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Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[148]
draft-ietf-mediactrl-mixer-control-package-00: "A Mixer Control Package for the Media Control Channel Framework".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[149]
RFC 2046 (November 1996): "Multipurpose Internet Mail Extensions (MIME) Part Two: Media Types".
[150]
draft-ietf-sip-body-handling-03 (August 2008): "Message Body Handling in the Session Initiation Protocol (SIP)".

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
* * * Next Change * * * *
5.1.3.1
Initial INVITE request

Upon generating an initial INVITE request, the UE shall include the Accept header with "application/sdp", the MIME type associated with the 3GPP IM CN subsystem XML body (see subclause 7.6.1) and any other MIME type the UE is willing and capable to accept.

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 preconditions 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 [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]).

NOTE 5:
If the UE supports the P-Early-Media header, upon receiving a 18x provisional response with a P-Early-Media header indicating authorized early media, as described in RFC 5009 [109], if the preconditions are met, the UE should, based on local configuration, present received early media to the user.

NOTE 6:
If the UE supports the P-Early-Media header, upon receiving a 180 (Ringing) provisional response with a P-Early-Media header indicating authorized early media, as described in RFC 5009 [109], if the preconditions are met, and the UE presents the received early media to the user based on local configuration, the UE will not provide an indication that the invited user is being alerted.

NOTE 7:
If the UE supports the P-Early-Media header and if the most recently received P-Early-Media header within the dialog includes a parameter applicable to media stream with value "inactive", then based on local configuration, the UE will provide an indication that the invited user is being alerted and stop presenting received early media to the user if requested by any previous receipt of P-Early-Media header within the dialog.

If the UE wishes to receive early media authorization indications, as described in RFC 5009 [109], the UE shall add the P-Early-Media header with the "supported" parameter to the INVITE request.

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.

Upon receiving a 488 (Not Acceptable Here) response to an initial INVITE request, the originating UE should send a new INVITE request containing SDP according to the procedures defined in subclause 6.1.

NOTE 8:
An example of where a new request would not be sent is where knowledge exists within the UE, or interaction occurs with the user, such that it is known that the resulting SDP would describe a session that did not meet the user requirements.

Upon receiving a 421 (Extension Required) response to an initial INVITE request in which the precondition mechanism was not used, including the "precondition" option tag in the Require header, the originating UE shall: 

-
send a new INVITE request using the precondition mechanism, if the originating UE supports the precondition mechanism; and

-
send an UPDATE request as soon as the necessary resources are available and a 200 (OK) response for the first PRACK request has been received.

Upon receiving a 503 (Service Unavailable) response to an initial INVITE request containing a Retry-After header, then the originating UE shall not automatically reattempt the request until after the period indicated by the Retry-After header contents.

The UE may include a "cic" tel-URI parameter in a tel-URI, or in the userinfo part of a SIP URI with user=phone, in the Request-URI of an initial INVITE request if the UE wants to identify a user-dialed carrier, as described in RFC 4694 [112] and draft-yu-tel-dai [113]. The UE shall not, however, specify a "dai" tel-URI parameter in a tel-URI or in the userinfo part of a SIP URI with user=phone in the Request-URI, as described in draft-yu-tel-dai [113].

NOTE 9:
The method whereby the UE determines when to include a "cic" tel-URI parameter and what value it should contain is outside the scope of this document (e.g. the UE could use a locally configured digit map to look for special prefix digits that indicate the user has dialled a carrier). 

NOTE 10:
The value of the "cic" tel-URI parameter reported by the UE is not dependent on UE location (e.g. the reported value is not affected by roaming scenarios).

In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response containing a P-Asserted-Identity header field with a value equal to the value of the SIP URI of the P-CSCF received in the Path header field during registration and the the response containing a 3GPP IM CN subsystem XML body as described in subclause 7.6 that includes an <alternative service> element with the <type> child element set to "emergency", the UE shall attempt an emergency call as described in subclause 5.1.6.
NOTE 11:
The last entry on the Path header field value received during registration is the value of the SIP URI of the P-CSCF.

Upon receiving a 199 (Early Dialog Terminated) provisional response to an established early dialog the UE shall release resources specifically related to that early dialog.

