Page 1



3GPP TSG-RAN WG5 Meeting #74 
R5-171500
Athens, Greece, 13-17 February 2017

	CR-Form-v11.2

	CHANGE REQUEST

	

	
	34.229-1
	CR
	1054
	rev
	1
	Current version:
	13.1.0
	

	

	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:

	New H.17.2 TC Terminating Voice, add video remove video / Fixed Broadband Access

	
	

	Source to WG:
	Telecom Italia

	Source to TSG:
	R5

	
	

	Work item code:
	MTSI_FIXED_ACCESS-UEConTest
	
	Date:
	2017-02-03

	
	
	
	
	

	Category:
	F
	
	Release:
	Rel-13

	
	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.
	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)
Rel-15
(Release 15)
Rel-16
(Release 16)

	
	

	Reason for change:
	The latest version of the work plan (found in R5-168273) identifies the need to provide test coverage of the following feature/aspect: Terminating Voice, add video remove video / Fixed Broadband Access. Currently the latest version of TS 34.229-1 does not include an appropriate test case.

	
	

	Summary of change:
	A test case entitled: ‘Terminating Voice, add video remove video / Fixed Broadband Access’ has been added to TS 34.229-1 under Annex H in clause H.17.2.

	
	

	Consequences if not approved:
	This aspect of the work plan will remain unfulfilled.

	
	

	Clauses affected:
	H.17, H.17.2 (new)

	
	

	
	Y
	N
	
	

	Other specs
	
	X
	 Other core specifications

	

	affected:
	X
	
	 Test specifications
	TS 34.229-2 CR 0205

	(show related CRs)
	
	X
	 O&M Specifications
	

	
	

	Other comments:
	This is an update of R5-170792 and the outcome of 1 revision to this document


H.15.10.5
Test requirements

As described in clause 15.10a.5.
H.17.2
Terminating Voice, add video remove video / Fixed Broadband Access
H.17.2.1
Definition
Test to verify that the UE is able to add a bidirectional video component to an ongoing UE terminating IMS Multimedia telephony voice call for Fixed Broadband Access. This process is described in 3GPP TS 24.229 [10], TS 24.173 [65] and TS 26.114 [66]. 

H.17.2.2
Conformance requirement

Same as described in 17.2.2.
H.17.2.3
Test purpose

1)
To verify that when adding a video component to an ongoing IMS Multimedia Telephony voice call the UE performs correct exchange of SIP protocol signalling messages; and

2)
To verify that within SIP signalling the UE performs correct SDP offer/answer exchanges for negotiating media and indicating preconditions for resource reservation (as described by 3GPP TS 24.229 [10], clause 6.1); and

3)
To verify that when removing the video component from the IMS Multimedia Telephony call the UE performs correct exchange of SIP and SDP protocol messages.
Initial conditions

UE is configured with the home domain name, public and private user identities and SIP Digest Credentials.
SS is configured with the home domain name, public and private user identities and SIP Digest Credentials. SS is listening to SIP default port 5060 for both UDP and TCP protocols. SS is able to perform MD5 authentication algorithm for that IMPI, according to 3GPP TS 33.203 [14] clause 6.1 and RFC 3310 [17]. SS has performed MD5 authentication with the UE and accepted the registration. SS has also performed the UE Terminating voice Call.
Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends re-INVITE with second SDP offer to add video.

	2
	(
	100 Trying
	(Optional) The UE responds with a 100 Trying provisional response

	3
	(
	180 Ringing
	(Optional) The UE responds to INVITE with 180 Ringing.(Optional) to have SDP added. If added 180 response is reliably send

	4
	(
	PRACK
	(Optional) SS shall send PRACK only if the 180 response contains 100rel option tag within the Require header.

	5
	(
	200 OK
	(Optional) The UE acknowledges the PRACK with 200 OK.

	6
	
	
	Make UE accept the speech and video offer

	7
	(
	200 OK
	The UE responds to the re-INVITE with a 200 OK final response.

	8
	(
	ACK
	The SS acknowledges the receipt of 200 OK for the re-INVITE. 

	9
	(
	INVITE
	SS sends a re-INVITE with a SDP offer indicating that the video component is removed from the call 

	10
	(
	100 Trying
	(Optional) The UE responds with a 100 Trying provisional response.

	11
	(
	200 OK
	The UE responds to the re-INVITE with a 200 OK final response. 

	12
	(
	ACK
	The SS acknowledges the receipt of 200 OK for INVITE.

	13
	(
	BYE
	The SS sends BYE to release the call.

