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<Start of Modified Section>

15.21
Joining a conference after being invited to it

15.21.1
Definition and applicability
Test to verify that the UE is able to join a MTSI voice conference after being invited to it. This process is described in 3GPP TS 24.147 [84]. The test case is applicable for IMS security or GIBA.
15.21.2
Conformance requirement

[TS 24.147, clause 5.3.1.4.1]:

Upon generating an initial INVITE request to join a conference for which the conference URI is known to the conference participant, the conference participant shall:

1)
set the request URI of the INVITE request to the conference URI; and

2)
send the INVITE request towards the conferencing AS that is hosting the conference.

NOTE 1:
The initial INVITE request is generated in accordance with 3GPP TS 24.229.

NOTE 2:
The conference participants can get the conference URI as described in subclause 5.3.1.4.2. Other mechanisms can also be used by the conference participant to become aware of the conference URI, but they are out of scope of this specification..

On receiving a 200 (OK) response to the INVITE request with the "isfocus" feature parameter indicated in Contact header, the conference participant shall store the contents of the received Contact header as the conference URI. In addition to that, the conference participant may subscribe to the conference event package as described in RFC 4575 by using the stored conference URI.

NOTE 3:
A conference participant can decide not to subscribe to the conference event package for conferences with a large number of attendees, due to the signalling traffic caused by the notifications about e.g. users joining or leaving the conference. 

Upon receipt of an INVITE request that includes a Replaces header, the conference participant shall apply the procedures described in RFC 3891 to the INVITE request.

[TS 24.147, clause 5.3.1.4.2]:

Upon receipt of a REFER request that either includes a Refer-To header which includes the "method" uri parameter set to INVITE or does not include the "method" URI parameter, the conference participant shall:

1)
handle the REFER request in accordance with RFC 3515;

2)
perform the actions as described in subclause 5.3.1.4.1 for a user joining a conference; and

3)
if the received REFER request included a Referred-By header, include the Referred-By header in accordance with RFC 3892 in the INVITE request that is sent for joining the conference.

Reference(s)

3GPP TS 24.147 [84], clauses 5.3.1.4.1 and 5.3.1.4.2
15.21.3
Test purpose

1)
To verify that the UE correctly processes the REFER request which invites the user to join the conference; and

2)
To verify that the UE issues correctly composed NOTIFYs to report its progress; and

3)
To verify that the UE sets up a new dialog with conference focus by sending an INVITE request; and

4)
To verify that the UE terminates the dialog with the conference focus when receiving a BYE request.
15.21.4
Method of test
Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has 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.

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

(Yes/No)

Support for MTSI
(Yes/No)

Support for speech
(Yes/No)

Support for Conference
(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)
0)
SS pages the UE to perform procedure described in TS 36.508 [94] table 4.5A.7.3-1 steps 1-8

1)
SS sends to the UE a REFER request, which refers to the conference focus.
2)
SS waits the UE to respond to the REFER request with a valid 202 Accepted response.

3)
SS waits the UE to send an INVITE request to the conference focus
4)
SS responds to the INVITE request with a 100 Trying response

5)
SS waits the UE to send an initial NOTIFY to tell that it is trying to join the conference.

6)
SS responds to the NOTIFY request with valid 200 OK response.

7)
SS responds to the INVITE request with a 183 Session in Progress response 

7a)
SS starts activation of dedicated EPS bearer according to TS 36.508 [94] table 4.5A.7.3-1 steps 13-15

8)
SS waits for the UE to send a PRACK request possibly containing the second SDP offer.

9)
SS responds to the PRACK request with valid 200 OK response.
10)
SS waits for the UE to optionally send a UPDATE request containing the final SDP offer. UE will not send the UPDATE request if the PRACK in step 8 already contained the final offer with preconditions met.

11)
SS responds to the UPDATE request (if UE sent one) with valid 200 OK response.
12)
SS responds to the INVITE request with a 200 OK response

13)
SS waits the UE to send an ACK and NOTIFY requests. Additionally the UE may send a SUBCRIBE request for the conference event package. The UE is allowed to send these requests in any order.

14)
SS responds to the NOTIFY request with a valid 200 OK response.

15)
If UE sent SUBSCRIBE, SS responds to it with 200 OK response.