* * * Next Change * * * *
5.1.6.8.1
General

The UE shall translate any user indicated emergency number as specified in 3GPP TS 22.101 [1A] to an emergency service URN, i.e. a service URN with a top-level service type of "sos" as specified in RFC 5031 [69]. An additional sub-service type can be added if information on the type of emergency service is known.
In the event the UE receives a 380 (Alternative Service) response to an INVITE request the response including a 3GPP IM CN subsystem XML body as described in subclause 7.6 that includes an <alternative service> element with the <type> child element set to "emergency", the UE shall automatically send an ACK request to the P-CSCF as per normal SIP procedures and terminate the session. In addition, if the 380 (Alternative Service) response includes a P-Asserted-Identity header field with a value equal to the value of the SIP URI of the P-CSCF received in the Path header field during registration 
-
the UE may also provide an indication to the user based on the text string contained in the <reason> element; and
-
one of subclause 5.1.6.8.3 or subclause 5.1.6.8.4 applies.

NOTE 1:
Emergency numbers which the UE does not detect, will be treated as a normal call.

NOTE 2:
The last entry on the Path header field value received during registration is the value of the SIP URI of the P-CSCF.

* * * Next Change * * * *
5.1.6.8.3
Emergency session set-up within an emergency registration

After a successful initial emergency registration, the UE shall apply the procedures as specified in subclause 5.1.2A, 5.1.3 and 5.1.4 with the following additions:

1)
the UE shall insert in the INVITE request, a From header that includes the public user identity registered via emergency registration or the tel URI associated with the public user identity registered via emergency registration, as described in subclause 4.2;

2)
the UE shall include a Request URI in the INVITE request that contains an emergency service URN, i.e. a service URN with a top-level service type of "sos" as specified in RFC 5031 [69]. An additional sub-service type can be added if information on the type of emergency service is known;

3)
the UE shall insert in the INVITE request, a To header with:

-
the same emergency service URN as in the Request URI; or

-
if the UE cannot perform local dialstring interpretation for the dialled digits, a dialstring URI representing the dialled digits in accordance with RFC 4976 [103] or a tel URL representing the dialled digits;
NOTE 1:
This version of this document does not provide any specified handling of a URI with the dialled digits in accordance with RFC 4976 [103] at an entity within the IM CN subsystem. Behaviour when this is used is therefore not defined.

4)
if available to the UE, and if defined for the access type as specified in subclause 7.2A.4, the P-Access-Network-Info header shall contain a location identifier such as the cell id, line id or the identity of the I-WLAN access node, which is relevant for routeing the IMS emergency call;
NOTE 2:
The IMS emergency specification in 3GPP TS 23.167 [4B] describes several methods how the UE can get its location information from the access network or from a server. Such methods are not in the scope of this specification.

5)
the UE shall insert in the INVITE request, a P-Preferred-Identity header that includes the public user identity registered via emergency registration or the tel URI associated with the public user identity registered via emergency registration as described in subclause 4.2;

6)
the UE shall include a Contact header in the INVITE request that contains a URI parameter that indicates that this is an emergency session;
Editor's note: It is FFS whether the URI parameter is added when the contact address is a GRUU.
7)
if the UE has its location information available, then the UE shall include it in the INVITE request in the following way:

-
if the UE is aware of the URI that points to where the UE's location is stored, include the URI in the Geolocation header in accordance with draft-ietf-sip-location-conveyance [89]; or 

-
if the geographical location information of the UE is available to the UE, include its geographical location information as PIDF location object in accordance with RFC 4119 [90] and include the location object in a message body with the content type application/pidf+xml in accordance with draft-ietf-sip-location-conveyance [89]. The Geolocation header is set to a Content ID in accordance with draft-ietf-sip-location-conveyance [89]; and
NOTE 3:
It is suggested that UE's only use the option of providing a URI when the domain part belongs to the current P-CSCF or S-CSCF provider. This is an issue on which the network operator needs to provide guidance to the end user. A URI that is only resolvable to the UE which is making the emergency call is not desirable.

8)
if the UE has no geographical location information available, the UE shall not include any geographical location information as specified in draft-ietf-sip-location-conveyance [89] in the INVITE request.
NOTE 4:
RFC 3261 [26] provides for the use of the Priority header field with a suggested value of "emergency". It is not precluded that emergency sessions contain this value, but such usage will have no impact on the processing within the IM CN subsystem.

