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15.8
Communication Forwarding on non reply: MO call initiation

15.8.1
Definition and applicability
Test to verify that the MTSI MO UE correctly handles session setup where call is being forwarded due to no reply. This process is described in 3GPP TS 24.604 [106], clauses 4.2.1, 4.5.2.1 and A.1.3 and 3GPP TS 24.229 [10], clause 9.2.3. The test case is applicable for IMS security or GIBA.
15.8.2
Conformance requirement

[TS 24.604, clause 4.2.1.4]:

The CFNR service enables a served user to have the network redirect to another user communications which are addressed to the served user's address, and for which the connection is not established within a defined period of time. The CFNR service may operate on all communications, or just those associated with specified services. The served user's ability to originate communications is unaffected by the CFNR supplementary service.

The CFNR service can only be invoked by the network after the communication has been offered to the served user and an indication that the called user is being informed of the communication has been received.

[TS 24.604, clause 4.5.2.1]:

When communication diversion has occurred on the served user side and the network option "Originating" user receives notification that his communication has been diverted (forwarded or deflected)" is set to true, the originating UA may receive a 181 (Call is being forwarded) response according to the procedures described in 3GPP TS 24.229.

The Information given by the History header could be displayed by the UA if it is a UE.

[TS 24.229, clause 9.2.3]:

Since the UE does not know that forking has occurred until a second provisional response arrives, the UE will request the radio/bearer resources as required by the first provisional response. For each subsequent provisional response that may be received, different alternative actions may be performed depending on the requirements in the SDP answer:

-
the UE has sufficient radio/bearer resources to handle the media specified in the SDP of the subsequent provisional response, or

-
the UE must request additional radio/bearer resources to accommodate the media specified in the SDP of the subsequent provisional response.

NOTE 1:
When several forked responses are received, the resources requested by the UE is the "logical OR" of the resources indicated in the multiple responses to avoid allocation of unnecessary resources. The UE does not request more resources than proposed in the original INVITE request.

NOTE 2:
When service-based local policy is applied, the UE receives the same authorization token for all forked requests/responses related to the same SIP session.
When an 199 (Early Dialog Terminated) response for the INVITE request is received for an early dialogue, the UE shall release reserved radio/bearer resources associated with that early dialogue.

When the first final 200 (OK) response for the INVITE request is received for one of the early dialogues, the UE proceeds to set up the SIP session using the radio/bearer resources required for this session. Upon the reception of the first final 200 (OK) response for the INVITE request, the UE shall release all unneeded radio/bearer resources.

GIBA:

NOTE 1:
GIBA does not allow SIP requests to be protected using an IPsec security association because it does not perform a key agreement procedure.

Reference(s)

3GPP TS 24.604 [106], clauses 4.2.1 and 4.5.2.1; 3GPP TS 24.229 [10], clause 9.2.3
15.8.3
Test purpose

1)
To verify that when initiating MO call the UE handles correctly the successive 180 and 181 provisional responses received during call setup.

15.8.4
Method of test
Initial conditions

UE contains either SIM application (GIBA), 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 (IMS security).

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

(Yes/No)

-
Support for MTSI
(Yes/No)

-
Support for speech
(Yes/No)

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

-
Support for Communication Diversion (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)

1-9B)
UE executes the procedures described in TS 36.508 [94] table 4.5A.6.3-1 steps 1 to 14 but only steps 1 to 11 of Annex C.21 in the parallel behaviour to steps 13-14 of table 4.5A.6.3-1.
10)
SS responds to the INVITE with a valid 181 Call Is Being Forwarded response.

11)
SS (now starting to simulate the UE to which call was forwarded) sends another 183 Session in Progress response to the INVITE request. As this response contains an SDP answer it is sent reliably.
12)
SS waits for the UE to send a PRACK request, containing an SDP offer in which the UE tells to have reserved the local resources.

13)
SS responds to the PRACK request with valid 200 OK response. The response contains an SDP answer which tells that SS has reserved its local resources as well.

13A)
UE may send an UPDATE request.

13B)
If UE sent and UPDATE request, SS responds with 200 OK.
14)
SS responds to the INVITE request with 180 Ringing response.
14A)
As the 180 Ringing response was sent reliably, UE sends a PRACK request.

14B)
SS responds to PRACK with 200 OK.
15)
SS responds to the INVITE request with valid 200 OK response.

16)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

17)
Call is released on the UE. SS waits the UE to send a BYE request.

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

NOTE:
Only the IMS procedure relevant to the test purpose is described below.

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1-9B
	
	Steps 1-11 as defined in Annex C.21
	The same messages as in steps 2 - 11 of Annex C.21 are used. Referred from 36.508 [94] table 4.5A.6.3-1 for a UE with E-UTRA support.

	10
	(
	181 Call is being forwarded
	SS sends 181 response to indicate that call forwarding has been started as the user did not answer to the phone

	11
	(
	183 Session Progress
	SS (simulating the phone to which the call was forwarded) responds with 183 Session Progress containing an SDP answer indicating support for AMR codec and state of the local preconditions. UE will consider this response as forked one since it has different To tag this time compared to step 8.

	12-13B
	
	Steps 5-8 as defined in Annex C.21
	The same messages as specified in steps 5 - 8 of Annex C.21 are used with To-tag and Contact Address as in the 183 response of step 11

	14
	(
	180 Ringing
	The SS sends 180 Ringing response to the UE

	14A
	(
	PRACK
	UE acknowledges the receipt of 180 response by sending PRACK.

	14B
	(
	200 OK
	The SS responds PRACK with 200 OK.

	15
	(
	200 OK
	The SS responds INVITE with 200 OK to indicate that the virtual remote UE had answered the call

	16
	(
	ACK
	The UE acknowledges the receipt of 200 OK for INVITE

	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 “GIBA” when applicable

Specific Message Contents

181 Call is being forwarded for INVITE (Step 10)

Use the default message “181 Call is being forwarded” in annex A.2.14

183 Session Progress for INVITE (Step 11)

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

	Header/param
	Value/remark

	To
	

	
tag
	different tag must be used than the one used in steps 3-9 as this response is now from another UE and belongs to another dialog instance. Note that this new tag must be used within the rest of the steps (10-17) in this test case instead of the tag used within steps 3-9.

	Contact
	

	
addr-spec 
	different URI must be used than the one used in step 3 as this is supposed now to represent another UE to which the call is being forwarded.. Note that this new Contact must be used within the rest of the steps (13-14) in this test case.

	Require
	

	
option-tag

	precondition

	Message-body
	Same contents as specified in step 4 annex C.21. except for o-line:

o=- 22222222 22222222 IN (addrtype) (unicast-address for new remote UE).


180 Ringing for INVITE (Step 14)

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

	Header/param
	Value/remark

	Contact
	

	
addr-spec
	Same value as in the 183 response of step 11

	History-Info
	

	
hi-targeted-to-uri
	Same value as in the 181 response of step 10

	
hi-index
	Same value as in the 181 response of step 10


PRACK (Step 14A)

Use the default message “PRACK” in annex A.2.4.
200 OK for PRACK (Step 14B)

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

200 OK for INVITE (Step 15)

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
	Same value as in the 183 response of step 11

	History-Info
	

	
hi-targeted-to-uri
	Same value as in the 181 response of step 10

	
hi-index
	Same value as in the 181 response of step 10


ACK (Step 16)

Use the default message “ACK” in annex A.2.7.
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.
15.8.5
Test requirements

SS must check that if the UE uses 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.
<Start of Modified Section>

<End 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
	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: The sess-version field shall be incremented by one from previous SDP sent by UE.

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. 

<Start of Modified Section>

<End of Modified Section>
15.21b
Joining a conference after being invited to it / Video

15.21b.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.
15.21b.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
15.21b.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.
15.21b.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 video

(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.9.3-1 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 bearers according to TS 36.508 [94] table 4.5A.9.3-1 steps 13-16

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.9.3-1 (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 indicating speech and video. 

	7a
	
	
	Activation of dedicated EPS bearers according to TS 36.508 [94] table 4.5A.9.3-1 steps 13-16

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

	8
	(
	PRACK
	UE acknowledges and optionally offer a second SDP if a dedicated EPS bearer is established by the network.

	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 a second SDP if a dedicated EPS bearer is established by the network.

