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*** Next changes ***
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 network (P-CSCF, the I-CSCF, the IBCF, the S-CSCF, the BGCF. the MGCF, the MRFC, and all ASs that are included in the trust domain). 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 outside the operator’s network can also belong to the trust domain if they have a trusted relationship with the home network. 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.

Editor's Note: the exact mechanism to determine which nodes are part of the trust domain and which nodes are not, is FFS.

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.

According to RFC 4244 [66] subclause 3.3, the History-Info header can be restricted to specific domains. Therefore for the purpose of the History-Info header within this specification, a trust domain also applies. This trust domain is identical to that of the P-Asserted-Identity. For the History-Info header, subclause 5.4 also identifies additional cases for the removal of the header. SIP functional entities within the trust domain will need to take an action on the removal of the History-Info header when SIP signalling crosses the boundary of the trust domain.

*** Next change ***’
5.4.3.3
Requests terminated at the served user

When the S-CSCF receives, destined for a statically pre-configured PSI or a registered served user, 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 Request-URI of the request or not. In case the Request URI contains a barred public user identity for the user, then the S-CSCF shall reject the request by generating a 404 (Not Found) response. Otherwise, continue with the rest of the steps;

2)
remove its own URI from the topmost Route header;

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.

-
If not present, it indicates that the request is visiting the S-CSCF for the first time, and in this case the S-CSCF shall save the Request-URI from the request;

4)
if there is a original dialog identifier present in the topmost Route header of the incoming request check whether the Request-URI equals to the saved value of the Request-URI. If there is no match, then:

a)
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; and

b)
forward the request based on the topmost Route header and skip the following steps.

If there is a match, then check whether the initial request matches the next unexecuted initial filter criteria in the priority order and apply the filter criteria on the SIP method as described in 3GPP TS 23.218 [5] subclause 6.5. If there is a match, then 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;

NOTE 1:
Depending on the result of the previous process, the S-CSCF may contact one or more AS(s) before processing the outgoing Request-URI.

5)
if there is no original dialog identifier present in the topmost Route header of the incoming request insert a P-Charging-Function-Addresses header field, if not present, populated with values received from the HSS if the message is forwarded within the S-CSCF home network, including towards AS;

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;

7)
if there is no original dialog identifier present in the topmost Route header of the incoming request store the value of the orig-ioi parameter received in the P-Charging-Vector header, if present. The orig-ioi parameter identifies the sending network of the request message. The orig-ioi parameter shall only be retained in the P-Charging-Vector header if the next hop is to an AS;

8)
if necessary perform the caller preferences to callee capabilities matching according to RFC 3841 [56B];

9)
in case there are no Route headers in the request, then determine, from the destination public user identity, the list of preloaded routes saved during registration or re-registration, as described in subclause 5.4.1.2. Furthermore, the S-CSCF shall:

a)
build the Route header field with the values determined in the previous step;

b)
determine, from the destination public user identity, the saved Contact URI where the user is reachable saved at registration or reregistration, as described in subclause 5.4.1.2. If there is more than one contact address saved for the destination public user identity, the S-CSCF shall:

-
if the fork directive in the Request Disposition header was set to "no-fork", the contact with the highest qvalue parameter shall be used when building the Request-URI. In case no qvalue parameters were provided, the S-CSCF shall decide locally what contact address to be used when building the Request-URI; otherwise

-
fork the request or perform sequential search based on the relative preference indicated by the qvalue parameter of the Contact header in the original REGISTER request, as described in RFC3261 [26]. In case no qvalue parameters were provided, then the S-CSCF determine the contact address to be used when building the Request-URI as directed by the Request Disposition header as described in RFC 3841 [56B]. If the Request-Disposition header is not present, the S-CSCF shall decide locally whether to fork or perform sequential search among the contact addresses;

c)
build a Request-URI with the contents of the saved Contact URI determined in the previous step; and

d)
insert a P-Called-Party-ID SIP header field including the Request-URI received in the request;

10)
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;

11)
optionally, apply any privacy required by RFC 3323 [33] and RFC 3325 [34] to the P-Asserted-Identity header and privacy required by RFC 4244[66];
NOTE 2:
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].

12)
in case of an initial request for a dialog, 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; and

13)
forward the request based on the topmost Route header.