16)
If UE sent SUBSCRIBE, SS sends a NOTIFY for the conference event package to the UE.

17)
If SS sent a NOTIFY, SS waits the UE to respond the NOTIFY with 200 OK.

18)
SS sends a BYE request in order to remove the UE from the conference

19)
SS waits the UE to respond to the BYE request with a valid 200 OK response.

Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	0
	
	
	Radio Bearer Establishment according to TS 36.508 [94] table 4.5A.7.3-1 (steps 1 to 8)

	1
	(
	REFER
	SS sends REFER to UE referring to the conference

	2
	(
	202 Accepted
	UE responds with a 202 Accepted response

	3
	(
	INVITE
	UE sends INVITE to set up a dialog with conference focus. UE indicates the medias and codecs the UE supports. 

	4
	(
	100 Trying
	SS responds the INVITE with 100 Trying

	5
	(
	NOTIFY
	UE sends initial NOTIFY for the implicit subscription created by the REFER request

	6
	(
	200 OK
	SS responds the NOTIFY with 200 OK

	7
	(
	183 Session in Progress
	SS responds with an SDP answer only supporting AMR audio codec 

	7a
	
	
	Activation of dedicated EPS bearer according to TS 36.508 [94] table 4.5A.7.3-1 steps 13-15

NOTE: Activation is started by the SS but messages sent by the UE are in parallel to step 8

	8
	(
	PRACK
	UE acknowledges the receipt of 183 response with PRACK and optionally offers second SDP that indicates preconditions as met 

	9
	(
	200 OK
	The SS responds PRACK with 200 OK and answers the second SDP with mirroring its contents and indicates having reserved the resources if UE has also done so.

	10
	(
	UPDATE
	Optional step: UE sends an UPDATE after having reserved the resources with GPRS procedures for PDP context used for the media

	11
	(
	200 OK
	Optional step: The SS responds UPDATE with 200 OK and indicates having reserved the resources 

	12
	(
	200 OK
	SS responds the INVITE with 200 OK

	13
	(
	ACK

NOTIFY

SUBSCRIBE (optional message)
	UE sends the ACK to complete three-way handshake for INVITE and NOTIFY to confirm that the UE was able to join the conference. Additionally the UE may subscribe to the conference event package related to the conference to which the user joined. 

Note that the UE may send these messages in any order; the SS shall wait up to 3s for the UE to send the optional SUBSCRIBE

	14
	(
	200 OK
	SS responds the NOTIFY with 200 OK

	15
	(
	200 OK
	Optional step: SS responds to the subscription if the UE sent the SUBSCRIBE request

	16
	(
	NOTIFY
	Optional step: SS sends the initial state of the conference event to the UE if the UE subscribed it

	17
	(
	200 OK
	Optional step: UE responds to the NOTIFY

	18
	(
	BYE
	SS sends a BYE to remove the UE from the conference

	19
	(
	200 OK
	UE responds the BYE with 200 OK


In addition to the steps shown above the UE might send extra NOTIFY requests to indicate the progress e.g. after receiving the 183 response from the SS. As the timing of these optional NOTIFY requests from the UE is not deterministic, they are not shown in the expected sequence. SS must be prepared to receive such NOTIFY requests between steps 3 and 13 and respond to them with 200 OK response.

Specific Message Contents

REFER (Step 1)

Use the default message “MT REFER” in annex A.2.12 with the following exceptions:

	Header/param
	Value/remark

	Request-URI
	Contact URI of the UE invited to the conference (as within the REGISTER request from the UE)

	Refer-To
	

	
addr-spec
	px_FinalConferenceUri

	Referred-by
	-- check this

	
addr-spec
	sip:master@conference.com

	To
	

	
addr-spec
	SIP URI of the user invited to the conference

	
tag

	no tag given

	Call-ID
	

	
callid
	any value according to Call-ID syntax can be used

	CSeq
	

	
value
	any value according to CSeq syntax can be used


202 Accepted for REFER (Step 2)

Use the default message “202 Accepted” in annex A.3.3.

