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12.11.5
Test requirements

The test requirements shall equal to that described in clause 12.1.5 but with the exceptions described here.

Step 1: the following lines shall be included in the SDP body of the INVITE:

-
For each media description line the UE must add an "a=inactive" line if the a=curr:qos local has value none, and otherwise add either a=sendonly, a=recvonly or a=sendrecv line. The directionality indicated by this line must be the same as indicated by the a=curr:qos local line for preconditions

...

Step 4: the following lines shall be included in the SDP body of PRACK:

-
if the UE has met its local preconditions the a=inactive line must be replaced with a=sendonly, a=recvonly or a=sendrecv line. The directionality indicated by this line must be the same as indicated by the a=curr:qos local line for preconditions

...

Step 6: the following lines shall be included in the SDP body of UPDATE:

-
when the UE has met its local preconditions the a=inactive line must be replaced with a=sendonly, a=recvonly or a=sendrecv line. The directionality indicated by this line must be the same as indicated by the a=curr:qos local line for preconditions
12.12
MO MTSI Voice Call Successful with preconditions 
12.12.1
Definition and applicability
Test to verify that the UE correctly performs IMS mobile originated voice call setup and release when using  IMS Multimedia Telephony with preconditions. This process is described in 3GPP TS 24.229 [10], clauses 5.1.3 and 6.1, TS 24.173 [65] and TS 26.114 [66]. The test case is applicable for IMS security or early IMS security.
12.12.2
Conformance requirement

When the UE sends any request, the UE shall:

-
include the protected server port in the Via header entry relating to the UE; and

-
include the protected server port in any Contact header that is otherwise included.

….
The UE shall determine the public user identity to be used for this request as follows:

1)
if a P-Preferred-Identity was included, then use that as the public user identity for this request; or

2)
if no P-Preferred-Identity was included, then use the default public user identity for the security association as the public user identity for this request;
If this is a request for a new dialog, and the request includes a Contact header, then the UE should populate the Contact header as follows:

1)
if a public GRUU value (pub-gruu) has been saved associated with the public user identity to be used for this request, and the UE does not indicate privacy of the P-Asserted-Identity, then the UE should insert the public GRUU (pub-gruu) value as specified in draft-ietf-sip-gruu; or

2)
if a temporary GRUU value (temp-gruu) has been saved associated with the public user identity to be used for this request, and the UE does indicate privacy of the P-Asserted-Identity, then the UE should insert the temporary GRUU (temp-gruu) value as specified in draft-ietf-sip-gruu; or

3)
if the request is related to an IMS communication service that requires the use of an ICSI then the UE shall include in a g.ims.app_ref feature tag the ICSI value (coded as specified in subclause 7.2A.8.2), for the IMS communication service and then the UE may include the IARI value (coded as specified in subclause 7.2A.9.2), that is related to the request according to RFC 3841. The UE may also include other ICSI values that the UE is prepared to use for the communication and other IARI values for the IMS application that is related to the IMS communication service; or

4)
if the request is related to an IMS application that is supported by the UE when the use of an ICSI is not needed, then the UE may include the IARI value (coded as specified in subclause 7.2A.9.2), that is related to the IMS application, in a g.ims.app_ref feature tag as defined in subclause 7.9.2 and RFC 3841.

If this is a request within an existing dialog, and the request includes a Contact header, and the Contact address previously used in the dialog was a GRUU, then the UE should insert the previously used GRUU value in the Contact header as specified in draft-ietf-sip-gruu.

If the UE did not insert a GRUU in the Contact header, then the UE shall include the protected server port in the address in the Contact header.

If this is a request for a new dialog or standalone transaction and the request is related to an IMS communication service that requires the use of an ICSI then the UE:

1)
shall include the ICSI value (coded as specified in subclause 7.2A.8.2), for the IMS communication service that is related to the request in a P-Preferred-Service header field according to draft-drage-sipping-service-identification . If a list of network supported ICSI values was received as specified in 3GPP TS 24.167, the UE shall only include ICSI values that are in the received list;

2)
may include an Accept-Contact header field containing an ICSI value (coded as specified in subclause 7.2A.8.2) that is related to the request in a g.ims.app_ref feature tag as defined in subclause 7.9.2 and RFC 3841 if the ICSI for the IMS communication service is known. 