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 originating 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 originating UE (without verifying the matching of filter criteria of lower priority and without proceeding for further steps). 
When the S-CSCF receives, destined for an unregistered user, an initial request for a dialog or a request for a standalone transaction, the S-CSCF shall:

1)
if the S-CSCF does not have the user profile, then initiate the S-CSCF Registration/deregistration notification with the purpose of downloading the relevant user profile (i.e. for unregistered user) and informing the HSS that the user is unregistered, but this S-CSCF will assess triggering of services for the unregistered user, as described in 3GPP TS 29.228 [14];

2)
execute the procedures described in the steps 1, 2 and 3 in the above paragraph (when the S-CSCF receives, destined for the registered served user, an initial request for a dialog or a request for a standalone transaction); and

3)
execute the procedure described in step 4, 5, 6, 7, 8, 10, 12 and 13 in the above paragraph (when the S-CSCF receives, destined for the registered served user, an initial request for a dialog or a request for a standalone transaction).


In case that no AS needs to be contacted, then S-CSCF shall return an appropriate unsuccessful SIP response. This response may be a 480 (Temporarily unavailable) and terminate these procedures.

When the S-CSCF receives any 1xx or 2xx response to the initial request for a dialog (whether the user is registered or not), it shall:

1)
if the response corresponds to an INVITE request, 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;

2)
insert a term-ioi parameter in the P-Charging-Vector header of the outgoing response. The S-CSCF shall set the term-ioi parameter to a value that identifies the sending network of the response and the orig-ioi parameter is set to the previously received value of orig-ioi;

3)
in the case where the S-CSCF has knowledge of an associated tel URI for a SIP URI contained in the received P-Asserted-Identity header, the S-CSCF shall add a second P-Asserted-Identity header containing this tel URI; and

4)
in case the response is sent towards the originating user, the S-CSCF may remove the P-Access-Network-Info header based on local policy rules and the destination user (Request-URI).

When the S-CSCF receives a response to a request for a standalone transaction (whether the user is registered or not), in the case where the S-CSCF has knowledge of an associated tel URI for a SIP URI contained in the received P-Asserted-Identity header, the S-CSCF shall add a second P-Asserted-Identity header containing this tel URI. In case the response is forwarded to an AS that is located within the trust domain, the S-CSCF shall retain the P-Access-Network-Info header and the access-network-charging-info parameter in the P-Charging-Vector header; otherwise, the S-CSCF shall remove the P-Access-Network-Info header and the access-network-charging-info parameter in the P-Charging-Vector header. 

When the S-CSCF receives the 200 (OK) response for a standalone transaction request, the S-CSCF shall: 

1)
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 an AS; and

2)
insert a term-ioi parameter in the P-Charging-Vector header of the outgoing response. The S-CSCF shall set the term-ioi parameter to a value that identifies the sending network of the response and the orig-ioi parameter is set to the previously received value of orig-ioi.

When the S-CSCF receives, destined for a 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)
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;

3)
create a Record-Route header containing its own SIP URI; and

4)
forward the request based on the topmost Route header.

When the S-CSCF receives any 1xx or 2xx response to the target refresh request for a dialog (whether the user is registered or not), the S-CSCF shall:

1)
if the response corresponds to an INVITE request, save the Record-Route and Contact header field values in the response such that the S-CSCF is able to release the session if needed; and

2)
in case the response is forwarded to an AS that is located within the trust domain, the S-CSCF shall retain the P-Access-Network-Info header and the access-network-charging-info parameter in the P-Charging-Vector header; otherwise, the S-CSCF shall remove the P-Access-Network-Info header and the access-network-charging-info parameter in the P-Charging-Vector header.

When the S-CSCF receives, destined for the served user, a subsequent request other than 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; and

2)
forward the request based on the topmost Route header.

When the S-CSCF receives a response to a a subsequent request other than target refresh request for a dialog, in case the response is forwarded to an AS that is located within the trust domain, the S-CSCF shall retain the P-Access-Network-Info header and the access-network-charging-info parameter from the P-Charging-Vector header; otherwise, the S-CSCF shall remove the P-Access-Network-Info header and the access-network-charging-info parameter from the P-Charging-Vector header.

With the exception of 305 (Use Proxy) rersponses, the S-CSCF shall not recurse on 3xx responses.

*** Next change ***’
A.3.2.2
SDP types

Table A.318: SDP types

	Item
	Type
	Sending
	Receiving

	
	
	Ref.
	RFC status
	Profile status
	Ref.
	RFC status
	Profile status

	
	Session level description

	1
	v= (protocol version)
	[39] 5.1
	m
	m
	[39] 6
	m
	m

	2
	o= (owner/creator and session identifier)
	[39] 5.2
	m
	m
	[39] 6
	m
	m

	3
	s= (session name)
	[39] 5.3
	m
	m
	[39] 6
	m
	m

	4
	i= (session information)
	[39] 5.4
	o
	o
	[39] 6
	m
	m

	5
	u= (URI of description)
	[39] 5.5
	o
	n/a
	[39] 6
	o
	n/a

	6
	e= (email address)
	[39] 5.6
	o
	n/a
	[39] 6
	o
	n/a

	7
	p= (phone number)
	[39] 5.6
	o
	n/a
	[39] 6
	o
	n/a

	8
	c= (connection information)
	[39] 5.7
	o
	o
	[39] 6
	m
	m

	9
	b= (bandwidth information)
	[39] 5.8
	o
	o (NOTE 1)
	[39] 6
	m
	m

	
	Time description (one or more per description)