In the event the UE receives a 380 (Alternative Service) response with a P-Asserted-Identity header field with a value equal to the value of the SIP URI of the P-CSCF received in the Path header field during registration, and the Content-Type header field set according to subclause 7.6 (i.e. "application/3gpp-ims+xml"), independent of the value or presence of the Content-Disposition header field, independent of the value or presence of Content-Disposition parameters, then this default content disposition, identified as "3gpp-alternative-service", is applied as follows:

-
if the 380 (Alternative Service) response includes a 3GPP IM CN subsystem XML body as described in subclause 7.6 with the type element set to "emergency" and the action element set to "emergency-registration", then the UE shall:

-
perform an initial emergency registration using a different VPLMN if available, as described in subclause 5.1.6.2 and if the new emergency registration succeeded, attempt an emergency call as described in this subclause;
-
attempt emergency call via CS domain using appropriate access technology specific procedures, if available and not already tried; or

-
perform implementation specific actions to establish the emergency call; and
-
if the 380 (Alternative Service) response includes a 3GPP IM CN subsystem XML body as described in subclause 7.6 with the type element set to "emergency" and the action element set to "emergency-registration", then the UE may also provide an indication to the user based on the text string contained in the <reason> element.

NOTE 5:
The last entry on the Path header field value received during registration is the value of the SIP URI of the P-CSCF.

* * * Next Change * * * *
5.1.6.8.4
Emergency session setup within a non-emergency registration

Editor's note: This subclause contains text specific to the "protected server port" which will require modification to handle NASS-IMS bundled authentication.

The UE shall apply the procedures as specified in subclauses 5.1.2A, 5.1.3 and 5.1.4 with the following additions:

1)
the UE shall include a Request URI in the INVITE request that contains an emergency service URN, i.e. a service URN with a top-level service type of "sos" as specified in RFC 5031 [69]. An additional sub-service type can be added if information on the type of emergency service is known;

2)
the UE shall insert in the INVITE request, a To header with:

-
the same emergency service URN as in the Request URI; or

-
if the UE cannot perform local dialstring interpretation for the dialled digits, a dialstring URI representing the dialled digits in accordance with RFC 4976 [103] or a tel URL representing the dialled digits;

NOTE 1:
This version of this document does not provide any specified handling of a URI with the dialled digits in accordance with RFC 4976 [103] at an entity within the IM CN subsystem. Behaviour when this is used is therefore not defined.

3)
the UE shall insert in the INVITE request, a From header that includes the public user identity or the tel URI associated with the public user identity, as described in subclause 4.2; 

4)
if available to the UE, and if defined for the access type as specified in subclause 7.2A.4, the P-Access-Network-Info header shall contain a location identifier such as the cell id, line id or the identity of the I-WLAN access node, which is relevant for routeing the IMS emergency call;

NOTE 2:
3GPP TS 23.167 [4B] describes several methods how the UE can get its location information from the access network or from a server. Such methods are not in the scope of this specification.

5)
the UE shall insert in the INVITE request a P-Preferred-Identity that includes the public user identity or the tel URI associated with the public user identity as described in subclause 4.2;

6)
if the UE has its location information available, then the UE shall include it in the INVITE request in the following way:

-
if the UE is aware of the URI that points to where the UE's location is stored, include the URI in the Geolocation header in accordance with draft-ietf-sip-location-conveyance [89]; or 

-
if the geographical location information of the UE is available to the UE, include its geographical location information as PIDF location object in accordance with RFC 4119 [90] and include the location object in a message body with the content type application/pidf+xml in accordance with draft-ietf-sip-location-conveyance [89]. The Geolocation header is set to a Content ID in accordance with draft-ietf-sip-location-conveyance [89]; and
7)
if the UE has no geographical location information available, the UE shall not include any geographical location information as specified in draft-ietf-sip-location-conveyance [89] in the INVITE request; and
NOTE 2:
It is suggested that UE's only use the option of providing a URI when the domain part belongs to the current P-CSCF or S-CSCF provider. This is an issue on which the network operator needs to provide guidance to the end user. A URI that is only resolvable to the UE which is making the emergency call is not desirable.