	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
	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 3]
-
a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 4]
-
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

Media description:

-  m=video (transport port) RTP/AVPF (fmt) or 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=tcap:1 RTP/AVPF [Note 2]
-
a=pcfg:1 t=1 [Note 2]
-
a=rtpmap: (payload type) H264/90000

-
a=fmtp: (format) profile-level-id=42e00c; sprop-parameter \

   sets=J0LgDJWgUH6Af1A=,KM46gA==

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 tcap/pcfg attributes are present if RTP/AVP is present on the m line.

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

Note 4: 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 Progress for INVITE (Step 7)

Use the default message “183 Session 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:30

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 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

-
a=inactive [Note 3]
Media description:

-
m=video (transport port) RTP/AVPF (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=acfg:1 t=1 [Note 2]
-
a=rtpmap: (payload type) [Note 1]
-
a=fmtp: (format) [Note 1] 

-
a=inactive [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, bandwidth, payload type and format copied from step 3.

Note 2: Present if tcap/pcfg attributes were included in step 3.

Note 3: 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" and:

	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

Media description:

-
m=video (transport port) RTP/AVPF (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) H264/90000

-
a=fmtp: (format) profile-level-id=42e00c; sprop-parameter \

   sets=J0LgDJWgUH6Af1A=,KM46gA==

-
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=" line 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.

	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
	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:

"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;

Attributes for preconditions:

- a=curr:qos 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
15.21b.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.

<Start of Modified Section>

<End of Modified Section>
15.24
MT Explicit Communication Transfer - Blind Call Transfer

15.24.1
Definition and applicability
Test to verify that the transferee UE correctly performs IMS Multimedia Telephony Explicit Communication Transfer (ECT). This process is described in 3GPP TS 24.629 [104]. The test case is applicable for IMS security or GIBA.
15.24.2
Conformance requirement

When a REFER request is received in the context of a call transfer scenario (see clause 4.5.2.4.1), the transferee UE shall perform the following steps: 

1)
apply the procedure for holding the active communication with the transferor as described in 3GPP TS 24.610 clause 4.5.2.1; and

2)
apply normal REFER handling procedures according to 3GPP TS 24.229.

Reference(s)

3GPP TS 24.629, clause 4.5.2.1 [104]
15.24.3
Test purpose

1)
To verify that the transferee UE is able to put the call to hold before the transfer with a correct exchange of SIP/SDP protocol signalling messages; and

2)
To verify that the transferee UE correctly processes the REFER request which initiates the call transfer; and

3)
To verify that the transferee UE issues a correctly composed NOTIFYs to the transferor; and

4)
To verify that the transferee UE sets up a new dialog with transfer target by sending an INVITE request; and

5)
To verify that the transferee UE terminates the dialog with the transferor when receiving a BYE request.
15.24.4
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, registered to IMS services and set up a MO call by executing test case 12.12 (MO MTSI Voice Call Successful with preconditions) up to the step 12.

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 and the MO call.

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

(Yes/No)

Support for MTSI
(Yes/No)

Support for speech
(Yes/No)

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

Support for Explicit Communication Transfer - blind transfer
(Yes/No)
IMS security (Yes/No)

GIBA (Yes/No)
Test procedure

1-4) The same procedure as in steps 1 - 4 of subclause 15.12.4 (MT Call hold) are used to put the call into hold.

5)
SS sends to the UE a REFER request, which refers to the transfer target.
6)
SS waits the UE to respond to the REFER request with a valid 202 Accepted response.

7)
SS waits the UE to send an initial NOTIFY to tell that the implicit refer subscription is pending.

8)
SS responds to the NOTIFY request with valid 200 OK response.

9)
SS waits the UE to send an INVITE request to the transfer target
10)
SS responds to the INVITE request with a 100 Trying response

11)
SS responds to the INVITE request with 180 Ringing response. 

12)
SS waits for the UE to send a PRACK request.

13)
SS responds to the PRACK request with valid 200 OK response.

14)
SS responds to the INVITE request with a 200 OK response

15)SS waits the UE to send an ACK

16)
SS waits the UE to send the final NOTIFY to tell that the call transfer was successfully completed.

17)
SS responds to the NOTIFY request with a valid 200 OK response.

18)
SS sends a BYE request in order to terminate its session with the UE

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
	
	

	1-4
	
	Messages in MT Call Hold test case (subclause 15.12)
	The same messages as in steps 1 - 4 of subclause 15.12.4 are used

	5
	(
	REFER
	SS sends REFER to SS referring to the transfer target

	6
	(
	202 Accepted
	UE responds with a 202 Accepted response

	7
	(
	NOTIFY
	UE sends initial NOTIFY for the implicit subscription created by the REFER request

	8
	(
	200 OK
	SS responds the NOTIFY with 200 OK

	9
	(
	INVITE
	UE sends INVITE to set up a dialog with transfer target. UE indicates the medias and codecs the UE supports. The UE has also reserved its resources.

	10
	(
	100 Trying
	SS responds the INVITE with 100 Trying

	11
	(
	180 Ringing
	The SS responds INVITE with 180 Ringing with SDP answer indicating that the resources have been reserved for one single codec selected per each offered media.

	12
	(
	PRACK
	UE acknowledges the receipt of 180 response by sending PRACK

	13
	(
	200 OK
	The SS responds PRACK with 200 OK

	14
	(
	200 OK
	SS responds the INVITE with 200 OK

	15
	(
	ACK
	UE sends the ACK

	16
	(
	NOTIFY
	UE sends a NOTIFY to confirm that the call transfer has been completed

	17
	(
	200 OK
	SS responds the NOTIFY with 200 OK

	18
	(
	BYE
	SS sends a BYE to terminate its session with UE

	19
	(
	200 OK
	UE responds the BYE with 200 OK


Specific Message Contents

REFER (Step 5)

Use the default message “MT REFER” in annex A.2.12 

202 Accepted for REFER (Step 6)

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

NOTIFY (Step 7)

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 8)

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

INVITE (Step 9)

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
	SIP or Tel URI of the transfer target

	To
	

	
addr-spec
	SIP or Tel URI of the transfer target

	Supported
	

	
option-tag
	precondition


For the contents of the SDP body see test requirement details.
100 Trying for INVITE (Step 10)

Use the default message “100 Trying for INVITE” in annex A.2.2.
180 Ringing for INVITE (Step 11)

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

	Header/param
	Value/remark

	Require
	

	
option-tag

	precondition

	Contact
	

	
addr-spec
	Different URI must be used than the one SS uses when setting up the MO call as this is supposed now to represent another UE to which the call is being forwarded.. 

	Message-body
	SDP body copied from the received INVITE but modified as follows:


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


- 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 

- For each media, the SS shall indicate only one codec which the UE also supports

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

- the "a=" lines describing the current and desired state of the preconditions, updated as follows:

a=curr:qos local [direction-tag] (1
a=curr:qos remote [direction-tag] (2
a=des:qos mandatory local [direction-tag] (1
a=des:qos mandatory remote [direction-tag] (1

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

2) The value for direction tag of curr:qos remote must be the inverse of direction tag of curr:qos local within the INVITE. 


PRACK (Step 12)

Use the default message “PRACK” in annex A.2.4. 
200 OK for PRACK (Step 13)

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

	Contact
	

	
addr-spec
	Same value as in the 180 response of step 11


ACK (Step 15)

Use the default message “ACK” in annex A.2.7.
NOTIFY (Step 16)

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


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
15.24.5
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 9: the UE shall send an INVITE message with correct content. The UE shall include the following lines in the SDP body:

-
All mandatory SDP lines, as specified in SDP grammar in RFC 4566 [27] appendix A, including:

-
"o=" line indicating e.g. the session identifier and the IP address of the UE;

-
"c=" line indicating the IP address of the UE for receiving the media flow;

-
Media description lines for the speech media proposed by UE for the transferred call. For the speech media at least the following lines must exist within the SDP:

-
"m=" line describing the media type as audio, transport port and protocol used for media and media format as RTP/AVP;

-
"b=" line proposing the application specific maximum bandwidth ("AS" modifier) for the media;

-
extra "a=" line for rtpmap attribute per each dynamic payload type given in the "m=" line. The UE shall offer at least the mandatory AMR codec;

-
"a=" line for fmtp attribute per each rtpmap attribute. The fmtp attribute must cover at least the following parameters defined in RFC 4867 [67] for the AMR codec:
mode-change-capability with value 2
max-red with a value between 0 and 65535

-
an a=sendrecv line

-
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 [none, optional or mandatory] remote [send, recv or sendrecv]
These four "a=" lines may appear in any order.