INVITE (Step 3)

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

	Header/param
	Value/remark

	Request-Line
	

	
Request-URI
	px_FinalConferenceUri

	To
	

	
addr-spec
	px_FinalConferenceUri

	Referred-by
	

	
addr-spec
	sip:master@conference.com

	Supported
	

	
option-tag
	100rel, precondition

	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]

-
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 [Note 2]

-
a=fmtp: (format) mode-change-capability=2; max-red=(att-field) [Note 3]

-
a=rtpmap: (payload type) telephone-event

-
a=ptime:20

-
a=maxptime:240

Attributes for preconditions:

-
a=curr:qos local none

-
a=curr:qos remote none

-
a=des:qos mandatory local sendrecv

-
a=des:qos optional remote sendrecv

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

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

Note 3: Values from 0 to 220 are allowed


100 Trying for INVITE (Step 4)

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

NOTIFY (Step 5)

Use the default message “MO NOTIFY for refer package” in annex A.2.13 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	SIP/2.0 100 Trying


200 OK for NOTIFY (Step 6)

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

183 Session in Progress for INVITE (Step 7)

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

	Header/param
	Value/remark

	Require
	

	
option-tag

	precondition

	Contact
	

	
addr-spec
	px_FinalConferenceUri

	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: (bandwidth-value) [Note 1]
-
b=RS: (bandwidth-value) [Note 1]
-
b=RR: (bandwidth-value) [Note 1]
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=ptime:20

-
a=maxptime:240

-
a=inactive [Note 2]
Attributes for preconditions:

-
a=curr:qos local none

-
a=curr:qos remote none

-
a=des:qos mandatory local sendrecv

-
a=des:qos mandatory remote sendrecv

-
a=conf:qos remote sendrecv

Note 1: The value for fmt, bandwidth, payload type and format copied from step 3.

Note 2: The attribute a=inactive shall be present if it was included in step 3.


PRACK (Step 8)

Use the default message “PRACK” in annex A.2.4 with the exception that either Supported or Require header shall contain the "precondition" tag and with the following exceptions:

	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
	Header optional

Contents if present: The following SDP types and values shall be present.

Session description:

-
v=0

-
o=(username) (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=0 0

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 [Note 3]
-
a=fmtp: (format)

-
a=sendrecv

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 or a=des:qos mandatory remote sendrecv

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


Note 2: "o=" line identical to previous SDP sent by UE except that sess-version is incremented by one

Note 3: The AMR channel number shall be “/1” or omitted.


200 OK for PRACK (Step 9)

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

	
media-type
	application/sdp

	Content-Length
	

	
value
	length of message-body

	Message-body
	Header present if Prack (step 8) contained SDP.

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

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

Attributes for preconditions:

a=curr:qos remote sendrecv 



UPDATE (Step 10) optional step used when PRACK contained a=curr:qos local none
Use the default message “UPDATE” in annex A.2.5 with the exception that either Supported or Require header shall contain the "precondition" tag and with the following exceptions:

	Header/param
	Value/remark

	Message-body
	Same contents as specified in step 8.


200 OK for UPDATE (Step 11) - 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:


"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 start sending the media; 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 sendrecv
a=curr:qos remote sendrecv
a=des:qos mandatory local sendrecv
a=des:qos mandatory remote sendrecv


200 OK for INVITE (Step 12)

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

	Contact
	

	
addr-spec
	px_FinalConferenceUri


ACK (Step 13)

Use the default message “ACK” in annex A.2.7.
NOTIFY (Step 13)

Use the default message “MO NOTIFY for refer package” in annex A.2.13 with the following exceptions:

	Header/param
	Value/remark

	Subscription-State
	

	
substate-value
	terminated

	
expires
	omitted from the request

	
reason
	noresource

	Message-body
	SIP/2.0 200 OK


SUBSCRIBE (Step 13)

Use the default message “SUBSCRIBE for conference event package” in annex A.5.1.

200 OK for NOTIFY (Step 14)

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

200 OK for SUBSCRIBE (Step 15)

Use the default message “200 OK for SUBSCRIBE” in annex A.5.2.

NOTIFY (Step 16)

Use the default message “NOTIFY for conference event package” in annex A.5.3. 

200 OK for NOTIFY (Step 17)

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

BYE (Step 18)

Use the default message “BYE” in annex A.2.8. 
200 OK for BYE (Step 19)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1
15.21.5
Test requirements

SS must check that the UE 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.
Step 3: the UE shall send an INVITE message with correct content according to the Specific Message Contents above.

