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16.8.5
Test requirements

The UE shall send requests and responses as described in clause 16.8.4.
16.10
MO MTSI Text session with MSRP
16.10.1
Definition and applicability
Test to verify that the UE correctly performs MTSI mobile originated text messaging MSRP session setup (without preconditions) and release.The test case is applicable for IMS security or early IMS security.
16.10.2
Conformance requirement

[TS 24.247, clause 8.2.1]:
For the purpose of session-mode messaging and session-mode messaging conferences, the UE shall implement the role of 

- 
an SDP offerer as described in subclause 8.3.1; and

- 
an SDP answerer as described in subclause 8.3.2.

...

[TS 24.247, clause 8.3.1]:
When an SDP offerer wants to create a session mode massaging session, the SDP offerer shall populate the SDP as specified in subclause 6.1 in 3GPP TS 24.229 [5]. SDP offerer shall also include:

a)
a media attribute in accordance with RFC 4975 [9]; and

b)
the supported MIME types in the accept-types or accept-wrapped-types attributes  in accordance with RFC 4975 [9]; and

c)
the address of the SDP offerer in the path attribute, in accordance with RFC 4975 [9].

The SDP may also include a max-size attribute. The attribute shall be formatted in accordance with RFC 4975 [9]

The SDP offerer may want to indicate to the other user(s), that the SDP offerer is prepared to receive isComposing information, then it shall add the MIME type “application/ im-iscomposing+xml to the accept type or access-wrapped types attributes.

At the receipt of the SDPanswer the SDP offerer shall set up a TCP connection (if not already available) when an IP-CAN bearer with sufficient QoS is available.

For file transfer, the SDP shall also include the following media attributes in accordance with draft-ietf-mmusic-file-transfer-mech-00 [15]:

a)
a=file-selector: and

b)
a=disposition:

The file-selector attribute shall contain the following selector parameters:

a)
filename-selector and

b)
filesize-selector

The file-selector attribute may contain the following selector parameters:

a)
filetype-selector and/or

b)
hash-selector

If the sender wants the SDP answerer to be able to preview the file, the a=icon: media attribute shall also be included.

If the sender wants to send a chunk of a file, rather than the complete file, the a=file-range: media attribute shall also be included.

For file transfer, the SDP shall also include the a=sendonly attribute.

When the 200 (OK) response for the last MSRP SENT is received, the SDP offerer shall close the MSRP media stream(s) for that particular file transfer, by sending a SDP offer where the m line port value for the file transfer media stream is set to zero, unless the MSRP media stream is the only stream in the SIP session, in which case a SIP BYE request shall be sent in order to terminate the SIP session.
...

[TS 24.247, clause 8.3.2]:
When receiving an SDP offer the SDP answerer shall populate the SDP answer as specified in subclause 6.1 in 3GPP TS 24.229 [5]. In addition the answerer shall include:

a)
a media attribute in accordance  with the received media attribute in the SDP offer; and

b)
the supported MIME types in the accept-types or accept-wrapped-types attributes in accordance with RFC 4975 [9]; and

c) the MSRP URI of the SDP answerer in the path attribute in accordance with RFC 4975 [9].

The SDPmay also include a max-size attribute. The attribute shall be formatted in accordance with RFC 4975 [9].

If SDP answerer receives the MIME type “application/im-iscomposing+xml” in the accept-types or accept-wrapped-types attribute and the SDP answerer accepts the exchange of isComposing information the SDP answerer shall add the MIME type “application/im-iscomposing+xml” to the accept-types or access-wrapped types attributes.

For file transfer, the answerer shall behave in accordance with draft-ietf-mmusic-file-transfer-mech-00 [15].
...

[TS 24.247, clause 9.2.1]:
The UE shall: 

-
implement the role of an MSRP sender as described in subclause 9.3.1; and

-
implement the role of an MSRP receiver as described in subclause 9.3.2.

...

[TS 24.247, clause 9.3.1]:
When a MSRP sender wishes to send a message, the MSRP sender shall ensure that the message length is not longer than the max-size attribute, as received in a SDP offer or a SDP answer. Depending on the message length the message may be included in one SEND request or chunked into a number of SEND requests. The MSRP sender shall follow the procedures and rules as specified in RFC 4975 [9], when the MSRP sender fragments a message into a number SEND requests. 

The SEND request shall include the Byte-Range header. The MSRP sender shall populate the Byte-Range header fields as follows:

-
the range end set to * (interruptible), to make the chunks interruptible, if the SEND request is longer than 2048 octets; and

-
the total field set to the total size of the message. 

The MSRP sender shall create a SEND request in accordance with RFC 4975 [9], where the value of To-Path is the MSRP URI shall be set to value of path attribute received in a SDP offer or a SDP answer.

