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***   2nd change   ***

4.4
Trust domain

RFC 3325 [34] provides for the existence and trust of an asserted identity within a trust domain. For the IM CN subsystem, this trust domain consists of the functional entities that belong to the same operator's domain (P-CSCF, the I-CSCF, the S-CSCF, the BGCF. the MGCF, the MRFC, and all ASs that are not provided by third-party service providers). Additionally, other IMS nodes that are not part of the same operator's domain may or may not be part of the trust domain, depending on whether an interconnect agreement exists with the remote network. SIP functional entities that belong to a network for which there is an interconnect agreement are part of the trust domain. ASs provided by third-party service providers are outside the trust domain. SIP functional entities within the trust domain will need to take an action on the removal of the P-Asserted-Identity header when SIP signalling crosses the boundary of the trust domain.


For the purpose of the P-Access-Network-Info header, a trust domain also applies. This trust domain is identical to that of the P-Asserted-Identity. For the P-Access-Network-Info header, subclause 5.4 also identifies additional cases for the removal of the header.

NOTE:
In addition to the procedures specified in clause 5, procedures of RFC 3325 [34] in relation to transmission of P-Asserted-Identity headers and their contents outside the trust domain also apply.

***   3rd change   ***

4.5.4
Inter operator identifier (IOI)
The Inter Operator Identifier (IOI) is a globally unique identifier  to share between sending and receiving networks, service providers or content providers.

The sending network populates the orig-ioi parameter of the P-Charging-Vector header in a request and thereby identifies the operator network from which the request originated. The term-ioi parameter is left out of the P-Charging-Vector header in this request. The sending network retrieves the term-ioi parameter from the P-Charging-Vector header within the message sent in response, which identifies the operator network from which the response was sent.

The receiving network retrieves the orig-ioi parameter from the P-Charging-Vector header in the request, which identifies the operator network from which the request originated. The receiving network populates the term-ioi parameter of the P-Charging-Vector header in the response to the request, which identifies the operator network from which the response was sent.

There are three types of IOI:

-
Type 1 IOI, between the P-CSCF (possibly in the visited network) and the S-CSCF in the home network. This is exchanged in REGISTER requests and responses.

-
Type 2 IOI, between the S-CSCF of the home originating network and the S-CSCF of the home terminating network or between the S-CSCF of the home originating network and the MGCF when a call/session is terminated at the PSTN/PLMN or between the MGCF and the S-CSCF of the home terminating network when a call/session is originated from the PSTN/PLMN or with a PSI AS when accessed accross I-CSCF. This is exchanged in all session-related and session-unrelated requests and responses. For compatibility issues related to CS charging system behaviour simulation, the S-CSCF in the terminating network shall forward the orig-ioi parameter from the P-Charging-Vector header in the initial request, which identifies the operator network from which the request originated.


-
Type 3 IOI, between the S-CSCF of the home operator network and any AS. This is exchanged in all session-related and session-unrelated requests and responses.

Each entity that processes the SIP request will extract the IOI for possible later use in a CDR. The valid duration of the IOI is specified in 3GPP TS 32.240 [16].
***   4th change   ***
5.1.4.1
Initial INVITE request

The precondition mechanism should be supported by the terminating UE.

The handling of incoming initial INVITE requests at the terminating UE is mainly dependent on the following conditions:

-
the specific service requirements for "integration of resource management and SIP" extension (hereafter in this subclause known as the precondition mechanism and defined in RFC 3312 [30] as updated by RFC 4032 [64], and with the request for such a mechanism known as a precondition); and

-
the UEs configuration for the case when the specific service does not require the precondition mechanism.


If an initial INVITE request is received the terminating UE shall check whether the terminating UE requires local resource reservation.

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

If local resource reservation is required at the terminating UE and the terminating UE supports the precondition mechanism, and:

a) 
the received INVITE request includes the "precondition" option-tag in the Supported header or Require header, the terminating UE shall make use of the precondition mechanism and shall indicate a Require header with the "precondition" option-tag in any response or subsequent request it sends towards to the originating UE; or

b) 
the received INVITE request does not include the "precondition" option-tag in the Supported header or Require header the terminating UE shall not make use of the precondition mechanism.

If local resource reservation is not required by the terminating UE and the terminating UE supports the precondition mechanism and:

a)
the received INVITE request includes the "precondition" option-tag in the Supported header and

-
the required resources at the originating UE are not reserved, the terminating UE shall use the precondition mechanism; or

-
the required local resources at the originating UE and the terminating UE are available, the terminating UE may use the precondition mechanism;

b)
the received INVITE request does not include the "precondition" option-tag in the Supported header or Require header, the terminating UE shall not make use of the precondition mechanism; or

c)
the received INVITE request includes the "precondition" option-tag in the Require header, the terminating UE shall use the precondition mechanism.