Step 8: the UE shall send a PRACK request with the correct content according to the Specific Message Contents above. 
Step 10: the UE may conditionally send an UPDATE request with the correct content according to the Specific Message Contents above. 

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

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 [Note 1]

	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=ptime:20
· a=maxptime:240
Attributes for preconditions:

· a=curr:qos local none
· a=curr:qos remote none
· a=des:qos mandatory local sendrecv
· a=des:qos optional remote sendrecv
Note 1: and additionally the option tag carried over from A.2.9


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 [Note 2]

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

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 3]

· a=fmtp:(format) [Note 3, 4]
Attributes for preconditions:

· a=curr:qos local none or 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
Note 1: At least one "c=" field shall be present.

Note 2: and additionally the option tag carried over from A.2.3

Note 3: The value for fmt, payload type and format is not checked

Note 4: Parameters for the AMR codec are not checked


UPDATE (step 7)

Use the default message "UPDATE" in annex A.2.5 with the following exceptions:

	Header/param
	Value/remark

	Message-body
	The following SDP types and values.

Session description:

· v=0
· o=- 1111111111 1111111112 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  [Note 2]

· a=fmtp:97 mode-change-capability=2; max-red=220
· a=ptime:20
· a=maxptime:240
· a=sendrecv

Attributes for preconditions:

· a=curr:qos local sendrecv 
· a=curr:qos remote none or curr:qos remote sendrecv [Note 1]
· a=des:qos mandatory local sendrecv
· 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.


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

	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:

· v=0
· o=(user-name) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE) [Note 4]
· 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, 3]
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:
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.


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 


<End of Modified Section>
<Start of Modified Section>
C.24
Generic test procedure for SRVCC media removal
Test procedure:

1) UE sends an 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 removed.

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

	3
	(
	200 OK
	SS responds INVITE with 200 OK. 

	4
	(
	ACK
	UE acknowledges. 


Specific Message Contents

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

	Request-Line


Method

Request-URI

SIP-Version
	INVITE
Same value as the URI from the Contact header of the original INVITE request as sent by SS
SIP/2.0

	Message-body
	The following SDP types and values.

Session description:

-
v=0

-
o=(username) (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 0 RTP/AVP (fmt)

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

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

Note 2: "o=" line identical to previous SDP sent by UE except that sess-version is incremented by one




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 2]
-
s=-
-
c=IN (addrtype) (connection-address for SS) [Note 1]

-
b=AS:37
Time description:

-
t=0 0
Media description:

-
m=audio 0 RTP/AVP (fmt) [Note 3]

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

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 SS

Note 3: The value for fmt, payload type (AMR) and format is copied from step 1


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>
<Start of Modified Section>

C.27
Generic test procedure for forked response of MTSI MO speech call
Test procedure:

1)
SS responds to the INVITE request with a 183 Session Progress response.

NOTE:
Steps 1 to 4 in annex C.21 are performed before this generic test procedure is initiated. This procedure may be performed in parallel with step 5 and later steps in annex C.21.

2)
SS waits for the UE to send a PRACK request possibly containing the second SDP offer.

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

4)
SS waits for the UE to send a UPDATE request containing the final SDP offer.
5)
SS responds to the UPDATE request with a 200 OK.
6)
SS responds to the INVITE request with a 180 Ringing.
7)
SS waits for the UE to send a PRACK request.

8)
SS responds to the PRACK request with a 200 OK.
Expected sequence:

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	183 Session Progress
	SS sends an SDP answer.

	2
	(
	PRACK
	UE acknowledges and optionally offer a second SDP if a dedicated EPS bearer is established by the network.

	3
	(
	200 OK
	SS sends a 200 OK and answers the second SDP if present.

	4
	(
	UPDATE
	Optional step: UE sends a second SDP if a dedicated EPS bearer is established by the network.

	5
	(
	200 OK
	Optional step: SS sends a 200 OK.

	6
	(
	180 Ringing
	SS sends a 180 Ringing.

	7
	(
	PRACK
	UE acknowledges.

	8
	(
	200 OK
	SS responds PRACK with 200 OK.