If it is possible to exchange isComposing information, the MSRP sender may include in a SEND request an isComposing status message as defined in RFC 3994 [13].

...

[TS 24.247, clause 9.3.2]:
When a MSRP receiver receives a SEND request,  the MSRP receiver shall parse the SEND request.  The MSRP receiver shall either send a response including: 

a)
a 200 (OK) status-code , as specified in RFC 4975 [9], for the concerned SEND message if the parsing was successful; or

b)
an appropriate status-code, as specified in RFC 4975 [9], for the concerned SEND message if the parsing was unsuccessful. 

The MSRP receiver shall send a REPORT request if this is explicit or implicit requested in the SEND request(s) belonging to the message. It shall either be:

a)
a successful REPORT request including status-code 200 (OK) if a complete message is received and  the Report-Success header in the SEND request was set to "yes"; or

b)
an unsuccessful REPORT request including status-code other than 200 (OK) as defined in RFC 4975 [9] if the MSRP receiver can conclude that a complete  message is not received and  the Report-Failure header is set to "yes" or not included. The criteria to conclude that a complete message is not received are specified in RFC 4975 [9].
Reference(s)

3GPP TS 24.247 [87] clauses 8.2.1, 8.3.1, 8.3.2, 9.2.1, 9.3.1, 9.3.2
16.10.3
Test purpose

1)
To verify that when initiating MO MTSI text messaging session for MSRP the UE performs correct exchange of  SIP protocol signalling messages for setting up the session.

2)
To verify that within SIP signalling the UE performs the correct exchange of SIP header and parameter contents.  
3)
To verify that within SIP signalling the UE performs the correct exchange of SDP contents for MSRP.
4)
To verify that the UE is able to release the messaging session.
16.10.4
Method of test
Initial conditions

UE contains either SIM application (early IMS security), ISIM and USIM applications or only USIM application on UICC. UE has activated a PDP context, discovered P-CSCF and registered to IMS services, by executing the generic test procedure in Annex C.2 or C.2a (early IMS security 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).

Related ICS/IXIT Statement(s)
Support for initiating a session
(Yes/No)

Support for text, MSRP (Yes/No)
Support for integration of resource management and SIP (use of preconditions)
(Yes/No)
IMS security (Yes/No)

Early IMS security (Yes/No)

Test procedure

1)
MO MTSI text messaging session is initiated on the UE. SS waits the UE to send an INVITE request with a SDP offer.

2)
SS responds to the INVITE request with a 100 Trying response.

3)
SS responds to the INVITE request with valid 200 OK response.

4)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

5)
Messaging session is released on the UE. SS waits the UE to send a BYE request.

6)
SS responds to the BYE request with valid 200 OK response.
Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	UE sends INVITE with a SDP offer

	2
	(
	100 Trying
	The SS responds with a 100 Trying provisional response

	3
	(
	200 OK
	The SS responds INVITE with 200 OK

	4
	(
	ACK
	The UE acknowledges the receipt of 200 OK for INVITE

	5
	(
	BYE
	The UE releases the call with BYE

	6
	(
	200 OK
	The SS sends 200 OK for BYE


NOTE:
The default messages contents in annex A are used with condition “IMS security “ or “early IMS security” when applicable

Specific Message Contents

INVITE (Step 1)

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)
· c=(network type) (address type) (connection address of UE) [Note 1]
· b= (bandwidth)

Time description:

· t= (time the session is active)

Media description:   
· m=message (transport port) TCP/MSRP *
· c=(network type) (address type) (connection address of UE) [Note 1]
Attributes for media: 

· a=accept-types: (MIME types supported by the UE for MSRP)
· a=path:(MSRP URI of the UE as defined within RFC 4975)
In addition to those the UE may optionally include attributes like max-size or accept-wrapped-types as defined in RFC 4975.
Note 1: At least one "c=" field shall be present.


100 Trying for INVITE (Step 2)

Use the default message “100 Trying for INVITE” in annex A.2.2.
200 OK for INVITE (Step 3)

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

· IP address within the "o=" and "c=" lines updated to be the address of the SS

Media description:

· a=path attribute to contain the MSRP URI of the SS towards which the UE should start sending the MSRP messages

· Transport port on the "m=" line changed to the same port as given within the MSRP URI of the SS



ACK (Step 4)

Use the default message “ACK” in annex A.2.7. 

BYE (Step 5)

Use the default message “BYE” in annex A.2.8.

200 OK for BYE (Step 6)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1.
16.10.5
Test requirements

After receiving ACK from SS the UE proceeds with creating a TCP connection to the TCP port which SS allocated for the MSRP session and indicated within its SDP answer. The UE shall tear down the TCP connection down after receiving the 200 OK for BYE request.
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