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*** END OF 1st CHANGE ***

*** START OF 2nd CHANGE ***

5.1.3.1
Initial INVITE request

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]).

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 5:
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 [109] and draft-yu-tel-dai [110].  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 [110].
NOTE 6:
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 dialed a carrier). 
NOTE 7:
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). 
*** END OF 2nd CHANGE ***

*** START OF 3rd CHANGE ***

5.3.2.1
Normal procedures

The I-CSCF may behave as a stateful proxy for initial requests.

Upon receipt of a request, the I-CSCF shall perform the originating procedures as described in subclause 5.3.2.1A if the topmost Route header of the request contains the "orig" parameter. Otherwise, the I-CSCF shall continue with the rest of the procedures of this subclause.

When the I-CSCF receives a request, the I-CSCF shall verify whether it has arrived from a trusted domain or not. If the request has arrived from a non trusted domain, then the I-CSCF shall remove all P-Asserted-Identity headers, all P-Access-Network-Info headers, all P-Charging-Vector headers and all P-Charging-Function-Addresses headers the request may contain.

NOTE 1:
The I-CSCF can find out whether the request arrived from a trusted domain or not, from the procedures described in 3GPP TS 33.210 [19A].

The I-CSCF shall discard the P-Profile Key header, if the I-CSCF receives the Profile Key header in a SIP request or response.

When the I-CSCF receives, destined for a server user or a PSI, an initial request for a dialog or standalone transaction the I-CSCF shall:

1)
if the Request-URI includes: 

a)
a pres: or an im: URI, then translate the pres: or im: URI to a public user identity and replace the Request-URI of the incoming request with that public user identity; or

b)
 a SIP-URI that is not a GRUU and with the user part starting with a + and the user parameter equals "phone" then replace the Request-URI with a tel-URI with the user part of the SIP-URI in the telephone-subscriber element in the tel-URI, and carry forward the tel URI parameters that may be present in the Request URI; or
c)
a SIP URI that is a GRUU, then obtain the public user identity from the Request-URI and use it for location query procedure to the HSS. When forwarding the request, the I-CSCF shall not modify the Request-URI of the incoming request;

NOTE 2:
If the Request-URI is a GRUU with the user part starting with a + and the user parameter equals "phone", the I-CSCF builds a tel URI from the user part and uses it only to query the HSS. Subsequently, when the I-CSCF forwards the request to the S-CSCF, it will not modify the Request-URI.

NOTE 3:
SRV records have to be advertised in DNS pointing to the I-CSCF for pres: and im: queries.

2)
remove a Route header, if present; and

3)
check if the domain name of the Request-URI matches with one of the PSI subdomains configured in the I-CSCF. If the match is successful, the I-CSCF resolves the Request-URI by an internal DNS mechanism into the IP address of the AS hosting the PSI and does not start the user location query procedure. Otherwise, the I-CSCF will start the user location query procedure to the HSS as specified in 3GPP TS 29.228 [14] for the called PSI or user, indicated in or derived from the Request-URI. Prior to performing the user location query procedure to the HSS, the I-CSCF decides which HSS to query, possibly as a result of a query to the Subscription Locator Functional (SLF) entity as specified in 3GPP TS 29.228 [14].

When the I-CSCF receives any response to such a request, the I-CSCF shall store the value of the term-ioi parameter received in the P-Charging-Vector header, if present. 

NOTE 4:
Any received term-ioi parameter will be a type 3 term-ioi. The type 3 term-ioi identifies the service provider from which the response was sent. 

When the I-CSCF receives an INVITE request, the I-CSCF may require the periodic refreshment of the session to avoid hung states in the I-CSCF. If the I-CSCF requires the session to be refreshed, it shall apply the procedures described in RFC 4028 [58] clause 8. 

NOTE 5:
Requesting the session to be refreshed requires support by at least one of the UEs. This functionality cannot automatically be granted, i.e. at least one of the involved UEs needs to support it.

In case the I-CSCF is able to resolve the Request-URI into the IP address of the AS hosting the PSI, then it shall:

1)
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. If no icid parameter was found, then create a new, globally unique value for the icid parameter and insert it into the P-Charging-Vector header; and

2)
forward the request directly to the AS hosting the PSI.

Upon successful user location query, when the response contains the URI of the assigned S-CSCF, the I-CSCF shall:

1)
insert the URI received from the HSS as the topmost Route header;

2)
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. If no icid parameter was found, then create a new, globally unique value for the icid parameter and insert it into the P-Charging-Vector header. The I-CSCF shall add a type 3 orig-ioi parameter before the received orig-ioi parameter. The I-CSCF shall set the type 3 orig-ioi parameter to a value that identifies the sending network of the request. The I-CSCF shall not include the type 3 term-ioi parameter;

3)
optionally, include the received Redirect-Host AVP value in the P-User-Database header as defined in RFC 4457 [82]; and

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

NOTE 6:
The P-User-Database header can be included only if the I-CSCF can assume (e.g. based on local configuration) that the receiving S-CSCF will be able to process the header.

Upon successful user location query, when the response contains information about the required S-CSCF capabilities, the I-CSCF shall:

1)
select a S-CSCF according to the method described in 3GPP TS 29.228 [14];

2)
insert the URI of the selected S-CSCF as the topmost Route header field value;

3)
execute the procedure described in step 2 and 3 in the above paragraph (upon successful user location query, when the response contains the URI of the assigned S-CSCF);

4)
optionally, include the received Redirect-Host AVP value in the P-User-Database header as defined in RFC 4457 [82];
5)
if the Wildcarded PSI value is received from the HSS in the Wildcarded-PSI AVP and the I-CSCF supports the the SIP P-Profile-Key private header extension, include the wildcarded PSI value in the P-Profile-Key header as defined in draft-camarillo-sipping-profile-key [97]; and

6)
forward the request to the selected S-CSCF.

NOTE 7:
The P-User-Database header can be included only if the I-CSCF can assume (e.g. based on local configuration) that the receiving S-CSCF will be able to process the header.

Upon an unsuccessful user location query when the response from the HSS indicates that the user does not exist, and if the Request-URI is a tel URI containing a public telecommunications number as specified in RFC 3966 [22], the I-CSCF may support a local configuration option that indicates whether or not request routing is to be attempted. If the local configuration option indicates that request routing is to be attempted, then the I-CSCF shall perform one of the following procedures based on local operator policy:

1)
forward the request to the transit functionality for subsequent routing; or

2)
invoke the portion of the transit functionality that translates the public telecommunications number contained in the Request-URI to a routable SIP URI, and process the request based on the result, as follows:

a)
if the 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 home network, or the I-CSCF may send an appropriate SIP response to the originator, such as 404 (Not Found) or 604 (Does not exist anywhere). When forwarding the request to a BGCF or any other appropriate entity, the I-CSCF shall leave the original Request-URI containing the tel URI unmodified; or

b)
if this translation succeeds, then replace the Request-URI with the routable SIP URI and process the request as follows:

-
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 requires interconnect functionalities (e.g. the destination address is of an IP address type other than the IP address type used in the IM CN subsystem), the I-CSCF shall forward the request to the destination address via an IBCF in the same network;
-
if network hiding is needed due to local policy, put the address of the IBCF to the topmost route header; and

-
route the request based on SIP routeing procedures.
Upon an unsuccessful user location query when the response from the HSS indicates that the user does not exist, and if local operator policy does not indicate that request routing is to be attempted, then, the I-CSCF shall return an appropriate unsuccessful SIP response. This response may be a 404 (Not found) or 604 (Does not exist anywhere) in the case the user is not a user of the home network. 

