A22

	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 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: a=curr:qos remote sendrecv
	
	TS 24.229 [7]




*** Next Change ***
[bookmark: _Toc68197420][bookmark: _Toc75880678][bookmark: _Toc84254376][bookmark: _Toc84255171]8.34	Three way session creation / 5GS
8.34.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and being configured to use preconditions having set up an MO voice call with A }
ensure that {
  when { UE is made to start a three way voice call }
    then { UE sends re-INVITE or UPDATE, and completes the call hold procedure with A }
            }

(2)
with { UE being in the process of starting a three way voice call }
ensure that {
  when { UE having put A on hold  }
    then { UE initiates a voice call with B }
            }
(3)
with { UE being in the process of starting a three way voice call }
ensure that {
  when { UE having initiated a voice call with B }
    then { UE sends re-INVITE or UPDATE, and completes the call hold procedure with B }
            }
(4)
with { UE being in the process of starting a three way voice call }
ensure that {
  when { UE having put both A and B on hold }
    then { UE sends INVITE to the conference factory and completes the conference call initiation and subscribes to conference event }
            }

(5)
with { UE being in the process of starting a three way voice call }
ensure that {
  when { UE having created a call at the conference factory }
    then { UE sends REFER to the conference focus in order to invite A }
            }

(6)
with { UE having invited A to the conference call }
ensure that {
  when { UE receives 202 Accepted followed by notification messages for the REFER request, the confirmation on A and conditional conference event package }
    then { UE sends 200 OK for each received NOTIFY request }
            }
(7)
with { UE being in the process of starting a three way voice call }
ensure that {
  when { UE having completed the invitation of A }
    then { UE sends REFER to the conference focus in order to invite B }
            }
(8)
with { UE having invited B to the conference call }
ensure that {
  when { UE receives 202 Accepted followed by notification messages for the REFER request, the confirmation on B and conditional conference event package }
    then { UE sends 200 OK for each received NOTIFY request }
            }

8.34.2	Conformance Requirements
When a user is participating in two or more SIP sessions and wants to join together two of these active sessions to a so-called three-way session, the user shall perform the following steps.
1)	create a conference at the conference focus by sending an INVITE request with the conference factory URI for the three-way session towards the conference focus, as described in subclause 5.3.1.3.2;
2)	decide and perform for each of the active sessions that are requested to be joined to the three-way session, how the remote user shall be invited to the three-way session, which can either be:
a)	by performing the procedures for inviting a user to a conference by sending an REFER request to the user, as described in subclause 5.3.1.5.2; or
b)	by performing the procedures for inviting a user to a conference by sending a REFER request to the conference focus, as described in subclause 5.3.1.5.3;
3)	release the active session with the user, by applying the procedures for session release in accordance with RFC 3261 [7], provided that a BYE request has not already been received, after a NOTIFY request has been received, indicating that the user has successfully joined the three-way session, i.e. including: 
a)	a body of content-type "message/sipfrag" that indicates a "200 OK" response; and,
b)	a Subscription-State header set to the value "terminated"; and,
4)	treat the created three-way session as a normal conference, i.e. the conference participant shall apply the applicable procedures of subclause 5.3.1 for it.
Reference(s)
3GPP TS 24.147 [35] clause 5.3.1.3.3.
8.34.3	Test description
8.34.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	UE is configured to use preconditions.
Preamble:
-	The UE has registered to IMS and set up the MO voice call, by executing the generic test procedure in Annex A.2 up to the last step and thereafter executing the generic test procedure in A.4.1.
8.34.3.2	Test procedure sequence

Table 8.34.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1-4
	Steps 1-4 of A.17 are used to put the first call on hold.
	-
	Messages in Annex A.17
	1
	P

	5
	UE is made to initiate a MTSI voice call.
	-
	-
	-
	-

	6-17
	Steps 1-12 of A.4.1 are used to start a second call.
	-
	Messages in  in Annex A.4.1
	2
	P

	18
	UE is made to start a Multiparty Call
	-
	-
	-
	-

	19-22
	Steps 1-4 of A.17 are used to put the second call on hold.
	-
	Messages in Annex A.17
	3
	P

	23-35
	Steps 1-13 of A.19 are used to create a conference.
	-
	Messages in Annex A.19
	4
	P