Specific Message Contents

183 Session Progress (Step 1)

Use the "183 Session Progress (Step 4)" in annex C.21 with the following exceptions:

	Header/param
	Value/remark

	To
	

	
tag
	different value from px_InviteToTag


PRACK (Step 2)

Use the "PRACK (Step 5)" in annex C.21 with the following exceptions:

	Header/param
	Value/remark

	To
	

	
tag
	same value as used in step 1

	Message-body
	Header optional

Contents if present: The following SDP types and values shall be present.

Session description:
-
o=(username) (sess-id) (sess-version) IN (addrtype) (unicast-address for UE) [Note1]

Note 1: "o=" line identical to previous SDP sent by UE in the same dialog, except that sess-version is incremented by one if the SDP is not identical to the previous SDP sent by the UE



200 OK for PRACK (Step 3)

Use the "200 OK for PRACK (Step 6)" in annex C.21 with the following exceptions:

	Header/param
	Value/remark

	To
	

	
tag
	same value as used in step 1


UPDATE (Step 4)

Use the "UPDATE (Step 7)" in annex C.21 with the following exceptions:

	Header/param
	Value/remark

	To
	

	
tag
	same value as used in step 1


200 OK for UPDATE (Step 5)

Use the "200 OK for UPDATE (Step 8)" in annex C.21 with the following exceptions:

	Header/param
	Value/remark

	To
	

	
tag
	same value as used in step 1


180 Ringing (Step 6)

Use the default message "180 Ringing for INVITE" in annex A.2.6 with the following exceptions:

	Header/param
	Value/remark

	To
	

	
tag
	same value as used in step 1


PRACK (Step 7)

Use the default message "PRACK" in annex A.2.4 with the following exceptions:

	Header/param
	Value/remark

	To
	

	
tag
	same value as used in step 1


200 OK for PRACK (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

	To
	

	
tag
	same value as used in step 1


<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 1: "o=" line identical to previous SDP sent by UE, except that sess-version is incremented by one if the SDP is not identical to the previous SDP sent by the 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

	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>
<Start of Modified Section>

C.44
Generic test procedure for setting up MTSI MO speech call for EPS / EVS
Test procedure:

1)
MO speech 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

2)
UE sends an INVITE request to the SS.

3)
SS responds to the INVITE request with a 100 Trying response.

4)
SS responds to the INVITE request with a 183 Session Progress response.

5)
SS waits for the UE to send a PRACK request possibly containing the second SDP offer.

6)
SS responds to the PRACK request with a 200 OK.

7)
SS waits for the UE to send a UPDATE request containing the final SDP offer.

8)
SS responds to the UPDATE request with a 200 OK.
9)
SS responds to the INVITE request with a 180 Ringing.
10)
SS waits for the UE to send a PRACK request.

11)
SS responds to the PRACK request with a 200 OK.

12)
SS responds to the INVITE request with a 200 OK.

13)
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
	
	Make the UE attempt an IMS speech call
	

	2
	(
	INVITE
	UE sends INVITE with the first SDP offer.

	3
	(
	100 Trying
	SS sends a 100 Trying provisional response.

	4
	(
	183 Session Progress
	SS sends an SDP answer.

	5
	(
	PRACK
	UE acknowledges and optionally offer a second SDP if a dedicated EPS bearer is established by the network.

	6
	(
	200 OK
	SS sends a 200 OK and answers the second SDP if present.

	7
	(
	UPDATE
	Optional step: UE sends a second SDP if a dedicated EPS bearer is established by the network. 

	8
	(
	200 OK
	Optional step: SS sends a 200 OK. 

	9
	(
	180 Ringing
	SS sends a 180 Ringing.

	10
	(
	PRACK
	UE acknowledges.

	11
	(
	200 OK
	SS responds PRACK with 200 OK.

	12
	(
	200 OK
	SS responds INVITE with 200 OK. 

	13
	(
	ACK
	UE acknowledges. 


Specific Message Contents

INVITE (Step 2)

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.