<Start of Modified Section>

<Start of Modified Section>

17.1
MO Speech, add video remove video

17.1.1
Definition and applicability
Test to verify that the UE is able to add a bidirectional video component to an ongoing IMS Multimedia telephony voice call. This process is described in 3GPP TS 24.229 [10], TS 24.173 [65] and TS 26.114 [66]. The test case is applicable for IMS security or GIBA.
17.1.2
Conformance requirement

[TS 24.173, clause 5.2]:

IMS multimedia telephony communication service can support different types of media, including media types listed in 3GPP TS 22.173. The session control procedures for the different media types shall be in accordance with 3GPP TS 24.229 and 3GPP TS 24.247, with the following addition:

a)
Multimedia telephony is an IMS communication service and the P-Preferred-Service and P-Asserted-Service headers shall be treated as described in 3GPP TS 24.229. The coding of the ICSI value in the P-Preferred-Service and P-Asserted-Service headers shall be according to subclause 5.1.
[TS 24.229, clause 5.1.2A.1]:

If this is a request within an existing dialog, and the request includes a Contact header field, then the UE should insert the previously used Contact header field.

...

After the dialog is established the UE may change the dialog capabilities (e.g. add a media or request a supplementary service) if defined for the IMS communication service as identified by the ICSI value using the same dialog. Otherwise, the UE shall initiate a new initial request to the other user.

[TS 24.229, clause 5.1.3]:

The "integration of resource management and SIP" extension is hereafter in this subclause referred to as "the precondition mechanism" and is defined in RFC 3312 as updated by RFC 4032. 

The precondition mechanism should be supported by the originating UE.

The UE may initiate a session without the precondition mechanism if the originating UE does not require local resource reservation. 

NOTE 1:
The originating UE can decide if local resource reservation is required based on e.g. application requirements, current access network capabilities, local configuration, etc.

In order to allow the peer entity to reserve its required resources, an originating UE supporting the precondition mechanism should make use of the precondition mechanism, even if it does not require local resource reservation.

Upon generating an initial INVITE request using the precondition mechanism, the UE shall:

-
indicate the support for reliable provisional responses and specify it using the Supported header mechanism; and

-
indicate the support for the preconditions mechanism and specify it using the Supported header mechanism.

Upon generating an initial INVITE request using the precondition mechanism, the UE should not indicate the requirement for the precondition mechanism by using the Require header mechanism.

NOTE 2:
If an UE chooses to require the precondition mechanism, i.e. if it indicates the "precondition" option tag within the Require header, the interworking with a remote UE, that does not support the precondition mechanism, is not described in this specification.

NOTE 3:
Table A.4 specifies that UE support of forking is required in accordance with RFC 3261. The UE can accept or reject any of the forked responses, for example, if the UE is capable of supporting a limited number of simultaneous transactions or early dialogs.

Upon successful reservation of local resources the UE shall confirm the successful resource reservation (see subclause 6.1.2) within the next SIP request. 

NOTE 4:
In case of the precondition mechanism being used on both sides, this confirmation will be sent in either a PRACK request or an UPDATE request. In case of the precondition mechanism not being supported on one or both sides, alternatively a reINVITE request can be used for this confirmation after a 200 (OK) response has been received for the initial INVITE request, in case the terminating UE does not support the PRACK request (as described in RFC 3262) and does not support the UPDATE request (as described in RFC 3311).

 [TS 24.229, clause 6.1]:

The "integration of resource management and SIP" extension is hereafter in this subclause referred to as "the precondition mechanism" and is defined in RFC 3312 as updated by RFC 4032.

In order to authorize the media streams, the P-CSCF and S-CSCF have to be able to inspect the SDP payloads. Hence, the UE shall not encrypt the SDP payloads.

During session establishment procedure, SIP messages shall only contain SDP payload if that is intended to modify the session description, or when the SDP payload must be included in the message because of SIP rules described in RFC 3261.
...

For "video" and "audio" media types that utilize the RTP/RTCP, the UE shall specify the proposed bandwidth for each media stream utilizing the "b=" media descriptor and the "AS" bandwidth modifier in the SDP.

...

If the media line in the SDP indicates the usage of RTP/RTCP, and if the UE is configured to request an RTCP bandwidth level for the session is different than the default RTCP bandwidth as specified in RFC 3556, then in addition to the "AS" bandwidth modifier in the media-level "b=" line, the UE shall include two media-level "b=" lines, one with the "RS" bandwidth modifier and the other with the "RR" bandwidth modifier as described in RFC 3556 to specify the required bandwidth allocation for RTCP. The bandwidth-value in the b=RS: and b=RR: lines may include transport overhead as described in subclause 6.1 of RFC 3890.

For other media streams the "b=" media descriptor may be included. The value or absence of the "b=" parameter will affect the assigned QoS which is defined in 3GPP TS 29.208.

NOTE 1:
In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifier will typically get the value of zero.

The UE shall include the MIME subtype "telephone-event" in the "m=" media descriptor in the SDP for audio media flows that support both audio codec and DTMF payloads in RTP packets as described in RFC 4733.
The UE shall inspect the SDP contained in any SIP request or response, looking for possible indications of grouping of media streams according to RFC 3524 and perform the appropriate actions for IP-CAN bearer establishment for media according to IP-CAN specific procedures (see subclause B.2.2.5 for IP-CAN implemented using GPRS).

If resource reservation is needed, the UE shall start reserving its local resources whenever it has sufficient information about the media streams, media authorization and used codecs available.

NOTE 2:
Based on this resource reservation can, in certain cases, be initiated immediately after the sending or receiving of the initial SDP offer.

In order to fulfil the QoS requirements of one or more media streams, the UE may re-use previously reserved resources. In this case the local preconditions related to the media stream, for which resources are re-used, shall be indicated as met.

[TS 24.229, clause 6.1.2]:

An INVITE request generated by a UE shall contain a SDP offer and at least one media description. The SDP offer shall reflect the calling user's terminal capabilities and user preferences for the session.

If the desired QoS resources for one or more media streams have not been reserved at the UE when constructing the SDP offer, the UE shall:

- 
indicate the related local preconditions for QoS as not met, using the segmented status type, as defined in RFC 3312 and RFC 4032, as well as the strength-tag value "mandatory" for the local segment and the strength-tag value "optional" for the remote segment, if the UE supports the precondition mechanism (see subclause 5.1.3.1); and,

- 
set the related media streams to inactive, by including an "a=inactive" line, according to the procedures described in RFC 4566, unless the UE knows that the precondition mechanism is supported by the remote UE.

NOTE 1:
When setting the media streams to the inactive mode, the UE can include in the first SDP offer the proper values for the RS and RR modifiers and associate bandwidths to prevent the receiving of the RTCP packets, and not send any RTCP packets.

If the desired QoS resources for one or more media streams are available at the UE when the initial SDP offer is sent, the UE shall indicate the related local preconditions as met, using the segmented status type, as defined in RFC 3312 and RFC 4032, as well as the strength-tag value "mandatory" for the local segment and the strength-tag value "optional" for the remote segment, if the UE supports the precondition mechanism (see subclause 5.1.3.1).
NOTE 2:
If the originating UE does not support the precondition mechanism it will not include any precondition information in SDP.

...

Upon generating the SDP offer for an INVITE request generated after receiving a 488 (Not Acceptable Here) response, as described in subclause 5.1.3.1, the UE shall include SDP payload containing a subset of the allowed media types, codecs and other parameters from the SDP payload of all 488 (Not Acceptable Here) responses related to the same session establishment attempt (i.e. a set of INVITE requests used for the same session establishment). The UE shall order the codecs in the SDP payload according to the order of the codecs in the SDP payload of the 488 (Not Acceptable Here) response.

NOTE 3:
The UE can attempt a session establishment through multiple networks with different policies and potentially can need to send multiple INVITE requests and receive multiple 488 (Not Acceptable Here) responses from different CSCF nodes. The UE therefore takes into account the SDP contents of all the 488 (Not Acceptable Here) responses received related to the same session establishment when building a new INVITE request.