	36
	UE sends REFER to invite user A to the conference.
(Step 1 of A.20)
	-->
	REFER
	5
	P

	37-38
	SS responds with a 202 final response and NOTIFY for the subscription created by the REFER.
(Steps 2-3 of A.20)
	-
	Messages in Annex A.20
	-
	-

	39
	The UE responds the NOTIFY request with 200 OK.
(Step 4 of A.20)
	-->
	200 OK
	6
	P

	40
	SS responds with a NOTIFY to confirm the user the invited user was able to join the conference.
(Steps 5 of A.20)
	-
	NOTIFY
	-
	-

	41
	UE responds the NOTIFY request with 200 OK
(Steps 6 of A.20)
	-->
	200 OK
	6
	P

	42-43
	Conditional: If the UE has subscribed the conference event package, then the SS sends a NOTIFY for conference event package and UE responds with 200 OK.
(Steps 7-8 of A.20)
	-
	Messages in Annex A.20
	-
	-

	44
	UE sends REFER to invite user B to the conference.
(Step 1 of A.20)
	-->
	REFER
	7
	P

	45-46
	SS responds with a 202 final response and NOTIFY for the subscription created by the REFER.
(Steps 2-3 of A.20)
	-
	Messages in Annex A.20
	-
	-

	47
	The UE responds the NOTIFY request with 200 OK.
(Step 4 of A.20)
	-->
	200 OK
	8
	P

	48
	SS responds with a NOTIFY to confirm the user the invited user was able to join the conference.
(Steps 5 of A.20)
	-
	NOTIFY
	-
	-

	49
	UE responds the NOTIFY request with 200 OK
(Steps 6 of A.20)
	-->
	200 OK
	8
	P

	50-51
	Conditional: If the UE has subscribed the conference event package, then the SS sends a NOTIFY for conference event package and UE responds with 200 OK.
(Steps 7-8 of A.20)
	-
	Messages in Annex A.20
	-
	-

	52-53
	Steps 1-2 of A.7 are used to release the first call.
	-
	Messages in Annex A.7
	-
	-

	54-55
	Steps 1-2 of A.7 are used to release the second call.
	-
	Messages in Annex A.7
	
	-

	56-57
	Steps 1-2 of A.8 are used to release the active session.
	-
	Messages in Annex A.7
	-
	-

	58
	Conditional: If the UE has subscribed the conference event package, then the SS notifies the UE that its subscription to conference event package is terminated
	<--
	NOTIFY
	-
	-

	59
	Conditional: If the SS sent NOTIFY, then the UE sends 200 OK for NOTIFY.
(Steps 8 of A.20)
	-->
	200 OK
	-
	-



8.34.3.3	Specific message contents

Table 8.34.3.3-1: INVITE (Step 6, table 8.34.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in subclause A.2.1, Conditions A1, A3, A5 and A28.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	

		Request-URI
	
	px_IMS_CalleeUri2

px_IMS_CalleeUri2 is used to invite another user to the session.
px_IMS_CalleeUri2 may be either SIP or Tel URI. It may contain a dialstring and phone-context parameter, when calling to dialstring. When calling to dialstring SIP URI must also contain user=phone or user=dialstring parameter.

The dialstring, if used, may be global, home local number or geo-local number. For home local numbers the value of phone-context parameter must equal the home domain name i.e. px_IMS_HomeDomainName. For geo-local numbers the home domain name must be prefixed by string “geo-local.” or access technology specific prefix, if the UE supports that option.

Note: The way how the UE determines whether numbers in a non-international format are geo-local, home-local or relating to another network, is UE implementation specific. For instance the UE might have a UI setting.
	
