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***** Next change *****
5.4.7A.2
Representation of public GRUUs

Each public GRUU shall conform to all requirements specified in RFC 5627 [93].
If the Contact URI in the Contact header field does not contain a "bnc" URI parameter, then the S-CSCF constructs a public GRUU by adding a "gr" SIP URI parameter to the canonical for m of the SIP URI which contains a public user identity.
If the Contact URI in the Contact header field contains a "bnc" URI parameter and if the S-CSCF supports RFC 6140 [191], then the S-CSCF constructs a public GRUU by adding both "bnc" and "gr" SIP URI parameters to the canonical form of the SIP URI from the To header field of the REGISTER request
The "gr" SIP URI parameter serves as an indicator that the URI is in fact a GRUU and if the "+sip.instance" header field parameter from the Contact address contains an IMEI URN or a MEID URN then it carries a value that encodes the IMEI based instance ID that is defined in 3GPP TS 23.003 [3] or the MEID based instance ID which is defined in draft-atarius-device-id-meid-urn [187] otherwise it carries the value received in the "+sip.instance" header field parameter.

By default, the value of the "gr" SIP URI parameter is a copy of the value of the "+sip.instance" header field parameter from a Contact address registered with the S-CSCF, with escaping of special characters as specified in RFC3261 [26].
The public GRUU that is returned in the "pub-gruu" parameter in the 200 (OK) response to the REGISTER request is constructed using the canonical form of the SIP URI of the public user identity from the To header field of the REGISTER request provided that public user identity is not barred. If the public user identity from the To header field of the REGISTER request is barred then the public GRUU that is returned in the "pub-gruu" parameter in the 200 (OK) response to the REGISTER request is constructed using the canonical form of the SIP URI of the default public user identity. 
NOTE 1:
The default public user identity is always provisioned as a SIP URI.

If the "+sip.instance" header field parameter from the Contact address contains an IMEI URN, as specified in draft-montemurro-gsma-imei-urn [153] or an MEID URN, as specified in draft-atarius-device-id-meid-urn [187], then the value of the "gr" SIP URI parameter is generated by the S-CSCF using the name-based UUID algorithm defined in RFC 4122 [154]. The following applies to the algorithm:
1)
the "name space ID" shall be a UUID generated for use across the administrative domain and shall use the algorithm for creating a UUID from truly random numbers specified in RFC 4122 [154];

NOTE 2:
If the generated UUID is changed, then newly created GRUUs will not match those that were created with the previous UUID. Therefore, the UUID needs to remain the same in order to create consistent GRUUs. This means that the namespace UUID needs to be the same for all S-CSCFs within the domain for which the public GRUU is hosted (it cannot be generated at run time by the S-CSCF as that would produce different values).
2)
SHA-1 shall be used as the hash algorithm; and
3)
the "name" is made up of a concatenation of the ASCII representation (see RFC 20 [212]) of:

a)
if IMEI, the TAC and SNR portions of the IMEI; or

b)
if MEID, the Manufacturer Code and the Serial Number portions of the MEID;


from the "+sip.instance" header field parameter.
Only the IMEI shall be use for generating an instance ID for a multi-mode UE that supports both 3GPP and 3GPP2 defined radio access networks, and the S-CSCF shall follow the procedures for an IMEI as described above.
The public GRUU for a particular association of public user identity and instance ID is persistent. The same public GRUU will be returned each time a registration is performed with a particular pair of public user identity and instance ID.

***** Next change *****
5.10.3.2
Initial requests

Upon receipt of:

-
an initial request for a dialog;

-
a request for a standalone transaction except the REGISTER request; or
-
a request for an unknown method that does not relate to an existing dialog;

the IBCF shall verify whether the request is arrived from a trusted domain or not. If the request arrived from an untrusted domain, then the IBCF shall:
-
if the topmost Route header field of the request contains the "orig" parameter, respond with 403 (Forbidden) response.

Otherwise,

-
remove all P-Charging-Vector header fields and all P-Charging-Function-Addresses header fields the request may contain; and

-
remove all Feature-Caps header fields, if present.