Upon an unsuccessful user location query when the response from the HSS indicates that the user is not registered and no services are provided for such a user, the I-CSCF shall return an appropriate unsuccessful SIP response. This response may be a 480 (Temporarily unavailable) response if the user is recognized as a valid user, but is not registered at the moment and it does not have services for unregistered users.
When the I-CSCF receives an initial request for a dialog or standalone transaction, that contains a single Route header pointing to itself, the I-CSCF shall determine from the entry in the Route header whether it needs to do HSS query. In case HSS query is needed, then the I-CSCF shall:

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

2)
route the request based on the Request-URI header field.

When the I-CSCF receives an initial request for a dialog or standalone transaction containing more than one Route header, the I-CSCF shall:

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

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

NOTE 8:
In accordance with SIP the I-CSCF can add its own routeable SIP URI to the top of the Record-Route header to any request, independently of whether it is an initial request. The P-CSCF will ignore any Record-Route header that is not in the initial request of a dialog.

When the I-CSCF receives a response to an initial request (e.g. 183 (Session Progress) response or 2xx response), the I-CSCF shall store the values from the P-Charging-Function-Addresses header, if present. If the next hop is outside of the current network, then the I-CSCF shall remove the P-Charging-Function-Addresses header prior to forwarding the message.

When the I-CSCF, upon sending an initial INVITE request to the S-CSCF, receives a 305 (Use Proxy) response from the S-CSCF, it shall forward the initial INVITE request to the SIP URI indicated in the Contact field of the 305 (Use Proxy) response, as specified in RFC 3261 [26].

*** END OF 3rd CHANGE ***

*** START OF 4th CHANGE ***

5.5.3.1.2
Calls terminating in circuit-switched networks

When the MGCF receives an initial INVITE request with Supported header indicating "100rel", the MGCF shall:

1)
store the value of the orig-ioi parameter received in the P-Charging-Vector header, if present;

NOTE:
Any received orig-ioi parameter will be a type 2 orig-ioi. The orig-ioi parameter identifies the sending network of the request message.

2)
send a 100 (Trying) response;

3)
after a matching codec is found or no codec is required at the MGW, send 183 "Session Progress" response:

-
set the Require header to the value of "100rel";

-
store the values received in the P-Charging-Function-Addresses header;

-
store the value of the icid parameter received in the P-Charging-Vector header; and

-
insert a P-Charging-Vector header containing the orig-ioi parameter, if received in the initial INVITE request and a type 2 term-ioi. The MGCF shall set the type 2 term-ioi parameter to a value that identifies the network in which the MGCF resides and the orig-ioi parameter is set to the previously received value of orig-ioi.

If a codec is required and the MGCF does not find an available matching codec at the MGW for the received initial INVITE request, the MGCF shall:

-
send 503 (Service Unavailable) response if the type of codec was acceptable but none were available; or

-
send 488 (Not Acceptable Here) response if the type of codec was not supported, and may include SDP in the message body to indicate the codecs supported by the MGCF/MGW.

Based upon local policy, the MGCF may support preferred ciruit carrier access (RFC 4694 [109]) and preferred circuit carrier selection (draft-yu-tel-dai [110]), if such routing is applicable for the call.  
NOTE  
Interworking of the "cic" and "dai" tel URI parameters, if present in a tel URI or in the userinfo part of a SIP URI with user=phone Request URI, to the circuit switched signalling protocol is described in 3GPP TS 29.163 [11B].
*** END OF 4th CHANGE ***

*** START OF 5th CHANGE ***

5.6.2
Common BGCF procedures
When determining where to route the received request, the originating BGCF may use the information obtained from other protocols or any other available databases.

When the BGCF receives a request, the BGCF shall forward the request: 

-
to an MGCF within its own network; or
-
to another network containing a BGCF, or I-CSCF; or

-
where the request is for another network, to an IBCF in its own network, if local policy requires IBCF capabilities towards another network.

When forwarding the request to the next hop, the BGCF may leave the received Request-URI unmodified.

The BGCF need not Record-Route the INVITE request. While the next entity may be a MGCF acting as a UA, the BGCF shall not apply the procedures of RFC 3323 [33] relating to privacy. The BGCF shall store the values received in the P-Charging-Function-Addresses header. The BGCF shall 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.

NOTE 1:
The means by which the decision is made to forward to an MGCF or to another network is outside the scope of the present document, but may be by means of a lookup to an external database, or may be by data held internally to the BGCF.
If the BGCF supports carrier routing then it shall support the following procedures, based on local policy:
a)
if the BGCF is configured to populate an operator configured preassigned carrier into a tel URI contained in the Request URI, and a preassigned carrier is required for this call, then the BGCF shall include the "cic"tel URI parameter in the Request URI identifying the preassigned carrier (as described in RFC 4694 [109]).  The BGCF shall also populate the "dai" tel URI parameter (as described in draft-yu-tel-dai [110]) to identify how the "cic" parameter was obtained; or
b)
if the BGCF is configured to populate the freephone carrier ID, and a freephone carrier is required for this call, then the BGCF shall include the "cic"tel URI parameter in the Request URI identifying the freephone carrier (as described in RFC 4694 [109]).
The BGCF carrier routing procedures also apply when the Request URI is in the form of a SIP URI user=phone, where the "dai" and "cic" tel URI parameters are contained in the userinfo part of the SIP URI.
The BGCF shall not add the "cic" or "dai" tel URI parameter values in the Request URI if the parameter(s) already exist in the tel URI.
NOTE 1a: Local policy should be able to control the interaction and precedence between routing on "cic" parameter versus routing based on "rn" parameter. 

NOTE 1b: The means to configure the BGCF with the pre-assigned carrier is outside the scope of this document.
When the BGCF receives an INVITE request, if the BGCF inserts its own Record-Route header, the BGCF may require the periodic refreshment of the session to avoid hung states in the BGCF. If the BGCF requires the session to be refreshed, it shall apply the procedures described in RFC 4028 [58] clause 8. 

NOTE 2:
Requesting the session to be refreshed requires support by at least one of the UEs. This functionality cannot automatically be granted, i.e. at least one of the involved UEs needs to support it.