	

	To
	
	
	
	

		addr-spec
	
	px_IMS_CalleeUri2
	
	



Table 8.34.3.3-2: 183 Session in Progress for INVITE (Step 8, table 8.34.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in subclause A.2.3, Condition A1.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



Table 8.34.3.3-3: 200 OK for INVITE (Step 11, table 8.34.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in subclause A.3.1, Condition A1, A10 and A19.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



Table 8.34.3.3-4: 180 Ringing for INVITE (Step 13, table 8.34.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in subclause A.2.6, Condition A1.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



Table 8.34.3.3-5: NOTIFY for conference event package (Step 58, table 8.34.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in subclause A.5.3, Conditions A1 and A4.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	




*** Next Change ***
[bookmark: _Toc84254377][bookmark: _Toc84255172][bookmark: _Toc75880679]8.35	Three way session creation / Video / 5GS
8.35.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and being configured to use preconditions and having set up an MO video call with A }
ensure that {
  when { UE is made to start a three way video call }
    then { UE sends re-INVITE or UPDATE, and completes the call hold procedure with A }
            }

(2)
with { UE being in the process of starting a three way video call }
ensure that {
  when { UE having put A on hold  }
    then { UE initiates a video call with B }
            }

(3)
with { UE being in the process of starting a three way video call }
ensure that {
  when { UE having initiated a video call with B }
    then { UE sends re-INVITE or UPDATE, and completes the call hold procedure with B }
            }

(4)
with { UE being in the process of starting a three way video call }
ensure that {
  when { UE having put both A and B on hold }
    then { UE sends INVITE to the conference factory and completes the conference call initiation and subscribes to conference event }
            }

(5)
with { UE being in the process of starting a three way video call }
ensure that {
  when { UE having created a call at the conference factory }
    then { UE sends REFER to the conference focus in order to invite A }
            }

(6)
with { UE having invited A to the conference video call }
ensure that {
  when { UE receives 202 Accepted followed by notification messages for the REFER request, the confirmation on A and conditional conference event package }
    then { UE sends 200 OK for each received NOTIFY request }
            }

(7)
with { UE being in the process of starting a three way video call }
ensure that {
  when { UE having completed the invitation of A }
    then { UE sends REFER to the conference focus in order to invite B }
            }

(8)
with { UE having invited B to the conference video call }
ensure that {
  when { UE receives 202 Accepted followed by notification messages for the REFER request, the confirmation on B and conditional conference event package }
    then { UE sends 200 OK for each received NOTIFY request }
            }

8.35.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.147 clause 5.3.1.3.3]:
When a user is participating in two or more SIP sessions and wants to join together two of these active sessions to a so-called three-way session, the user shall perform the following steps.
1)	create a conference at the conference focus by sending an INVITE request with the conference factory URI for the three-way session towards the conference focus, as described in subclause 5.3.1.3.2;
2)	decide and perform for each of the active sessions that are requested to be joined to the three-way session, how the remote user shall be invited to the three-way session, which can either be:
a)	by performing the procedures for inviting a user to a conference by sending an REFER request to the user, as described in subclause 5.3.1.5.2; or
b)	by performing the procedures for inviting a user to a conference by sending a REFER request to the conference focus, as described in subclause 5.3.1.5.3;
3)	release the active session with the user, by applying the procedures for session release in accordance with RFC 3261 [7], provided that a BYE request has not already been received, after a NOTIFY request has been received, indicating that the user has successfully joined the three-way session, i.e. including: 
a)	a body of content-type "message/sipfrag" that indicates a "200 OK" response; and,
b)	a Subscription-State header set to the value "terminated"; and,
4)	treat the created three-way session as a normal conference, i.e. the conference participant shall apply the applicable procedures of subclause 5.3.1 for it.
8.35.3	Test description
8.35.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	UE is configured to use preconditions.
Preamble:
-	The UE has registered to IMS and set up the MO video call, by executing the generic test procedure in Annex A.2 up to the last step and thereafter executing the generic test procedure in A. 15.1.
8.35.3.2	Test procedure sequence
Table 8.35.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1-4
	Steps 1-4 of A.24 are used to put the first call on hold.
	-
	-
	1
	P

	5
	UE is made to initiate a MTSI videocall.
	-
	-
	-
	-

	6-17
	Steps 1-12 of A.15.1 are used to start a second call.
	-
	-
	2
	P

	18
	UE is made to start a Multiparty Call
	-
	-
	-
	-

	19-22
	Steps 1-4 of A.24 are used to put the second call on hold.
	-
	-
	3
	P

	23-35
	Steps 1-13 of A.25 are used to create a conference.
	-
	-
	4
	P

	36
	UE sends REFER to invite user A to the conference.
(Step 1 of A.26)
	->
	REFER
	5
	P

	37-38
	SS responds with a 202 final response and NOTIFY for the subscription created by the REFER.
(Steps 2-3 of A.26)
	-
	-
	-
	-