Upon receipt of:

-
an initial request for a dialog;

-
a request for a standalone transaction except the REGISTER request; or
-
a request for an unknown method that does not relate to an existing dialog;

the IBCF shall:

1)
if the request is an INVITE request, then respond with a 100 (Trying) provisional response;

1A)
if a P-Private-Network-Indication header field is included in the request, check whether the configured information allows the receipt of private network traffic from this source. If private network traffic is allowed, the IBCF shall check whether the received domain name in any included P-Private-Network-Indication header field in the request is the same as the domain name associated with that configured information. If private network traffic is not allowed, or the received domain name does not match, then the IBCF shall remove the P-Private-Network-Indication header field;

1B)
if the initiator of the request is understood from configured information to always send and receive private network traffic from this source, insert a P-Private-Network-Indication header field containing the domain name associated with that configured information;
2)
if the request is an INVITE request and the IBCF is configured to perform application level gateway and/or transport plane control functionalities, then the IBCF shall save the Contact, CSeq and Record-Route header field values received in the request such that the IBCF is able to release the session if needed;

2A)
If the request is a SUBSCRIBE and the IBCF does not need to act as B2BUA, based on operator policy, the IBCF shall determine whether or not to retain, for the related subscription, the SIP dialog state information and the duration information;

NOTE 1:
The event package name can be taken into account to decide whether or not the SIP dialog state and the subscription duration information needs to be retained.
NOTE 2:
The IBCF needs to insert its own URI in Record-Route of the initial SUBSCRIBE request and all subsequent NOTIFY requests if it decides to retain the SIP dialog state information.

2B)
if the request is an initial request for a dialog and local policy requires the application of IBCF capabilities in subsequent requests, perform record route procedures as specified in RFC 3261 [26];
2C)
if the request is an initial request for a dialog, or a standalone request, and the Request-URI contains an emergency service URN, i.e. a service URN with a top-level service type of "sos" as specified in RFC 5031 [69] and a P-Private-Network-Indication valid within the trust domain is not included, include a topmost Route header field set to the URI associated with an E-CSCF. If the network uses the Resource-Priority header field to control the priority of emergency calls, the IBCF shall add a Resource-Priority header field containing a namespace of "esnet" as defined in draft-polk-local-emergency-rph-namespace [197];
3)
void;
4)
If IBCF receives an initial request for a dialog or standalone transaction, that contains a single Route header field pointing to itself, and it is co-located with an I-CSCF, or it has a preconfigured I-CSCF to be contacted, then forward the request to that I-CSCF. Otherwise select an I-CSCF and forward the request to that I-CSCF. If the single Route header field of the request contains the "orig" parameter, the IBCF shall insert the "orig" parameter to the URI of the I-CSCF;
NOTE 3: The selection of an I-CSCF can lead to additional delays.

5)
if the request does not contain a Route header field or if it contains one or more Route header fields where the topmost Route header field does not contain the "orig" parameter, optionally – based on operator policy – append the "orig" parameter to the URI in the topmost Route header field of the next request sent from the IBCF to an entity of the IM CN subsystem for which it is an entry point;
NOTE 4: The appending of an "orig" parameter to the URI in the topmost Route header field enables an IM CN subsystem to perform originating services to the network that originated the initial request. The appending can be dependent on the network that originated the initial request as determined by e.g. origin IP address of the received request, etc.
6)
if services that require knowledge of the adjacent network are provided within the network for which the IBCF is acting as an entry point, based on operator policy, insert an adjacent network indicator, as defined in draft-holmberg-sipcore-received-realm [208]; and
7)
if the initiator of the request is understood to always send and receive private network traffic:

NOTE 5:
The IBCF can identify that a request is received from a source that always sends or receives private traffic by evaluating the TLS session or by other means.

a)
add the identity of the initiator in a P-Served-User header field as defined in RFC 5502 [133] as a SIP URI identifying the domain of the initiator; and
NOTE 6:
The IBCF can retrieve the identity of the initiator as canonical hostname from the subjectCommonName (CN) if it is not present in the subjectAltName in the certificates during the TLS session setup in accordance with the procedures of RFC 5280 [213] or by other means.

b)
if not already appended in 4) or 5) above, append the "orig" parameter to the URI in the topmost Route header field of the request sent from the IBCF to the entity of the IM CN subsystem for which it is an entry point.