Upon confirming successful local resource reservation, the UE shall create a SDP offer in which: 

-
the related local preconditions are set to met, using the segmented status type, as defined in RFC 3312 and RFC 4032; and

-
the media streams previously set to inactive mode are set to active (sendrecv, sendonly or recvonly) mode.
Upon receiving an SDP answer, which includes more than one codec for one or more media streams, the UE shall send an SDP offer at the first possible time, selecting only one codec per media stream.

[TS 26.114 Rel-8, clause 5.2.2]:

MTSI terminals offering video communication shall support:

ITU-T Recommendation H.263 Profile 0 Level 45.

In addition they should support:

ITU-T Recommendation H.263 Profile 3 Level 45;

MPEG-4 (Part 2) Visual Simple Profile Level 3with the following constraints:

-
Number of Visual Objects supported shall be limited to 1.

-
The maximum frame rate shall be 30 frames per second.

-
The maximum f_code shall be 2.

-
The intra_dc_vlc_threshold shall be 0.

-
The maximum horizontal luminance pixel resolution shall be 352 pels/line.

-
The maximum vertical luminance pixel resolution shall be 288 pels/VOP.

-
If AC prediction is used, the following restriction applies: QP value shall not be changed within a VOP (or within a video packet if video packets are used in a VOP). If AC prediction is not used, there are no restrictions to changing QP value.

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC Baseline Profile Level 1.1 with constraint_set1_flag=1 and without requirements on output timing conformance (annex C of H.264). Each sequence parameter set of H.264 (AVC) shall contain the vui_parameters syntax structure including the num_reorder_frames syntax element set equal to 0.

[TS 26.114 Rel-10, clause 5.2.2]

MTSI clients in terminals offering video communication shall support:

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [24] Constrained Baseline Profile (CBP) Level 1.2.

In addition they should support:

-
ITU-T Recommendation H.264 / MPEG-4 (Part 10) AVC [24] Constrained Baseline Profile Level 3.1.
In addition they may support:

-
ITU-T Recommendation H.263 [22] Profile 0 Level 45.

[TS 26.114 Rel-8, clause 6.2.1]:

The session setup for RTP transported media shall determine for each media: IP address(es), RTP profile, UDP port number(s); codec(s); RTP Payload Type number(s), RTP Payload Format(s) and any additional session parameters.

[TS 26.114 Rel-8, clause 6.2.1a.1]

MTSI clients should support SDPCapNeg to be able to negotiate RTP profiles for all media types where AVPF is supported. MTSI clients supporting SDPCapNeg shall support the complete SDPCapNeg framework.

SDPCapNeg is described in [69]. This clause only describes the SDPCapNeg attributes that are directly applicable for the RTP profile negotiation, i.e. the tcap, pcfg and acfg attributes. TS 24.229 [7] may outline further requirements needed for supporting SDPCapNeg in SDP messages.

NOTE:
This clause describes only how to use the SDPCapNeg framework for RTP profile negotiation using the tcap, pcfg and acfg attributes. Implementers may therefore (incorrectly) assume that it is sufficient to implement only those specific parts of the framework that are needed for RTP profile negotiation. Doing so would however not be future proof since future versions may use other parts of the framework and there are currently no mechanisms for declaring that only a subset of the framework is supported. Hence, MTSI clients are required to support the complete framework.

 [TS 26.114 Rel-8, clause 6.2.1a.2]

For voice and real-time text, SDPCapNeg shall be used when offering AVPF the first time for a new media type in the session since the support for AVPF in the answering client is not known at this stage. For video, an MTSI client shall either offer AVPF and AVP together using SDPCapNeg, or the MTSI client shall offer only AVPF, without using SDPCapNeg. If an MTSI client has offered only AVPF for video, and then receives as response either an SDP answer where the video media component has been rejected, or an SIP 488 or 606 failure response with an SDP body indicating that only AVP is supported for video media, the MTSI client should send a new SDP offer with AVP as transport for video. Subsequent SDP offers, in a re-INVITE or UPDATE, may offer AVPF without SDPCapNeg if it is known from an earlier re-INVITE or UPDATE that the answering client supports this RTP profile. If the offer includes only AVP then SDPCapNeg does not need to be used, which can occur for: text; speech if RTCP is not used; and in re-INVITEs or UPDATEs where the RTP profile has already been negotiated for the session in a preceding INVITE or UPDATE.

When offering AVP and AVPF using SDPCapNeg, the MTSI client shall offer AVP on the media (m=) line and shall offer AVPF using SDPCapNeg mechanisms. The SDPCapNeg mechanisms are used as follows:

-
The support for AVPF is indicated in an attribute (a=) line using the transport capability attribute ‘tcap’. AVPF shall be preferred over AVP.

-
At least one configuration using AVPF shall be listed using the attribute for potential configurations ‘pcfg’.

[TS 26.114, clause 6.2.3]:

If video is used in a session, the session setup shall determine the bandwidth, RTP profile, video codec, profile and level. The "imageattr" attribute as specified in should be supported.

An MTSI terminal shall offer AVPF for all media streams containing video. RTP profile negotiation shall be done as described in clause 6.2.1a.

[TS 26.114, clause 6.2.5]:

The SDP shall include bandwidth information for each media stream and also for the session in total. The bandwidth information for each media stream and for the session is defined by the Application Specific (AS) bandwidth modifier as defined in RFC 4566.

[TS 26.114, clause 6.3]:

During session renegotiation for adding or removing media components, the SDP offerer should continue to use the same media (m=) line(s) from the previously negotiated SDP for the media components that are not being added or removed.

[TS 26.114, clause 7.3.1]

The bandwidth for RTCP traffic shall be described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by RFC 3556. Therefore, an MTSIclient shall include the "b=RS:" and "b=RR:" fields in SDP, and shall be able to interpret them.

Reference(s)

3GPP TS 24.229[10], clauses 5.1.2A.1, 5.1.3 and 6.1, TS 24.173 [65] clause 5.2 and TS 26.114 [66], clauses 5.2.2, 6.2.1, 6.2.1a.1, 6.2.1a.2, 6.2.3, 6.2.5, 6.3 and 7.3.1.
17.1.3
Test purpose

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

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

3)
To verify that when removing the video component from the IMS Multimedia Telephony call the UE performs correct exchange of SIP and SDP protocol messages.
17.1.4
Method of test
Initial conditions

UE contains either ISIM and USIM applications or only USIM application on UICC. UE has discovered P-CSCF, registered to IMS services and set up the MO call, by executing annex C.21.

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 and MO call.

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

(Yes/No)

Support for MTSI
(Yes/No)

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

Support for speech
(Yes/No)

Support for video

(Yes/No)

Support for Speech, add/remove video
(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)

Editor’s note: The structure of the test procedure should be aligned with test case 12.12

Test procedure

1)
Add video to the voice call is initiated on the UE.

2-10)
UE executes the procedure described in TS 36.508 [94] table 4.5A.11.3-1, steps 2 to 7. In detail the following steps are done in IMS:

2)
UE to sends a re-INVITE request to the SS.
3)
SS responds to the re-INVITE request with a 100 Trying response.

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

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

6)
SS responds to the PRACK request with valid 200 OK response.
7)
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 within step 4 already contained the final offer with preconditions met.

8)
SS responds to the UPDATE request (if UE sent one) with valid 200 OK response.
9)
SS responds to the re-INVITE request with valid 200 OK response.

10)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

10A)
The UE is triggered to remove the video stream from the multimedia call
11)
SS waits the UE to send a re-INVITE request with a SDP offer indicating the removal of the video stream. 
12)
SS responds to the re-INVITE request with a 100 Trying response.

12A)
SS deactivates the EPS bearer corresponding to the video stream and releases the associated radio resources by applying the procedure described in TS 36.508 [94] clause 4.5A.15

13)
SS responds to the re-INVITE request with valid 200 OK response.

14)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for re-INVITE.

15-19)
MO Call release according to procedure C.32.

Expected sequence

NOTE:
Only the IMS procedure relevant to the test purpose is described below.

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	
	
	Make the UE attempt add IMS video to the voice call.
	

	2
	(
	INVITE
	UE sends re-INVITE with a SDP offer containing media lines for both voice and video

	3
	(
	100 Trying
	The SS responds with a 100 Trying provisional response

	4
	(
	183 Session in Progress
	SS responds with an SDP answer indicating that SS has not reserved its resources for video.

	5
	(
	PRACK
	UE acknowledges the receipt of 183 response with PRACK and optionally offers second SDP to indicate the changed precondition status.