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]

-
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) EVS/16000 [Note 5]
-
a=fmtp: (format) max-red= (att-field) [Note 6, 7]
-
a=rtpmap: (payload type) AMR-WB/16000 [Note 5]
-
a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 6, 8]
-
a=rtpmap: (payload type) AMR/8000 [Note 5]
-
a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 6, 8]
-
a=rtpmap: (payload type) telephone-event [Note 4]
-
a=ecn-capable-rtp: leap ect=0 [Note 2]
-
a=rtcp-fb:* nack ecn [Note 2]

-
a=rtcp-xr:ecn-sum [Note 2]

-
a=rtcp-rsize [Note 2]

-
a=ptime:20

-
a=maxptime:240

Attributes for media security mechanism:

-
a=3ge2ae: requested [Note 3]
-
a=a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:WVNfX19zZW1jdGwgKCkgewkyMjA7fQp9CnVubGVz|2^20|

1:4FEC_ORDER=FEC_SRTP" [Note 3]
Attributes for preconditions:

-
a=curr:qos local none

-
a=curr:qos remote none

-
a=des:qos mandatory local sendrecv

-
a=des:qos optional remote sendrecv

Note 1: At least one "c=" field shall be present.
Note 2: Attributes for ECN Capability may be present if the UE supports Explicit Congestion Notification.

Note 3: Attributes for media plane security are present if the use of end-to-access-edge security is supported by UE.

Note 4: A rate may be added to the “telephone-event” seperated by “/” (e.g. “telephone-event/8000”)
Note 5: The channel number shall be “/1” or omitted.

Note 6: Values from 0 to 220 are allowed in the att-field.

Note 7: The parameters dtx, dtx-recv and evs-mode-switch shall not be present.

Note 8: The parameters mode-set, mode-change-period, mode-change-neighbor, crc, robust-sorting and interleaving shall not be present.


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

	Required
	

	    option-tag
	precondition [Note 6]

	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:65

Time description:

-
t=0 0

Media description:

-
m=audio (transport port) RTP/AVP (fmt) [Note 1, 4]

-
b=AS:65

-
b=RS: (bandwidth-value) [Note 5]
-
b=RR: (bandwidth-value) [Note 5]
Attributes for media:

-
a=rtpmap: (payload type) EVS/16000/1 [Note 1]

-
a=fmtp: (format) br-send=8-48; br-recv=32-48; bw-send=nb-swb; bw-recv=swb; max-red=220 [Note 1]

-
a=ecn-capable-rtp: leap ect=0 [Note 2]
-
a=rtcp-fb:* nack ecn [Note 2]
-
a=rtcp-xr:ecn-sum [Note 2]

-
a=ptime:20

-
a=maxptime:240

-
a=inactive [Note 7]
Attributes for media security mechanism:

-
a=3ge2ae: requested [Note 1]
-
a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:PS1uQCVeeCFCanVmcjkpPywjNWhcYD0mXXtxaVBR|2^20|1:4 [Note 3]

Attributes for preconditions:

-
a=curr:qos local none

-
a=curr:qos remote none

-
a=des:qos mandatory local sendrecv

-
a=des:qos mandatory remote sendrecv

-
a=conf:qos remote sendrecv

Note 1: The value for fmt, payload type (EVS) and format is copied from step 2.
Note 2: Attributes for ECN Capability are present if the UE supports Explicit Congestion Notification.

Note 3: Attributes for media plane security are present if the use of end-to-access-edge security is supported by UE.

Note 4: Transport port is the port number of the SS (see RFC 3264 clause 6).
Note 5: The bandwidth-value is copied from step 2.

Note 6: And additionally the option tag carried over from A.2.3.

Note 7: The attribute a=inactive shall be present if it was included in step 2.


PRACK (Step 5)

Use the default message “PRACK” in annex A.2.4 with the following exceptions:

	Header/param
	Value/Remark

	Message-body
	Header optional

Contents if present: The following SDP types and values shall be present.

Session description:

-
v=0

-
o=(username) (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=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) EVS/16000 [Note 3] [Note 5]
-
a=fmtp: (format) [Note 3, 4]
-
a=sendrecv

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 or a=des:qos mandatory remote sendrecv

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


Note 2: "o=" line identical to previous SDP sent by UE except that sess-version is incremented by one

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


200 OK for PRACK (Step 6)

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


UPDATE (Step 7)

Use the default message “UPDATE” in annex A.2.5 with the following exceptions:
	Header/param
	Value/remark

	Message-body
	Same contents as specified in step 5.


200 OK for UPDATE (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

	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;

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

Attributes for preconditions:

· a=curr:qos remote sendrecv


180 Ringing (Step 9)

Use the default message “180 Ringing for INVITE” in annex A.2.6 applying condition A3 (Response sent reliably).

<End of Modified Section>