	39
	The UE responds the NOTIFY request with 200 OK.
(Step 4 of A.26)
	->
	200 OK
	6
	P

	40
	SS responds with a NOTIFY to confirm the user the invited user was able to join the conference.
(Steps 5 of A.26)
	-
	NOTIFY
	-
	-

	41
	UE responds the NOTIFY request with 200 OK
(Steps 6 of A.26)
	->
	200 OK
	6
	P

	42-43
	Conditional: If the UE has subscribed the conference event package, then the SS sends a NOTIFY for conference event package and UE responds with 200 OK.
(Steps 7-8 of A.26)
	-
	-
	-
	-

	44
	UE sends REFER to invite user B to the conference.
(Step 1 of A.26)
	->
	REFER
	7
	P

	45-46
	SS responds with a 202 final response and NOTIFY for the subscription created by the REFER.
(Steps 2-3 of A.26)
	-
	-
	-
	-

	47
	The UE responds the NOTIFY request with 200 OK.
(Step 4 of A.26)
	->
	200 OK
	8
	P

	48
	SS responds with a NOTIFY to confirm the user the invited user was able to join the conference.
(Steps 5 of A.26)
	-
	NOTIFY
	-
	-

	49
	UE responds the NOTIFY request with 200 OK
(Steps 6 of A.26)
	->
	200 OK
	8
	P

	50-51
	Conditional: If the UE has subscribed the conference event package, then the SS sends a NOTIFY for conference event package and UE responds with 200 OK.
(Steps 7-8 of A.26)
	-
	-
	-
	-

	52-53
	Steps 1-2 of A.7 are used to release the first call.
	-
	-
	-
	-

	54-55
	Steps 1-2 of A.7 are used to release the second call.
	-
	-
	-
	-

	56-57
	Steps 1-2 of A.8 are used to release the active session.
	-
	-
	-
	-

	58
	Conditional: If the UE has subscribed the conference event package, then the SS notifies the UE that its subscription to conference event package is terminated
	<-
	NOTIFY
	-
	-

	59
	Conditional: If the SS sent NOTIFY, then the UE sends 200 OK for NOTIFY.
(Steps 8 of A.26)
	->
	200 OK
	-
	-



8.35.3.3	Specific message content
Table 8.35.3.3-1: INVITE (Step 6, table 8.35.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.1, Conditions A1, A3, A4, A28, A29, A30, and A31,.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	

		Request-URI
	
	px_IMS_CalleeUri2

px_IMS_CalleeUri2 is used to invite another user to the session.
px_IMS_CalleeUri2 may be either SIP or Tel URI. It may contain a dialstring and phone-context parameter, when calling to dialstring. When calling to dialstring SIP URI must also contain user=phone or user=dialstring parameter.

The dialstring, if used, may be global, home local number or geo-local number. For home local numbers the value of phone-context parameter must equal the home domain name i.e. px_IMS_HomeDomainName. For geo-local numbers the home domain name must be prefixed by string “geo-local.” or access technology specific prefix, if the UE supports that option.

Note: The way how the UE determines whether numbers in a non-international format are geo-local, home-local or relating to another network, is UE implementation specific. For instance the UE might have a UI setting.
	
	

	To
	
	
	
	

		addr-spec
	
	px_IMS_CalleeUri2
	
	



Table 8.35.3.3-2: 183 Session in Progress for INVITE (Step 8, table 8.35.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.3, Condition A1.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



Table 8.35.3.3-3: 200 OK for INVITE (Step 11, table 8.35.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.3.1, Condition A1, A10 and A19.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



Table 8.35.3.3-4: 180 Ringing for INVITE (Step 13, table 8.35.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.6, Condition A1.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



Table 8.35.3.3-5: NOTIFY for conference event package (Step 58, table 8.35.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.5.3, Conditions A1 and A4.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