	6
	(
	200 OK
	The SS responds PRACK with 200 OK and answers the second SDP (if any) with mirroring its contents.

	7
	(
	UPDATE
	Optional step: UE sends an UPDATE after having reserved the resources for video if meeting the preconditions was not already indicated in step 1 or 4.

	8
	(
	200 OK
	Optional step: The SS responds UPDATE with 200 OK and indicates having reserved the resources 

	9
	(
	200 OK
	The SS responds re-INVITE with 200 OK and provides its final SDP answer if steps 3-7 were omitted

	10
	(
	ACK
	The UE acknowledges the receipt of 200 OK for INVITE

	10A
	
	Make UE release video from media call
	

	11
	(
	INVITE
	UE sends re-INVITE with a SDP offer indicating that the video component is removed from the call

	12
	(
	100 Trying
	The SS responds with a 100 Trying provisional response

	12A
	
	SS deactivates the EPS bearer for video
	

	13
	(
	200 OK
	The SS responds re-INVITE with 200 OK

	14
	(
	ACK
	The UE acknowledges the receipt of 200 OK for re-INVITE

	15-19
	
	 Steps defined in annex C.32
	MO Call release


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

Specific Message Contents

INVITE (Step 2)

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

	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) [Note 4]

-
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 3]
-
a=fmtp: (format) 

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
Media description:

-  m=video (transport port) RTP/AVPF (fmt) or 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=tcap:1 RTP/AVPF [Note 2]
-
a=pcfg:1 t=1 [Note 2]
-
a=rtpmap: (payload type) H264/90000

-
a=fmtp: (format) profile-level-id= (att-field)
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 tcap/pcfg attributes are present if RTP/AVP is present on the m line. 

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

Note 4: "o=" line identical to previous SDP sent by UE except that sess-version is incremented by one.


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

	Supported
	

	    option-tag
	precondition

	Message-body
	The following SDP types and values.

Session description:

-
v=0

-
o=" line identical to previous SDP sent by SS except that sess-version is incremented by one
-
s=-
-
c=IN (addrtype) (connection-address for SS)

-
b=AS:30

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

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
Media description:

-
m=video (transport port) RTP/AVPF (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=acfg:1 t=1 [Note 2]
-
a=rtpmap: (payload type) H264/90000 [Note 1]
-
a=fmtp: (format) (format specific parameters) [Note 1]
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, format and format specific parameters copied from step 2.

Note 2: Present if tcap/pcfg attributes were included in step 2.




PRACK (Step 5)

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

-
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)

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
Media description:

-
m=video (transport port) RTP/AVPF (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) H264/90000

-
a=fmtp: (format) profile-level-id= (att-field)
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

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 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 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=" line 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 (video):

-
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:

- "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;

Attributes for preconditions (video):

- a=curr:qos remote sendrecv


INVITE (Step 11)

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

	Require
	

	    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) [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) 
-
a=fmtp: (format) 
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
Media description:

-
m=video 0 RTP/AVPF (fmt)

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

Attributes for media: 

-
a=rtpmap: (payload type) 
-
a=fmtp: (format) 

Attributes for preconditions:

- a=curr:qos local sendrecv
- a=curr:qos remote sendrecv
- a=des:qos optional local sendrecv
- 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.


17.1.5
Test requirements

The UE shall send requests and responses as described in clause 17.1.4

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

A.2.1
INVITE for MO Call Setup

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261 [15]
RFC 5031 [97]

TS 24.229 [10]
5.1.2A.1.3, 5.1.2A.1.5,
7.2A.10

	
Method
	
	INVITE
	
	

	
Request-URI
	A4
	Px_CalleeUri

px_CalleeURI may be either SIP or Tel URI. It may contain a dialstring and phone-context parameter, when calling to dialstring. When calling to dialstring SIP URI must also contain user=phone or user=dialstring parameter.

The dialstring, if used, may be global, home local number or geo-local number. For home local numbers the value of phone-context parameter must equal the home domain name i.e. px_HomeDomainName. For geo-local numbers the home domain name must be prefixed by string “geo-local.” or access technology specific prefix, if the UE supports that option.

Note: The way how the UE determines whether numbers in a non-international format are geo-local, home-local or relating to another network, is UE implementation specific. For instance the UE might have a UI setting.
	
	

	
Request-URI
	A5
	px_CalleeContactUri
	
	

	
Request-URI
	A6, A7
	emergency service URN beginning as urn:service:sos
	
	

	
SIP-Version
	
	SIP/2.0
	
	

	Via
	
	
	
	RFC 3261 [15]

RFC 3581 [96]

	
sent-protocol
	
	SIP/2.0/UDP (when using UDP) or 

SIP/2.0/TCP (when using TCP)
	
	

	
sent-by
	A1, A7
	IP address or FQDN and protected server port of the UE
	
	

	
	A2
	IP address or FQDN, port (optional) and not checked
	
	

	
	A6
	IP address and unprotected server port of the UE
	
	

	
response-port
	A6
	rport (when using UDP)
	
	

	
via-branch

	
	value starting with ‘z9hG4bK’
	
	

	Route
	
	order of the parameters in this header must be like in this table
	
	RFC 3261 [15]

	
route-param
	A1
	<sip:SS P-CSCF address: protected server port of SS ;lr>, <sip:SS P-CSCF address;lr>
	
	

	
	A2
	<sip:SS P-CSCF address: unprotected server port of SS (optional);lr>, <sip:SS P-CSCF address;lr
	
	

	
	A5
	MO call has been established:
URIs of the Record-Route header of 183 response in reverse order (or any other response creating the dialog according. to RFC 3261 clause 12.1 [15])


MT call has been established:
same value as defined for the Record-Route header in A.2.9
	
	

	
	A6
	<sip:SS P-CSCF address: unprotected server port of SS >
	
	

	
	A7
	<sip:SS P-CSCF address: protected server port of SS >
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	A6
	Any SIP URI with display name as “Anonymous” or anonymous
	
	

	
	A7
	emergency public user identity (NOTE 3)
	
	

	
	A4
	any SIP URI being subscribed and registered as listed in the XML body of the NOTIFY request; additionally when there is a P-Preferred-Identity header within the INVITE request the SIP URI shall match the URI within the P-Preferred-Identity header
	
	

	
tag
	A4
	must be present, value not checked
	
	

	
addr-spec
	A5
	local SIP URI of the UE as used in any previous request in the same dialog (In the earlier requests within the same dialog this URI appears in From header within requests sent by the UE and in To header within requests sent by the SS)
	
	

	
tag
	A5
	local tag of the dialog ID (In the earlier requests within the same dialog this tag appears in From header within requests sent by the UE and in To header within requests sent by the SS)
	
	

	To
	
	
	
	RFC 3261 [15]

RFC 5031 [97]

	
addr-spec
	A6, A7
	emergency service URN beginning as urn:service:sos
	
	

	
addr-spec
	A4
	px_CalleeUri
	
	

	
tag

	A4
	not present
	
	

	
addr-spec
	A5
	remote SIP URI of SS (i.e. the remote UE) as used in any previous request in the same dialog (In the earlier requests within the same dialog this URI appears in To header within requests sent by the UE and in From header within requests sent by the SS)
	
	

	
tag
	A5
	remote tag of the dialog ID (In the earlier requests within the same dialog this tag appears in To header within requests sent by the UE and in From header within requests sent by the SS)
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
callid
	A4
	value different to that received in REGISTER message
	
	

	
callid
	A5
	value of Call-ID as in any previous request in the same dialog
	
	

	Session-ID
	
	(header exists when A9)
	
	draft-kaplan-dispatch-session-id [115]

	
sess-id
	A4
	value different to that received in REGISTER message
	
	

	
sess-id
	A5
	value of Session-ID as in any previous request in the same dialog
	
	

	CSeq
	
	
	
	RFC 3261 [15]

	
value
	A4
	must be present, value not checked
	
	

	
value
	A5
	value of CSeq sent by the UE within its previous request in the same dialog but increased by one
	
	

	
method
	
	INVITE
	
	

	Supported
	
	The option tags defined below shall be included additionally to any option tags defined in any specific message content, unless specified otherwise in this specific message content
	
	RFC 3261 [15]
RFC6442 [98]

	
option-tag
	
	100rel
	
	

	
option-tag
	A13 OR A14
	norefersub
	Rel-11
	RFC 4488 

	Geolocation
	A8
	
	Rel-9
	RFC6442 [98]

	
locationURI
	
	cid-url indicating the Content-Id of the PIDF-LO within the multipart MIME body of INVITE request. 
(Note that location-by-reference URI is not allowed as the SS does not provide any external storage for location info for the UE to refer.)
	
