

3GPP TSG-RAN WG5 Meeting #72 	R5-165330
Gothenburg, 22-26 August 2016
	CR-Form-v11.1

	CHANGE REQUEST

	

	
	34.229-1
	CR
	0912
	rev
	
	Current version:
	12.10.0
	

	

	For HELP on using this form: comprehensive instructions can be found at 
http://www.3gpp.org/Change-Requests.

	



	Proposed change affects:
	UICC apps
	
	ME
	
	Radio Access Network
	
	Core Network
	



	

	Title:	
	Update to C.11 MTSI Speech call

	
	

	Source to WG:
	Anritsu Ltd.

	Source to TSG:
	R5

	
	

	Work item code:
	TEI8_Test
	
	Date:
	2016-08-12

	
	
	
	
	

	Category:
	F
	
	Release:
	Rel-12

	
	Use one of the following categories:
F  (correction)
A  (mirror corresponding to a change in an earlier release)
B  (addition of feature), 
C  (functional modification of feature)
D  (editorial modification)
Detailed explanations of the above categories can
be found in 3GPP TR 21.900.
	[bookmark: OLE_LINK1]Use one of the following releases:
Rel-8	(Release 8)
Rel-9	(Release 9)
Rel-10	(Release 10)
Rel-11	(Release 11)
Rel-12	(Release 12)
Rel-13	(Release 13)
Rel-14	(Release 14)

	
	

	Reason for change:
	 [As per IR.92 and section 3.3],
The UE and the IMS core network must support DTMF events as defined in Annex G of 3GPP TS 26.114.
[26.114 and Annex G],
This annex describes a method for sending DTMF events in the same RTP media stream as the speech.
-     MTSI clients offering speech communication shall support the below described method in the transmitting direction and should support it in the receiving direction.
-     MTSI media gateways offering speech communication shall support the below described method in both the transmitting direction and in the receiving direction. For MTSI media gateways, the described method applies only to the PS session between the gateway and an MTSI client in terminal.
This method was designed to send DTMF events in the same RTP streams as the speech.
Based on the above, DTMF support is mandatory. This will be indicated in INVITE message.

[24.229]
In addition, the UE may indicate support of the in-band DTMF codec, as described in subclause 6.1.1.

Based on the above, UE may indicate support DTMF codec. UE may indicate in ‘183 session progress’ during MT call.

	
	

	Summary of change:
	· Added telephone-event to INVITE as DTMF support is mandatory.
· Optionally, UE may indicate in ‘183 session progress’. 
· SS shall indicate DTMF support if UE indicates in 183 session progress
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[bookmark: _Toc446084195]C.11	Generic test procedure for setting up MTSI MT speech call
The generic test procedure for setting up MTSI MT speech call may be performed after successful IMS or early IMS registration.
Test procedure
1)	SS sends an INVITE request to the UE.
2)	Void.
3)	SS may receive 100 Trying from the UE.
4)	SS expects and receives 183 Session Progress from the UE.
5)	SS sends PRACK to the UE to acknowledge the 183 Session Progress.
6)	SS expects and receives 200 OK for PRACK from the UE.
7)	SS sends UPDATE to the UE, with SDP indicating that precondition is met on the server side.
8)	SS expects and receives 200 OK for UPDATE from the UE, with proper SDP as answer.
9)	SS may receive 180 Ringing from the UE.
10)	SS may send PRACK to the UE to acknowledge the 180 Ringing.
11)	SS may receive 200 OK for PRACK from the UE.
11A)	The UE accepts the session invite.
12)	SS expects and receives 200 OK for INVITE from the UE.
13)	SS sends ACK to the UE.
14)	SS sends BYE to the UE.
15)	SS expects and receives 200 OK for BYE from the UE.
Expected sequence
	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	INVITE
	SS sends INVITE with the first SDP offer.

	2
	
	
	Void

	3
	
	100 Trying
	(Optional) The UE responds with a 100 Trying provisional response

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

	5
	
	PRACK
	SS acknowledges the receipt of 183 response from the UE.

	6
	
	200 OK
	The UE responds to PRACK with 200 OK.

	7
	
	UPDATE
	SS sends an UPDATE with SDP offer indicating SS reserved resources. 

	8
	
	200 OK
	The UE acknowledges the UPDATE with 200 OK and includes SDP answer to acknowledge its current precondition status.

	9
	
	180 Ringing
	(Optional) The UE responds to INVITE with 180 Ringing.

	10
	
	PRACK
	(Optional) SS shall send PRACK only if the 180 response contains 100rel option tag within the Require header.

	11
	
	200 OK
	(Optional) The UE acknowledges the PRACK with 200 OK.

	11A
	
	
	Make UE accept the speech AMR offer.

	12
	
	200 OK
	The UE responds to INVITE with a 200 OK final response after the user answers the call.

	13
	
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE.