*** END OF 5th CHANGE ***

*** START OF 6th CHANGE ***

5.7.1.9 Carrier selection
An AS may play a role in support of carrier selection as defined in RFC 4694 [109] and draft-yu-tel-dai [110]. Note that in general, application servers do not need to support carrier selection, Rather a specific AS or a few application servers in a network will be used for carrier selection, 
When an AS that supports carrier selection receives an initial request with a Request URI in the form of a tel URI that contains a "dai" tel URI parameter inserted by the UE, the AS shall remove the "dai" parameter. 

When an AS that supports carrier selection receives an initial request with a Request URI in the form of a tel URI that contains a "cic" tel URI parameter inserted by the UE as defined in draft-yu-tel-dai [110], and if configured per operator policy, the AS may validate the value of the "cic" parameter. If an AS that supports carrier selection determines the "cic" parameter received in the initial request to be valid, as configured per operator policy, the AS shall insert the appropriate value of the "dai" tel URI parameter as defined in draft-yu-tel-dai [110]. If an AS supports carrier selecton and determines the "cic" parameter received in the initial request to be invalid, then it shall remove the "cic" parameter and process the request as if no "cic" had been received from the UE. 
When an AS that support carrier selection receives an initial request with a Request URI in the form of a tel URI, the AS may, based on operator policy, insert an appropriate value for the "cic" and "dai" tel URI parameters as defined in RFC 4694 [109] and draft-yu-tel-dai [110].
NOTE 1:
For example, the AS that supports preferred carrier could insert a "cic" tel URI parameter that identifies the originating user’s preassigned carrier, or the carrier assigned to a called freephone number. 
When an AS that support carrier selection receives an initial request with a Request URI in the form of a SIP URI user=dialstring, the AS may translate the SIP URI to a valid tel URI or a valid SIP URI user=phone comprising a userinfo part containing the tel URI and a domain matching the domain of the original SIP URI user=dialstring. If the received SIP URI user=dialstring is successfully converted, then the AS shall replace the Request URI with the newly created tel URI or SIP URI user=phone. The AS shall then process the request as if it had arrived from the UE containing this tel URI or SIP URI user=phone in the Request URI. 
NOTE 2:
This specification does not make any assumptions regarding how these procedures are mapped to Application Servers; whether all procedures are supported by a single Application Server or spread across multiple Application Servers. However, this specification does assume that the responsibility for ensuring that the UE complies with the carrier selection procedures defined in RFC 4694 [109] and draft-yu-tel-dai [110] will be performed by a single AS (e.g. remove "dai" and validate "cic"), and the filter criteria will be configured so that this AS is invoked before other application servers that have carrier selection responsibilities. 
The AS carrier selection procedures also apply when the request contains a Request URI in the form of a SIP URI user=phone, where the "dai" and "cic" tel URI parameters are contained in the userinfo part of the SIP URI.

*** END OF 6th CHANGE ***

*** START OF 7th CHANGE ***

I.2
Procedures

The additional routeing functionality, or associated functional entity, performing these additional routeing procedures should analyse the destination address, and determine whether to route to another network, directly, or via the IBCF, or to the BGCF, or the I-CSCF in its own network. This analysis may use public (e.g., DNS, ENUM) and/or private database lookups, and/or locally configured data and need not modify the Request-URI. In addition, and based upon local policy, the analysis may include the carrier identified by the "cic" tel URI parameter of the Request URI as part of the route determination
When provided as a separate function, the network element performing these functions need not Record-Route the INVITE request.

If the network element inserts its own Record-Route header, then it may require the periodic refreshment of the session to avoid hung states. If the network element requires the session to be refreshed, it shall apply the procedures described in RFC 4028 [58] clause 8.

NOTE:
Requesting the session to be refreshed requires support by at least one of the UEs. This functionality cannot automatically be granted, i.e. at least one of the involved UEs needs to support it.

When provided as a separate function, the network element performing these functions shall not apply the procedures of RFC 3323 [33] relating to privacy.

*** END OF 7th CHANGE ***

*** START OF 8th CHANGE ***

A.2.1.2
Major capabilities

Editor's note: it needs to be checked whether it should be explicitly clarified that the IBCF (IMS-ALG) is transparent to some presence or conference extensions.
Table A.4: Major capabilities

	Item
	Does the implementation support
	Reference
	RFC status
	Profile status

	
	Capabilities within main protocol
	
	
	

	1
	client behaviour for registration?
	[26] subclause 10.2
	o
	c3

	2
	registrar?
	[26] subclause 10.3
	o
	c4

	2A
	registration of multiple contacts for a single address of record
	[26] 10.2.1.2, 16.6
	o
	o

	2B
	initiating a session?
	[26] subclause 13
	o
	o

	2C
	initiating a session which require local and/or remote resource reservation?
	[27]
	o
	c43

	3
	client behaviour for INVITE requests?
	[26] subclause 13.2
	c18
	c18

	4
	server behaviour for INVITE requests?
	[26] subclause 13.3
	c18
	c18

	5
	session release?
	[26] subclause 15.1
	c18
	c18

	6
	timestamping of requests?
	[26] subclause 8.2.6.1
	o
	o

	7
	authentication between UA and UA?
	[26] subclause 22.2
	c34
	c34

	8
	authentication between UA and registrar?
	[26] subclause 22.2
	o
	n/a

	8A
	authentication between UA and proxy?
	[26] 20.28, 22.3
	o
	o

	9
	server handling of merged requests due to forking?
	[26] 8.2.2.2
	m
	m

	10
	client handling of multiple responses due to forking?
	[26] 13.2.2.4
	m
	m

	11
	insertion of date in requests and responses?
	[26] subclause 20.17
	o
	o

	12
	downloading of alerting information?
	[26] subclause 20.4
	o
	o

	
	Extensions
	
	
	

	13
	the SIP INFO method?
	[25]
	o
	n/a

	14
	reliability of provisional responses in SIP?
	[27]
	c19
	c44

	15
	the REFER method?
	[36]
	o
	c33

	16
	integration of resource management and SIP?
	[30] [64]
	c19
	c44

	17
	the SIP UPDATE method?
	[29]
	c5
	c44

	19
	SIP extensions for media authorization?
	[31]
	o
	c14

	20
	SIP specific event notification?
	[28]
	o
	c13

	21
	the use of NOTIFY to establish a dialog?
	[28] 4.2
	o
	n/a

	22
	acting as the notifier of event information?
	[28]
	c2
	c15

	23
	acting as the subscriber to event information?
	[28]
	c2
	c16

	24
	session initiation protocol extension header field for registering non-adjacent contacts?
	[35]
	o
	c6

	25
	private extensions to the Session Initiation Protocol (SIP) for network asserted identity within trusted networks?
	[34]
	o
	m

	26
	a privacy mechanism for the Session Initiation Protocol (SIP)?
	[33]
	o
	m

	26A
	request of privacy by the inclusion of a Privacy header indicating any privacy option?
	[33]
	c9
	c11