NOTE 2:
Table A.4 specifies that UE support of forking is required in accordance with RFC 3261 [26].


NOTE 3:
If the terminating UE does not support the precondition mechanism it will apply regular SIP session initiation procedures. 

If the terminating UE requires a reliable alerting indication at the originating side, it shall send the 180 (Ringing) response reliably. The terminating UE shall send provisional responses reliably only if the provisional response carries SDP or for other application related purposes that requires its reliable transport. 

***   5th change   ***

5.4.3.2
Requests initiated by the served user

When the S-CSCF receives from the served user or from a PSI an initial request for a dialog or a request for a standalone transaction, prior to forwarding the request, the S-CSCF shall:


1)
determine whether the request contains a barred public user identity in the P-Asserted-Identity header field of the request or not. In case the said header field contains a barred public user identity for the user, then the S-CSCF shall reject the request by generating a 403 (Forbidden) response. Otherwise, continue with the rest of the steps;

NOTE 1:
If the P-Asserted-Identity header field contains a barred public user identity, then the message has been received, either directly or indirectly, from a non-compliant entity which should have had generated the content with a non-barred public user identity.

2)
store the value of the orig-ioi parameter received in the P-Charging-Vector header if present, and remove it from any forwarded request; 

NOTE 2:
Any received orig-ioi parameter will be a type 3 orig-ioi. The type 3 orig-ioi identifies the service provider from which the request was sent (AS initiating a session on behalf of a user or a PSI);

3)
check if an original dialog identifier that the S-CSCF previously placed in a Route header is present in the topmost Route header of the incoming request. If present, it indicates an association with an existing dialog, the request has been sent from an AS in response to a previously sent request;

4)
remove its own SIP URI from the topmost Route header;

5)
check whether the initial request matches the next unexecuted initial filter criteria based on a public user identity in the P-Asserted-Identity header in the priority order as described in 3GPP TS 23.218 [5], and if it does, the S-CSCF shall:

a)
insert the AS URI to be contacted into the Route header as the topmost entry followed by its own URI populated as specified in the subclause 5.4.3.4;

b)
if the AS is located outside the trust domain then the S-CSCF shall remove the P-Access-Network-Info header field and its values and the access-network-charging-info parameter in the P-Charging-Vector header from the request; if the AS is located within the trust domain, then the S-CSCF shall retain the P-Access-Network-Info header field and its values and the access-network-charging-info parameter in the P-Charging-Vector header in the request that is forwarded to the AS; and

c) 
insert a type 3 orig-ioi parameter before the received orig-ioi parameters in the P-Charging-Vector header. The S-CSCF shall set the type 3 orig-ioi parameter to a value that identifies the sending network of the request. The S-CSCF shall not include the type 3 term-ioi parameter;

NOTE 3:
Depending on the result of processing the filter criteria the S-CSCF might contact one or more AS(s) before processing the outgoing Request URI.

6)
if there is no original dialog identifier present in the topmost Route header of the incoming request store the value of the icid parameter received in the P-Charging-Vector header and retain the icid parameter in the P-Charging-Vector header. Optionally, the S-CSCF may generate a new, globally unique icid and insert the new value in the icid parameter of the P-Charging-Vector header when forwarding the message. If the S-CSCF creates a new icid, then it is responsible for maintaining the two icid values in the subsequent messaging;

7)
in step 5, if the initial request did  not match the next unexecuted initial filter criteria (i.e. the request is not forwarded to an AS), insert a type 2 orig-ioi parameter into the P-Charging-Vector header. The S-CSCF shall set the type 2 orig-ioi parameter to a value that identifies the sending network. The S-CSCF shall not include the type 2 term-ioi parameter;

8)
if there is no original dialog identifier present in the topmost Route header of the incoming request insert a P-Charging-Function-Addresses header populated with values received from the HSS if the message is forwarded within the S-CSCF home network, including towards AS;

9)
if there is no original dialog identifier present in the topmost Route header of the incoming request and if the S-CSCF has knowledge that the SIP URI contained in the received P-Asserted-Identity header is an alias SIP URI for a tel URI, add a second P-Asserted-Identity header containing this tel-URI. If the P-Asserted-Identity header contains only a tel URI, the S-CSCF shall add a second P-Asserted-Identity header containing a SIP URI. The added SIP URI shall contain in the user part a "+" followed by the international public telecommunication number contained in tel URI, and user's home domain name in the hostport part. The S-CSCF shall also add a user parameter equals "phone" to the SIP URI;

NOTE 4:
The S-CSCF recognizes that a given SIP URI is an alias SIP URI of a tel URI, since they have the same service profile and belong to the same set of implicitly registered public user identities. If tel URI is shared URI so is the alias SIP URI.