*** Next Change ***
[bookmark: _Toc68197422][bookmark: _Toc75880680][bookmark: _Toc84254378][bookmark: _Toc84255173]8.36	MO Explicit Communication Transfer / Consultative Call Transfer / 5GS
8.36.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and and being configured to use preconditions and having established a voice call with A (the transferee) }
ensure that {
  when { UE is being made to attempt Consultative Call Transfer }
    then { UE puts A on hold and sets up voice call with B (the transfer target) and puts B on hold and sends REFER to the transferee }
            }

(2)
with { UE having initiated consultative call transfer }
ensure that {
  when { UE receives NOTIFY }
    then { UE sends 200 OK response for NOTIFY }
            }
(3)
with { UE having processed the NOTIFY exchange }
ensure that {
  when { UE receives instruction to be put on hold by A }
    then { UE processes call hold instruction and responds to it }
            }
(4)
with { UE having been put on hold by A }
ensure that {
  when { UE receives BYE from B }
    then { UE sends 200 OK for BYE }
            }

(5)
with { Call with B having ended }
ensure that {
  when { UE receives NOTIFY from A }
    then { UE sends 200 OK for NOTIFY and may send BYE }
            }

8.36.2	Conformance Requirements
[TS 24.629, clause 4.5.2.1]:
A UE that has initiated an emergency call, shall not perform any transfer operation involving the dialog associated with the emergency call.
A UE that initiates a transfer operation shall if the Contact address of the transferee is a GRUU:
-	issue a REFER outside an existing dialog as specified in RFC 3515 [2] as updated by IETF RFC 6665 [14] and IETF RFC 7647 [16], where:
a)	the request URI shall contain the SIP URI of the transferee as received in the Contact header field:
b)	the Refer-To header field shall indicate the public address of the transfer target;
c)	in case of Consultative transfer, the transferor UE has a consultation communication with the transfer target, a Replaces header field parameter shall be added to the Refer-To URI together with a Require=replaces header field parameter;
d)	the Referred-By header field can be used to indicate the identity of the transferor. When privacy was required in the original communications dialog and a Referred-By header field is included, the UE shall include a Privacy header field set to "user"; and
e)	the Target-Dialog header field identifies the dialog to be transferred;
otherwise the UE shall:
-	issue a REFER request in the original communications dialog as specified in RFC 3515 [2], where:
a)	the request URI shall contain the SIP URI of the transferee as received in the Contact header field;
b)	the Refer-To header field shall indicate the public address of the transfer target;
c)	in case of consultative transfer, the transferor UE has a consultation communication with the transfer target, a Replaces header field parameter shall be added to the Refer-To URI together with a Require=replaces header field parameter; and
d)	the Referred-By header field can be used to indicate the identity of the transferor. When privacy was required in the original communications dialog and a Referred-By header field is included, the UE shall include a Privacy header field set to "user".
If assured transfer is requested, the UE may include an Expires header field in the Refer-To URI of the REFER request.
NOTE 1:	The value of the Expires header field indicates the maximum duration of the transfer attempt. If the transfer does not succeed within this duration, the UE will receive a NOTIFY request indicating the transfer failure.
After the REFER request is accepted by the other end with a 2xx response, the transferor UE gets notifications of how the transferee's communication setup towards the transfer Target is progressing.
When a NOTIFY request is received on the REFER dialog that indicates that the transferee and the transfer Target have successfully setup a communication, the transferor UE may terminate the original communication with the transferee UE, by sending a BYE request on the original dialog.
If an assured transfer attempt is not completed (i.e. the UE has not received a NOTIFY request with a "message/sipfrag" body’s status line containing a final response code indicating the end of the transfer operation), the UE may request to terminate the transfer attempt by:
-	sending a REFER request in the same communications dialog as the previous REFER request as specified in RFC 3515 [2] as updated by IETF RFC 6665 [14] and IETF RFC 7647 [16], where:
a)	the request URI shall contain the SIP URI of the transferee as received in the Contact header field; and
b)	the Refer-To header field shall indicate the public address of the transfer target and shall contain the method parameter set to "CANCEL"; and
c)	if applicable include a Target-Dialog header field that identifies the dialog under transfer.
If the UE receives a NOTIFY request indicating that the assured transfer attempt failed, followed by a re-INVITE or an UPDATE request taking the UE off HOLD the UE may decide to retrieve the original communication by sending a re-INVITE request in the original SIP dialog.
NOTE 2:	If the user requests the retrieval of the original communication while the transfer attempt has not been completed, the UE needs to first request the termination of the transfer attempt before retrieving the original communication via a re-INVITE request.
Reference(s)
3GPP TS 24.629 [36], clause 4.5.2.1.
8.36.3	Test description
8.36.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	UE is configured to use preconditions.
Preamble:
-	The UE has registered to IMS and set up the MO call, by executing the generic test procedure in Annex A.2 up to the last step and thereafter executing the generic test procedure in A4.1.
-	The SS has accepted the UE’s MO call.
8.36.3.2	Test procedure sequence
Table 8.36.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	1
	The UE is made to attempt Consultative Call Transfer
	-
	-
	-
	-