When the IBCF receives an INVITE request, the IBCF may require the periodic refreshment of the session to avoid hung states in the IBCF. If the IBCF requires the session to be refreshed, the IBCF shall apply the procedures described in RFC 4028 [58] clause 8.
NOTE 7:
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 the IBCF receives a response to an initial request (e.g. 183 or 2xx), the IBCF shall:

1)
store the values from the P-Charging-Function-Addresses header field, if present; and
2)
remove the P-Charging-Function-Addresses header field prior to forwarding the message;

With the exception of 305 (Use Proxy) responses, the IBCF shall not recurse on 3xx responses.
***** Next change *****
7.2A.4.3
Additional coding rules for P-Access-Network-Info header field
The P-Access-Network-Info header field is populated with the following contents:

1)
the access-type field set to one of "3GPP-GERAN","3GPP-UTRAN-FDD", "3GPP-UTRAN-TDD", "3GPP-E-UTRAN-FDD", "3GPP-E-UTRAN-TDD", "3GPP2-1X", "3GPP2-1X-HRPD", "3GPP2-UMB", "3GPP2-1X-Femto", "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b", "IEEE-802.11g", "IEEE-802.11n", "ADSL", "ADSL2", "ADSL2+", "RADSL", "SDSL", "HDSL", "HDSL2", "G.SHDSL", "VDSL", "IDSL", or "DOCSIS", "IEEE-802.3", "IEEE-802.3a", "IEEE-802.3e", "IEEE-802.3i", "IEEE-802.3j", "IEEE-802.3u", or "IEEE-802.3ab", "IEEE-802.3ae", "IEEE-802.3ah", "IEEE-802.3ak", "IEEE-802.3aq", "IEEE-802.3an", "IEEE-802.3y", "IEEE-802.3z" or "DVB-RCS2" as appropriate to the access technology in use.
1A)
the access-class field set to one of "3GPP-GERAN", "3GPP-UTRAN", "3GPP-E-UTRAN", "3GPP-WLAN", "3GPP-GAN", "3GPP-HSPA", or "3GPP2" as appropriate to the technology in use.
2)
if the access type field or the access-class field is set to "3GPP-GERAN", a cgi-3gpp parameter set to the Cell Global Identity obtained from lower layers of the UE. The Cell Global Identity is a concatenation of MCC (3 decimal digits), MNC (2 or 3 decimal digits depending on MCC value), LAC (4 hexadeciaml digits) and CI (as described in 3GPP TS 23.003 [3]. The "cgi-3gpp" parameter is encoded in ASCII as defined in RFC 20 [212];
3)
if the access type field is equal to "3GPP-UTRAN-FDD", or "3GPP-UTRAN-TDD", and a UE provides the P-Acces-Network-Info header field, a "utran-cell-id-3gpp" parameter set to a concatenation of the MCC (3 decimal digits), MNC (2 or 3 decimal digits depending on MCC value), LAC (4 hexadecimal digits) as described in 3GPP TS 23.003 [3]) and the UMTS Cell Identity (7 hexadecimal digits) as described in 3GPP TS 25.331 [9A]), obtained from lower layers of the UE. The "utran-cell-id-3gpp" parameter is encoded in ASCII as defined in in RFC 20 [212];
3A)
if the access type field is equal to "3GPP-UTRAN-FDD", or "3GPP-UTRAN-TDD", and an entitiy that can use the "np" parameter provides the P-Acces-Network-Info header field, a "utran-sai-3gpp" parameter set to a concatenation of the MCC (3 decimal digits), MNC (2 or 3 decimal digits depending on MCC value), LAC (4 hexadecimal digits) as described in 3GPP TS 23.003 [3]) and SAC (4 hexadecimal digits) as described in 3GPP TS 23.003 [3]). The "utran-sai-3gpp" parameter is encoded in ASCII as defined in in RFC 20 [212];
3B)
if the access class field is equal to "3GPP-UTRAN", or "3GPP-HSPA", a "utran-sai-3gpp" parameter set to a concatenation of the MCC (3 decimal digits), MNC (2 or 3 decimal digits depending on MCC value), LAC (4 hexadecimal digits) as described in 3GPP TS 23.003 [3]) and SAC (4 hexadecimal digits) as described in 3GPP TS 23.003 [3]). The "utran-sai-id-3gpp" parameter is encoded in ASCII as defined in in RFC 20 [212];
4)
void
5)
if the access type field is set to "3GPP2-1X", a ci-3gpp2 parameter set to the ASCII representation of the hexadecimal value of the string obtained by the concatenation of SID (16 bits), NID (16 bits), PZID (8 bits) and BASE_ID (16 bits) (see 3GPP2 C.S0005-D [85]) in the specified order. The length of the ci-3gpp2 parameter shall be 14 hexadecimal characters. The hexadecimal characters (A through F) shall be coded using the uppercase ASCII characters. If the UE does not know the values for any of the above parameters, the UE shall use the value of 0 for that parameter. For example, if the SID is unknown, the UE shall represent the SID as 0x0000;

