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***** Next change *****
5.7.1.8
GRUU assignment and usage

It is possible for an AS to use a GRUU referring to itself when inserting a contact address in a dialog establishing or target refreshing SIP message.

This specification does not define how GRUUs are created by the AS; they can be provisioned by the operator or obtained by any other mechanism. The GRUU shall remain valid for the time period in which features addressed to it remain meaningful.

The AS shall handle requests addressed to its currently valid GRUUs when received outside of the dialog in which the GRUU was provided.

EXAMPLE: 
Upon receipt of an INVITE request addressed to a GRUU assigned to a dialog it has active, and containing a Replaces header field referencing that dialog, the AS will be able to establish the new call replacing the old one, if that is appropriate for the features being provided by the AS.

When an AS is acting as a routeing B2BUA (as defined in subclause 5.7.5) it may provide a contact address that is not a GRUU when the contact address in the incoming message that is being replaced is not a GRUU.

When an AS is acting as a routeing B2BUA forwards a SIP request it shall transparently forward a received Contact header field when the Contact header field contains a GRUU. When transparently forwarding a received Contact header field of a dialog-forming request, the AS shall include its own URI in a Record-Route header field in order to ensure that it is included on the route of subsequent requests.
When an AS acts as UA or Initiating B2BUA it shall use a GRUU as the contact addess if the AS acts as a notifier per RFC 6665 [28] and RFC 7647 [231], otherwise the AS  may provide a contact address that is not a GRUU in cases where it can ascertain that valid requests that could result from the use of that contact and follow the usage rules of RFC 5627 [93] will reach the element. In all other cases the AS shall use a GRUU.

An AS acting as a UA or an initiating B2BUA on behalf of a public user identity can provide a GRUU in the contact address referring to itself as described above. When the AS provides a GRUU on behalf of a user, subsequent dialog-initiating requests sent to that GRUU will be routed directly to the AS, thus bypassing terminating services assigned to the user. If the AS wishes to have terminating services applied for the user, the AS may generate a new terminating request addressed to a public GRUU associated with the public user identity of the user.
NOTE 1:
If the AS wishes to have terminating services applied when the public user identity on whose behalf the AS is acting is unregistered, then the options available to the AS depend on whether or not the subscriber has ever previously registered with the IM CN subsystem. In the case where the public user identity had previously registered with the IM CN subsystem, then the AS can use the most recently allocated public GRUU if available. In the case where the user has never registered with the IM CN subsystem, then the AS can use the public user identity itself.

NOTE 2:
Once terminating services have been applied, it is assumed that the terminating S-CSCF will route the request back to this AS via the initial filter criteria. In order for this to work, the initial filter criteria of the target user need to be configured so that the AS is invoked at the appropriate time relative to other terminating ASs (say, after the required terminating services have been applied). The mechanism to ensure that the AS is invoked by the initial filter criteria at the appropriate time is outside the scope of this specification (e.g. the user's filter criteria could be statically configured to invoke the AS at the correct time, or the AS could use the Dynamic Service Activation Information mechanism to activate the appropriate filter criteria).

When an AS acts as a UA or an initiating B2BUA, and is originating or terminating a request on behalf of a public user identity, and privacy is required, the AS shall ensure that any GRUU provided in the contact address in the request does not reveal the public user identity of the user.