Editor's note: It is FFS whether the UE shall always include an ICSI value in an Accept-Contact header field. This also may need some clarifications to the stage 2 text to fully align.

NOTE 6:
If the UE includes the same ICSI values into the Accept-Contact header and the P-Preferred-Service header, there is a possibility that one of the involved S-CSCFs or an AS changes the ICSI value in the P-Asserted-Service header, which results in the message including two different ICSI values (one in the P-Asserted-Service header, changed in the network and one in the Accept-Contact header).

If an IMS application indicates that an IARI is to be included in a request for a new dialog or standalone transaction, the UE shall include an Accept-Contact header field containing an IARI value (coded as specified in subclause 7.2A.9.2) that is related to the request in a g.ims.app_ref feature tag as defined in subclause 7.9.2 and RFC 3841.
NOTE 7:
RFC 3841 allows multiple Accept-Contact header fields along with multiple Reject-Contact header fields in a SIP request, and within those header fields, expressions that include one or more logical operations based on combinations of feature tags. Which registered UE will be contacted depends on the Accept-Contact header field and Reject-Contact header field combinations included that evaluate to a logical expression and the relative qvalues of  the registered contacts for the targeted registered public user identity. There is therefore no guarantee that when multiple Accept-Contact header fields or additional Reject-Contact header field(s) along with the Accept-Contact header field containing the ICSI value or IARI value are included in a request that the request will be routed to a contact that registered the same ICSI value or IARI value. Charging and accounting is based upon the contents of the P-Asserted-Service header field and the actual media related contents of the SIP request and not the Accept-Contact header field contents or the contact reached.

NOTE 8:
The UE only includes the parameters require and explicit in the Accept-Contact header field containing the ICSI value or IARI value if the IMS communication service absolutely requires that the terminating UE understand the IMS communication service in order to be able to accept the session. Including the parameters require and explicit in Accept-Contact header fields in requests which don’t absolutely require that the terminating UE understand the IMS communication service in order to accept the session creates an interoperability problem for sessions which otherwise would interoperate and violates the interoperability requirements for the IMS Communication Service Identifier in 3GPP TS 23.228. 

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.

....
If available to the UE (as defined in the access technology specific annexes for each access technology), the UE shall insert a P-Access-Network-Info header into any request for a dialog, any subsequent request (except ACK requests and CANCEL requests) or response (except CANCEL responses) within a dialog or any request for a standalone method (see subclause 7.2A.4).

NOTE 9:
During the dialog, the points of attachment to the IP-CAN of the UE may change (e.g. UE connects to different cells). The UE will populate the P-Access-Network-Info header in any request or response within a dialog with the current point of attachment to the IP-CAN (e.g. the current cell information).
The UE shall insert a P-Access-Network-Info header into any request for a dialog, any subsequent request (except ACK requests and CANCEL requests) or response (except CANCEL responses) within a dialog or any request for a standalone method. The UE shall populate the P-Access-Network-Info header with the current point of attachment to the IP-CAN as specified for the access network technology (see subclause 7.2A.4).

The UE shall build a proper preloaded Route header value for all new dialogs and standalone transactions. The UE shall build a list of Route header values made out of, in this order, the P-CSCF URI (containing the IP address or the FQDN learnt through the P-CSCF discovery procedures, and the protected port learnt during the registration procedure), and the values received in the Service-Route header saved from the 200 (OK) response to the last registration or re-registration.
The UE may indicate that proxies should not fork the request by including a "no-fork" directive within the Request-Disposition header in the request as described in RFC 3841.
When a SIP transaction times out, i.e. timer B, timer F or timer H expires at the UE, the UE may behave as if timer F expired, as described in subclause 5.1.1.4.