	2
	Check: Does the UE send INVITE or UPDATE with a SDP offer to hold the call with A by running step 1 of A.17 for MO Call Hold?
	-->
	INVITE or UPDATE
	1
	P

	3-5
	Remaining steps 2-4 of A.17 for MO Call Hold happen.
	-
	-
	-
	-

	6
	Void
	-
	-
	-
	-

	7
	Check: Does the UE initiate a voice call with B by exercising step 1 of Annex A.4.1?
	
	INVITE
	1
	P

	8-18
	Steps 2-12 of A.4.1 happen
	-
	-
	-
	-

	19
	Void
	-
	-
	
	

	20
	Check: Does the UE send INVITE or UPDATE with a SDP offer to hold the call with B by running step 1 of A.17 for MO Call Hold?
	-->
	INVITE or UPDATE
	1
	P

	21-23
	Remaining steps 2-4 of A.17 for MO Call Hold happen
	-
	-
	-
	-

	24
	Check: Does the UE send REFER to SS, simulating the transferee, referring to the transfer target
	-->
	REFER
	1
	P

	25
	The SS responds to REFER with 200 OK
	<--
	200 OK
	
	

	26
	The SS, simulating the transferee, sends initial NOTIFY for the implicit subscription created by the REFER request
	<--
	NOTIFY
	
	

	27
	The UE responds to NOTIFY with 200 OK
	-->
	200 OK
	2
	P

	28-31
	The SS, simulating the transferee, puts the UE on hold by executing the MT Call Hold procedure of Annex A.18, but setting the direction attribute to inactive.
	-
	-
	3
	P

	32
	The SS, simulating the transfer target, releases the call between UE and the transfer target with BYE
	<--
	BYE
	-
	-

	33
	The UE responds to BYE with 200 OK
	-->
	200 OK
	4
	P

	34
	The SS, simulating the transferee, sends a NOTIFY request to confirm that the call transfer has been completed
	<--
	NOTIFY
	-
	-

	35
	The UE responds to NOTIFY with 200 OK
	-->
	200 OK
	-
	-

	36
	Optional: UE may send a BYE request to release call with the transferee
	-->
	BYE
	-
	-

	37
	If the UE has sent BYE in step 33 then SS sends 200 OK for BYE
	-->
	200 OK
	5
	P



8.36.3.3	Specific message contents
Table 8.36.3.3-1: INVITE (step 7, table 8.36.3.2-1)
	Derivation Path: TS 34.229-5, Step 1 in A.4.1

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	

		Request-URI
	
	px_IMS_CalleeUri2
	
	

	To
	
	
	
	

		addr-spec
	
	px_IMS_CalleeUri2
	
	



Table 8.36.3.3-2: 183 Session Progress (step 9, table 8.36.3.2-1)
	Derivation Path: TS 34.229-5, Step 3 in A.4.1

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



Table 8.36.3.3-3: 180 Ringing (step 14, table 8.36.3.2-1)
	Derivation Path: TS 34.229-5, Step 8 in A.4.1

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



Table 8.36.3.3-4: 200 OK for INVITE (step 17, table 8.36.3.2-1)
	Derivation Path: TS 34.229-5, Step 11 in A.4.1

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Contact
	
	
	
	

		addr-spec
	
	px_IMS_CalleeContactUri2
	
	



Table 8.36.3.3-5: INVITE/UPDATE (step 20, table 8.36.3.2-1)
	Derivation Path: TS 34.229-5, Step 1 in A.4.1