	14
	
	BYE
	The SS sends BYE to release the call.

	15
	
	200 OK
	The UE sends 200 OK for the BYE request and ends the call.



NOTE:	The default messages contents in annex A are used with condition “IMS security” or “early IMS security” when applicable
Specific Message Content
INVITE (Step 1)
Use the default message “INVITE for MT Call” in annex A.2.9 with the following exceptions:
	Header/param
	Value/remark

	Supported
	

	   option-tag
	precondition

	Message-body
	The following SDP types and values.

Session description:
1. v=0
1. o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS)
1. s=-
1. c=IN (addrtype) (connection-address for SS)
1. b=AS:37

Time description:
1. t=0 0

Media description:
1. m=audio (transport port) RTP/AVP 97100
1. b=AS:37
1. b=RS:0
1. b=RR:2500

Attributes for media: 
1. a=rtpmap:97 AMR/8000/1
1. a=fmtp:97 mode-change-capability=2; max-red=220
1. a=rtpmap:100 telephone-event/8000
1. a=fmtp:100 0-15
1. a=ptime:20
1. a=maxptime:240

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



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

	Status-Line
	

	    Reason-Phrase
	Not checked

	Require
	

	   option-tag
	precondition

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

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

Time description:
1. t=0 0

Media description:
1. m=audio (transport port) RTP/AVP (fmt) [Note 3]
1. c=IN (addrtype) (connection-address for UE) [Note 1]
1. b=AS: (bandwidth-value)
1. b=RS: (bandwidth-value)
1. b=RR: (bandwidth-value)

Attributes for media:
1. a=rtpmap:(payload type) AMR/8000 [Note 3]
1. a=fmtp:(format) [Note 3, 4]
1. a=rtpmap:(payload type) telephone-event [Note 5]
1. a=fmtp:(format)[Note 3]

Attributes for preconditions:
1. a=curr:qos local none or a=curr:qos local sendrecv
1. a=curr:qos remote none
1. a=des:qos mandatory local sendrecv
1. a=des:qos mandatory remote sendrecv
1. a=conf:qos remote sendrecv

Note 1: At least one "c=" field shall be present.
Note 2: Void
Note 3: The value for fmt, payload type and format is not checked
Note 4: Parameters for the AMR codec are not checked
Note 5:	a rate may be added to the “telephone-event” seperated by “/” (e.g. “telephone-event/8000”)



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

	Require
   option-tag
	
precondition

	Message-body
	The following SDP types and values.

Session description:
1. v=0
1. o=- 1111111111 1111111112 IN (addrtype) (unicast-address for SS)
1. s=-
1. c=IN (addrtype) (connection-address for SS)
1. b=AS:37

Time description:
1. t=0 0

Media description:
1. m=audio (transport port) RTP/AVP 97 100 [Note 3]
1. b=AS:37
1. b=RS:0
1. b=RR:2500

Attributes for media: 
1. a=rtpmap:97 AMR/8000  [Note 2]
1. a=fmtp:97 mode-change-capability=2; max-red=220
1. a=rtpmap:100 telephone-event/8000 [Note 3]
1. a=fmtp:100 0-15
1. a=ptime:20
1. a=maxptime:240

Attributes for preconditions:
1. a=curr:qos local sendrecv 
1. a=curr:qos remote none or curr:qos remote sendrecv [Note 1]
1. a=des:qos mandatory local sendrecv
1. 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 AMR channel number shall be “/1” or omitted.
Note 3: Codec with telephone-event(DTMF) shall be sent only if UE sends telephone-event(DTMF) in 183 session progress



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

	Require
   option-tag
	
precondition

	Content-Type
	

		media-type
	application/sdp 

	Content-Length
	

	      value
	length of message-body

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

Session description:
1. v=0
1. o=(user-name) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE) [Note 4]
1. s=(session name)
1. c=IN (addrtype) (connection-address for UE) [Note 1]
1. b=AS: (bandwidth-value)

Time description:
1. t=0 0

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

Attributes for media:
1. a=rtpmap:(payload type) AMR/8000 [Note 2] [Note 4]
1. a=fmtp:(format) [Note 2, 3][Note 4]
1. a=rtpmap:(payload type) telephone-event [Note 3]
1. a=fmtp:(format)[Note 3]


Attributes for preconditions:
1. a=curr:qos local sendrecv
1. a=curr:qos remote sendrecv
1. a=des:qos mandatory local sendrecv
1. 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.
Note 3: Codec with telephone-event(DTMF) shall be sent only if UE sends telephone-event(DTMF) in UPDATE




180 Ringing (Step 9)
Use the default message “180 Ringing for INVITE” in annex A.2.6 with the following exceptions:
	Header/param
	Value/remark

	Content-Type
	Header not present

		media-type
	

	Content-Length
	0

	      value
	

	Message-body
	Not present 