8)
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 insert the public GRUU (pub-gruu) value in the Contact header as specified in draft-ietf-sip-gruu [93]; otherwise the UE shall include the address in the Contact header set to contain:

-
the IP address or FQDN of the UE;

-
if IMS AKA or SIP digest with TLS is being used as a security mechanism, the protected server port value as in the initial registration; or

-
if SIP digest without TLS is being used as a security mechanism, the port value of an unprotected port where the UE expects to receive subsequent mid-dialog requests. The unprotected port value shall be set to the port value used in the initial registration; and

9)
the UE shall insert in the Contact header the URI parameter that indicates that this contact information pertains to the emergency session.

Editor's note: It is FFS whether the URI parameter is added when the contact address is a GRUU.

In the event the UE receives a 380 (Alternative Service) response with a P-Asserted-Identity header field with a value equal to the value of the SIP URI of the P-CSCF received in the Path header field during registration, and the Content-Type header field set according to subclause 7.6 (i.e. "application/3gpp-ims+xml"), independent of the value or presence of the Content-Disposition header field, independent of the value or presence of Content-Disposition parameters, then this default content disposition, identified as "3gpp-alternative-service", is applied as follows:

-
if the 380 (Alternative Service) response includes a 3GPP IM CN subsystem XML body as described in subclause 7.6 with the type element set to "emergency" and the action element set to "emergency-registration", then the UE shall:

-
perform an initial emergency registration, as described in subclause 5.1.6.2; and

-
attempt an emergency call as described in subclause 5.1.6.8.3;

-
attempt emergency call via CS domain using appropriate access technology specific procedures, if available and not already tried; or

-
perform implementation specific actions to establish the emergency call; and
-
if the 380 (Alternative Service) response includes a 3GPP IM CN subsystem XML body as described in subclause 7.6 with the type element set to "emergency" and the action element set to "emergency-registration", then the UE may also provide an indication to the user based on the text string contained in the <reason> element.
Editor's Note: It is FFS how the UE will indicate if no location is available if the UE does not support draft-ietf-sip-location-conveyance [89].

NOTE 4:
RFC 3261 [26] provides for the use of the Priority header field with a suggested value of "emergency". It is not precluded that emergency sessions contain this value, but such usage will have no impact on the processing within the IM CN subsystem.

NOTE 5:
The last entry on the Path header field value received during registration is the value of the SIP URI of the P-CSCF.

* * * Next Change * * * *
5.2.10.4
General treatment for all dialogs and standalone transactions excluding the REGISTER method - non-emergency registration

If the P-CSCF receives an initial request for a dialog, or a standalone transaction, or an unknown method, for a registered user the P-CSCF shall inspect the Request URI independent of values of possible entries in the received Route headers for known emergency service identifiers, i.e. emergency numbers and the emergency service URN from these configurable lists. If the P-CSCF detects that the Request-URI of the initial request for a dialog, or a standalone transaction, or an unknown method matches one of the emergency service identifiers in any of these lists, the P-CSCF shall:
0)
determine the geographical location of the UE. Access technology specific procedures are described in each access technology specific annex. If the UE is roaming or the P-CSCF is in a different network than the UE's home operator's network, then the P-CSCF:

-
shall reject the request by returning a 380 (Alternative Service) response to the UE;

-
shall assume that the UE supports version 1 of the XML Schema for the 3GPP IM CN subsystem XML body if support for the 3GPP IM CN subsystem XML body as described in subclause 7.6 in the Accept header is not indicated; and
-
shall include in the 380 (Alternative Service) response:

-
a Content-Type header field with the value set to associated MIME type of the 3GPP IM CN subsystem XML body as described in subclause 7.6.1; and
-
a P-Asserted-Identity header field set to the value of the SIP URI of the P-CSCF included in the Path header field during the registration of the user whose UE sent the request causing this response.


The body shall contain:


a)
an <alternative-service> element, set to the parameters of the alternative service;
b)
a <type> child element, set to "emergency" to indicate that it was an emergency call;
c)
a <reason> child element, set to an operator configurable reason; and

d)
an <action> child element, set to "emergency-registration" if the request included an emergency service URN in the Request-URI.
NOTE 1:
Roaming is when a UE is in a geographic area that is outside the serving geographic area of the home IM CN subsystem.