***** Next change *****
A.2.1.4
PDU parameters

A.2.1.4.1
Status-codes

Table A.6: Supported status-codes

	Item
	Header
	Sending
	Receiving

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

	1
	100 (Trying)
	[26] 21.1.1
	c21
	c21
	[26] 21.1.1
	c11
	c11

	101
	1xx response
	[26] 21.1
	p21
	p21
	[26] 21.1
	p21
	p21

	101A
	18x response
	[26] 21.1
	p21
	p21
	[26] 21.1
	p21
	p21

	2
	180 (Ringing)
	[26] 21.1.2
	c2
	c2
	[26] 21.1.2
	c1
	c1

	3
	181 (Call Is Being Forwarded)
	[26] 21.1.3
	c2
	c2
	[26] 21.1.3
	c1
	c1

	4
	182 (Queued)
	[26] 21.1.4
	c2
	c2
	[26] 21.1.4
	c1
	c1

	5
	183 (Session Progress)
	[26] 21.1.5
	c34
	c34
	[26] 21.1.5
	c1
	c1

	5A
	199 (Early Dialog Terminated)
	[142] 11.1
	c32
	c32
	[142] 11.1
	c32
	c32

	102
	2xx response
	[26] 21.2
	p22
	p22
	[26] 21.1
	p22
	p22

	6
	200 (OK)
	[26] 21.2.1
	m
	m
	[26] 21.2.1
	m
	m

	7
	202 (Accepted)
	[28] 8.3.1
	c36
	c36
	[28] 8.3.1
	c37
	c37

	103
	3xx response
	[26] 21.3
	p23
	p23
	[26] 21.1
	p23
	p23

	8
	300 (Multiple Choices)
	[26] 21.3.1
	m
	m
	[26] 21.3.1
	m
	m

	9
	301 (Moved Permanently)
	[26] 21.3.2
	m
	m
	[26] 21.3.2
	m
	m

	10
	302 (Moved Temporarily)
	[26] 21.3.3
	m
	m
	[26] 21.3.3
	m
	m

	11
	305 (Use Proxy)
	[26] 21.3.4
	m
	m
	[26] 21.3.4
	m
	m

	12
	380 (Alternative Service)
	[26] 21.3.5
	m
	m
	[26] 21.3.5
	m
	m

	104
	4xx response
	[26] 21.4
	p24
	p24
	[26] 21.4
	p24
	p24

	13
	400 (Bad Request)
	[26] 21.4.1
	m
	m
	[26] 21.4.1
	m
	m

	14
	401 (Unauthorized)
	[26] 21.4.2
	o
	c12
	[26] 21.4.2
	m
	m

	15
	402 (Payment Required)
	[26] 21.4.3
	n/a
	n/a
	[26] 21.4.3
	n/a
	n/a

	16
	403 (Forbidden)
	[26] 21.4.4
	m
	m
	[26] 21.4.4
	m
	m

	17
	404 (Not Found)
	[26] 21.4.5
	m
	m
	[26] 21.4.5
	m
	m

	18
	405 (Method Not Allowed)
	[26] 21.4.6
	m
	m
	[26] 21.4.6
	m
	m

	19
	406 (Not Acceptable)
	[26] 21.4.7
	m
	m
	[26] 21.4.7
	m
	m

	20
	407 (Proxy Authentication Required)
	[26] 21.4.8
	o
	o
	[26] 21.4.8
	m
	m

	21
	408 (Request Timeout)
	[26] 21.4.9
	c2
	c2
	[26] 21.4.9
	m
	m

	22
	410 (Gone)
	[26] 21.4.10
	m
	m
	[26] 21.4.10
	m
	m

	22A
	412 (Conditional Request Failed)
	[70] 11.2.1
	c20
	c20
	[70] 11.2.1
	c20
	c20

	23
	413 (Request Entity Too Large)
	[26] 21.4.11
	m
	m
	[26] 21.4.11
	m
	m

	24
	414 (Request-URI Too Large)
	[26] 21.4.12
	m
	m
	[26] 21.4.12
	m
	m

	25
	415 (Unsupported Media Type)
	[26] 21.4.13
	m
	m
	[26] 21.4.13
	m
	m

	26
	416 (Unsupported URI Scheme)
	[26] 21.4.14
	m
	m
	[26] 21.4.14
	m
	m

	26A
	417 (Unknown Resource Priority)
	[116] 4.6.2
	c24
	c24
	[116] 4.6.2
	c24
	c24

	27
	420 (Bad Extension)
	[26] 21.4.15
	m
	c13
	[26] 21.4.15
	m
	m

	28
	421 (Extension Required)
	[26] 21.4.16
	o
	o
	[26] 21.4.16
	i
	i

	28A
	422 (Session Interval Too Small)
	[58] 6
	c7
	c7
	[58] 6
	c7
	c7

	29
	423 (Interval Too Brief)
	[26] 21.4.17
	c4
	c4
	[26] 21.4.17
	m
	m

	29A
	424 (Bad Location Information)
	[89] 4.2
	c23
	c23
	[89] 4.2
	c23
	c23

	29B
	429 (Provide Referrer Identity)
	[59] 5
	c8
	c8
	[59] 5
	c9
	c9

	29C
	430 (Flow Failed)
	[92] 11
	n/a
	n/a
	[92] 11
	c22
	c22

	29D
	433 (Anonymity Disallowed)
	[67] 4
	c14
	c14
	[67] 4
	c14
	c14

	29E
	439 (First Hop Lacks Outbound Support)
	[92] 11
	c28
	c28
	[92] 11
	c29
	c29

	29F
	440 (Max Breadth Exceeded)
	[117] 5
	n/a
	c30
	[117] 5
	c31
	c31

	29G
	469 (Bad INFO Package)
	[25] 4.2
	c33
	c33
	[25] 4.2
	c33
	c33

	29H
	470 (Consent Needed)
	[125] 5.9.2
	c26
	c26
	[125] 5.9.2
	c27
	c27

	30
	480 (Temporarily Unavailable)
	[26] 21.4.18
	m
	m
	[26] 21.4.18
	m
	m

	31
	481 (Call/Transaction Does Not Exist)
	[26] 21.4.19
	m
	m
	[26] 21.4.19
	m
	m