10)
if the request is not forwarded to an AS and if the outgoing Request-URI is a tel URI, the S-CSCF shall translate the E.164 address (see RFC 3966 [22]) to a globally routeable SIP URI using an ENUM/DNS translation mechanism with the format specified in RFC 3761 24]. Databases aspects of ENUM are outside the scope of the present document. If this translation fails, the request may be forwarded to a BGCF or any other appropriate entity (e.g a MRFC to play an announcement) in the originator's home network or the S-CSCF may send an appropriate SIP response to the originator. If the request is forwarded, the S-CSCF shall remove the access-network-charging-info parameter from the P-Charging-Vector header prior to forwarding the message. If the outgoing Request-URI is a pres URI or an im URI, the S-CSCF shall forward the request as specified in RFC 3861 [63]. In this case, the S-CSCF shall not modify the received Request-URI;

11)
determine the destination address (e.g. DNS access) using the URI placed in the topmost Route header if present, otherwise based on the Request-URI. If the destination address is of an IP address type other than the IP address type used in the IM CN subsystem , then the S-CSCF shall forward the request to the IMS-ALG if the IM CN subsytem supports interworking to networks with different IP address type;

12)
if network hiding is needed due to local policy, put the address of the I-CSCF(THIG) to the topmost route header;

13)
in case of an initial request for a dialog originated from a served user, either: 

-
if the request is routed to an AS which is part of the trust domain, the S-CSCF can decide whether to record-route or not. The decision is configured in the S-CSCF using any information in the received request that may otherwise be used for the initial filter criteria. If the request is record-routed the S-CSCF shall create a Record-Route header containing its own SIP URI; or

-
if the request is routed elsewhere, create a Record-Route header containing its own SIP URI;

NOTE 5:
For requests originated from a PSI the S-CSCF can decide whether to record-route or not.


14)
based on the destination user (Request-URI), remove the P-Access-Network-Info header and the access-network-charging-info parameter in the P-Charging-Vector header prior to forwarding the message;
15)
route the request based on SIP routeing procedures; and

16)
if the request is an INVITE request, save the Contact, Cseq and Record-Route header field values received in the request such that the S-CSCF is able to release the session if needed.

If the S-CSCF fails to receive a SIP response or receives a 408 (Request Timeout) response or a 5xx response from the AS, the S-CSCF shall: 
- 
if the default handling defined in the filter criteria indicates the value "SESSION_CONTINUED" as specified in 3GPP TS 29.228 [14] or no default handling is indicated, execute the procedure from step 4; and

-
if the default handling defined in the filter criteria indicates the value "SESSION_TERMINATED" as specified in 3GPP TS 29.228 [14], either forward the received response or send a 408 (Request Timeout) response or a 5xx response towards the served UE as appropriate (without verifying the matching of filter criteria of lower priority and without proceeding for further steps).

If the S-CSCF receives any final response from the AS, it shall forward the response towards the served UE (without verifying the matching of filter criteria of lower priority and without proceeding for further steps). 
When the S-CSCF receives any response to the above request, the S-CSCF may:

1)
apply any privacy required by RFC 3323 [33] and RFC 3325 [34] to the P-Asserted-Identity header.

NOTE 6:
The P-Asserted-Identity header would normally only be expected in 1xx or 2xx responses.

NOTE 7:
The optional procedure above is in addition to any procedure for the application of privacy at the edge of the trust domain specified by RFC 3325 [34].

When the S-CSCF receives any response to the above request containing a term-ioi parameter, the S-CSCF shall store the value of the received term-ioi parameter received in the P-Charging-Vector header, if present, and remove all received ioi parameters from the forwarded response if next hop is not an AS.

NOTE 8:
Any received term-ioi parameter will be a type 2 term-ioi or type 3 term-ioi. The term-ioi parameter identifies the sending network of the response message

When the S-CSCF receives any response to the above request, and forwards it to AS, the S-CSCF shall insert a P-Charging-Vector header containing the orig-ioi parameter, if received in the request, and a type 3 term-ioi parameter in the response. The S-CSCF shall set the type 3 term-ioi parameter to a value that identifies the sending network of the response and the type 3 orig-ioi parameter is set to the previously received value of  type 3 orig-ioi.

When the S-CSCF receives a 1xx or 2xx response to the initial request for a dialog, if the response corresponds to an INVITE request, the S-CSCF shall save the Contact and Record-Route header field values in the response in order to be able to release the session if needed.

