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<Start of Modified Section>

20.1
Mobile Originating CAT – Forking Model

20.1.1
Definition and applicability
Test to verify that the UE support Customized Alerting Tones according to the forking model. This process is described in 3GPP TS 24.182 [127]. The test case is applicable for IMS security or GIBA security.
20.1.2
Conformance requirement

[TS 24.182, clause 4.5.5.1.1]:

20.1.2.1
General

The UE shall follow the procedures specified in 3GPP TS 24.229 [4] for session initiation and termination.

[TS 24.628, clause 4.7.2.1]:

20.1.2.2
Actions at the originating UE

Procedures according to 3GPP TS 24.229 [1] shall apply.

Certain services require the usage of the Alert-Info header field, Call-Info header field and Error-Info header field according to procedures specified by IETF RFC 3261 [4].

If the UE detects that in-band information is received from the network as early media, the in-band information received from the network shall override locally generated communication progress information.

The UE shall not generate the locally generated communication progress information if an early dialog exists where the last received P-Early-Media header field as described in IETF RFC 5009 [12] contains "sendrecv" or "sendonly".

NOTE:
if an early dialog exists where a SIP 18x response to the SIP INVITE request other than 183 (Session Progress) response was received, no early dialog exists where the last received P-Early-Media header field as described in IETF RFC 5009 [12] contained "sendrecv" or "sendonly" and in-band information is not received from the network, then the UE is expected to render the locally generated communication progress information.

If the UE supports the P-Early-Media header field as defined in IETF RFC 5009 [12], and a P-Early-Media header field has been received, then the UE shall send any available user generated media, e.g. speech or DTMF, on media stream(s) associated with the early dialog for which the most recent P-Early-Media header field, as described in IETF RFC 5009 [12], contained a "sendrecv" or a "recvonly" header field value. If there is more than one such early dialog, the UE shall use the early dialog where the P-Early-Media header field was most recently received.

If the UE receives a re-INVITE request containing no SDP offer, the UE shall send a 200 (OK) response containing an SDP offer according to 3GPP TS 24.229 [1] indicating the directionality used by UE as

-
"sendonly" if the re-INVITE request is received on a dialog where the associated communication session has been put on hold by the user; and

-
"sendrecv" otherwise.

Reference(s)

3GPP TS 24.182 [127], clause 4.5.5.1.1 and 3GPP TS 24.628 [128], clause 4.7.2.1.
20.1.3
Test purpose

1)
To verify that when initiating MO call, with Customized  Alerting Tones according to the forking model, the UE performs correct exchange of SIP protocol signalling messages for setting up the session; and

2)
To verify that within SIP signalling the UE performs the correct exchange of SDP messages for negotiating early media and indicating preconditions for resource reservation (as described by 3GPP TS 24.229 [10], clause 6.1).

20.1.4
Method of test
Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has activated a PDP context, discovered P-CSCF, and registered to IMS services.

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.

Related ICS/IXIT Statement(s)
-
Support for initiating a session

(Yes/No)

-
Support for IMS Multimedia Telephony
(Yes/No)

-
Support for speech
(Yes/No)

-
Support for integration of resource management and SIP (use of preconditions)
(Yes/No)

-
IMS security (Yes/No)

-
GIBA (Yes/No)

Test procedure applicable for a UE with E-UTRA support (TS 34.229-2 [5] A.18/1)

1-13)
UE executes the procedures described in TS 36.508 [94] table 4.5A.15.3-1 steps 1 to14.

14)
SS responds to the INVITE send by the UE in step 2 with a 200 OK

15)
UE sends an ACK to acknowledge receipt of the 200 OK for INVITE.

16)
UE is triggered by MMI to release the call
17)
UE sends a BYE request to the SS in order to release the call.

18)
SS responds to the BYE request with valid 200 OK response.
Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1-8
	
	Perform steps 1 to 8 of the procedure detailed in C.21
	Setup dialog 1

	9-13
	
	Perform steps 4 to 8 of the procedure detailed in C.21
	Setup dialog 2 (CAT)

	14
	(
	200 OK
	The SS sends 200 OK for INVITE sent in step 2 above

	15
	(
	ACK
	The UE sends ACK for the 200 OK

	16
	
	The UE is triggered by MMI to release the call
	

	17
	(
	BYE
	The UE releases the call with BYE

	18
	(
	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

Steps 1 – 8 and 9-13 as specified in annex C.21with the exceptions detailed below

183 Session Progress (Step 9)

Use the default message "183 Session Progress" in step 4 of annex C.21 with the following exceptions:

	Header/param
	Value/Remark

	To
	

	
tag
	Any value different from what is used in steps 1-8

	Contact
	

	
addr-spec 
	<sip:cat-as.home1.net;+g.3gpp.icsi_ref="urn%3Aurn-7%3gpp-service.ims.icsi.mmtel">

	P-Early-Media
	

	    em-param
	sendonly

	Message-body
	Session description:

-
v=0

-
o=- 1111111111 1111111111 IN (addrtype) (unicast-address for SS for early-media)

-
s=-
-
c=IN (addrtype) (connection-address for SS for early-media)

-
b=AS:37

Attributes for preconditions:

-
a=curr:qos local sendrecv

-
a=curr:qos remote none

-
a=des:qos mandatory local sendrecv

-
a=des:qos mandatory remote sendrecv

-
a=conf:qos remote sendrecv

Attributes for preconditions:

-
a=content:g.3gpp.cat


PRACK (Step 10)

Use the default message “PRACK” in step 5 of annex C.21 with the following exceptions:

	Header/param
	Value/Remark

	Message-body
	Attributes for preconditions:

-
a=curr:qos local sendrecv

-
a=curr:qos remote sendrecv

-
a=des:qos mandatory local sendrecv

-
a=des:qos optional remote sendrecv or a=des:qos mandatory remote sendrecv


200 OK for PRACK (Step 11)

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

	To
	

	
tag
	Same value as used in step 9

	Content-Type
	Header optional

Contents if present:

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	
Value
	length of message-body

	Message-body
	Contents if present: SDP body of the 200 OK response copied from the received PRACK and modified as follows:

-
IP address on "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media (same as used in step 9 above);

-
"o=" line identical to previous SDP sent by SS except that sess-version is incremented.
Attributes for preconditions:

· a=curr:qos remote sendrecv


200 OK for UPDATE (Step 13)

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

	To
	

	
tag
	Same value as used in step 9

	Content-Type
	Header optional

Contents if present: 

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	SDP body of the 200 response copied from the received UPDATE and modified as follows:

-
IP address on "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media (same as used in step 9 above);

-
“o=” line identical to previous SDP sent by SS except that sess-version is incremented.

Attributes for preconditions:

· a=curr:qos remote sendrecv


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
	Header optional

Contents if present:

	
media-type
	application/sdp 

	Content-Length
	Contents if header Content-Type is present:

	      Value
	length of message-body

	Message-body
	Header present if Prack (step 5) contained SDP.

Contents if present: SDP body of the 200 OK response copied from the received PRACK and modified as follows:

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

-
"o=" line identical to previous SDP sent by SS except that sess-version is incremented.
Attributes for preconditions:

· a=curr:qos remote sendrecv


BYE (Step 17)

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

200 OK for BYE (Step 18)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1.
20.1.5
Test requirements

SS must check that the if the UE uses full IMS security, it sends all the requests over the security associations set up during registration, in accordance to 3GPP TS 24.229 [10], clause 5.1.1.5.1.

The UE shall send requests and responses as described in clause 20.1.4

<End of Modified Section>
<Start of Modified Section>

C.8
Generic test procedure for putting a MTSI speech call to hold or to resume the call from the UE
The generic test procedure for putting a MTSI speech call on hold may be performed while MTSI speech call is going on

Test procedure

1)
SS waits for the UE to send an INVITE or UPDATE request with a SDP offer

2)
If the UE sent an INVITE request in step 1, SS responds to the it with a 100 Trying response. No such response is sent for UPDATE.

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

4)
If the UE sent an INVITE in step 1, SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE or UPDATE
	UE sends INVITE or UPDATE with a SDP offer to hold or resume the call

	2
	(
	100 Trying
	Optional: The SS responds to the INVITE with a 100 Trying provisional response

	3
	(
	200 OK
	The SS responds to INVITE or UPDATE with 200 OK to indicate that the remote UE is no more sending any media (call hold) or resumes sending media (call resume)

	4
	(
	ACK
	Optional: If the UE sent INVITE in step 1 then UE acknowledges the receipt of 200 OK for INVITE


Specific Message Contents

INVITE or UPDATE (Step 1)

Use the default message “INVITE for MO call setup” in annex A.2.1 or “UPDATE” in annex A.2.5. In case of an INVITE the UE shall use also the same URI in the request line as the SS has sent in the Contact header of an earlier message within the same dialog (in case of an UPDATE ref. to A.2.5).