	32
	482 (Loop Detected)
	[26] 21.4.20
	m
	m
	[26] 21.4.20
	m
	m

	33
	483 (Too Many Hops)
	[26] 21.4.21
	m
	m
	[26] 21.4.21
	m
	m

	34
	484 (Address Incomplete)
	[26] 21.4.22
	o
	o
	[26] 21.4.22
	m
	m

	35
	485 (Ambiguous)
	[26] 21.4.23
	o
	o
	[26] 21.4.23
	m
	m

	36
	486 (Busy Here)
	[26] 21.4.24
	m
	m
	[26] 21.4.24
	m
	m

	37
	487 (Request Terminated)
	[26] 21.4.25
	m
	m
	[26] 21.4.25
	m
	m

	38
	488 (Not Acceptable Here)
	[26] 21.4.26
	m
	m
	[26] 21.4.26
	m
	m

	39
	489 (Bad Event)
	[28] 8.3.2
	c3
	c3
	[28] 8.3.2
	c3
	c3

	40
	491 (Request Pending)
	[26] 21.4.27
	m
	m
	[26] 21.4.27
	m
	m

	41
	493 (Undecipherable)
	[26] 21.4.28
	m
	m
	[26] 21.4.28
	m
	m

	41A
	494 (Security Agreement Required)
	[48] 2
	c5
	c5
	[48] 2
	c6
	c6

	105
	5xx response
	[26] 21.5
	p25
	p25
	[26] 21.5
	p25
	p25

	42
	500 (Internal Server Error)
	[26] 21.5.1
	m
	m
	[26] 21.5.1
	m
	m

	43
	501 (Not Implemented)
	[26] 21.5.2
	m
	m
	[26] 21.5.2
	m
	m

	44
	502 (Bad Gateway)
	[26] 21.5.3
	o
	o
	[26] 21.5.3
	m
	m

	45
	503 (Service Unavailable)
	[26] 21.5.4
	m
	m
	[26] 21.5.4
	m
	m

	46
	504 (Server Time-out)
	[26] 21.5.5
	m
	m
	[26] 21.5.5
	m
	m

	47
	505 (Version not supported)
	[26] 21.5.6
	m
	m
	[26] 21.5.6
	m
	m

	48
	513 (Message Too Large)
	[26] 21.5.7
	m
	m
	[26] 21.5.7
	m
	m

	49
	580 (Precondition Failure)
	[30] 8
	c35
	c35
	[30] 8
	c35
	c35

	106
	6xx response
	[26] 21.6
	p26
	p26
	[26] 21.6
	p26
	p26

	50
	600 (Busy Everywhere)
	[26] 21.6.1
	m
	m
	[26] 21.6.1
	m
	m

	51
	603 (Decline)
	[26] 21.6.2
	c10
	c10
	[26] 21.6.2
	m
	m

	52
	604 (Does Not Exist Anywhere)
	[26] 21.6.3
	m
	m
	[26] 21.6.3
	m
	m

	53
	606 (Not Acceptable)
	[26] 21.6.4
	m
	m
	[26] 21.6.4
	m
	m

	c1:
IF A.5/9 THEN m ELSE n/a - - INVITE response.

c2:
IF A.5/9 THEN o ELSE n/a - - INVITE response.

c3:
IF A.4/20 THEN m ELSE n/a - - SIP specific event notification extension.

c4:
IF A.5/19 OR A.5/21 THEN m ELSE n/a - - REGISTER response or SUBSCRIBE response.

c5:
IF A.4/37 THEN m ELSE n/a - - security mechanism agreement for the session initiation protocol.

c6:
IF A.4/37 THEN m ELSE n/a - - security mechanism agreement for the session initiation protocol.

c7:
IF A.4/42 AND (A.5/9 OR A.5/23) THEN m ELSE n/a - - the SIP session timer AND (INVITE response OR UPDATE response).

c8:
IF A.4/43 AND A.5/17 THEN o ELSE n/a - - the SIP Referred-By mechanism and REFER response.

c9:
IF A.4/43 AND A.5/17 THEN m ELSE n/a - - the SIP Referred-By mechanism and REFER response.

c10:
IF A.4/44 THEN m ELSE o - - the Session Inititation Protocol (SIP) "Replaces" header.

c11:
IF A.5/3 OR A.5/9 OR A.5/9B OR A.5/11OR A.5/13 OR A.5/15 OR A.5/15B OR A.5/17 OR A.5/19 OR A.5/21 OR A.5/23 THEN m ELSE n/a - - BYE response or INVITE response or MESSAGE response or NOTIFY response or OPTIONS response or PRACK response or PUBLISH response or REFER response or REGISTER response or SUBSCRIBE response or UPDATE response.