NOTE 1:
The SID value is represented using 16 bits as supposed to 15 bits as specified in 3GPP2 C.S0005-D [85].

EXAMPLE:
If SID = 0x1234, NID = 0x5678, PZID = 0x12, BASE_ID = 0xFFFF, the ci-3gpp2 value is set to the string "1234567812FFFF".

6)
if the access type field is set to "3GPP2-1X-HRPD", a ci-3gpp2 parameter set to the ASCII representation of the hexadecimal value of the string obtained by the concatenation of Sector ID (128 bits) and Subnet length (8 bits) (see 3GPP2 C.S0024-B [86]) and Carrier-ID, if available, (see 3GPP2 X.S0060 [86B])in the specified order. The length of the ci-3gpp2 parameter shall be 34 or 40 hexadecimal characters depending on whether the Carrier-ID is included. The hexadecimal characters (A through F) shall be coded using the uppercase ASCII characters;

EXAMPLE:
If the Sector ID = 0x12341234123412341234123412341234, Subnet length = 0x11, and the Carrier-ID=0x555444, the ci-3gpp2 value is set to the string "1234123412341234123412341234123411555444".

7)
if the access type field is set to "3GPP2-UMB" 3GPP2 C.S0084-000 [86A], a ci-3gpp2 parameter is set to the ASCII representation of the hexadecimal value of the Sector ID (128 bits) defined in 3GPP2 C.S0084-000 [86A]. The length of the ci-3gpp2 parameter shall be 32 hexadecimal characters. The hexadecimal characters (A through F) shall be coded using the uppercase ASCII characters;
EXAMPLE:
If the Sector ID = 0x12341234123412341234123412341234, the ci-3gpp2 value is set to the string "12341234123412341234123412341234".

8)
if the access-type field set to one of "IEEE-802.11", "IEEE-802.11a", "IEEE-802.11b" or "IEEE-802.11g", or "IEEE-802.11n", an "i-wlan-node-id" parameter is set to the ASCII representation of the hexadecimal value of the AP's MAC address without any delimiting characters;
EXAMPLE:
If the AP's MAC address = 00-0C-F1-12-60-28, then i-wlan-node-id is set to the string "000cf1126028".