The UE shall include an SDP body as described in C.21, Step 5 (resp C.25, Step 5 for holding a video call), but with the following exceptions:

-
The direction-tag for the current-status remote segment shall be "sendrecv"; and

-
in case of Call Hold 

-
If A.12/23 3GPP TS 34.229-2 [5] is yes, the UE shall add a "b=" line for the RTCP "RR" bandwidth modifier, proposing a value greater than zero; and

-
in case of Call Resume 

-
if A.12/23 3GPP TS 34.229-2 [5] is yes, the values of RTCP "RR" and “RS” bandwidth modifiers shall be returned back to zero.

-
the UE shall either add a session level direction attribute (and remove the direction attributes of all the media lines) or modify the direction attributes of all the media lines as follows:

-
in case of Call Hold

-
If the directionality of the media lines were originally as "recvonly" then the directionality attributes within the INVITE in step 1 shall be "inactive" 

-
If the directionality of the media lines were originally as "sendrecv" then the directionality attributes within the INVITE in step 1 shall be "sendonly"

-
in case of Call Resume 

-
the UE shall restore the value of the directionality attributes within the SDP body their original values (the UE may use either a single session level attribute or separate attributes for each media line).

100 Trying for INVITE (Step 2) optional step used when UE sent INVITE in step 1

Use the default message “100 Trying for INVITE” in annex A.2.2.
200 OK for INVITE or UPDATE (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 OK response copied from the received INVITE or UPDATE but modified as follows:


- "o=" line identical to previous SDP sent by SS except that sess-version is incremented by one

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

In case of Call Hold:

- "sendonly" direction attribute inverted to "recvonly".

Note that this applies to “a=sendonly” direction attributes only, not to the direction tags found in preconditions.


ACK (Step 4) optional step used when UE sent INVITE in step 1

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

<End of Modified Section>
<Start of Modified Section>

C.9
Generic test procedure for putting a MTSI speech call to hold or to resume the call from the SS
The generic test procedure for putting a MTSI speech call to hold may be performed while MTSI speech call is going on

1)
SS initiates the call hold by sending a re-INVITE request with an SDP offer to set the media streams into sendonly state.

2)
Optional: SS waits for the UE to respond to the INVITE request with a 100 Trying response.

3)
SS waits for the UE to respond to the INVITE request with valid 200 OK response.

4)
SS sends an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	SS sends INVITE with a SDP offer to hold or resume the call

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

	3
	(
	200 OK
	The UE responds to INVITE with 200 OK to indicate that the UE is no more expecting to receive any media

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


Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MT call setup” in annex A.2.9 with the below exceptions. The SS uses the same URI in the request line as the UE has sent in the Contact header of the original INVITE request creating this dialog.

In case of Call Hold, the SS shall include the same lines in the SDP body as finally accepted for the MTSI call, i.e., the last SDP sent by the SS, with the following exceptions:

-
version number of the SDP shall be incremented; and

-
If A.12/23 3GPP TS 34.229-2 [5] is yes
-
value of “RR” bandwidth modifier set to 200; and

-
each media line shall carry direction attribute “a=sendonly”.

In case of Call Resume, the SS shall include the same lines in the SDP body as sent in the message for Call Hold with the following exceptions:

-
version number of the SDP shall be incremented; and

-
If A.12/23 3GPP TS 34.229-2 [5] is yes
-
value of “RR” bandwidth modifier set to 0; and

-
each media line shall carry direction attribute “a=sendrecv”.

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 answer to the SDP offer contained in the INVITE including:


- All mandatory SDP lines as specified in RFC 4566[27].

- The same number of media lines (“m=”) as in the INVITE.

- All the media lines having directionality as "recvonly"

In case of Call Hold:

· All the media lines having direction attribute “a=recvonly”.
In case of Call Resume:

· All the media lines having direction attribute “a=sendrecv”.




ACK (Step 4)

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

<End of Modified Section>
<Start of Modified Section>

C.22
Generic test procedure for setting up emergency speech call
Test procedure:

1)
SS waits for UE to send an INVITE request.

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

3)
SS responds to the INVITE request with a 180 Ringing.
4)
The SS responds to the INVITE request with a 200 OK.

5)
The SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	UE sends INVITE with the first SDP offer.

	2
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	3
	(
	180 Ringing
	SS sends a 180 Ringing.

	4
	(
	200 OK
	SS responds INVITE with 200 OK.

	5
	(
	ACK
	UE acknowledges.


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

	Message-body
	The following SDP types and values.

