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<Start of modified section 1>
[bookmark: _Toc68197395]7.13	MTSI MT Voice Call with RTCP disabled / 5GS
7.13.1	Test Purpose (TP)
(1)
with { UE being registered to IMS }
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
[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].
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.
…
7.13.3	Test description
7.13.3.1	Pre-test conditions
System Simulator:
-	1 NR Cell connected to 5GC, default parameters.
UE:
-	The UE contains either ISIM and USIM applications or only USIM application on UICC.
-	The UE is configured to register for IMS after switch on.
-	The UE is configured to use preconditions. 
Preamble:
-	UE is in state 1N-A and registered to IMS
7.13.3.2	Test procedure sequence
Table 7.13.3.2-1: Main Behaviour
	St
	Procedure
	Message Sequence
	TP
	Verdict

	
	
	U - S
	Message
	
	

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

	1
	SS sends INVITE, with both b=RS and b=RR attributes set to zero in SDP.
	<--
	INVITE
	
	

	2
	Optional step: UE may send a 100 Trying provisional response.
(Step 2 of Annex A.5.2)
	-->
	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.5.2)
	<--
	PRACK
	
	

	5
	UE responds to PRACK. (Step 5 of Annex A.5.2)
	-->
	200 OK
	
	

	6
	SS sends a second SDP offer. (Step 6 of Annex A.5.2)
	
	UPDATE
	
	

	7
	UE responds to UPDATE, including an SDP answer.
(Step 7 of Annex A.5.2)
	
	200 OK
	
	

	8
	UE sends 180 Ringing. (Step 8 of Annex A.5.2)
	-->
	180 Ringing
	
	

	9
	Conditional step: if UE sent 180 Ringing reliably, SS acknowledges reception of 180 Ringing.
(Step 9 of Annex A.5.2)
	<--
	PRACK
	
	

	10
	Conditional step: if UE sent 180 Ringing reliably, UE responds to PRACK. (Step 10 of Annex A.5.2)
	-->
	200 OK
	
	

	11
	Make UE accept the voice call.
	
	
	
	

	12
	UE responds to INVITE. (Step 11 of Annex A.5.2)
	-->
	200 OK
	
	

	13
	SS acknowledges. (Step 12 of Annex A.5.2)
	<--
	ACK
	
	



7.13.3.3	Specific message contents
Table 7.13.3.3-1: INVITE (step 1, table 7.13.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in subclause A.2.9, Conditions A1, A3, and A4

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Supported
   option-tag
	
	
precondition
	
	

	Message-body
	
	The following SDP types and values.

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

Time description:
t=0 0

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

Attributes for media: 
a=rtpmap: 96 EVS/16000/1
a=fmtp: 96 br=13.2; bw=swb; max-red=220
a=rtpmap:97 AMR-WB/16000/1
a=fmtp:97 mode-change-capability=2; max-red=220
a=rtpmap: 98 telephone-event/16000
a=fmtp: 98 0-15
a=rtpmap:99 AMR/8000/1
a=fmtp:99 mode-change-capability=2; max-red=220
a=rtpmap: 100 telephone-event/8000
a=fmtp: 100 0-15
a=ptime:20
a=maxptime:240

Attributes for preconditions:
a=curr:qos local none
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv
	
	GSMA NG.114 [31]



Table 7.13.3.3-2: 183 Session Progress (step 3, table 7.13.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in subclause A.2.3, Condition A2

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Status-Line
   Reason-Phrase
	
	
Not checked
	
	

	Supported
   option-tag
	
	
precondition
	
	

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

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

Time description:
t=0 0

Media description:
m=audio (transport port) P/AVP (fmt) [Note 2]
c=IN (addrtype) (connection-address for UE) [Note 1]
b=AS: (bandwidth-value)
b=RS: 0
b=RR: 0

Attributes for media:
a=rtpmap:(payload type) EVS/16000 [Note 2]
a=fmtp:(format) br=13.2; bw=swb; max-red=(att-field)

Attributes for preconditions:
a=curr:qos local none or a=curr:qos local sendrecv
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des:qos mandatory remote sendrecv
Note 1: At least one "c=" field shall be present.
Note 2: The value for fmt, payload type and format is not checked
	
	GSMA NG.114 [31]



Table 7.13.3.3-3: UPDATE (step 6, table 7.13.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in subclause A.2.5, Condition A3

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Supported
   option-tag
	
	
precondition
	
	

	Message-body
	
	The following SDP types and values.

Session description:
v=0
o=- 1111111111 1111111112 IN (addrtype) (unicast-address for SS)
s=-
c=IN (addrtype) (connection-address for SS)
b=AS:65

Time description:
t=0 0

Media description:
m=audio (transport port) P/AVP 96
b=AS:65
b=RS:0
b=RR:0

Attributes for media: 
a=rtpmap:96 EVS/16000/1
a=fmtp:96 br=(att-field); bw=(att-field); max-red=220 [Note 2]
a=ptime:20
a=maxptime:240

Attributes for preconditions:
a=curr:qos local sendrecv 
a=curr:qos remote none or curr:qos remote sendrecv [Note 1]
a=des:qos mandatory local sendrecv
a=des:qos mandatory remote sendrecv

Note 1: Use the value (none/sendrecv) received from 183 Session Progress and attribute a=curr:qos local.
Note 2: The br and bw values are taken from step 3.
	
	GSMA NG.114 [31]



Table 7.13.3.3-4: 200 OK (step 7, table 7.13.3.2-1)
	Derivation Path: TS 34.229-1 [2], Table in subclause A.3.1, Conditions A2, A11 and A22

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Supported
   option-tag
	
	
precondition
	
	

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

Session description:
v=0
o=(user-name) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE) [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) P/AVP (fmt) [Note 2]
c=IN (addrtype) (connection-address for UE) [Note 1]
b=AS: (bandwidth-value)
b=RS: 0
b=RR: 0

Attributes for media:
a=rtpmap:(payload type) EVS/16000 [Note 2]
a=fmtp:(format) [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 value for fmt, payload type and format is not checked
Note 3: Parameters for the AMR codec are not checked
Note 4: "o=" line identical to previous SDP sent by UE except that sess-version is incremented by one.
	
	GSMA NG.114 [31]



<End of modified section 1>
