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3GPP TS 24.606: "Message Waiting Indication (MWI) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[63]
3GPP TS 24.607: "Originating Identification Presentation (OIP) and Originating Identification Restriction (OIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[64]
3GPP TS 24.608 "Terminating Identification Presentation (TIP) and Terminating Identification Restriction (TIR) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[65]
3GPP TS 24.610: "Communication HOLD (HOLD) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[66]
Void

[67]
3GPP TS 24.611: "Anonymous Communication Rejection (ACR) and Communication Barring (CB) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification".
[68]
Void.
[69]
IETF RFC 4040: "RTP Payload Format for a 64 kbit/s Transparent Call"
[70]
ETSI EN 300 356-1 (V4.2.1): "Integrated Services Digital Network (ISDN); Signalling System No.7 (SS7); ISDN User Part (ISUP) version 4 for the international interface; Part 1: Basic services [ITU-T Recommendations Q.761 to Q.764 (1999) modified]".

[71]
ETSI EN 300 356-21 (V4.2.1): "Integrated Services Digital Network (ISDN); Signalling System No.7 (SS7); ISDN User Part (ISUP) version 4 for the international interface; Part 21: Anonymous Call Rejection (ACR) supplementary service" 

[72]
ITU-T Recommendation T.38: "Procedures for real-time Group 3 facsimile communication over IP networks"
[73]
IETF RFC 3362: "Real-time Facsimile (T.38) - image/t38 MIME Sub-type Registration"
[74]
3GPP TS 23.003: "Numbering, addressing and identification".

[75]
IETF RFC 3515: "The Session Initiation Protocol (SIP) REFER method".
[76]
draft-mahy-iptel-cpc-04.txt

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
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[80]
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ITU-T Recommendation H.324: "Terminal for low bitrate multimedia communication".
[82]
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[84]
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[85]
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[86]
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[87]
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[88]
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[89]
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[95]
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Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[96]
ETSI EN 300 403‑1: "Integrated Services Digital Network (ISDN); Digital Subscriber Signalling System No. one (DSS1) protocol; Signalling network layer for circuit-mode basic call control; Part 1: Protocol specification [ITU-T Recommendation Q.931 (1993), modified]".
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[100]
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[101]
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[102]
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[103]
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[104]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction".
[105]
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[106]
IETF draft-ietf-bliss-call-completion-02: "Call Completion for Session Initiation Protocol (SIP)"

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[107]
IETF draft-alexeitsev-bliss-alert-info-urns-00: "Alert-Info header URNs for Session Initiation Protocol (SIP)"

Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[108]
IETF RFC 4715: "The Integrated Services Digital Network (ISDN) Subaddress Encoding Type for tel URI"[109]
IETF RFC 4585: "Extended RTP Profile for Real-time Transport Control Protocol (RTCP)-Based Feedback (RTP/AVPF)"
[110]
IETF RFC 5104: "Codec Control Messages in the RTP Audio-Visual Profile with Feedback (AVPF)"

[111]
3GPP TS 24.615: "Communication Waiting (CW) using IP Multimedia (IM) Core Network (CN) subsystem, Protocol Specification".

[112]
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[113]
IETF RFC 4458: " Session Initiation Protocol (SIP) URIs for Applications such as Voicemail and Interactive Voice Response (IVR)"

[114]
IETF draft-ietf-avt-rtp-gsm-hr-00: "RTP Payload format for GSM-HR"
Editor's note: The above document cannot be formally referenced until it is published as an RFC.
[xx]

IETF draft-jesske-dispatch-reason-in-responses-01: "Use of the Reason header filed in Session Initiation Protocol (SIP) responses"
Editor's note: The above document cannot be formally referenced until it is published as an RFC.

[xy]

IETF RFC 3326 (December 2002): "The Reason Header Field for the Session Initiation Protocol (SIP)".
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7.2.3.1.8
Receipt of the Release Message

If the REL message is received and a final response (i.e. 200 OK (INVITE)) has already been sent, the I-MGCF shall send a BYE message. 

NOTE:
According to SIP procedures, in the case that the REL message is received and a final response (e.g. 200 OK (INVITE)) has already been sent (but no ACK request has been received) on the incoming side of the I- MGCF then the I- MGCF does not send a 487 Request terminated response and instead waits until the ACK request is received before sending a BYE message.

If the REL message is received and the final response (i.e. 200 OK (INVITE)) has not already been sent, the I- MGCF shall send a Status-Code 4xx (Client Error) or 5xx (Server Error) response. The Status code to be sent is determined by examining the Cause code value received in the REL message. Table 9 specifies the mapping of the cause code values, as defined in ITU-T Recommendation Q.850 [38], to SIP response status codes. Cause code values not appearing in the table shall have the same mapping as the appropriate class defaults according to ITU-T Recommendation Q.850 [38].