NOTE 2:
Emergency service URN in the request-URI indicates for the network that the emergency call attempt is recognized by the UE.
1)
include in the Request-URI an emergency service URN, i.e. a service URN with a top-level service type of "sos" as specified in RFC 5031 [69], if necessary, and execute the procedure described in step 3, 4, 5, 6, and 7, in subclause 5.2.6.3.3, subclause 5.2.6.3.7, subclause 5.2.6.3.11 and subclause 5.2.7.2, as appropriate. An additional sub-service type can be added if information on the type of emergency service is known. The entry in the Request-URI that the P-CSCF includes may either be:

-
as received from the UE in the Request URI in accordance with RFC 5031 [69]; or

-
as deduced from the Request-URI received from the UE; and

2)
if the request contains a Contact header field containing a GRUU the P-CSCF shall save the GRUU received in the Contact header field of the request and associate it with the UE IP address and UE port such that the P-CSCF is able to route target refresh request containing that GRUU in the Request-URI. The UE port used for the association is determined as follows:
-
if IMS AKA or SIP digest with TLS is being used as a security mechanism, the UE protected server port for the security association on which the request was received; or

-
if SIP digest without TLS is being used as a security mechanism, the UE unprotected port on which the request was received.
In addition the P-CSCF shall execute the procedures as specified in subclause 5.2 with the following additions:

3)
the P-CSCF shall:

-
if the public user identity included in the P-Preferred-Identity header matches one of the registered public user identities, remove the P-Preferred-Identity header from the received request and insert a P-Asserted-Identity header that includes the public user identity that was present in the P-Preferred-Identity header. Add a second P-Asserted identity header that contains the tel URI associated with the public user identity. If the tel URI associated with one of the registered public user identities is included in the P-Preferred-Identity header, check the validity of the tel URI, remove the P-Preferred-Identity header and insert a P-Asserted-Identity header that includes the tel URI that was present in the P-Preferred-Identity header. Add a second P-Asserted-Identity header that contains a public user identity associated with the tel URI;


-
select an E-CSCF and add the URI of the selected E-CSCF to the topmost Route header.

NOTE 3:
It is implementation dependant as to how the P-CSCF obtains the list of E-CSCFs.

If the P-CSCF does not receive any response to the INVITE request (including its retransmissions); or receives a 3xx response or 480 (Temporarily Unavailable) response to an INVITE request, the P-CSCF shall select a new E-CSCF and forward the INVITE request.

When the P-CSCF receives a target refresh request for a dialog with the Request-URI containing a GRUU the P-CSCF shall:

-
obtain the UE IP address and UE port associated to the GRUU contained in the Request-URI and rewrite the Request-URI with that UE IP address and UE port; and

-
perform the steps in subclause 5.2.6.4 for when the P-CSCF receives, destined for the UE, a target refresh request for a dialog.

* * * Next Change * * * *
5.2.10.5
Abnormal cases

If the IM CN subsystem to where the P-CSCF belongs to is not capable to handle emergency sessions or due to local policy does not handle emergency sessions or only handles certain type of emergency session request or does not support emergency sessions for either the geographical location of the UE is located or the IP-CAN to which the UE is attached, the P-CSCF shall not forward the INVITE request. The P-CSCF:

-
shall respond to the INVITE request with a 380 (Alternative Service) response;

-
shall assume that the UE supports version 1 of the XML Schema for the 3GPP IM CN subsystem XML body if support for the 3GPP IM CN subsystem XML body as described in subclause 7.6 in the Accept header is not indicated; and 

-
shall include in the 380 (Alternative Service) response:

-
a Content-Type header field with the value set to associated MIME type of the 3GPP IM CN subsystem XML body as described in subclause 7.6.1; and
-
a P-Asserted-Identity header field set to the value of the SIP URI of the P-CSCF included in the Path header field during the registration of the user whose UE sent the request causing this response. 


The body shall contain:
a)
an <alternative-service> element, set to the parameters of the alternative service;
b)
a <type> child element, set to "emergency" to indicate that it was an emergency call;
c)
a <reason> child element, set to an operator configurable reason; and

d)
an <action> child element, set to "emergency-registration" if the request included an emergency service URN in the Request-URI.
NOTE 1:
Emergency service URN in the request-URI indicates for the network that the emergency call attempt is recognized by the UE.

NOTE 2:
Some networks only allow session requests with a Request-URI containing an emergency service URN, i.e. a service URN with a top-level service type of "sos" as specified in RFC 5031 [69].
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