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12.y
MTSI MO video call / SSAC / 0% access probability for MTSI MO video call
12.y.1
Definition and applicability
Test to verify that the UE does not initiate a video session under access barring for MTSI MO video call. This process is described in 3GPP TS 24.173[65]. The test case is applicable for IMS security or GIBA.
12.y.2
Conformance requirement

[TS 24.173, clause J.2.1.1]:
The following information is provided by lower layer:

…

-
BarringFactorForMMTEL-Video: barring rate for MMTEL video; and

-
BarringTimeForMMTEL-Video: barring timer for MMTEL video.
Upon request from a user to establish a multimedia telephony communication session as described in subclause 5.2, the UE shall:
1)
if the multimedia telephony communication session to be established is an emergency session, then skip the rest of steps below and continue with session establishment as described in subclause 5.2;
2)
retrieve SSAC related information mentioned above from lower layers;
3)
if video is offered in the multimedia telephony communication session:

A)
if back-off timer Tx is running, reject the multimedia telephony communication session establishment and skip the rest of steps below; or
B)
else, then:

I)
draw a new random number "rand1" that is uniformly distributed in the range 0 ≤ rand1 < 1; and
II)
if the random number "rand1" is lower than BarringFactorForMMTEL-Video, then skip the rest of steps below and continue with session establishment as described in subclause 5.2;
III)
else, then;
i)
draw a new random number "rand2" that is uniformly distributed in the range 0 ≤ rand2 < 1; and

ii)
start back-off timer Tx with the timer value calculated using the formula:
Tx =  (0,7 + 0,6*rand2) * BarringTimeForMMTEL-Video; and

iii)
reject the multimedia telephony communication session establishment and skip the rest of steps below;
Reference(s)

3GPP TS 24.173[65], clause J.2.1.1.
12.y.3
Test purpose

1)
To verify that the UE does not initiate a video session under access barring for MTSI MO video call.

2)
To verify that the UE does not initiate a video session in case back-off timer Tx is running.

12.y.4
Method of test
Initial conditions
UE contains either ISIM and USIM applications or only USIM application on UICC. UE has activated an EPS bearer context, discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 or C.2a (GIBA only) up to the last step.

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration (IMS security). SS sets ac-BarringFactor included in ssac-BarringForMMTEL-Video to “p00” defined in TS 36.331[xx] and does not perform access class control except SSAC.
Related ICS/IXIT Statement(s)
IMS security (Yes/No)

GIBA (Yes/No)
Support for initiating a session (Yes/No)

Support for video (Yes/No)

Support for IMS Multimedia Telephony (Yes/No)

Test procedure

1) MO MTSI video call for EPS is initiated on the UE.
2) The SS waits for 30s to check that the UE does not send the INVITE.
3) The SS sends Paging message including systemInfoModification.

4) The SS broadcasts SystemInformationBlockType2 including no ssac-BarringForMMTEL-Video-r9.

5) The UE waits for 15s to receive system information.
6) MO MTSI video call for EPS is initiated on the UE.
7) The SS waits for 30s to check that the UE does not send the INVITE.
8) The UE waits for 92s to expire the timer Tx.
9-10) MO MTSI video call for EPS is initiated on the UE. The call is initiated towards the URI configured to SS as px_CalleeUri Depending on the UE support this URI may be either SIP or Tel URI, possibly containing a dialstring indicating a global, home local or geo-local telephone number. SS waits the UE to send an INVITE request with first SDP offer
11) SS responds to the INVITE request with a 100 Trying response.

12) SS responds to the INVITE request with a 183 Session in Progress response.

13) SS waits for the UE to send a PRACK request possibly containing the second SDP offer.

14) SS responds to the PRACK request with a 200 OK.
15) SS waits for the UE to send a UPDATE request containing the final SDP offer.

16) SS responds to the UPDATE request with a 200 OK.
17) SS responds to the INVITE request with a 180 Ringing.
18) SS waits for the UE to send a PRACK request.

19) SS responds to the PRACK request with a 200 OK.

20) SS responds to the INVITE request with a 200 OK.

21) SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence, parallel behaviour:

1-8) Refer to TS 36.508 [94] subclause 4.5.3.3-1.
Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	Make the UE attempt an IMS video call
	

	2
	
	
	To verify that the UE does not send INVITE message within 30s because the random number is higher than BarringFactorForMMTEL-Video.