NOTE 10:
It is an implementation option whether these actions are also triggered by other means.

The UE may use non-international formats of E.164 addresses, including geo-local numbers and home-local numbers, in the Request-URI.

NOTE 11:
The way how the UE defines the default network for the numbers in a non-international format is implementation specific.

NOTE 12
The way how the UE process the dial-string and handles special characters (e.g. pause) in order to produce a conformant SIP URI or tel URI according to RFC 3966 is implementation specific.

NOTE 13:
Home operator's local policy can define a prefix string(s) to enable subscribers to differentiate dialling a geo-local number and/or a home-local number.

When the UE uses home-local number, the UE shall include in the "phone-context" parameter the home domain name in accordance with RFC 3966.

When the UE uses geo-local number, the UE shall:

-
if access technology information available to the UE (i.e., the UE can insert P-Access-Network-Info header into the request), include the access technology information in the "phone-context" parameter according to RFC 3966 as defined in subclause 7.2A.10; and

-
if access technology information is not available to the UE (i.e., the UE cannot insert P-Access-Network-Info header into the request), include in the "phone-context" parameter the home domain name prefixed by the "geo-local." string according to RFC 3966 as defined in subclause 7.2A.10.

NOTE 14:
The "phone-context" parameter value can be entered by the subscriber, or can be inserted by the UE, based on implementation.
....
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 [30] as updated by RFC 4032 [64]. 

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.

The UE may indicate that proxies should not fork the INVITE request by including a "no-fork" directive within the Request-Disposition header in the initial INVITE request as described in RFC 3841 [56B].
NOTE 3:
Table A.4 specifies that UE support of forking is required in accordance with RFC 3261 [26]. 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, in case the terminating UE does not support the PRACK request (as described in RFC 3262 [27]) and does not support the UPDATE request (as described in RFC 3311 [29]).

....

When a final answer is received for one of the early dialogues, the UE proceeds to set up the SIP session. The UE shall not progress any remaining early dialogues to established dialogs. Therefore, upon the reception of a subsequent final 200 (OK) response for an INVITE request (e.g., due to forking), the UE shall:

1)
acknowledge the response with an ACK request; and

2)
send a BYE request to this dialog in order to terminate it.

....

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 [30] as updated by RFC 4032 [64].
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[26].
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 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.

If the media line in the SDP indicates the usage of RTP/RTCP, 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 [56] to specify the required bandwidth allocation for RTCP.

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 [13].

NOTE 1:
In a two-party session where both participants are active, the RTCP receiver reports are not sent, therefore, the RR bandwidth modifer 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 2833 [23].
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 [54] 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.

If an IP-CAN bearer is rejected or modified, the UE shall, if the SDP is affected, update the remote SIP entity according to RFC 3261 [26] and RFC 3311 [29].
NOTE 3:
The UE can use one IP address for signalling (and specify it in the Contact header) and different IP address(es) for media (and specify it in the "c=" parameter of the SDP).

If the UE wants to transport media streams with TCP and there are no specific alternative negotiation mechanisms defined for that particular application, then the UE shall support the procedures and the SDP rules specified in RFC 4145.
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. The UE shall order the SDP offer with the most preferred codec listed first.

If the desired QoS resources for one or more media streams have not been reserved at the UE when constructing the initial 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 [30] and RFC 4032[64], 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 [39].
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 [30] and RFC 4032[64], 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 confirming successful local resource reservation, the UE shall create a SDP offer in which 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.

Early IMS security:

NOTE 1:
Early IMS security 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 24.229[10], clauses 5.1.2A.1, 5.1.3 and 6.1, TR 33.978[59], clause 6.2.3.1., TS 24.173 [65] clause 5 and TS 26.114 [66], clauses 5.2.1 and 6.2.2.
12.12.3
Test purpose

1)
To verify that when initiating MO call the UE performs correct exchange of  SIP protocol signalling messages  for setting up the session; and

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

3)
To verify that the UE is able to release the call.
12.12.4
Method of test
Initial conditions

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

SS is configured with the shared secret key of IMS AKA algorithm, related to the IMS private user identity (IMPI) configured on the UICC card equipped into the UE. SS has performed AKAv1-MD5 authentication with the UE and accepted the registration (IMS security).