Session description:

· v=0
· o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE)

· s=(session name)
· c=IN (addrtype) (connection-address for UE) [Note 1]

Time description:

· t= (start-time) (stop-time)
Media description:
· m=audio (transport port) [Note 2]

· c=IN (addrtype) (connection-address for UE) [Note 1]

· b=AS: (bandwidth-value)

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

Note 2: AMR codec shall be present: there shall be at least one media format (fmt) with an rtpmap attribute for any AMR codec (i.e. matching “AMR/*” or “AMR-WB/*”)


180 Ringing for INVITE (Step 3)

Use the default message “180 Ringing for INVITE” in annex A.2.6 with condition A4 “180 sent by the SS when setting up an emergency call”.

200 OK for INVITE (Step 4)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1 with condition A6 “Response sent by SS for INVITE for emergency call” and the following exceptions:

	Header/param
	Value/remark

	Content-Type
	

	
media-type
	application/sdp 

	Content-Length
	

	      value
	length of message-body

	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 (fmt) [Note 1]
· b=AS:37
· b=RS:0

· b=RR:0

Attributes for media: 

· a=rtpmap: (payload type) AMR/8000 [Note 1] [Note2]
· a=fmtp: (format) mode-change-capability=2; max-red=220
· a=ptime:20
a=maxptime:240

Note 1: The value for fmt, payload type and format is copied from step 1.

Note 2: The AMR channel number shall be “/1” or omitted.


<End of Modified Section>
<Start of Modified Section>

C.31
Generic test procedure for media re-establishment after unsuccessful SRVCC handover

Test procedure:

1)
UE sends a re-INVITE request to the SS.

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

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

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

Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	UE sends INVITE with audio re-established.

	2
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	3
	(
	200 OK
	SS responds to INVITE with a 200 OK final response. 

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


INVITE (Step 1)

Use the default message “INVITE for MO Call” in annex A.2.1 with condition A5 (re-INVITE within a dialog) and the following exceptions:

	Header/param
	Value/Remark
	Rel

	Request-Line
	
	

	
Method
	INVITE
	

	
Request-URI
	Same value as the URI from the Contact header of the original INVITE request as sent by SS
	

	
SIP-Version
	SIP/2.0
	

	Reason
	Reason header field with Protocol "SIP" and reason parameter "cause" with value "487" 
	

	
	reason-text set to "handover cancelled" or “failure to transition to CS domain”
	Rel-10

	Message Body
	The following SDP types and values.

Session description:

· v=0

· o=(user-name) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE) [Note 2]
· s=(session name)
· c=IN (addrtype) (connection-address for UE) [Note 1]
· b=AS: (bandwidth-value)

Time description:

· t=(start-time) (stop-time)

Media description:

· m=audio (transport port) RTP/AVP (fmt) 
· 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/8000/1 

· a=fmtp:(format)

· a=sendrecv

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

Note 2: sess-version incremented by one if SDP changed compared to last SDP sent by UE.
	


200 OK (Step 3)

Use the default message “200 OK” in annex A.3.1 with the following exceptions:

	Header/param
	Value/Remark

	Contact

addr-spec 
	Same value as the URI from the Contact header of the original INVITE request as sent by SS

	Content-Type
	

	
media-type
	application/sdp 

	Content-Length
	

	
value
	length of message-body

	Message Body
	The following SDP types and values.

Session description:

· v=0

· o=- 1111111111 (sess-version) IN (addrtype) (unicast-address for SS) [Note 3]
· s=-

· c=IN (addrtype) (connection-address for SS)
· b=AS:37

Time description:

· t=0 0

Media description:

· m=audio (transport port) RTP/AVP (fmt) [Note 1]
· c=IN (addrtype) (connection-address for SS) [Note 1]
· b=AS:37
· b=RS: (bandwidth-value) [Note 2]
· b=RR: (bandwidth-value) [Note 2]
Attributes for media:

· a=rtpmap:(payload type) AMR/8000/1 [Note 1]

a=fmtp:(format) mode-change-capability=2; max-red=220 [Note 1]

· a=sendrecv

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: The value for fmt, payload type (AMR) and format is copied from step 1

Note 2: The bandwidth-value is copied from step 1.

Note 3: sess-version incremented by one if SDP changed compared to last SDP sent by SS.


ACK (Step 4)

Use the default message "ACK" in annex A.2.7 with condition A5 and the following exceptions:

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261 [15]

	
Method
	
	ACK
	
	

	
Request-URI
	
	Same value as the URI from the Contact header of the original INVITE request as sent by SS
	
	

	
SIP-Version
	
	SIP/2.0
	
	

	To

addr-spec

tag
	
	Same value as used in the INVITE of step 1

Same value as used in the INIVTE of step 1
	
	RFC 3261 [15]


NOTE 1:
when A.2.7 refers to "INVITE", the re-INVITE of step 1 is meant.

<End of Modified Section>