The timer Tx starts.

	3
	(
	Paging
	SS sends Paging including systemInfoModification.

	4
	(
	SystemInformationBlockType2
	SS broadcasts the SystemInformationBlockType2 including no ssac-BarringForMMTEL-Video-r9.

	5
	
	
	Wait for 15s for the UE to receive system information.

	6
	
	Make the UE attempt an IMS video call
	

	7
	
	
	To verify that the UE does not send INVITE message within 30s because the timer Tx is running.

	8
	
	
	Wait for 92s to expire the timer Tx.

	9
	
	Make the UE attempt an IMS video call
	

	10
	(
	INVITE
	UE sends INVITE with the first SDP offer.

	11
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	12
	(
	183 Session in Progress
	SS sends an SDP answer.

	13
	(
	PRACK
	UE acknowledges and optionally offer a second SDP if a dedicated EPS bearer is established by the network (from expected sequence, parallel behaviour step 8).

	14
	(
	200 OK
	SS sends a 200 OK and answers the second SDP if present.

	15
	(
	UPDATE
	Optional step: UE sends a second SDP if a dedicated EPS bearer is established by the network (from expected sequence, parallel behaviour step 8).

	16
	(
	200 OK
	Optional step: SS sends a 200 OK.

	17
	(
	180 Ringing
	SS sends a 180 Ringing.

	18
	(
	PRACK
	UE acknowledges the receipt of 180 Ringing.

	19
	(
	200 OK
	SS responds PRACK with 200 OK.

	20
	(
	200 OK
	SS responds INVITE with 200 OK.

	21
	(
	ACK
	UE acknowledges the receipt of 200 OK for INVITE.


Expected sequence, parallel behaviour:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1-8
	
	
	Steps 3 to 10a1 of the generic radio bearer establishment procedure (TS 36.508 4.5.3.3-1) are executed to successfully complete the service request procedure.


Specific Message Contents

SystemInformationBlockType2 (initial conditions)

Use the default message in 3GPP TS 36.508[94] Table 4.4.3.3-1 with the following exceptions:
	IE
	Value/Remarks

	- ssac-BarringForMMTEL-Video-r9
	

	-- ac-BarringFactor
	p00

	-- ac-BarringTime
	s128

	-- ac-BarringForSpecialAC
	11111


Paging (step 3)

Use the default message in 3GPP TS 36.508[94] Table 4.6.1-7 with the following exceptions:
	IE
	Value/Remarks

	- pagingRecordList
	Not present

	- systemInfoModification
	true


SystemInformationBlockType2 (step 4)

Use the default message in 3GPP TS 36.508[94] Table 4.4.3.3-1:
INVITE (Step 10)

Use the default message “INVITE for MO Call” in annex A.2.1 with the following exceptions:

	Header/param
	Value/remark

	Supported
	

	   option-tag
	precondition

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

Session description:

· v= (protocol version)

· o=- (sess-id) (sess-version) IN IP4 or IP6 (unicast-address for UE)

· s= (session name)

· b=AS: (bandwidth)
Time description:

· t= (time the session is active)

Media description:
· m=video (transport port) RTP/AVPF  (payload types separated by space each corresponding  to the payloads in the Attributes for media)
· c= IN IP4 or IP6 (connection-address for UE)
· b=AS: (bandwidth)
· b=RS: (bandwidth)
· b=RR: (bandwidth)
Attributes for media: 

· a=rtpmap:(payload type) H264/90000

· a=fmtp: (payload type) packetization-mode=(packetization mode; optional parameter);profile-level-id=(profile level)    sprop-parameter-sets=(parameter sets)

and/or

· a=rtpmap:(payload type) H263-2000/1000

· a=fmtp: (payload type) profile=0;level=45

and/or

· a=rtpmap:(payload type) MP4V-ES/90000

· a=fmtp: (payload type) profile-level-id=(profile id); config=( configuration of the MPEG-4 Visual bit stream)
· (additional media may be sent)

Attributes for preconditions:

· a=curr:qos local sendrecv 
· a=curr:qos remote none
· a=des:qos mandatory local sendrecv
· a=des:qos optional remote sendrecv



100 Trying (Step 11)

Use the default message "100 Trying for INVITE" in annex A.2.2.