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	

		Request-URI
	
	px_IMS_CalleeUri2
	
	



Table 8.36.3.3-6: REFER (step 24, table 8.36.3.2-1)
	Derivation Path: TS 34.229-1 [2], Step 1 in A.2.10

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Refer-To
	
	
	
	

		value
	
	<public address of transfer target?Replaces=(dialog id of the dialog between the UE and the transfer target)&Require=replaces>
	
	

	Referred-By
	
	
	
	

		value
	
	same value as addr-spec field in From header in the first INVITE during initial call setup, if header present
	
	

	Privacy
	
	
	
	

		value
	
	user (shall be included if privacy was required during original communication dialog and Referred-By header field is included)
	
	



Table 8.36.3.3-7: NOTIFY (step 26, table 8.36.3.2-1)
	Derivation Path: TS 34.229-5, Step 1 in A.4.1

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Message-body
	
	SIP/2.0 100 Trying
	
	



Table 8.36.3.3-8: 200 OK for NOTIFY (step 27, table 8.36.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.3.1, Conditions A11 and A22



Table 8.36.3.3-9: INVITE (step 28, table 8.36.3.2-1)
	Derivation Path: TS 34.229-5, Step 1 of A.19

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Message-body
	
	Each media line carries direction attribute “a=inactive”
	
	



Table 8.36.3.3-10: 200 OK for re-INVITE (step 30, table 8.36.3.2-1)
	Derivation Path: TS 34.229-5, Step 4 of A.19

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Message-body
	
	Each media line carries direction attribute “a=inactive”
	
	



Table 8.36.3.3-11: NOTIFY (step 34, table 8.36.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.11

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Subscription-State
	
	
	
	

		Substate-value
	
	terminated
	
	

		expires
	
	omitted from request
	
	

		reason
	
	noresource
	
	

	Message-body
	
	SIP/2.0 200 OK
	
	



Table 8.36.3.3-12: 200 OK for NOTIFY (step 35, table 8.36.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.3.1, Conditions A11 and A22




*** Next Change ***
[bookmark: _Toc84254379][bookmark: _Toc84255174][bookmark: _Toc75880681]8.37	Communication Waiting and answering the call / 5Gs
8.37.1	Test Purpose (TP)
(1)
with { UE being registered to IMS and having initiated an MO voice call with preconditions }
ensure that {
  when { UE receives INVITE for MT voice call with preconditions }
    then { UE continues voice call initiation until 180 Ringing (including conditional PRACK/200 OK) }
            }

(2)
with { UE having continued initiation of incoming voice call until 180 Ringing }
ensure that {
  when { UE is being made to terminate the MO voice call }
    then { UE sends BYE for the MO voice call }
            }

(3)
with { UE having terminated the MO voice call }
ensure that {
  when { UE is being made to accept the incoming MT voice call }
    then { UE sends 200 OK for INVITE }
            }