	26B
	application of privacy based on the received Privacy header?
	[33]
	c9
	n/a

	26C
	passing on of the Privacy header transparently?
	[33]
	c9
	c12

	26D
	application of the privacy option "header" such that those headers which cannot be completely expunged of identifying information without the assistance of intermediaries are obscured?
	[33] 5.1
	c10
	c27

	26E
	application of the privacy option "session" such that anonymization for the session(s) initiated by this message occurs?
	[33] 5.2
	c10
	c27

	26F
	application of the privacy option "user" such that user level privacy functions are provided by the network?
	[33] 5.3
	c10
	c27

	26G
	application of the privacy option "id" such that privacy of the network asserted identity is provided by the network?
	[34] 7
	c10
	n/a

	26H
	application of the privacy option "history" such that privacy of the History-Info header is provided by the network?
	[66] 7.2
	c37
	c37

	27
	a messaging mechanism for the Session Initiation Protocol (SIP)?
	[50]
	o
	c7

	28
	session initiation protocol extension header field for service route discovery during registration?
	[38]
	o
	c17

	29
	compressing the session initiation protocol?
	[55]
	o
	c8

	30
	private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP)?
	[52]
	o
	m

	31
	the P-Associated-URI header extension?
	[52] 4.1
	c21
	c22

	32
	the P-Called-Party-ID header extension?
	[52] 4.2
	c21
	c23

	33
	the P-Visited-Network-ID header extension?
	[52] 4.3
	c21
	c24

	34
	the P-Access-Network-Info header extension?
	[52] 4.4
	c21
	c25

	35
	the P-Charging-Function-Addresses header extension?
	[52] 4.5
	c21
	c26

	36
	the P-Charging-Vector header extension?
	[52] 4.6
	c21
	c26

	37
	security mechanism agreement for the session initiation protocol?
	[48]
	o
	c20

	38
	the Reason header field for the session initiation protocol?
	[34A]
	o
	o (note 1)

	39
	an extension to the session initiation protocol for symmetric response routeing?
	[56A]
	o
	x

	40
	caller preferences for the session initiation protocol?
	[56B]
	C29
	c29

	40A
	the proxy-directive within caller-preferences?
	[56B] 9.1
	o.5
	o.5

	40B
	the cancel-directive within caller-preferences?
	[56B] 9.1
	o.5
	o.5

	40C
	the fork-directive within caller-preferences?
	[56B] 9.1
	o.5
	c28

	40D
	the recurse-directive within caller-preferences?
	[56B] 9.1
	o.5
	o.5

	40E
	the parallel-directive within caller-preferences?
	[56B] 9.1
	o.5
	c28

	40F
	the queue-directive within caller-preferences?
	[56B] 9.1
	o.5
	o.5

	41
	an event state publication extension to the session initiation protocol?
	[70]
	o
	c30

	42
	SIP session timer?
	[58] 
	c19
	c19

	43
	the SIP Referred-By mechanism?
	[59]
	o
	c33

	44
	the Session Inititation Protocol (SIP) "Replaces" header?
	[60]
	c19
	c38 (note 1)

	45
	the Session Inititation Protocol (SIP) "Join" header?
	[61]
	c19
	c19 (note 1)

	46
	the callee capabilities?
	[62]
	o
	c35

	47
	an extension to the session initiation protocol for request history information?
	[66]
	o
	o

	48
	Rejecting anonymous requests in the session initiation protocol?
	[67]
	o
	o

	49
	session initiation protocol URIs for applications such as voicemail and interactive voice response
	[68]
	o
	o

	50
	Session Initiation Protocol's (SIP) non-INVITE transactions?
	[84]
	m
	m

	51
	the P-User-Database private header extension?
	[82] 4
	o
	o

	52
	a uniform resource name for services
	[69]
	n/a
	c39

	53
	obtaining and using GRUUs in the Session Initiation Protocol (SIP)
	[93]
	o
	c40

	54
	an extension to the session initiation protocol for request cpc information?
	[95]
	o
	c41

	55
	the Stream Control Transmission Protocol (SCTP) as a Transport for the Session Initiation Protocol (SIP)?
	[96]
	o
	c42

	56
	the SIP P-Profle-Key private header  extension?
	[97]
	n/a
	n/a

	57
	managing client initiated connections in SIP?
	[92]
	o
	c45

	58
	indicating support for interactive connectivity establishment in SIP?
	[102]
	o
	c46

	59
	multiple-recipient MESSAGE requests in the session initiation protocol?
	[104]
	c47
	c48

	60
	SIP location conveyance
	[89]
	o
	c49

	61
	referring to multiple resources in the session initiation protocol?
	[105]
	c50
	c50

	62
	conference establishment using request-contained lists in the session initiation protocol?
	[106]
	c51
	c52

	63
	subscriptions to request-contained resource lists in the session initiation protocol?
	[107]
	c53
	c53

	64
	number portability parameters for the ‘tel’ URI?
	[109]
	o
	c54

	64A
	assert or process carrier indication?
	[109]
	o
	c55

	65
	DAI Parameter for the ‘tel’ URI?
	[110]
	o
	c56

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	c2:
IF A.4/20 THEN o.1 ELSE n/a - - SIP specific event notification extension.

c3:
IF A.3/1 OR A.3/4 THEN m ELSE n/a - - UE or S-CSCF functional entity.

c4:
IF A.3/4 THEN m ELSE IF A.3/7 THEN o ELSE n/a - - S-CSCF or AS functional entity.

c5:
IF A.4/16 THEN m ELSE o - - integration of resource management and SIP extension.

c6:
IF A.3/4 OR A.3/1 THEN m ELSE n/a. - - S-CSCF or UE.

c7:
IF A.3/1 OR A.3/4 OR A.3/7A OR A.3/7B OR A.3/7D OR A.3/9B THEN m ELSE n/a - - UA or S-CSCF or AS acting as terminating UA or AS acting as originating UA or AS performing 3rd party call control or IBCF (IMS-ALG).

c8:
IF A.3/1 THEN (IF (A.3B/1 OR A.3B/2 OR A.3B/3 OR A.3B/4 OR A.3B/5 OR A.3B/11 OR A.3B/12 OR A.3B/13 OR A.3B/14) THEN m ELSE o) ELSE n/a - - UE behaviour (based on P-Access-Network-Info usage).

c9:
IF A.4/26 THEN o.2 ELSE n/a - - a privacy mechanism for the Session Initiation Protocol (SIP).

c10:
IF A.4/26B THEN o.3 ELSE n/a - - application of privacy based on the received Privacy header.

c11:
IF A.3/1 OR A.3/6 THEN o ELSE IF A.3/9B THEN m ELSE n/a - - UE or MGCF, IBCF (IMS-ALG).

c12:
IF A.3/7D THEN m ELSE n/a - - AS performing 3rd-party call control.

c13:
IF A.3/1 OR A.3/2 OR A.3/4 OR A.3/9B THEN m ELSE o - - UE or S-CSCF or IBCF (IMS-ALG).