183 Session in Progress (Step 12)

Use the default message “183 Session in Progress for INVITE” in annex A.2.3.

PRACK (Step 13)
Use the default message “PRACK” in annex A.2.4 with the exception that either Supported or Require header shall contain the "precondition" tag. The UE may include a SDP body in the PRACK request to indicate it has met the preconditions. In that case the following lines shall be included in the SDP body of PRACK:

	Header/param
	Value/remark

	Content-Type
	header shall be present only if there is SDP in message-body

	
media-type
	application/sdp

	Content-Length
	

	
value
	length of message-body

	Message-body
	All mandatory SDP lines are present, as specified in SDP grammar in RFC 4566 [27]; and
-
"o" line shall be the same like in INVITE request, except that the version number shall be increased; and
-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the session; and
-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the media; and
-
SDP must contain at least as many media description lines as the SDP in the INVITE contained. One of them must be for video media with video codec supported by the SS and the other for telephone-events if included to the original offer in step 9; and
-
four "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31]. At this stage of the call setup the lines shall be as follows:
a=curr:qos local sendrecv
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv
These four "a=" lines may appear in any order.
-
as the UE has met its local preconditions the a=inactive line must be replaced with a=sendrecv line.


200 OK (Step 14)

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

	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 PRACK but modified as follows:
Session description, Media description:

· IP address on "o=" and "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media.

-
the "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31], updated as follows:

a=curr:qos local sendrecv
a=curr:qos remote sendrecv
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv



UPDATE (Step 15) - optional step used when PRACK contained a=curr:qos remote none
	Header/param
	Value/remark

	Content-Type
	header shall be present only if there is SDP in message-body

	
media-type
	application/sdp

	Content-Length
	

	
value
	length of message-body

	Message-body
	All mandatory SDP lines are present, as specified in SDP grammar in RFC 4566 [27]; and
-
"o" line shall be the same like in INVITE request, except that the version number shall be increased; and
-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the session; and
-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the media; and
-
SDP must contain at least as many media description lines as the SDP in the INVITE contained. One of them must be for video media with video codec supported by the SS and the other for telephone-events if included to the original offer in step 9; and
-
four "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31]. At this stage of the call setup the lines shall be as follows:
a=curr:qos local sendrecv
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv
These four "a=" lines may appear in any order.
-
as the UE has met its local preconditions the a=inactive line must be replaced with a=sendrecv line.


200 OK for UPDATE (Step 16) - optional step used when UE sent UPDATE

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

	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 but modified as follows:


-
IP address on "o=" and "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media; and


-
optional "a=sendonly" line inverted to "a=recvonly" and vice versa; and

-
the "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31], updated as follows:
a=curr:qos local [direction-tag] (*1
a=curr:qos remote [direction-tag] (*2
a=des:qos mandatory local [direction-tag] (*3
a=des:qos mandatory remote [direction-tag] (*3

*1) The value of direction-tag in a=curr qos local line of 200 must be the inverse of that in the a=curr:qos local line of UPDATE. If the UPDATE contained the direction-tag as "recv" the 200 must have it as "send" and vice versa. The value "sendrecv" will be kept as is. 

*2) The value of direction-tag in a=curr qos remote line of 200 must be the inverse from the a=curr:qos local line of UPDATE. 

*3) The value of direction-tags in a=des lines of 200 must be the inverse from those of UPDATE (both a= lines for local and remote). If the UPDATE contained the direction-tag as "recv" the 200 must have it as "send" and vice versa. The value "sendrecv" will be kept as is.


180 Ringing (step 17)

Use the default message "180 Ringing for INVITE" in annex A.2.6.

PRACK (Step 18)

Use the default message “PRACK” in annex A.2.4.

200 OK for PRACK (Step 19)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1:

200 OK for INVITE (Step 20)

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

	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 INVITE but modified as follows:
Session description, Media description:

· IP address on "o=" and "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media.
-
the "a=" lines describing the current and desired state of the preconditions, as described in RFC 3312 [31], updated as follows:

a=curr:qos local sendrecv
a=curr:qos remote sendrecv
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv



ACK (Step 21)
Use the default message “ACK” in annex A.2.7.
12.y.5
Test requirements

At step 2 the UE shall not send the INVITE.

At step 7 the UE shall not send the INVITE.

At step 10 the UE shall send the INVITE.
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