	10
	t= (time the session is active)
	[39] 5.9
	m
	m
	[39] 6
	m
	m

	11
	r= (zero or more repeat times)
	[39] 5.10
	o
	n/a
	[39] 6
	o
	n/a

	
	Session level description (continued)

	12
	z= (time zone adjustments)
	[39] 5.11
	o
	n/a
	[39] 6
	o
	n/a

	13
	k= (encryption key)
	[39] 5.12
	o
	o
	[39] 6
	o
	o

	14
	a= (zero or more session attribute lines)
	[39] 5.13
	o
	o
	[39] 6
	m
	m

	
	Media description (zero or more per description)

	15
	m= (media name and transport address)
	[39] 5.14
	o
	o
	[39] 6
	m
	m

	16
	i= (media title)
	[39] 5.4
	o
	o
	[39] 6
	o
	o

	17
	c= (connection information)
	[39] 5.7
	c1
	c1
	[39] 6
	c1
	c1

	18
	b= (bandwidth information)
	[39] 5.8
	o
	o (NOTE 1)
	[39] 6
	
	

	19
	k= (encryption key)
	[39] 5.12
	o
	o
	[39] 6
	o
	o

	20
	a= (zero or more media attribute lines)
	[39] 5.13
	o
	o
	[39] 6
	m
	m

	c1:
IF A.318/15 THEN m ELSE n/a.

NOTE 1:
For "video" and "audio" media types that utilise RTP/RTCP, it shall be specified. For other media types, it may be specified.


Prerequisite A.318/14 OR A.318/20 - - a= (zero or more session/media attribute lines)

*** Next change ***’
A.3.3.2
SDP types

Table A.329: SDP types

	Item
	Type
	Sending
	Receiving

	
	
	Ref.
	RFC status
	Profile status
	Ref.
	RFC status
	Profile status

	
	Session level description

	1
	v= (protocol version)
	[39] 5.1
	m
	m
	[39] 6
	m
	m

	2
	o= (owner/creator and session identifier).
	[39] 5.2
	m
	m
	[39] 6
	i
	i

	3
	s= (session name)
	[39] 5.3
	m
	m
	[39] 6
	i
	i

	4
	i= (session information)
	[39] 5.4
	m
	m
	[39] 6
	i
	i

	5
	u= (URI of description)
	[39] 5.5
	m
	m
	[39] 6
	i
	i

	6
	e= (email address)
	[39] 5.6
	m
	m
	[39] 6
	i
	i

	7
	p= (phone number)
	[39] 5.6
	m
	m
	[39] 6
	i
	i

	8
	c= (connection information)
	[39] 5.7
	m
	m
	[39] 6
	i
	i

	9
	b= (bandwidth information)
	[39] 5.8
	m
	m
	[39] 6
	i
	i

	
	Time description (one or more per description)

	10
	t= (time the session is active)
	[39] 5.9
	m
	m
	[39] 6
	i
	i

	11
	r= (zero or more repeat times)
	[39] 5.10
	m
	m
	[39] 6
	i
	i

	
	Session level description (continued)

	12
	z= (time zone adjustments)
	[39] 5.11
	m
	m
	[39] 6
	i
	i

	13
	k= (encryption key)
	[39] 5.12
	m
	m
	[39] 6
	i
	i

	14
	a= (zero or more session attribute lines)
	[39] 5.13
	m
	m
	[39] 6
	i
	i

	
	Media description (zero or more per description)

	15
	m= (media name and transport address)
	[39] 5.14
	m
	m
	[39] 6
	m
	m

	16
	i= (media title)
	[39] 5.4
	o
	
	[39] 6
	
	

	17
	c= (connection information)
	[39] 5.7
	o
	
	[39] 6
	
	

	18
	b= (bandwidth information)
	[39] 5.8
	o
	
	[39] 6
	
	

	19
	k= (encryption key)
	[39] 5.12
	o
	
	[39] 6
	
	

	20
	a= (zero or more media attribute lines)
	[39] 5.13
	o
	
	[39] 6
	
	


Prerequisite A.329/14 OR A.329/20 - - a= (zero or more session/media attribute lines)
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