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

(Yes/No)
Support for IMS Multimedia Telephony
(Yes/No)
Support for speech
(Yes/No)
Support for integration of resource management and SIP (use of preconditions)
(Yes/No)

IMS security (Yes/No)

Early IMS security (Yes/No)
Test procedure

1)
MO call is initiated on the UE. SS waits the UE to send an INVITE request with first SDP offer
2)
SS responds to the INVITE request with a 100 Trying response.
3)
SS responds to the INVITE request with a 183 Session in Progress response 

4)
SS waits for the UE to send a PRACK request possibly containing the second SDP offer.

5)
SS responds to the PRACK request with valid 200 OK response.
6)
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 4 already contained the final offer with preconditions met.

7)
SS responds to the UPDATE request (if UE sent one) with valid 200 OK response.
8)
SS responds to the INVITE request with 180 Ringing response. 

9)
SS waits for the UE to send a PRACK request.

10)
SS responds to the PRACK request with valid 200 OK response.

11.
SS responds to the INVITE request with valid 200 OK response.

12)
SS waits for the UE to send an ACK to acknowledge receipt of the 200 OK for INVITE.

13)
Call is released on the UE. SS waits the UE to send a BYE request.

14)
SS responds to the BYE request with valid 200 OK response.
Expected sequence

	Step
	Direction
	Message
	Comment

	
	UE
	SS
	
	

	1
	(
	INVITE
	UE sends INVITE with the first SDP offer indicating all desired medias and codecs the UE supports

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

	3
	(
	183 Session in Progress
	SS responds with an SDP answer only supporting AMR audio codec and indicating that SS has not yet reserved its resources.

	4
	(
	PRACK
	UE acknowledges the receipt of 183 response with PRACK and optionally offers second SDP that indicates preconditions as met 

	5
	(
	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.

	6
	(
	UPDATE
	Optional step: UE sends an UPDATE after having reserved the resources with GPRS procedures for PDP context used for the media

	7
	(
	200 OK
	Optional step : The SS responds UPDATE with 200 OK and indicates having reserved the resources 

	8
	(
	180 Ringing
	SS responds with 180 Ringing.

	9
	(
	PRACK
	UE acknowledges the receipt of 180 response by sending PRACK

	10
	(
	200 OK
	The SS responds PRACK with 200 OK

	11
	(
	200 OK
	The SS responds INVITE with 200 OK to indicate that the virtual remote UE had answered the call

	12
	(
	ACK
	The UE acknowledges the receipt of 200 OK for INVITE

	13
	(
	BYE
	The UE releases the call with BYE

	14
	(
	200 OK
	The SS sends 200 OK for BYE


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

Specific Message Contents

INVITE (Step 1)

Use the default message “INVITE for MO call setup” in annex A.2.1 with the exception that Supported header shall contain the "precondition" tag.

For the contents of the SDP body see test requirement details.
100 Trying for INVITE (Step 2)

Use the default message “100 Trying for INVITE” in annex A.2.2.
183 Session in Progress for INVITE (Step 3)

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

	Message-body
	SDP body of the 183 response copied from the received INVITE but modified as follows:


- IP address on "o=" and "c=" lines and transport port on "m=" lines changed to indicate to which IP address and port the UE should start sending the media; and
- For each media, the SS shall indicate only one codec which the UE also supports

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

a=curr:qos local [direction-tag] (*
a=curr:qos remote [direction-tag] (*
a=des:qos mandatory local [direction-tag] (*
a=des:qos mandatory remote [direction-tag] (*
a=conf:qos remote [direction-tag] (**

*) The value of direction-tags in 183 must be the same ("none" or "sendrecv") as in of INVITE (both a= lines for local and remote,
**) The value of direction-tag for conf:qos remote shall be the same as for des: qos mandatory remote.