When the S-CSCF, upon sending an initial INVITE request that includes an IPv6 address in the SDP offer (in "c=" parameter), receives an  error response indicating that the the IP address type used in the IM CN subsystem is not supported, (e.g., the S-CSCF receives the 488 (Not Acceptable Here) with 301 Warning header indicating "incompatible network address format"), the S-CSCF shall either:

-
fork the initial INVITE request to the IMS-ALG; or

-
process the error response and forward it using the Via header.
When the S-CSCF receives from the served user a target refresh request for a dialog, prior to forwarding the request the S-CSCF shall:

1)
remove its own URI from the topmost Route header;

2)
create a Record-Route header containing its own SIP URI;

3)
if the request is an INVITE request, save the Contact, Cseq and Record-Route header field values received in the request such that the S-CSCF is able to release the session if needed;

4)
in case the request is routed towards the destination user (Request-URI) or in case the request is routed to an AS located outside the trust domain, remove the P-Access-Network-Info header and the access-network-charging-info parameter in the P-Charging-Vector header; and

5)
route the request based on the topmost Route header.

When the S-CSCF receives a 1xx or 2xx response to the target refresh request for a dialog, if the response corresponds to an INVITE request, the S-CSCF shall save the Contact and Record-Route header field values in the response such that the S-CSCF is able to release the session if needed.

When the S-CSCF receives from the served user a subsequent request other than a target refresh request for a dialog, prior to forwarding the request the S-CSCF shall:

1)
remove its own URI from the topmost Route header; 

2)
in case the request is routed towards the destination user (Request-URI) or in case the request is routed to an AS located outside the trust domain, remove the P-Access-Network-Info header and the access-network-charging-info parameter in the P-Charging-Vector header; and

3)
route the request based on the topmost Route header.

***   6th change   ***

5.7.1.4
User identify verification at the AS

The procedures at the AS to accomplish user identity verification are described with the help of figure 5-1.

When the AS receives a SIP initial or standalone request, excluding REGISTER request, that does not contain credentials, the AS shall:


a)
if a Privacy header is present in the initial or standalone request and the Privacy header value is set to "id" or "user", then the user and the request are considered as anonymous, and no further actions are required. The AS shall consider the request as authenticated;

b)
if there is no Privacy header present in the initial or standalone request, or if the Privacy header contains a value other than "id" or "user", then the AS shall check for the presence of a P-Asserted-Identity header in the initial or standalone request. Two cases exists:

i)
the initial or standalone request contains a P-Asserted-Identity header. This is typically the case when the user is located inside a trusted domain as defined by subclause 4.4. In this case, the AS is aware of the identity of the user and no extra actions are needed. The AS shall consider the request as authenticated.

ii)
the initial or standalone request does not contain a P-Asserted-Identity header. This is typically the case when the user is located outside a trusted domain as defined by subclause 4.4. In this case, the AS does not have a verified identity of the user. The AS shall check the From header of the initial or standalone request. If the From header value in the initial or standalone request is set to "Anonymous", then the user and the request are considered as anonymous and no further actions are required. If the From header value does not indicate anonymity, then the AS shall challenge the user by issuing a 401 (Unauthorized) response including a challenge as per procedures described in RFC 3261 [26].

When the AS receives a SIP initial or standalone request that contains credentials but it does not contain a P-Asserted-Identity header the AS shall check the correctness of the credentials as follows: 

a)
If the credentials are correct, then the AS shall consider the identity of the user verified, and the AS shall consider the request as authenticated; 

b)
If the credentials are not correct, the AS may either rechallenge the user by issuing a 401 (Unauthorized) response including a challenge as per procedures described in RFC 3261 [26] (up to a predetermined maximum number of times predefined in the AS configuration data), or consider the user as anonymous. If the user is considered anonymous, the PS shall consider the request as authenticated.
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Figure 5-1: User identity verification flow at the AS

***   7th change   ***

5.7.3
Application Server (AS) acting as originating UA

When acting as an originating UA the AS shall behave as defined for a UE in subclause 5.1.3, with the exceptions identified in this subclause.

The AS, although acting as a UA, does not initiate any registration of its associated addresses. These are assumed to be known by peer-to-peer arrangements within the IM CN subsystem.