Table 9: Receipt of the Release message (REL)

	(SIP Message 
	( REL

	Status code
	Cause parameter

	404 Not Found
	Cause value No. 1 (unallocated (unassigned) number)

	500 Server Internal error
	Cause value No 2 (no route to network)

	500 Server Internal error
	Cause value No 3 (no route to destination)

	500 Server Internal error
	Cause value No. 4 (Send special information tone)

	404 Not Found
	Cause value No. 5 (Misdialled trunk prefix)

	486 Busy Here
	Cause value No. 17 (user busy)

	480 Temporarily unavailable
	Cause value No 18 (no user responding)

	480 Temporarily unavailable
	Cause value No 19 (no answer from the user)

	480 Temporarily unavailable
	Cause value No. 20 (subscriber absent)

	603 Decline
	Cause value No 21 (call rejected), Location = 000 / user (U)

	480Temporarily unavailable
	Cause value No 21 (call rejected) , Location <> 000 / user (U)

	410 Gone
	Cause value No 22 (number changed)

	433 Anonymity Disallowed.(NOTE 1)
	Cause value No. 24 (call rejected due to ACR supplementary service)

	480 Temporarily unavailable
	Cause value No 25 (Exchange routing error)

	502 Bad Gateway
	Cause value No 27 (destination out of order)

	484 Address Incomplete
	Cause value No. 28 invalid number format (address incomplete)

	500 Server Internal error
	Cause value No 29 (facility rejected)

	480 Temporarily unavailable
	Cause value No 31 (normal unspecified) (class default) (NOTE 2)

	486 Busy here if Diagnostics indicator includes the (CCBS indicator = CCBS possible)

else 480 Temporarily unavailable
	Cause value in the Class 010 (resource unavailable, Cause value No 34)

	500 Server Internal error
	Cause value in the Class 010
(resource unavailable, Cause value No’s. 38, 41, 42, 43, 44, & 47) (47 is class default)

	500 Server Internal error
	Cause value No 50 (requested facility no subscribed)

	500 Server Internal error
	Cause value No 57 (bearer capability not authorised)

	500 Server Internal error
	Cause value No 58 (bearer capability not presently)

	500 Server Internal error
	Cause value No 63 (service option not available, unspecified)
(class default)

	500 Server Internal error
	Cause value in the Class 100 (service or option not implemented, Cause value No’s. 65, 70 & 79) 79 is class default

	500 Server Internal error
	Cause value No 88 (incompatible destination)

	404 Not Found
	Cause value No 91 (invalid transit network selection)

	500 Server Internal error
	Cause value No 95 (invalid message)
(class default)

	500 Server Internal error
	Cause value No 97 (Message type non-existent or not implemented)

	500 Server Internal error
	Cause value No 99 (information element/parameter non-existent or not implemented))

	480 Temporarily unavailable
	Cause value No. 102 (recovery on timer expiry)

	500 Server Internal error
	Cause value No 110 (Message with unrecognised Parameter, discarded)

	500 Server Internal error
	Cause value No. 111 (protocol error, unspecified)
(class default)

	480 Temporarily unavailable
	Cause value No. 127 (interworking unspecified)
(class default)

	NOTE 1:
Anonymity Disallowed, RFC 5079 [77] refers

NOTE 2:
Class 1 and class 2 have the same default value.


A Reason header field containing the received (Q.850) Cause Value of the REL shall be added to the SIP final response or BYE request sent as a result of this clause. The mapping of the Cause Indicators parameter to the Reason header is shown in Table 9a. Draft-jesske-dispatch-reason-in-responses [xx] describes the use of the Reason header field in responses. The Reason header field itself is described in IETF RFC3326 [xy].
Table 9a – Mapping of Cause Indicators parameter into SIP Reason header fields

	Cause indicators parameter field
	Value of parameter field
	component of SIP Reason header field
	component value

	–
	–
	protocol
	"Q.850"

	Cause Value
	"XX" (NOTE 1)
	protocol‑cause
	"cause = XX"
(NOTE 1)

	–
	–
	reason‑text    
	Should be filled with the definition text as stated in ITU-T Rec. Q.850 [38].
(NOTE 2)

	NOTE 1: 
"XX" is the Cause Value as defined in ITU-T Rec. Q.850 [38].
NOTE 2:
Due to the fact that the Cause Indicators parameter does not include the definition text as defined in Table 1/Q.850, this is based on provisioning in the I-MGCF.


As a network option, an I-MGCF may generate an Error-Info header field according to rules and procedures of IETF RFC 3261 [19]to provide media instead of the in-band media received from the PSTN.
If the I-MGCF supports the PSTN XML body as a network option and the I-MGCF interworks media encoded in any of the formats in  Table 2a (G.711, Clearmode or t38) without transcoding, the I-MGCF shall map the Access Transport Format received in the REL into PSTN XML elements as shown in Table 9aa and include this XML body in the 200 OK (INVITE).
Table 9aa : ISUP Parameters with Mapping of PSTN XML elements 

	(4xx,5xx,6xx 
	(REL

	PSTN XML 
	ISUP Parameter
	Content

	ProgressIndicator
	Access Transport Parameter
	Progress indicator

	HighLayerCompatibility
	
	High layer compatibility

	LowLayerCompatibility
	
	Low layer compatibility


********************  Next Modification *********************

7.2.3.2.12
Receipt of Status Codes 4xx, 5xx or 6xx 
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Figure 21: Receipt of Status codes 4xx, 5xx or 6xx