8.37.2	Conformance Requirements
The conformance requirements covered in the present test case are, unless otherwise stated, Rel-15 requirements.
[TS 24.615 subclause 4.5.5.3.2]:
Upon receipt of an INVITE request containing:
-	a Content-Type header field set to "application/vnd.3gpp.cw+xml";
-	a MIME body according to subclause 4.4.1 with the with the <communication-waiting-indication> element contained in the <ims-cw> root element; and 
-	if the maximum number of waiting communications is not reached (i.e. UDUB condition has not occurred), the UE shall:
-	provide a CW indication to the user;
-	send a 180 (Ringing) response to the INVITE request according to the provisional response procedures described in 3GPP TS 24.229 [2];
-	optionally, if the INVITE includes an Expires header field, use the value of this header field to provide the time to expiry information of the communication waiting to the user; and
-	optionally start timer TUE-CW;
NOTE 1:	The timer TUE-CW is used in order to limit the duration of the CW condition at the UE. For terminals that can provide an indication to the user that a CW condition is occurring without disturbing the active communication, this timer is not needed.
NOTE 2:	RFC 5621 [9] describes conditions under which a 415 (Unsupported Media Type) response is returned.
The UE may insert an Alert-Info header field set to "<urn:alert:service:call-waiting>" according to RFC 7462 [131] in the 180 (Ringing) response, according to the provisional response procedures described in 3GPP TS 24.229 [2].
[TS 24.615 subclause 4.5.5.3.3]:
Case A
If user B accepts the waiting communication and holds (per procedures in 3GPP TS 24.610 [5]) or releases (per procedures in 3GPP TS 24.229 [2]) the active communication and timer TUE-CW has not expired, user B's UE shall:
-	stop timer TUE-CW (if it has been started);
-	stop providing the CW indication to User B; and
-	apply the procedures for answering the waiting communication to User B as described in 3GPP TS 24.229 [2].
Case B
If TUE-CW was started and expires, user B's UE shall:
-	stop providing the CW indication to User B; and
-	send a 480 (Temporarily Unavailable) response towards User C, optionally including a Reason header field set to cause 19, in accordance with RFC 6432 [130].
[TS 24.615 subclause 4.5.5.3.4]:
If user B's UE receives a CANCEL request or BYE request from User C during a CW condition, user B's UE shall:
-	stop timer TUE-CW (if necessary);
-	stop providing the CW indication to User B; and
-	apply the terminating UE procedures upon receipt of CANCEL or BYE as described in 3GPP TS 24.229 [2].
If user B's UE receives a CANCEL request or BYE request from User A and during a CW condition, user B's UE shall:
-	stop timer TUE-CW (if necessary);
-	stop providing the CW indication to User B;
-	apply the terminating UE procedures upon receipt of CANCEL request or BYE request as described in 3GPP TS 24.229 [2]; and
-	optionally apply the procedure for accepting the waiting communication as described in 3GPP TS 24.229 [2].
8.37.3	Test description
8.37.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	UE contains either ISIM and USIM applications or only USIM application on UICC.
-	UE is configured to register for IMS after switch on.
-	UE is configured to use preconditions.
Preamble:
-	The UE has registered to IMS and set up the MO voice call, by executing the generic test procedure in Annex A.2 up to the last step and thereafter executing the generic test procedure in A.4.1.
8.37.3.2	Test procedure sequence
Table 8.37.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

	0
	UE is made to attempt an IMS voice call
	-
	-
	-
	-

	1-7
	Steps 1-7 of A.5.1 are executed.
	-
	-
	-
	-

	8
	Check: Does the UE responds to INVITE with 180 Ringing with an Alert-Info header field set to "<urn:alert:service:call-waiting>"
	
	180 Ringing
	1
	P

	9
	(Conditional) The SS shall send PRACK only if the 180 response contains 100rel option tag within the Require header.
	
	PRACK
	-
	-

	10
	(Conditional) The UE acknowledges the PRACK with 200 OK.
	
	200 OK
	-
	-

	11
	The UE is made to end the MO call
	-
	-
	-
	-

	12
	Check: Does the UE send a BYE to terminate its previous session?
(step 1 in Annex A.7)
	
	BYE
	2
	P

	13
	The SS responds to the BYE request with a valid 200 OK response.
(step 2 in Annex A.7)
	
	200 OK
	-
	-

	14
	UE is made to accept the incoming call
	-
	-
	-
	-

	15
	Check: Does the UE responds to INVITE with a 200 OK final response after the user answers the call.
	
	200 OK
	3
	P

	16
	The SS acknowledges the receipt of 200 OK for INVITE.
	
	ACK
	-
	-



8.37.3.3	Specific message content
Table 8.37.3.3-1: 180 Ringing (Step 8, table 8.37.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.6, Conditions A2 and A14.

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Alert-Info
	
	<urn:alert:service:call-waiting>
	
	



Table 8.37.3.3-2: PRACK (Step 9, table 8.37.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.4, Condition A3

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Content-Length
	
	
	
	

		value
	
	0
	
	

	Message-body
	
	Not present
	
	



Table 8.37.3.3-3: 200 OK (Step 10, table 8.37.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.3.1, Conditions A2, A11 and A20.



Table 8.37.3.3-4: 200 OK (Step 15, table 8.37.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.3.1, Conditions A1, A10 and A19.



Table 8.37.3.3-5: ACK (Step 16, table 8.37.3.2-1)
	Derivation Path: TS 34.229-1 [2], Annex A.2.7, Conditions A2.



*** End of changes ***