c12:
IF A.3/4 THEN m ELSE o - - S-CSCF.

c13:
IF A.3/1 OR A.3/2 OR A.3/4 THEN m ELSE o - - UE, P-CSCF, S-CSCF.

c14:
IF A.4/48 THEN m ELSE n/a - - rejecting anonymous requests in the session initiation protocol.
c20:
IF A.4/41 THEN m ELSE n/a - - an event state publication extension to the session initiation protocol.

c21:
IF A.5/3 OR A.5/9 OR A.5/9B OR A.5/11 or A.5/13 OR A.5/15 OR A.5/15B OR A.5/17 OR A.5/19 OR A.5/21 OR A.5/23 THEN o ELSE n/a - - BYE response or INVITE response or MESSAGE response or NOTIFY response or OPTIONS response or PRACK response or PUBLISH response or REFER response or REGISTER response or SUBSCRIBE response or UPDATE response.

c22:
IF A.4/57 THEN m ELSE n/a - - managing client initiated connections in SIP.

c23:
IF A.4/60 THEN m ELSE n/a - - SIP location conveyance.

c24:
IF A.4/70 THEN m ELSE n/a - - communications resource priority for the session initiation protocol.
c26:
IF A.4/75B THEN m ELSE n/a - - a recipient within the framework for consent-based communications in SIP.

c27:
IF A.4/75A THEN m ELSE n/a - - a relay within the framework for consent-based communications in SIP.

c28:
IF A.4/2 AND A.4/57 THEN m ELSE n/a - - registrar, managing client initiated connections in SIP.

c29: 
IF A.4/1 AND A.4/57 THEN m ELSE n/a - - client behaviour for registration, managing client initiated connections in SIP.

c30:
IF A.4/71 AND (A.3/9B OR A.3/9C OR A.3/13B OR A.3/13C) THEN m ELSE n/a - - addressing an amplification vulnerability in session initiation protocol forking proxies, IBCF (IMS-ALG), IBCF (Screening of SIP signalling), ISC gateway function (IMS-ALG), ISC gateway function (Screening of SIP signalling).

c31:
IF A.4/71 THEN m ELSE n/a - - addressing an amplification vulnerability in session initiation protocol forking proxies.
c32:
IF A.5/9 AND A.4/81 THEN m ELSE n/a - - INVITE response and 199 (Early Dialog Terminated) response.
c33:
IF A.4/13 THEN m ELSE n/a - - SIP INFO method and package framework.

c34:
IF A.4/16 OR A.3/6 THEN m ELSE IF A.5/9 THEN o ELSE n/a - - initiating a session which require local and/or remote resource reservation, MGCF, INVITE response.

c35:
IF A.4/16 THEN m ELSE n/a - - integration of resource management and SIP.
c36:
IF A.5/9B THEN m ELSE n/a - - MESSAGE response.
c37:
IF A.4/20 OR OR A.5/9B OR A.5/17 THEN m ELSE n/a - - SIP specific event notification extension or MESSAGE response or the REFER response.
p21:
A.6/2 OR A.6/3 OR A.6/4 OR A.6/5 OR A.6/5A - - 1xx response.

p22:
A.6/6 OR A.6/7 - - 2xx response.

p23:
A.6/8 OR A.6/9 OR A.6/10 OR A.6/11 OR A.6/12 - - 3xx response.

p24:
A.6/13 OR A.6/14 OR A.6/15 OR A.6/16 OR A.6/17 OR A.6/18 OR A.6/19 OR A.6/20 OR A.6/21 OR A.6/22 OR A.6/22A OR A.6/23 OR A.6/24 OR A.6/25 OR A.6/26 OR A.6/26A OR A.6/27 OR A.6/28 OR A.6/28A OR A.6/29 OR A.6/29A OR A.6/29B OR A.6/29C OR A.6/29D OR A.6/29E OR A.6/29F OR A.6/29G OR A.6/29H OR A.6/30 OR A.6/31 OR A.6/32 OR A.6/33 OR A.6/34 OR A.6/35 OR A.6/36 OR A.6/436 OR A.6/38 OR A.6/39 OR A.6/40 OR A.6/41 OR A.6/41A. - 4xx response.

p25:
A.6/42 OR A.6/43 OR A.6/44 OR A.6/45 OR A.6/46 OR A.6/47 OR A.6/48 OR A.6/49 - - 5xx response

p26:
A.6/50 OR A.6/51 OR A.6/52 OR A.6/53 - - 6xx response.


***** End of changes *****
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