	

	Geolocation-Routing
	A8
	“yes”
	Rel-9
	RFC 6442 [98]

	Require
	
	(header optional in A2 and not present in A6)
	
	RFC 3261 [15]
RFC 3312 [31]

RFC 3329 [21]

	
option-tag
	A1, A7
	sec-agree
	
	

	
	
	
	
	

	Proxy-Require
	
	(header optional in A2 and not present in A6)
	
	RFC 3261 [15]

RFC 3329 [21]

	
option-tag
	A1, A7
	sec-agree
	
	

	
	
	
	
	

	Security-Verify
	A1, A7
	(not present in A2 or A6)
	
	RFC 3329 [21]

	
sec-mechanism
	
	same value as SecurityServer header sent by SS
	
	

	
	
	
	
	

	Contact
	
	
	
	RFC 3261 [15]

RFC 3840 [63]
RFC 5627 [61] 
RFC 5626 [109]

RFC 7254

	
addr-spec
	A1, A7
	SIP URI with IP address or FQDN and protected server port of UE or GRUU as returned by the SS in registration
	
	

	
	A2
	SIP URI with IP address or FQDN and unprotected server port of UE or GRUU as returned by the SS in registration
	
	

	
	A6
	SIP URI with IP address and unprotected server port of UE
	
	

	
c-p-instance
	A6
	+sip.instance="<urn:gsma:imei: (gsma-specifier-defined-substring)>”
where gsma-specifier-defined-substring shall be the IMEI code of the UE, coded as specified in RFC 7254 [122], without optional parameters 
	Rel-10
	

	
	A3
	+g.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel" (see NOTE 2, 4)
	
	

	
feature-param
	A10
	video
	
	

	
feature-param
	A12
	+g.3gpp.srvcc-alerting
	
	

	Content-Type
	
	
	
	RFC 3261 [15]

	
media-type
	
	application/sdp or

multipart/mixed (when A8)
	
	

	Max-Forwards
	
	
	
	RFC 3261 [15]

	
value
	
	non-zero value
	
	

	P-Access-Network-Info
	
	(header optional when A2)
	
	RFC 3455 [18]

	
access-net-spec
	
	access network technology and, if applicable, the cell ID
	
	

	Accept
	
	(header optional when A5)
	Rel-7
	RFC 3261 [15]

	
Media-range
	A4
	application/sdp,application/3gpp-ims+xml
(additional medias can be added in any order)
	
	

	
Media-range
	A13
	application/vnd.3gpp.mid-call+xml
	Rel-11
	

	
Media-range
	A14
	application/vnd.3gpp.state-and-event-info+xml
	Rel-11
	

	P-Preferred-Service
	
	
	
	RFC 6050 [68]

	
Service-ID
	A3 AND A4
	urn:urn-7:3gpp-service.ims.icsi.mmtel
	
	

	P-Preferred-Identity
	
	
	
	RFC 3325 [89]

	  PPreferredID-value
	A7
	px_EmergencyPublicUserIdentity
	
	

	Recv-Info
	
	
	
	

	
Info-package-type
	A14
	g.3gpp.state-and-event
	
	

	Accept-Contact
	
	
	
	RFC 3841 [64]

	
ac-value
	A3 AND A4
	+g.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel" (see NOTE 2, 4)
	
	

	
ac-value
	A11
	video
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
Value
	
	length of message-body
	
	

	Message-body
	
	The message body shall contain the following elements:

a) SDP offer, contents as specified within the specific test cases referring to this common message. If condition A8 applies the SDP shall be one element within the multipart-MIME encapsulation;

b) if condition A8 applies, the multipart-mime body shall also contain a PIDF-LO element mapped to the same Content-ID which can be found from the Geolocation header

The PIDF-LO shall contain at least the following elements:

-
One or more 'geopriv' elements, each containing:

-
One 'location-info' element describing the location of the UE; and

-
One 'usage-rules' element describing the limitations of the usage of the location info.
	
	RFC 4119 [99]

	
	
	
	
	


	Condition
	Explanation

	A1
	IMS security (A.6a/2 3GPP TS 34.229-2 [5])

	A2
	GIBA (A.6a/1 3GPP TS 34.229-2 [5])

	A3
	UE supports MTSI (A.3A/50 3GPP TS 34.229-2 [5])

	A4
	INVITE creating a dialog

	A5
	re-INVITE within a dialog

	A6
	INVITE for creating an emergency session in case of no registration

	A7
	INVITE for creating an emergency session within an emergency registration

	A8
	UE is capable of obtaining location information, has obtained its location and is setting up an emergency session

	A9
	UE supports Session-ID (A.12/30 3GPP TS 34.229-2 [5])

	A10
	UE indicates video media feature tag in REGISTER and INVITE request (A.12/32 3GPP TS 34.229-2 [5])

	A11
	INVITE for creating a video call and UE supports video media feature tag (A.12/32 3GPP TS 34.229-2 [5])

	A12
	INVITE for creating a voice call and UE supports g.3gpp.srvcc-alerting media feature tag (A.12/34 3GPP TS 34.229-2 [5])

	A13
	INVITE for creating a voice call during rSRVCC and UE CS to PS SRVCC with the MSC assisted mid-call feature (A.12/41 3GPP TS 34.229-2 [5])

	A14
	INVITE for creating a voice call and UE supports CS to PS SRVCC for calls in alerting phase (A.12/40 3GPP TS 34.229-2 [5])


NOTE 1:
All choices for applicable conditions are described for each header.

NOTE 2:
The “=” may include optional linear white spaces according to the EQUAL definition in chapter 25.1, RFC 3261 [15].

NOTE 3:
According to TS 24.229 clause 5.1.1.1A and 5.1.6.2 [10] when the UE is using ISIM the emergency public user identity is the first public user identity in the list stored in the ISIM; when there is no ISIM it is the default public user id if the UE registered or the temporary user id (derived from IMSI) else.

NOTE 4:
URN is the outcome of URL encoding (“Percent-Encoding” according to RFC 3986 [Editor’s note: reference to be added]) of urn:urn-7:3gpp-service.ims.icsi.mmtel.

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

A.2.3
183 Session Progress for INVITE

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Status-Line
	
	
	
	RFC 3261 [15]

	
SIP-Version
	
	SIP/2.0
	
	

	
Status-Code
	
	183
	
	

	
Reason-Phrase
	
	Session Progress
	
	

	Record-Route
	
	order of the parameters in this header must be like in this table
	
	RFC 3261 [15]

	
rec-route
	A1
	<sip:pcscf.other.com;lr>, <sip:scscf.other.com;lr>, <sip:orig@px_scscf;lr>, <sip:SS P-CSCF address: protected server port of SS;lr>
	
	

	
rec-route


rec-route


rec-route
	A3

A2

A4
	<sip:pcscf.other.com;lr>, <sip:scscf.other.com;lr>, <sip:orig@px_scscf;lr>, <sip:SS P-CSCF address: unprotected server port of SS (optional);lr>
same value as received in INVITE

same value as received in INVITE
	
	

	Via
	
	
	
	RFC 3261 [15]

	
via-parm
	
	same value as received in INVITE message
	
	

	Require
	
	The option tags defined below shall be included additionally to any option tags defined in any specific message content, unless specified otherwise in this specific message content
	
	RFC 3261 [15]

	
option-tag

	
	100rel
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	same value as received in INVITE message
	
	

	
tag
	
	same value as received in INVITE message
	
	

	To
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	same value as received in INVITE message
	
	

	
tag



tag
	A1, A3, A5, A6

A2, A4, A7
	common to-tag (invite)

arbitrary value
	
	

	P-Asserted-Identity
	A5
	px_EmergencyTelURI


	
	RFC 3325 [89]

	
addr-spec
	
	A tel URI that can be recognized as valid emergency numbers if dialled by the user are specified in 3GPP TS 22.101 [39]. The emergency numbers 112 and 911 are stored on the ME, in accordance with 3GPP TS 22.101 [39]
	
	

	
uri-parameter
	
	lr
	
	

	Contact
	
	
	
	RFC 3261 [15]

	
addr-spec 
	A1, A3
	px_CalleeContactUri
	
	

	
addr-spec 
	A2
	SIP URI with IP address or FQDN and protected server port of UE
	
	

	
addr-spec
	A4
	SIP URI with IP address or FQDN and unprotected server port of UE
	
	

	
feature-param
	
	+g.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel"(see NOTE 2, 3)
	
	

	
feature-param
	A6, A7
	video
	
	

	Rseq
	
	
	
	RFC 3262 [33]

	
response-num
	
	 arbitrary value
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
callid
	
	same value as received in INVITE message
	
	

	Session-ID
	
	
	
	draft-kaplan-dispatch-session-id [115]

	
sess-id
	
	same value as received in INVITE message, if Session-ID header field exists in received INVITE message, otherwise, not present.
	