c14:
IF A.3/1 AND A4/2B THEN m ELSE IF A.3/2 THEN o ELSE n/a – UE and initiating sessions or P-CSCF.

c15:
IF A.4/20 AND (A.3/4 OR A.3/9B) THEN m ELSE o – SIP specific event notification extensions and S-CSCF or IBCF (IMS-ALG).

c16:
IF A.4/20 AND (A.3/1 OR A.3/2 OR A.3/9B) THEN m ELSE o - - SIP specific event notification extension and UE or P-CSCF or IBCF (IMS-ALG).

c17:
IF A.3/1 or A.3/4 THEN m ELSE n/a - - UE or S-CSCF.

c18:
IF A.4/2B THEN m ELSE n/a - - initiating sessions.

c19:
IF A.4/2B THEN o ELSE n/a - - initiating sessions.

c20:
IF A.3/1 THEN m ELSE n/a - - UE behaviour.

c21:
IF A.4/30 THEN o.4 ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP).

c22:
IF A.4/30 AND (A.3/1 OR A.3/4) THEN m ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP) and S-CSCF or UA.

c23:
IF A.4/30 AND A.3/1 THEN o ELSE n/a - -  private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP) and UE.

c24:
IF A.4/30 AND A.3/4) THEN m ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP) and S-CSCF.

c25:
IF A.4/30 AND (A.3/1 OR A.3/4 OR A.3/7A OR A.3/7D OR A.3/9B) THEN m ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP) and UE, S-CSCF or AS acting as terminating UA or AS acting as third-party call controller or IBCF (IMS-ALG).

c26:
IF A.4/30 AND (A.3/6 OR A.3/7A OR A.3/7B or A.3/7D) THEN m ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP) and MGCF, AS acting as a terminating UA, or AS acting as an originating UA, or AS acting as third-party call controller.

c27:
IF A.3/7D THEN o ELSE x - - AS performing 3rd party call control.

c28:
IF A.3/1 THEN m ELSE o.5 - - UE.

c29:
IF A.4/40A OR A.4/40B OR A.4/40C OR A.4/40D OR A.4/40E OR A.4/40F THEN m ELSE n/a - - support of any directives within caller preferences for the session initiation protocol.

c30:
IF A.3A/1 OR A.3A/2 THEN m ELSE IF A.3/1 THEN o ELSE n/a - - presence server, presence user agent, UE, AS.

c33:
IF A.3/9B OR A.3A/11 OR A.3A/12 OR A.4/44 THEN m ELSE o - - IBCF (IMS-ALG) or conference focus or conference participant or the Session Inititation Protocol (SIP) "Replaces" header.

c34:
IF A.4/44 OR A.4/45 OR A.3/9B THEN m ELSE n/a - - the Session Inititation Protocol (SIP) "Replaces" header  or the Session Inititation Protocol (SIP) "Join" header or IBCF (IMS-ALG).
c35: 
IF A.3/4 OR A.3/9B OR A.3A/21 OR A.3A/22 THEN m ELSE IF (A.3/1 OR A.3/6 OR A.3/7 OR A.3/8) THEN o ELSE n/a - - S-CSCF or IBCF (IMS-ALG) functional entities or CSI user agent or CSI application server, UE or MGCF or AS or MRFC functional entity.

c37
IF A.4/47 THEN o.3 ELSE n/a - - an extension to the session initiation protocol for request history information.

c38:
IF A.4/2B AND (A.3A/11 OR A.3A/12 OR A.3/7D) THEN m ELSE IF A.4/2B THEN o ELSE n/a - - initiating sessions, conference focus, conference participant, AS performing 3rd party call control.

c39:
IF A.3/1 THEN m ELSE n/a - - UE.

c40
IF A.3/4 THEN m ELSE IF (A.3/1 OR A.3/7A OR A.3/7B OR A.3/7D) THEN o ELSE n/a - - S-CSCF, UE, AS, AS acting as terminating UA, or redirect server, AS acting as originating UA, AS performing 3rd party call control.

c41:
IF A.3/2 OR A.3/3 OR A.3/4 OR A.3.5 OR A.3/6 OR A.3/7 OR A.3/8 OR A.3/9 THEN o ELSE n/a - - cpc URI parameter.

c42:
IF A.3/1 n/a ELSE o - - UE.

c43:
IF A.4/2B THEN o ELSE n/a - - initiating sessions. 

c44:
IF A.4/2C THEN m ELSE o - - initiating a session which require local and/or remote resource reservation.

c45:
IF A.3/1 OR A.3/2 OR A.3/4 THEN o ELSE n/a - - UE, S-CSCF functional entity.

c46
IF A.3/1 OR A.3/2 OR A.3/4 THEN o ELSE n/a - - UE, S-CSCF functional entity.

c47:
IF A.4/27 THEN o ELSE n/a - - a messaging mechanism for the Session Initiation Protocol (SIP).

c48:
IF A.3A/32 AND A.4/27 THEN m ELSE IF A.4/27 THEN o ELSE n/a - - messaging list server, a messaging mechanism for the Session Initiation Protocol (SIP).

c49:
IF A.3/1 OR A.3/9B THEN m ELSE o - - UE, IBCF (IMS-ALG).

c50:
IF A.4/15 THEN o ELSE n/a - - the REFER method.

c51:
IF A.4/2B THEN o ELSE n/a - - initiating a session.

c52:
IF A.3A/11 AND A.4/2B THEN m ELSE IF A.4/2B THEN o ELSE n/a - - conference focus, initiating a session.

c53:
IF A.4/20 THEN o ELSE n/a - - SIP specific event notification.

c54:          IF A.3/1 OR A.3/6 OR A.3/7b OR A.3/7d THEN o, ELSE n/a - - UE,MGCF, AS acting as originating UA, AS performing 3rd party call control
c55:         IF A.4/64, THEN m, ELSE n/a - - number portability parameters for the ‘tel’ URI
c56:          IF A.3/6 OR A.3/7b OR A.3/7d THEN o, ELSE n/a - - MGCF, AS acting as originating UA, AS performing 3rd party call control
o.1:
At least one of these capabilities is supported.

o.2: 
At least one of these capabilities is supported.

o.3: 
At least one of these capabilities is supported.

o.4:
At least one of these capabilities is supported.

o.5:
At least one of these capabilities is supported.

	NOTE 1:
At the MGCF, the interworking specifications do not support a handling of the header associated with this extension.