When an AS acting as an originating UA generates an initial request for a dialog or a request for a standalone transaction, the AS shall insert a P-Charging-Vector header with the icid parameter populated as specified in 3GPP TS 32.260 [17] and a type 3 orig-ioi. The AS shall set the type 3 orig-ioi parameter to a value that identifies the service provider from which the request is sent. The AS shall not include the type 3 term-ioi parameter. 
NOTE 1:
The AS can retrieve CCF and/or ECF addresses from HSS on Sh interface.
When the AS acting as an originating UA receives any response to an initial request for a dialog or a request for a standalone transaction, it shall store the value of the term-ioi parameters received in the P-Charging-Vector header if present. 

NOTE 2:
Any received term-ioi parameter will be a type 3 term-ioi. The type 3 term-ioi identifies the network operator from which the response was sent.

When an AS acting as an originating UA generates a subsequent request that does not relate to an INVITE dialog, the AS shall insert a P-Charging-Vector header with the icid parameter populated as specified in 3GPP TS 32.260 [17]. 
The AS shall extract charging function addresses from any P-Charging-Function-Addresses header that is received in any 1xx or 2xx responses to the requests.

The AS may also indicate that the 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].
When sending an initial request on behalf of a PSI that is hosted by the AS, the AS shall insert a Route header pointing to an S-CSCF of the home network of the PSI, if:

-
the AS is not able to resolve the next hop address by itself; or

-
the operator policy requires it.

NOTE 3:
The address of the S-CSCF may be obtained by querying the HSS on the Sh interface or from static configuration.

When sending an initial request on behalf of a public user identity, the AS shall insert a Route header pointing to the S-CSCF where the public user identity on whose behalf the request is generated is registered or hosted (unregistered case).

NOTE 4:
The address of the S-CSCF may be obtained either from a previous request terminated by the AS, by querying the HSS on the Sh interface or from static configuration.

For the use of the P-Asserted-Identity by the AS, at least two cases exist:

a)
any initial request for a dialog or request for a standalone transaction is generated as if it was originated by the UE on whose behalf the request is generated. In this case the AS shall insert a P-Asserted-Identity representing a public user identity of that UE. The AS shall append the "orig" parameter to the URI of the S-CSCF; and

b)
any initial request for a dialog or request for a standalone transaction is generated by an AS supporting a service identified by a PSI. In this case the AS shall insert a P-Asserted-Identity containing the PSI of the AS. Also, the AS shall append the "orig" parameter to the URI of the S-CSCF.

The AS can indicate privacy of the P-Asserted-Identity in accordance with RFC 3323 [33], and the additional requirements contained within RFC 3325 [34].

Where privacy is required, in any initial request for a dialog or request for a standalone transaction, the AS shall set the From header to "Anonymous".

NOTE 5:

The contents of the From header should not be relied upon to be modified by the network based on any privacy specified by the user either within the AS indication of privacy or by network subscription or network policy. Therefore the AS should include the value "Anonymous" whenever privacy is explicitly required. 


***   8th change   ***

7.2A.6
Orig parameter definition


***   9th change   ***

8.1.1
SIP compression

The UE shall support SigComp as specified in RFC 3320 [32]. When using SigComp the UE shall send compressed SIP messages in accordance with RFC 3486 [55]. When the UE will create the compartment is implementation specific, but the compartment shall not be created until a set of security associations are set up. The compartment shall finish when the UE is deregistered. State creations and announcements shall be allowed only for messages received in a security association.

NOTE:
Exchange of bytecodes during registration will prevent unnecessary delays during session setup.


The UE shall support the SIP dictionary specified in RFC 3485 [42]. If compression is enabled, the UE shall use the dictionary to compress the first message. 

The following apply when signalling compression is used:

-
State Memory Size greater than zero is needed to give room for the UDVM byte code and make dynamic compression possible. A State Memory Size of at least 4096 bytes shall be a minimum value; and

-
A Decompression Memory Size of at least 8192 bytes shall be a minimum value.

***   10th change   ***

8.2.1
SIP compression

The P-CSCF shall support SigComp as specified in RFC 3320 [32]. When using SigComp the P-CSCF shall send compressed SIP messages in accordance with RFC 3486 [55]. When the P-CSCF will create the compartment is implementation specific, but the compartment shall not be created until a set of security associations are set up. The compartment shall finish when the UE is deregistered. State creations and announcements shall be allowed only for messages received in a security association.

The P-CSCF shall support the SIP dictionary specified in RFC 3485 [42]. If compression is enabled, the P-CSCF shall use the dictionary to compress the first message.

NOTE:
Exchange of bytecodes during registration will prevent unnecessary delays during session setup.


The following apply when signalling compression is used:

-
State Memory Size greater than zero is needed to give room for the UDVM byte code and make dynamic compression possible. A State Memory Size of at least 4096 bytes shall be a minimum value; and

-
A Decompression Memory Size of at least 8192 bytes shall be a minimum value.
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