PRACK (Step 4)

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

200 OK for PRACK (Step 5)

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
	SDP body of the 200 response copied from the received PRACK, if it contained one but otherwise omitted. The copied SDP body must be modified as follows for the 200 OK response:


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


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

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


1) The value of direction-tag in a=curr:qos local and a=curr:qos remote lines of  200 must be the same ("none" or "sendrecv") of that in the a=curr:qos local line of PRACK. 

2) The value of direction-tags in a=des lines of 200 must be the same ("none" or "sendrecv from those of PRACK (both a= lines for local and remote). 




UPDATE (Step 6) 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.
200 OK for UPDATE (Step 7) - optional step used when UE sent UPDATE

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

	Header/param
	Value/remark

	Content-Type
	

	
media-type
	application/sdp

	Content-Length
	

	
value
	length of message-body

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


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


-
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



180 Ringing for INVITE (Step 8)

Use the default message “180 Ringing for INVITE” in annex A.2.6
PRACK (Step 9)

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

	Header/param
	Value/remark

	Cseq
	

	
value
	- if Steps 3-7 did not take place: value as in reliable response incremented by one.

- if Steps 3-5 took place and Steps 6-7 did not take place: value as in PRACK from Step 4 incremented by one.
- If Steps 3-7 took place: value as in UPDATE from Step 6 incremented by one.


200 OK for PRACK (Step 10)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1.
200 OK for INVITE (Step 11)

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

	Header/param
	Value/remark

	Record-Route
	

	
rec-route
	Same value as in the 180 response

	Contact
	

	
addr-spec
	Same value as in the 180 response


ACK (Step 12)

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

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

200 OK for BYE (Step 14)

Use the default message “200 OK for other requests than REGISTER or SUBSCRIBE” in annex A.3.1.
12.12.5
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.
Step 1: 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 2327 [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 MO call. For the offered 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=inactive" 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 none
a=curr:qos remote none
a=des:qos mandatory local sendrecv
a=des:qos optional remote sendrecv
These four "a=" lines may appear in any order.

...

Step 4: the UE shall send a PRACK request with the correct content. The UE may include a SDP body in the PRACK request In that case the following lines shall be included in the SDP body of PRACK:

-
All mandatory SDP lines are present; and

-
"o" line shall be the same like in INVITE request, except that the version number shall be incremented by one; and

-
SDP must contain at least as many media description lines as the SDP in the INVITE contained; and

-
The "a=" lines for preconditions in the PRACK shall be like for INVITE in step 1 but with the following exceptions: 

-
in attribute line a=curr:qos local the direction-tag may have the same value that the direction-tag has in the attribute line a=des:qos mandatory local, to indicate that the UE has met its local preconditions.

-
in attribute line a=des:qos [strength-tag] remote [direction-tag] the strength-tag must be "mandatory" (according to what SS answered in 183 response)

-
if the UE has met its local preconditions the a=inactive line must be replaced with a=sendrecv line. 

...

Step 6: the UE may conditionally send an UPDATE request with the correct content. The UE shall include the following lines in the SDP body:

-
All mandatory SDP lines are present; and

-
"o" line like in INVITE request, except that the version number shall be incremented by one compared to the previously sent SDP offer; and

-
SDP must contain at least as many media description lines as the SDP in the INVITE contained.
-
The "a=" lines for preconditions in the UPDATE shall be like for INVITE in step 1 but with the following exceptions: 

-
in attribute line a=curr:qos local the direction-tag must have the same value that the direction-tag has in the attribute line a=des:qos mandatory local, to indicate that the UE has met its local preconditions.

-
in attribute line a=des:qos [strength-tag] remote [direction-tag] the strength-tag must be "mandatory" (according to what SS answered in 183 response)

-
when the UE has met its local preconditions the a=inactive line must be replaced with a=sendrecv line. 