Prerequisite A.5/20 - - SIP specific event notification

Table A.4A: Supported event packages

	Item
	Does the implementation support
	Subscriber
	Notifier

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

	1
	reg event package?
	[43]
	c1
	c3
	[43]
	c2
	c4

	1A
	reg event package extension for GRUUs?
	[94]
	c1
	c25
	[94]
	c2
	c4

	2
	refer package?
	[36] 3
	c13
	c13
	[36] 3
	c13
	c13

	3
	presence package?
	[74] 6
	c1
	c5
	[74] 6
	c2
	c6

	4
	eventlist with underlying presence package?
	[75], [74] 6
	c1
	c7
	[75], [74] 6
	c2
	c8

	5
	presence.winfo template-package?
	[72] 4
	c1
	c9
	[72] 4
	c2
	c10

	6
	ua-profile package?
	[77] 3
	c1
	c11
	[77] 3
	c2
	c12

	7
	conference package?
	[78] 3
	c1
	c21
	[78] 3
	c1
	c22

	8
	message-summary  package?
	[65] 
	c1
	c23
	[65] 3
	c2
	c24

	c1:
IF A.4/23 THEN o ELSE n/a - - acting as the subscriber to event information.

c2:
IF A.4/22 THEN o ELSE n/a - - acting as the notifier of event information.

c3:
IF A.3/1 OR A.3/2 THEN m ELSE IF A.3/7 THEN o ELSE n/a - - UE, P-CSCF, AS.

c4:
IF A.3/4 THEN m ELSE n/a - - S-CSCF.

c5:
IF A.3A/3 OR A.3A/4 THEN m ELSE IF A.4/23 THEN o ELSE n/a - - resource list server or watcher, acting as the subscriber to event information.

c6:
IF A.3A/1 THEN m ELSE IF A.4/22 THEN o ELSE n/a - - presence server, acting as the notifier of event information.

c7:
IF A.3A/4 THEN m ELSE IF A.4/23 THEN o ELSE n/a - - watcher, acting as the subscriber to event information.

c8:
IF A.3A/3 THEN m ELSE IF A.4/22 THEN o ELSE n/a - - resource list server, acting as the notifier of event information.

c9:
IF A.3A/2 THEN m ELSE IF A.4/23 THEN o ELSE n/a - - presence user agent, acting as the subscriber to event information.

c10:
IF A.3A/1 THEN m ELSE IF A.4/22 THEN o ELSE n/a - - presence server, acting as the notifier of event information.

c11:
IF A.3A/2 OR A.3A/4 THEN o ELSE IF A.4/23 THEN o ELSE n/a - - presence user agent or watcher, acting as the subscriber to event information.

c12:
IF A.3A/1 OR A.3A/3 THEN m ELSE IF A.4/22 THEN o ELSE n/a - - presence server or resource list server, acting as the notifier of event information.

c13:
IF A.4/15 THEN m ELSE n/a - - the REFER method.

c21:
IF A.3A/12 THEN m ELSE IF A.4/23 THEN o ELSE n/a - - conference participant or acting as the subscriber to event information.

c22:
IF A.3A/11 THEN m ELSE IF A.4/22 THEN o ELSE n/a - - conference focus or acting as the notifier of event information.

c23: 
IF (A.3/1 OR A.3/7A OR A.3/7B) AND A.4/23 THEN o ELSE n/a - - UE, AS acting as terminating UA, or redirect server, AS acting as originating UA all as subscriber of event information.

c24:
 IF (A.3/1 OR A.3/7A OR A.3/7B) AND A.4/22 THEN o ELSE n/a - - UE, AS acting as terminating UA, or redirect server, AS acting as originating UA all as notifier of event information.

c25:
IF A.4A/1 THEN (IF A.3/1 AND A.4/53 THEN m ELSE o) ELSE n/a  - - reg event package, UE, reg event package extension for GRUUs.


*** END OF 8th CHANGE ***

*** START OF 9th CHANGE ***

A.2.2.2
Major capabilities

Table A.162: Major capabilities

	Item
	Does the implementation support
	Reference
	RFC status
	Profile status

	
	Capabilities within main protocol
	
	
	

	3
	initiate session release?
	[26] 16
	x
	c27

	4
	stateless proxy behaviour?
	[26] 16.11
	o.1
	c28

	5
	stateful proxy behaviour?
	[26] 16.2
	o.1
	c29

	6
	forking of initial requests?
	[26] 16.1
	c1
	c31

	7
	support of indication of TLS connections in the Record-Route header on the upstream side?
	[26] 16.7
	o
	n/a

	8
	support of indication TLS connections in the Record-Route header on the downstream side?
	[26] 16.7
	o
	n/a

	8A
	authentication between UA and proxy?
	[26] 20.28, 22.3
	o
	x

	9
	insertion of date in requests and responses?
	[26] 20.17
	o
	o

	10
	suppression or modification of alerting information data?
	[26] 20.4
	o
	o

	11
	reading the contents of the Require header before proxying the request or response? 
	[26] 20.32
	o
	o

	12
	adding or modifying the contents of the Require header before proxying the REGISTER request or response 
	[26] 20.32
	o
	m

	13
	adding or modifying the contents of the Require header before proxying the request or response for methods other than REGISTER?
	[26] 20.32
	o
	o

	14
	being able to insert itself in the subsequent transactions in a dialog (record-routing)?
	[26] 16.6
	o
	c2

	15
	the requirement to be able to use separate URIs in the upstream direction and downstream direction when record routeing?
	[26] 16.7
	c3
	c3

	16
	reading the contents of the Supported header before proxying the response? 
	[26] 20.37
	o
	o

	17
	reading the contents of the Unsupported header before proxying the 420 response to a REGISTER?
	[26] 20.40
	o
	m

	18
	reading the contents of the Unsupported header before proxying the 420 response to a method other than REGISTER?
	[26] 20.40
	o
	o

	19
	the inclusion of the Error-Info header in 3xx - 6xx responses?
	[26] 20.18
	o
	o

	19A
	reading the contents of the Organization header before proxying the request or response?
	[26] 20.25
	o
	o

	19B
	adding or concatenating the Organization header before proxying the request or response?
	[26] 20.25
	o
	o

	19C
	reading the contents of the Call-Info header before proxying the request or response?
	[26] 20.25
	o
	o

	19D
	adding or concatenating the Call-Info header before proxying the request or response?
	[26] 20.25
	o
	o

	19E
	delete Contact headers from 3xx responses prior to relaying the response?
	[26] 20
	o
	o

	
	Extensions
	
	
	

	20
	the SIP INFO method?
	[25]
	o
	o

	21
	reliability of provisional responses in SIP?
	[27]
	o
	i

	22
	the REFER method?
	[36]
	o
	o

	23
	integration of resource management and SIP?
	[30] [64]
	o
	i

	24
	the SIP UPDATE method?
	[29]
	c4
	i

	26
	SIP extensions for media authorization?
	[31]
	o
	c7

	27
	SIP specific event notification
	[28]
	o
	i

	28
	the use of NOTIFY to establish a dialog
	[28] 4.2
	o
	n/a

	29
	Session Initiation Protocol Extension Header Field for Registering Non-Adjacent Contacts
	[35]
	o
	c6

	30
	extensions to the Session Initiation Protocol (SIP) for asserted identity within trusted networks
	[34]
	o
	m