	14
	(
	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 “SIP Digest without TLS for Fixed Broadband Access” when applicable
Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MT Call” in annex A.2.9 with the following exceptions:

	Header/param
	Value/remark

	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:37
Time description:

· t=0 0
Media description:
· m=audio (transport port) RTP/AVP 97
· b=AS:37
· b=RS:0

· b=RR:2500

Attributes for media: 

· a=rtpmap:97 AMR/8000/1
· a=fmtp:97 mode-change-capability=2; max-red=220 

· a=rtpmap: 98 telephone-event/8000/1
· a=fmtp: 98 0-15
· a=ptime:20
· a=maxptime:240
Media description:

- m=video (transport port) RTP/AVPF 98
- b=AS: 315
- b=RS: 0

- b=RR: 2500

Attributes for media: 

- a=rtpmap: 98 H264/90000

- a=fmtp: 98 packetization-mode=0;profile-level-id=42e00c; \

     sprop-parameter-sets=J0LgDJWgUH6Af1A=,KM46gA==

- a=rtcp-fb:* trr-int 5000

- a=rtcp-fb:* nack
- a=rtcp-fb:* nack pli
- a=rtcp-fb:* ccm fir
- a=rtcp-fb:* ccm tmmbr



180 Ringing (Step 3)

Use the default message "180 Session Progress" in annex A.2.6 with the following exceptions:

	Header/param
	Value/remark

	Content-Type
	

	
media-type
	application/sdp

	Message-body
	The following SDP types and values shall be present. [Note 3]

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) 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) AMR/8000 [Note 2]

· a=fmtp:(format) [Note 2]
Media description:

- m=video (transport port) RTP/AVPF (fmt) [Note 2]
- b=AS: (bandwidth-value)
- b=RS: (bandwidth-value)
- b=RR: (bandwidth-value)
Attributes for media: 

- a=rtpmap: 98 H264/90000 [Note 2]
- a=fmtp: 98 packetization-mode=0;profile-level-id=(att-field); \

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


200 OK (Step 7)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1 with the following exceptions when there is no SDP in 180 Ringing.

	Header/param
	Value/remark

	Content-Type
	

	          media-type
	application/sdp [Note 3]

	Content-Length

           Value
	length of message-body [Note 3]

	Message-body
	The following SDP types and values shall be present. [Note 3]

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) RTP/AVP (fmt) [Note 3]
· c=IN (addrtype) (connection-address for UE) [Note 1]

· b=AS: (bandwidth-value)

· b=RS: (bandwidth-value)

· b=RR: (bandwidth-value)

Attributes for media:

· a=rtpmap:(payload type) AMR/8000 [Note 2]

· a=fmtp:(format) [Note 2]
Media description:

- m=video (transport port) RTP/AVPF (fmt)
- b=AS: (bandwidth-value)
- b=RS: (bandwidth-value)
- b=RR: (bandwidth-value)
Attributes for media: 

- a=rtpmap: 98 H264/90000

- a=fmtp: 98 packetization-mode=0;profile-level-id=(att-field); \

Note 1: At least one "c=" field shall be present.

Note 2: Parameters for the AMR codec are not checked

Note 3: These Parameters are only updated when there is no SDP in Step3 in the above call flow else default values are retained.


INVITE (Step 9)

Use the default message “INVITE for MT Call” in annex A.2.9 with the following exceptions:

	Header/param
	Value/remark

	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:37
Time description:

· t=0 0
Media description:
· m=audio (transport port) RTP/AVP 97
· b=AS:37
· b=RS:0

· b=RR:2500

Attributes for media: 

· a=rtpmap:97 AMR/8000/1
· a=fmtp:97 mode-change-capability=2; max-red=220 

· a=rtpmap: 98 telephone-event/8000/1
· a=fmtp: 98 0-15
· a=ptime:20
· a=maxptime:240



200 OK (Step 12)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1 with the following exceptions when there is no SDP in 180 Ringing.

	Header/param
	Value/remark

	Content-Type
	

	          media-type
	application/sdp [Note 3]

	Content-Length

           Value
	length of message-body [Note 3]

	Message-body
	The following SDP types and values shall be present. [Note 3]

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) RTP/AVP (fmt) [Note 3]
· c=IN (addrtype) (connection-address for UE) [Note 1]

· b=AS: (bandwidth-value)

· b=RS: (bandwidth-value)

· b=RR: (bandwidth-value)

Attributes for media:

· a=rtpmap:(payload type) AMR/8000 [Note 2]

· a=fmtp:(format) [Note 2]
Note 1: At least one "c=" field shall be present.

Note 2: Parameters for the AMR codec are not checked

Note 3: These Parameters are only updated when there is no SDP in Step3 in the above call flow else default values are retained.


H.17.2.5
Test requirements

The UE shall send requests and responses as described in clause H.17.2.4