9)
if the access type field is set to "3GPP2-1X-Femto", a ci-3gpp2-femto parameter set to the ASCII representation of the hexadecimal value of the string obtained by the concatenation of femto MSCID (24 bit), femto CellID (16 bit), FEID (64bit), macro MSCID (24 bits) and macro CellID (16 bits) (3GPP2 X.P0059-200 [86E]) in the specified order. The length of the ci-3gpp2-femto parameter is 36 hexadecimal characters. The hexadecimal characters (A through F) are coded using the uppercase ASCII characters.
10)
if the access-type field is set to one of "ADSL", "ADSL2", "ADSL2+", "RADSL", "SDSL", "HDSL", "HDSL2", "G.SHDSL", "VDSL", "IDSL", the access-info field shall contain a dsl-location parameter obtained from the CLF (see NASS functional architecture);
11)
if the access-type field set to "DOCSIS", the access info parameter is not inserted. This release of this specification does not define values for use in this parameter;
12)
if the access type field is equal to "3GPP-E-UTRAN-FDD" or "3GPP-E-UTRAN-TDD", a "utran-cell-id-3gpp" parameter set to a concatenation of the MCC (3 decimal digits), MNC (2 or 3 decimal digits depending on MCC value), Tracking Area Code (4 hexadecimal digits) as described in 3GPP TS 23.003 [3]) and the E-UTRAN Cell Identity (ECI) (7 hexadecimal digits) as described in 3GPP TS 23.003 [3]). The "utran-cell-id-3gpp" parameter is encoded in ASCII as defined in in RFC 20 [212];
EXAMPLE:
If MCC is 111, MNC is 22, TAC is 33C4 and ECI is 76B4321, then P-Access-Network-Info header field looks like follows: P-Access-Network-Info: 3GPP-EUTRAN-FDD;utran-cell-id-3gpp=1112233C476B4321;network-provided
12A)
if the access class field is equal to "3GPP-E-UTRAN", a "utran-cell-id-3gpp" parameter set to a concatenation of the MCC (3 decimal digits), MNC (2 or 3 decimal digits depending on MCC value), Tracking Area Code (4 hexadecimal digits) as described in 3GPP TS 23.003 [3]) and the E-UTRAN Cell Identity (ECI) (7 hexadecimal digits) as described in 3GPP TS 23.003 [3]). The "utran-cell-id-3gpp" parameter is encoded in ASCII as defined in in RFC 20 [212];
13)
if the access-type field is set to one of "IEEE-802.3", "IEEE-802.3a", "IEEE-802.3e", "IEEE-802.3i", "IEEE-802.3j", "IEEE-802.3u", "IEEE-802.3ab", "IEEE-802.3ae", IEEE-802.3ak", IEEE-802.3aq", IEEE-802.3an", "IEEE-802.3y" or "IEEE-802.3z" and NASS subsystem is used, the access-info field shall contain an eth-location parameter obtained from the CLF (see NASS functional architecture);
14)
if the access-type field is set to one of "GPON", "XGPON1" or "IEEE-802.3ah" and NASS is used, the access-info field shall contain an fiber-location parameter obtained from the CLF (see NASS functional architecture);
15)
if the access-type field is set to "GSTN", the access-info field may contain a gstn-location parameter if received from the GSTN;
NOTE 2:
The "cgi-3gpp", the "utran-cell-id-3gpp", the "ci-3gpp2", the "ci-3gpp2-femto", the "i-wlan-node-id", eth-location, and the "dsl-location" parameters described above among other usage also constitute the location identifiers that are used for emergency services.

16)
if the access-type field is set to "DVB-RCS2", the access-info field shall contain a "dvb-rcs2-node-id" parameter which consists of comma-separated list consisting of NCC_ID, satellite_ID, beam_ID, and SVN-MAC as specified in ETSI TS 101 545-2 [194], ETSI TS 101 545-3 [195]; the NCC_ID shall be represented as two digit hexadecimal value, the satellite_ID shall be represented as a two digit hexadecimal value, the beam_ID shall be respresented as a four digit hexadecimal value, and the SVN-MAC shall be represented as six digit hexadecimal value;
EXAMPLE:
If the (8 bit) NCC_ID = 0x3A, the (8 bit) satellite_ID = 0xF5, the (16 bit) beam_ID = 0xEA23, and the (24 bit) SVN-MAC = 0xE40AB9, then the "dvb-rcs2-node-id" is set to the string "3A,F5,EA23,E40AB9".
17)
the "local-time-zone" parameter in the access-info field is coded as a text string as follows:

UTC±[hh]:[mm]. [hh] is two digits, and [mm] is two digits from four values: "00", "15", "30" or "45", see ISO 8601 [203];
EXAMPLE:
"UTC+01:00" indicates that the time difference between local time and UTC of day is one hour.
18)
the "daylight-saving-time" parameter in the access-info field is coded as a text string as follows:


[hh]. [hh] is a two digits value from three values "00", "01" or "02" indicating the positive adjustment in hours;

19)
void; and

20)
the operator-specific-GI in the access-info field is coded as a text string and conveys an operator-specifc geographical identifier.
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