If a Reason header as described in draft-jesske-dispatch-reason-in-responses [xx] is included in a 4XX, 5XX, 6XX response, then the Cause Value of the Reason header shall be mapped to the ISUP Cause Value field in the ISUP REL message. The Reason header field itself is described in IETF RFC3326 [xy]. The mapping of the Reason header to the Cause Indicators parameter is shown in Table 8a (see 7.2.3.1.7). Otherwise coding of the Cause parameter value in the REL message is derived from the SIP Status code received according to table 18. The Cause Parameter Values are defined in ITU-T Recommendation Q.850 [38]. 
In all cases where SIP itself specify additional SIP side behaviour related to the receipt of a particular INVITE response these procedures should be followed in preference to the immediate sending of a REL message to BICC/ISUP. 

If there are no SIP side procedures associated with this response, the REL shall be sent immediately.

NOTE:
 If an optional Reason header as described in draft-jesske-dispatch-reason-in-responses [xx] is included in a 4XX, 5XX, 6XX, then the Cause Value of the Reason header can be mapped to the ISUP Cause Value field in the ISUP REL message. The mapping of the optional Reason header to the Cause Indicators parameter is out of the scope of the present specification. The Reason header field itself is described in IETF RFC3326 [xy].
NOTE
Depending upon the SIP side procedures applied at the O-MGCF it is possible that receipt of certain 4xx/5xx/6xx responses to an INVITE may in some cases not result in any REL message being sent to the BICC/ISUP network. For example, if a 401 Unauthorized response is received and the O-MGCF successfully initiates a new INVITE containing the correct credentials, the call will proceed.
Table 18: 4xx/5xx/6xx Received on SIP side of O-MGCF

	(REL (cause code)
	(4xx/5xx/6xx SIP Message

	127 (interworking unspecified)
	400 Bad Request

	127 (interworking unspecified)
	401 Unauthorized

	127 (interworking unspecified)
	402 Payment Required

	127 (interworking unspecified)
	403 Forbidden

	1 (Unallocated number)
	404 Not Found

	127 (interworking unspecified)
	405 Method Not Allowed

	127 (interworking unspecified)
	406 Not Acceptable

	127 (interworking unspecified)
	407 Proxy authentication required

	127 (interworking unspecified)
	408 Request Timeout

	22 (Number changed)
	410 Gone

	127 (interworking unspecified)
	413 Request Entity too long

	127 (interworking unspecified)
	414 Request-URI too long

	127 (interworking unspecified)
	415 Unsupported Media type

	127 (interworking unspecified)
	416 Unsupported URI scheme

	127 (interworking unspecified)
	420 Bad Extension

	127 (interworking unspecified)
	421 Extension required

	127 (interworking unspecified)
	423 Interval Too Brief

	24 (call rejected due to ACR supplementary service)
	433 Anonymity Disallowed.(NOTE 1)

	20 Subscriber absent
	480 Temporarily Unavailable

	127 (interworking unspecified)
	481 Call/Transaction does not exist

	127 (interworking unspecified)
	482 Loop detected

	127 (interworking unspecified)
	483 Too many hops

	28 (Invalid Number format)
	484 Address Incomplete

	127 (interworking unspecified)
	485 Ambiguous

	17 (User busy)
	486 Busy Here

	127 (Interworking unspecified) or not interworked. (NOTE 2)
	487 Request terminated

	127 (interworking unspecified)
	488 Not acceptable here

	127 (interworking unspecified)
	493 Undecipherable

	127 (interworking unspecified)
	500 Server Internal error

	127 (interworking unspecified)
	501 Not implemented

	127 (interworking unspecified)
	502 Bad Gateway

	127 (interworking unspecified)
	503 Service Unavailable

	127 (interworking unspecified)
	504 Server timeout

	127 (interworking unspecified)
	505 Version not supported

	127 (interworking unspecified)
	513 Message too large

	127 (interworking unspecified)
	580 Precondition failure

	17 (User busy)
	600 Busy Everywhere

	21 (Call rejected)
	603 Decline

	1 (unallocated number)
	604 Does not exist anywhere

	127 (interworking unspecified)
	606 Not acceptable

	NOTE 1:
Anonymity Disallowed, RFC 5079 [77] refers.

NOTE 2:
No interworking if the O-MGCF previously issued a CANCEL request for the INVITE.

NOTE 3:
The 4xx/5xx/6xx SIP responses that are not covered in this table are not interworked.


If the O-MGCF supports the PSTN XML body as a network option and if a PSTN XML body is received within the 4xx/5xx/6xx, the O-MGCF shall map the contained information into the Access Transport Parameter of the REL as shown in Table 7.2.3.2.5.3.1 for the ACM .
When a 3xx, 4xx, 5xx or 6xx SIP response to an INVITE request is received from the network containing an Error-Info header field, the O-MGCF, supporting the capabilities associated with the Error-Info header field, may instruct the IM-MGW to play out media available at the associated URL towards PSTN. 
********************  End of Modification *********************
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