	30A
	act as first entity within the trust domain for asserted identity
	[34]
	c5
	c8

	30B
	act as subsequent entity within trust network that can route outside the trust network
	[34]
	c5
	c9

	31
	a privacy mechanism for the Session Initiation Protocol (SIP)
	[33]
	o
	m

	31A
	request of privacy by the inclusion of a Privacy header
	[33]
	n/a
	n/a

	31B
	application of privacy based on the received Privacy header
	[33]
	c10
	c12

	31C
	passing on of the Privacy header transparently
	[33]
	c10
	c13

	31D
	application of the privacy option "header" such that those headers which cannot be completely expunged of identifying information without the assistance of intermediaries are obscured?
	[33] 5.1
	x
	x

	31E
	application of the privacy option "session" such that anonymization for the session(s) initiated by this message occurs?
	[33] 5.2
	n/a
	n/a

	31F
	application of the privacy option "user" such that user level privacy functions are provided by the network?
	[33] 5.3
	n/a
	n/a

	31G
	application of the privacy option "id" such that privacy of the network asserted identity is provided by the network?
	[34] 7
	c11
	c12

	31H
	application of the privacy option "history" such that privacy of the History-Info header is provided by the network?
	[66] 7.2
	c34
	c34

	32
	Session Initiation Protocol Extension Header Field for Service Route Discovery During Registration
	[38]
	o
	c30

	33
	a messaging mechanism for the Session Initiation Protocol (SIP)
	[50]
	o
	m

	34
	Compressing the Session Initiation Protocol
	[55]
	o
	c7

	35
	private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP)?
	[52]
	o
	m

	36
	the P-Associated-URI header extension?
	[52] 4.1
	c14
	c15

	37
	the P-Called-Party-ID header extension?
	[52] 4.2
	c14
	c16

	38
	the P-Visited-Network-ID header extension?
	[52] 4.3
	c14
	c17

	39
	reading, or deleting the P-Visited-Network-ID header before proxying the request or response?
	[52] 4.3
	c18
	n/a

	41
	the P-Access-Network-Info header extension?
	[52] 4.4
	c14
	c19

	42
	act as first entity within the trust domain for access network information?
	[52] 4.4
	c20
	c21

	43
	act as subsequent entity within trust network for access network information that can route outside the trust network?
	[52] 4.4
	c20
	c22

	44
	the P-Charging-Function-Addresses header extension?
	[52] 4.5
	c14
	m

	44A
	adding, deleting or  reading the P-Charging-Function-Addresses header before proxying the request or response?
	[52] 4.6
	c25
	c26

	45
	the P-Charging-Vector header extension?
	[52] 4.6
	c14
	m

	46
	adding, deleting, reading or modifying the P-Charging-Vector header before proxying the request or response?
	[52] 4.6
	c23
	c24

	47
	security mechanism agreement for the session initiation protocol?
	[48]
	o
	c7

	48
	the Reason header field for the session initiation protocol
	[34A]
	o
	o

	49
	an extension to the session initiation protocol for symmetric response routeing
	[56A]
	o
	x

	50
	caller preferences for the session initiation protocol?
	[56B]
	c33
	c33

	50A
	the proxy-directive within caller-preferences?
	[56B] 9.1
	o.4
	o.4

	50B
	the cancel-directive within caller-preferences?
	[56B] 9.1
	o.4
	o.4

	50C
	the fork-directive within caller-preferences?
	[56B] 9.1
	o.4
	c32

	50D
	the recurse-directive within caller-preferences?
	[56B] 9.1
	o.4
	o.4

	50E
	the parallel-directive within caller-preferences?
	[56B] 9.1
	o.4
	c32

	50F
	the queue-directive within caller-preferences?
	[56B] 9.1
	o.4
	o.4

	51
	an event state publication extension to the session initiation protocol?
	[70]
	o
	m

	52
	SIP session timer?
	[58]
	o
	o

	53
	the SIP Referred-By mechanism?
	[59]
	o
	o

	54
	the Session Inititation Protocol (SIP) "Replaces" header?
	[60]
	o
	o

	55
	the Session Inititation Protocol (SIP) "Join" header?
	[61]
	o
	o

	56
	the callee capabillities?
	[62]
	o
	o

	57
	an extension to the session initiation protocol for request history information?
	[66]
	o
	o

	58
	Rejecting anonymous requests in the session initiation protocol?
	[67]
	o
	o

	59
	session initiation protocol URIs for applications such as voicemail and interactive voice response
	[68]
	o
	o

	60
	the P-User-Database private header extension?
	[82]
	o
	o

	61
	Session initiation protocol's non-INVITE transactions?
	[83]
	m
	m

	62
	a uniform resource name for services
	[69]
	n/a
	c35

	63
	obtaining and using GRUUs in the Session Initiation Protocol (SIP)
	[93]
	o
	c36

	64
	an extension to the session initiation protocol for request cpc information?
	[95]
	o
	c37

	65
	the Stream Control Transmission Protocol (SCTP) as a Transport for the Session Initiation Protocol (SIP)?
	[96]
	o
	o (note2)

	66
	the SIP P-Profle-Key private header  extension?
	[97]
	o
	c41

	66A
	making the first query to the database in order to populate the P-Profile-Key header?
	[97]
	c38
	c39

	66B
	using the information in the P-Profile-Key header?
	[97]
	c38
	c40

	67
	managing client initiated connections in SIP?
	[92] 11
	o
	c42

	69
	multiple-recipient MESSAGE requests in the session initiation protocol
	[104]
	n/a
	n/a

	70
	SIP location conveyance?
	[89]
	o
	m

	70A
	addition or modification of location in a SIP method?
	[89]
	c44
	c45

	70B
	passes on locations in SIP method without modification?
	[89]
	c44
	c46

	71
	referring to multiple resources in the session initiation protocol?
	[105]
	n/a
	n/a

	72
	conference establishment using request-contained lists in the session initiation protocol?
	[106]
	n/a
	n/a

	73
	subscriptions to request-contained resource lists in the session initiation protocol?
	[107]
	n/a
	n/a

	74
	number portability parameters for the ‘tel’ URI?
	[109]
	o
	c47

	74a
	assert or process carrier indication?
	[109]
	o
	c48

	75
	DAI parameter for the ‘tel’ URI?
	[110]
	o
	c49

	c1:
IF A.162/5 THEN o ELSE n/a - - stateful proxy behaviour.

c2:
IF A.3/2 OR A.3/9A OR A.3/4 THEN m ELSE o - - P-CSCF, IBCF (THIG) or S-CSCF.

c3:
IF (A.162/7 AND NOT A.162/8) OR (NOT A.162/7 AND A.162/8) THEN m ELSE IF A.162/14 THEN o ELSE n/a - - TLS interworking with non-TLS else proxy insertion.

c4:
IF A.162/23 THEN m ELSE o - - integration of resource management and SIP.

c5:
IF A.162/30 THEN o ELSE n/a - - extensions to the Session Initiation Protocol (SIP) for asserted identity within trusted networks.