	

	CSeq
	
	
	
	RFC 3261 [15]

	
value
	
	same value as received in INVITE message
	
	

	Feature-Caps
feature-param
	A8
	+g.3gpp.ps2cs-srvcc-orig-pre-alerting
	
	

	Content-Type
	
	
	
	RFC 3261 [15]

	
media-type
	
	application/sdp
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
value
	
	length of message-body
	
	


	Condition
	Explanation

	A1
	183 sent by the SS (IMS security ,A.6a/2 3GPP TS 34.229-2 [5])

	A2
	183 sent by the UE (IMS security ,A.6a/2 3GPP TS 34.229-2 [5])

	A3
	183 sent by the SS (GIBA, A.6a/1 3GPP TS 34.229-2 [5])

	A4
	183 sent by the UE (GIBA, A.6a/1 3GPP TS 34.229-2 [5])

	A5
	183 sent by the SS for INVITE for creating an emergency session

	A6
	183 sent by SS for a video call and UE supports video media feature tag (A.12/32 3GPP TS 34.229-2 [5])

	A7
	183 sent by UE for a video call and UE supports video media feature tag (A.12/32 3GPP TS 34.229-2 [5])

	A8
	183 sent by the SS for a voice call and UE supports pre-alerting media feature tag (A.12/3 3GPP TS 34.229-2 [5])


NOTE1:
All choices for applicable conditions are described for each header.

NOTE 2:
The “=” may include optional linear white spaces according to the EQUAL definition in chapter 25.1, RFC 3261 [15].

NOTE 3:
URN is the outcome of the URL encoding (“Percent-Encoding” according to RFC 3986 [Editor’s note: reference to be added]) of urn:urn-7:3gpp-service.ims.icsi.mmtel. 

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

A.2.6
180 Ringing for INVITE

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Status-Line
	
	
	
	RFC 3261 [15]

	
SIP-Version
	
	SIP/2.0
	
	

	
Status-Code
	
	180
	
	

	
Reason-Phrase
	
	Ringing
	
	

	Record-Route
	
	
	
	RFC 3261 [15]

	
rec-route
	A7
	as defined for the common 183 response, see A.2.3

<sip:orig@px_ecscf;lr>, <sip:SS P-CSCF address:unprotected server port of SS;lr>
	
	

	Via
	
	
	
	RFC 3261 [15]

	
via-parm
	
	same value as received in INVITE message
	
	

	Require
	
	The option tags defined below shall be included additionally to any option tags defined in any specific message content, unless specified otherwise in this specific message content
	
	RFC 3261 [15]

	
option-tag

	A3
	100rel
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	same value as received in INVITE message
	
	

	
tag
	
	same value as received in INVITE message
	
	

	To
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	same value as received in INVITE message
	
	

	
tag

	
	as defined for the common 183 response, see A.2.3
	
	

	P-Asserted-Identity
	A4
	px_EmergencyTelURI


	
	RFC 3325 [89]

	
addr-spec
	
	A tel URI that can be recognized as valid emergency numbers if dialled by the user are specified in 3GPP TS 22.101 [39]. The emergency numbers 112 and 911 are stored on the ME, in accordance with 3GPP TS 22.101 [39]
	
	

	
uri-parameter
	
	lr
	
	

	Contact
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	as defined for the common 183 response, see A.2.3
	
	

	
feature-param
	A5
	+g.3gpp.srvcc-alerting
	
	

	Rseq
	
	
	
	RFC 3262 [33]

	
response-num
	A3
	previous RSeq number sent in the same direction incremented by one
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
callid
	
	same value as received in INVITE message
	
	

	Session-ID
	
	
	
	draft-kaplan-dispatch-session-id [115]

	
sess-id
	
	same value as received in INVITE message, if Session-ID header field exists in received INVITE message, otherwise, not present.
	
	

	CSeq
	
	
	
	RFC 3261 [15]

	
value
	
	same value as received in INVITE message
	
	

	P-Access-Network-Info
	
	(header missing when A1)
	
	

	
access-net-spec
	A2
	access network technology and, if applicable, the cell ID
	
	

	Feature-Caps
	
	
	
	

	
feature-param
	A6
	+g.3gpp.srvcc-alerting
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
value
	
	length of message-body
	
	


	Condition
	Explanation

	A1
	180 sent by the SS

	A2
	180 sent by the UE

	A3
	Response sent reliably (e.g. always when it contains an SDP body)

	A4
	180 sent by the SS when setting up an emergency call

	A5
	180 sent by the UE for a voice call and UE supports g.3gpp.srvcc-alerting media feature tag (A.12/34 3GPP TS 34.229-2 [5])

	A6
	180 sent by the SS for a voice call and UE supports g.3gpp.srvcc-alerting media feature tag (A.12/34 3GPP TS 34.229-2 [5])

	A7
	Response sent by SS for emergency call without emergency registration


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

A.2.9
INVITE for MT Call

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261[15]

	
Method
	
	INVITE
	
	

	
Request-URI
	A4
	UE’s registered contact address in SIP URI form, as provided in the Contact header of the REGISTER message
	
	

	
Request-URI
	A5
	UE’s contact address in SIP URI form, as provided in the Contact header within any response or request within the dialog
	
	

	
SIP-Version
	
	SIP/2.0
	
	

	Via
	
	
	
	RFC 3261[15]

	
sent-protocol
	
	SIP/2.0/UDP (when using UDP) or 

SIP/2.0/TCP (when using TCP)
	
	

	
sent-by
	A1
	 The SS P-CSCF address and the SS protected server port 
	
	

	
sent-by
	A2
	The SS P-CSCF address and the SS unprotected server port (optional)
	
	

	
via-branch

	
	Value starting with ‘z9hG4bK’
	
	

	Via
	
	In addition to the via-parm entry for the SS, the following via-parm entries are included:
	
	RFC 3261[15]

	
via-parm
	
	SIP/2.0/UDP scscf1.3gpp.org;branch=z9hG4bK1234567890, SIP/2.0/UDP scscf2.3gpp.org;branch=z9hG4bK2345678901, SIP/2.0/UDP pcscf2.3gpp.org;branch=z9hG4bK3456789012,

SIP/2.0/UDP caller.3gpp.org:6543;branch=z9hG4bK4567890123 

Note that the branch values shown above are examples only. All of them must start with the magic cookie z9hG4bK but SS can build the rest of the string in a random way.
	