...

Step 9: the UE shall send a PRACK request with the correct content, according to common message definitions.

...

Step 12: the UE shall send an ACK request with the correct content, according to common message definitions.

Step 13: the UE shall send a BYE request with the correct content, according to common message definitions.
<*********** Beginning of the second change **************>
A.2
Default messages for Call Setup

A.2.1
INVITE for MO Call Setup

	Header/param
	Cond
	Value/remark
	Rel
	Reference

	Request-Line
	
	
	
	RFC 3261 [15]

	
Method
	
	INVITE
	
	

	
Request-URI
	
	px_CalleeUri
	
	

	
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
	IP address or FQDN and protected server port of the UE
	
	

	
	A2
	IP address or FQDN and unprotected server port of the UE
	
	

	
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:px_pcscf:px_SSProtectedServerPort;lr>, <sip:px_scscf;lr>
	
	

	
	A2
	<sip:px_pcscf:px_SSUnprotectedServerPort (optional);lr>, <sip:px_scscf;lr
	
	

	From
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	any SIP URI (except public user identity derived from px_IMSI) matching with the URI within the P-Preferred-Identity header or px_PublicUserIdentity if there is no P-Preferred-Identity header within the INVITE request
	
	

	
tag
	
	must be present, value not checked
	
	

	To
	
	
	
	RFC 3261 [15]

	
addr-spec
	
	px_CalleeUri
	
	

	
tag

	
	not present
	
	

	Call-ID
	
	
	
	RFC 3261 [15]

	
callid
	
	value different to that received in REGISTER message
	
	

	CSeq
	
	
	
	RFC 3261 [15]

	
value
	
	must be present, value not checked
	
	

	
method
	
	INVITE
	
	

	Supported
	
	
	
	RFC 3261 [15]

	
option-tag
	
	100rel
	
	

	Require
	
	(header optional in A2)
	
	RFC 3261 [15]
RFC 3312 [31]

RFC 3329 [21]

	
option-tag
	A1
	sec-agree
	
	

	
	
	
	
	

	Proxy-Require
	
	(header optional in A2)
	
	RFC 3261 [15]

RFC 3329 [21]

	
option-tag
	A1
	sec-agree
	
	

	
	
	
	
	

	Security-Verify
	A1
	(not present in A2)
	
	RFC 3329 [21]

	
sec-mechanism
	
	same value as SecurityServer header sent by SS
	
	

	
	
	
	
	

	Contact
	
	
	
	RFC 3261 [15]
RFC 3840 [63]
draft-ietf-sip-gruu [61]

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

	
feature-param
	A3
	+g.ims.app_ref="<urn:urn-xxx:3gpp-service.ims.icsi.mmtel>"
	
	

	
	A2
	SIP URI with IP address or FQDN and unprotected server port of UE
	
	

	Content-Type
	
	
	
	RFC 3261 [15]

	
media-type
	
	application/sdp
	
	

	Max-Forwards
	
	
	
	RFC 3261 [15]

	
value
	
	non-zero value
	
	

	P-Access-Network-Info
	A1
	(header optional when A2)
	
	RFC 3455 [18]

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

	P-Preferred-Service
	
	
	
	draft-drage-sipping-service-identification [68]

	
Service-ID
	A3
	urn:urn-xxx:3gpp-service.ims.icsi.mmtel
	
	

	Accept-Contact
	
	
	
	RFC 3841 [64]

	
ac-value
	A3
	*;+g.ims.app_ref="<urn:urn-xxx:3gpp-service.ims.icsi.mmtel>"
	
	

	Content-Length
	
	
	
	RFC 3261 [15]

	
Value
	
	length of message-body
	
	


	Condition
	Explanation

	A1
	IMS security (A.6a/2)

	A2
	early IMS security (A.6a/1)

	A3
	UE supports MTSI


Note1:
All choices for applicable conditions are described for each header.
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