c6:
IF A.3/2 OR A.3/9A THEN m ELSE n/a - - P-CSCF or IBCF (THIG).

c7:
IF A.3/2 THEN m ELSE n/a - - P-CSCF.

c8:
IF A.3/2 AND A.162/30 THEN m ELSE n/a - - P-CSCF and extensions to the Session Initiation Protocol (SIP) for asserted identity within trusted networks.

c9:
IF A.3/2 AND A.162/30 THEN m ELSE IF A.3/7C AND A.162/30 THEN o ELSE n/a - - S-CSCF or AS acting as proxy and extensions to the Session Initiation Protocol (SIP) for asserted identity within trusted networks (NOTE 1).

c10:
IF A.162/31 THEN o.2 ELSE n/a - - a privacy mechanism for the Session Initiation Protocol (SIP).

c11:
IF A.162/31B THEN o ELSE x - - application of privacy based on the received Privacy header.

c12:
IF A.162/31 AND A.3/4 THEN m ELSE n/a - - S-CSCF.

c13:
IF A.162/31 AND (A.3/2 OR A.3/3 OR A.3/7C OR A.3/9A) THEN m ELSE n/a - - P-CSCF or I-CSCF or AS acting as a SIP proxy or IBCF (THIG).

c14:
IF A.162/35 THEN o.3 ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP).

c15:
IF A.162/35 AND (A.3/2 OR A.3/3 OR A.3/9A) THEN m THEN o ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP) and P-CSCF or I-CSCF or IBCF (THIG).

c16:
IF A.162/35 AND (A.3/2 OR A.3/3 OR A.3/4 OR A.3/9A) THEN m ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP) and P-CSCF or I-CSCF or S-CSCF or IBCF (THIG).

c17:
IF A.162/35 AND (A.3/2 OR A.3/3 OR A.3/9A) THEN m ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP) and P-CSCF or I-CSCF or IBCF (THIG).

c18:
IF A.162/38 THEN o ELSE n/a - - the P-Visited-Network-ID header extension.

c19:
IF A.162/35 AND (A.3/2 OR A.3.3 OR A.3/4 OR A.3/7 THEN m ELSE n/a - - private header extensions to the session initiation protocol for the 3rd-Generation Partnership Project (3GPP) and P-CSCF, I-CSCF, S-CSCF, AS acting as a proxy.

c20:
IF A.162/41 THEN o ELSE n/a - - the P-Access-Network-Info header extension.

c21:
IF A.162/41 AND A.3/2 THEN m ELSE n/a - - the P-Access-Network-Info header extension and P-CSCF.

c22:
IF A.162/41 AND A.3/4 THEN m ELSE n/a - - the P-Access-Network-Info header extension and S-CSCF.

c23:
IF A.162/45 THEN o ELSE n/a - - the P-Charging-Vector header extension.

c24:
IF A.162/45 THEN m ELSE n/a - - the P-Charging-Vector header extension.

c25:
IF A.162/44 THEN o ELSE n/a - - the P-Charging-Function-Addresses header extension.

c26:
IF A.162/44 THEN m ELSE n/a - - the P-Charging-Function Addresses header extension.

c27:
IF A.3/2 OR A.3/4 THEN m ELSE x - - P-CSCF or S-CSCF.

c28:
IF A.3/2 OR A.3/4 OR A.3/6 then m ELSE o - - P-CSCF or S-CSCF of MGCF.

c29:
IF A.3/2 OR A.3/4 OR A.3/6 then o ELSE m - - P-CSCF or S-CSCF of MGCF.

c30:
IF A.3/2 o ELSE i - - P-CSCF.

c31:
IF A.3/4 THEN m ELSE x - - S-CSCF.

c32:
IF A.3/4 THEN m ELSE o.4 - - S-CSCF.

c33:
IF A.162/50A OR A.162/50B OR A.162/50C OR A.162/50D OR A.162/50E OR A.162/50F THEN m ELSE n/a - - support of any directives within caller preferences for the session initiation protocol.

c34:
IF A.162/57 THEN m ELSE n/a - - an extension to the session initiation protocol for request history information.

c35:
IF A.3/2 OR A.3/11 THEN m ELSE n/a - - P-CSCF, E-CSCF.

c36:
IF A.3/4 THEN m ELSE n/a - - S-CSCF.

c37:
IF A.3/2 OR A.3/3 OR A.3/4 OR A.3.5 OR A.3/6 OR A.3/7 OR A.3/8 OR A.3/9A THEN o ELSE n/a - - cpc URI parameter.

c38:
IF A.162/66 THEN o ELSE n/a - - the SIP P-Profile-Key private header.

c39:
IF A.162/66 AND (A.3/3 OR A.3/9A) THEN m ELSE n/a - - the SIP P-Profile-Key private header, I-CSCF or IBCF (THIG).

c40:
IF A.162/66 AND A.3/4 THEN m ELSE n/a - - the SIP P-Profile-Key private header, S-CSCF.

c41:
IF A.3/3 OR A.3/4 OR A.3/9A THEN o ELSE n/a - - I-CSCF or S-CSCF or IBCF (THIG).
c

c42:
IF A.3/2 OR A.3/4 THEN o ELSE n/a - - P-CSCF, S-CSCF.

c44:
IF A.162/70 THEN o.5 ELSE n/a - - SIP location conveyance.

c45:
IF A.162/70 AND A.3/11 THEN m ELSE IF A.162/70 AND A.3/7C THEN o.6 ELSE n/a - - SIP location conveyance, E-CSCF, AS acting as a SIP proxy.

c46:
IF A.162/70 AND A.3/2 OR A.3/3 OR A.3/5 OR A.3/10 THEN m ELSE IF A.162/70 AND A.3/7C THEN o.6 ELSE n/a - - SIP location conveyance, P-CSCF, I-CSCF, S-CSCF, BGCF, additional routeing functionality.

c47           IF A.3/5 OR A.3/7c THEN o ELSE n/a - - BGCF, AS acting as a SIP proxy
c48:          IF A.162/74 THEN m, ELSE n/a - - number portability parameters for the ‘tel’ URI
c49           IF A.3/5 OR A.3/7c THEN o ELSE n/a - - BGCF, AS acting as a SIP proxy
o.1:
It is mandatory to support at least one of these items.

o.2:
It is mandatory to support at least one of these items.

o.3:
It is mandatory to support at least one of these items.

o.4
At least one of these capabilities is supported.
o.5:
It is mandatory to support exactly one of these items.
o.6:
It is mandatory to support exactly one of these items.

	NOTE 1:
An AS acting as a proxy may be outside the trust domain, and therefore not able to support the capability for that reason; in this case it is perfectly reasonable for the header to be passed on transparently, as specified in the PDU parts of the profile.

NOTE 2:
Not applicable over Gm reference point (UE – P-CSCF).


*** END OF 9th CHANGE ***
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