	

	Record-Route
	
	
	
	RFC 3261[15]

	
rec-route
	A1 AND A4
	<sip: SS P-CSCF address: protected server port of SS ;lr>
	
	

	
rec-route
	A2 AND A4
	 <sip: SS P-CSCF address SS unprotected server port (optional);lr>
	
	

	Record-Route
	
	In addition to the rec-route entry for the SS, the following rec-route entries are included:
	
	RFC 3261[15]

	
rec-route
	
	<sip:term@scscf1.3gpp.org;lr>, <sip:orig@scscf2.3gpp.org;lr>, <sip:pcscf2.3gpp.org;lr>
	
	

	Record-Route


rec-route
	A1 AND A5
	MO call established: 

same value as in 183 Session Progress for INVITE, condition A1, in reverse order

MT call established: 

same value as for A1 AND A4 in this section 
	
	RFC 3261[15]

	Record-Route


rec-route
	A2 AND A5
	MO call established: 

same value as in 183 Session Progress for INVITE, condition A3, in reverse order

MT call established:

same value as for A2 AND A4 in this section
	
	RFC 3261[15]

	From
	
	
	
	RFC 3261[15]

	
addr-spec
	A4
	SIP URI of the SS representing the calling UE
	
	

	
tag
	A4
	any value 
	
	

	
addr-spec
	A5
	SIP URI of the SS representing the calling UE as used in any previous request in the same dialog (In the earlier requests within the same dialog this URI appears in To header within requests sent by the UE and in From header within requests sent by the SS)
	
	

	
tag
	A5
	local tag of the dialog ID 
	
	

	To
	
	
	
	RFC 3261[15]

	
addr-spec
	A4
	SIP URI of the UE’s default public user id
	
	

	
tag

	A4
	not present
	
	

	
addr-spec
	A5
	SIP URI of the UE as used in any previous request in the same dialog (In the earlier requests within the same dialog this URI appears in From header within requests sent by the UE and in To header within requests sent by the SS)
	
	

	
tag
	A5
	remote tag of the dialog ID 
	
	

	Call-ID
	
	
	
	RFC 3261[15]

	
callid
	A4
	a random text string generated by the SS
	
	

	
callid
	A5
	value of Call-ID as in any previous request in the same dialog
	
	

	Session-ID
	
	(header exists when A6)
	
	draft-kaplan-dispatch-session-id [115]

	
sess-id
	A4
	text string generated by the SS, SHA-1 hashing the Call-ID header value
	
	

	
sess-id
	A5
	value of Session-ID as in any previous request in the same dialog
	
	

	CSeq
	
	
	
	RFC 3261[15]

	
value
	A4
	any value (e.g. 4711)
	
	

	
value
	A5
	value of CSeq sent by the SS within its previous request in the same dialog but increased by one
	
	

	
method
	
	INVITE
	
	

	Supported
	
	The option tags defined below shall be included additionally to any option tags defined in any specific message content, unless specified otherwise in this specific message content
	
	RFC 3261[15]

	
option-tag
	
	100rel
	
	

	P-Called-Party-ID
	
	One of the UE’s registered, non-barred public ID
	
	RFC 3455[18]

	Contact
	
	
	
	RFC 3261[15]

	
addr-spec
	A1
	SIP URI with IP address or FQDN and protected server port of the calling UE, for example “sip:caller@3gpp.org:6543”
	
	

	
addr-spec
	A2
	SIP URI with IP address or FQDN and unprotected server port of the calling UE
	
	

	feature-param
	A3
	+g.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel" (NOTE 2)
	
	

	
feature-param
	A7
	video
	
	

	Content-Type
	
	
	
	RFC 3261[15]

	
media-type
	
	application/sdp
	
	

	Max-Forwards
	
	
	
	RFC 3261[15]

	
value
	
	non-zero value
	
	

	Accept
	
	
	Rel-7
	RFC 3261 [15

	      media-range
	A4
	application/sdp, application/3gpp-ims+xml
	
	

	P-Asserted-Service
	
	
	
	RFC 6050 [68]

	     Service-ID
	A3 AND A4
	urn:urn-7:3gpp-service.ims.icsi.mmtel
	
	

	Accept-Contact
	
	
	
	RFC 3841 [64]

	     ac-value
	A3 AND A4
	*;+g.3gpp.icsi-ref="urn%3Aurn-7%3A3gpp-service.ims.icsi.mmtel" (NOTE 2)
	
	

	     ac-value
	A8
	video
	
	

	Content-Length
	
	
	
	RFC 3261[15]

	
value
	
	length of message-body
	
	

	Feature-Caps
	
	
	
	

	
feature-param
	A9
	g.3gpp.srvcc-alerting
	
	


	Condition
	Explanation

	A1
	IMS security (A.6a/2 3GPP TS 34.229-2 [5])

	A2
	GIBA (A.6a/1 3GPP TS 34.229-2 [5])

	A3
	UE supports MTSI (A.3A/50 3GPP TS 34.229-2 [5])

	A4
	INVITE creating a dialog

	A5
	re-INVITE within a dialog

	A6
	UE supports Session-ID (A.12/30 3GPP TS 34.229-2 [5])

	A7
	UE indicates video media feature tag in REGISTER and INVITE request (A.12/32 3GPP TS 34.229-2 [5])

	A8
	INVITE for creating a video call and UE supports video media feature tag (A.12/32 3GPP TS 34.229-2 [5])

	A9
	INVITE for creating a voice call and UE supports g.3gpp.srvcc-alerting media feature tag (A.12/34 3GPP TS 34.229-2 [5])


NOTE1:
All choices for applicable conditions are described for each header.

NOTE 2:
URN is the outcome of the URL encoding (“Percent-Encoding” according to RFC 3986 [Editor’s note: reference to be added]) of urn:urn-7:3gpp-service.ims.icsi.mmtel. 

<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

	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



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

	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: Void
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)

· 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.21
Generic test procedure for setting up MTSI MO speech call for EPS
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:0 [Note 6]
-
b=RR:0 [Note 6]

-
b=RS: (bandwidth-value) [Note 7]
-
b=RR: (bandwidth-value) [Note 7]
Attributes for media: 

-
a=rtpmap: (payload type) AMR/8000 [Note 8]
-
a=fmtp: (format) mode-change-capability=2; max-red= (att-field) [Note 9]
-
a=rtpmap: (payload type) telephone-event [Note 5]
-
a=ecn-capable-rtp: leap ect=0 [Note 3]
-
a=rtcp-fb:* nack ecn [Note 3]

-
a=rtcp-xr:ecn-sum [Note 3]

-
a=rtcp-rsize [Note 3]

-
a=ptime:20

-
a=maxptime:240

Attributes for media security mechanism:

-
a=3ge2ae: requested [Note 4]
-
a=a=crypto:1 AES_CM_128_HMAC_SHA1_80inline:WVNfX19zZW1jdGwgKCkgewkyMjA7fQp9CnVubGVz|2^20|

1:4FEC_ORDER=FEC_SRTP" [Note 4]
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:
Void.

Note 3:
Attributes for ECN Capability may be present if the UE supports Explicit Congestion Notification.

Note 4:
Attributes for media plane security are present if the use of end-to-access-edge security is supported by UE.

Note 5:
a rate may be added to the “telephone-event” seperated by “/” (e.g. “telephone-event/8000”)
Note 6:
This line shall be present if A.12/35 3GPP TS 34.229-2 [5] is no.

Note 7:
This line shall be present if A.12/35 3GPP TS 34.229-2 [5] is yes. The RR value must be greater than 0. The RS value can be any value.

Note 8:
The AMR channel number shall be “/1” or omitted.

Note 9: values from 0 to 220 are allowed


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

	Require
	

	    option-tag
	precondition

	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, 4]

-
b=AS:37
-
b=RS: (bandwidth-value) [Note 5]
-
b=RR: (bandwidth-value) [Note 5]
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=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 (AMR) 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: Void
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) AMR/8000 [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>
<Start of Modified Section>

C.25
Generic test procedure for setting up MTSI MO video call for EPS
Test procedure:

1)
MO video call 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 video 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) AMR/8000 [Note 3]
-
a=fmtp: (format) mode-change-capability=2; max-red== (att-field) [Note 4]
-
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

Media description:

- m=video (transport port) RTP/AVPF (fmt) or 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=tcap:1 RTP/AVPF [Note 2]
-
a=pcfg:1 t=1 [Note 2]
-
a=rtpmap: (payload type) H264/90000

-
a=fmtp: (format) profile-level-id= (att-field)
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 tcap/pcfg attributes are present if RTP/AVP is present on the m line.

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

Note 4: Values from 0 to 220 are allowed


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

	Require
	

	    option-tag
	precondition

	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:30

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 4]
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

Media description:

-
m=video (transport port) RTP/AVPF (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=acfg:1 t=1 [Note 2]
-
a=rtpmap: (payload type) H264/90000 [Note 1]
-
a=fmtp: (format) (format specific parameters) [Note 1]

-
a=inactive [Note 4]
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, format and format specific parameters copied from step 2.

Note 2: Present if tcap/pcfg attributes were included in step 2.

Note 3: Void
Note 4: 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 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)

-
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

Media description:

-
m=video (transport port) RTP/AVPF (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) H264/90000

-
a=fmtp: (format) profile-level-id= (att-field)
-
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 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 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=" line 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 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:

- "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;

Attributes for preconditions:

- a=curr:qos remote sendrecv


<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

	Require
	

	    option-tag
	precondition

	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: Void
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: The sess-version field shall be incremented by one from previous SDP sent by UE.
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>
