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[13]
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[16]
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[17]
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[18]
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[19]
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[21]
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[22]
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[23]
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[24]
IETF RFC 793: "Transmission Control Protocol".

[25]
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[26]
3GPP TS 29.415: "Core network Nb interface user plane protocols".
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[28]
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ITU-T Recommendation Q.2150.1: "Signalling transport converter on MTP3 and MTP3b".
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[31]
ITU-T Recommendation Q.1950 (2002): "Bearer independent call bearer control protocol".
[32]
3GPP TS 26.236: "Packet switched conversational multimedia applications; Transport protocols".
[33]
3GPP TS 29.232: "Media Gateway Controller (MGC) – Media Gateway (MGW) interface; Stage 3".

[34]
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[35]
ITU-T Recommendation Q.765.5: "Signalling system No. 7 – Application transport mechanism: Bearer Independent Call Control (BICC)".

[36]
IETF RFC 3264: "An Offer/Answer Model with the Session Description Protocol (SDP)".

[37]
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[38]
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[39]
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[41]
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[43]
ITU-T Recommendation I.363.5 (1996): "B-ISDN ATM Adaptation Layer specification: Type 5 AAL".

[44]
ITU-T Recommendation Q.2110 (1994): "B-ISDN ATM adaptation layer - Service Specific Connection Oriented Protocol (SSCOP)".

[45]
ITU-T Recommendation Q.2140 (1995): "B-ISDN ATM adaptation layer - Service specific coordination function for signalling at the network node interface (SSCF AT NNI)".

[46]
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[47]
3GPP TS 23.221: "Architectural requirements".

[48]
ITU-T Recommendation E.164 (05/1997): "The international public telecommunication numbering plan".

[49]
ITU-T Recommendation Q.1912.5: "Interworking between Session Initiation Protocol (SIP) and Bearer Independent Call Control Protocol or ISDN User Part".

[50]
3GPP TS 26.102: "Adaptive Multi-Rate (AMR) speech codec; Interface to Iu and Uu".

[51]
IETF RFC 3550: "RTP: A Transport Protocol for Real-Time Applications".
[52]
IETF RFC 3551: "RTP Profile for Audio and Video Conferences with Minimal Control".
[53]
IETF RFC 3555: "MIME Type Registration of RTP Payload Formats".
[54]
IETF RFC 3262: "Reliability of provisional responses".

[55]
IETF RFC 3311: "SIP UPDATE method".

[56]
IETF RFC 2327: "SDP: Session Description Protocol".

[57]
3GPP TS 26.103: "Speech Codec List for GSM and UMTS".

[58]
3GPP TS 28.062: "Inband Tandem Free Operation (TFO) of speech codecs".
[59]
IETF RFC 3556: "Session Description Protocol (SDP) Bandwidth Modifiers for RTP Control Protocol (RTCP) bandwidth".

[60]
3GPP TS 24.604: "Communication Diversion (CDIV) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification"
[61]
3GPP TS 24.605 “Conference (CONF) using IP Multimedia (IM) Core Network (CN) subsystem; Protocol specification”
[62]
ETSI TS 183 006 Telecommunications and Internet Converged Services and Protocols for Advanced Networking (TISPAN);
NGN Signalling Control Protocol; Message Waiting Indication (MWI), PSTN/ISDN simulation services

[63]
ETSI TS 183 007 Telecommunications and Internet Converged Services and Protocols for Advanced Networking (TISPAN);
NGN Signalling Control Protocol; Originating Identification Presentation (OIP) and 
Originating Identification Restriction (OIR); PSTN/ISDN simulation services

[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]
DRAFT ETSI TS 183 011 Telecommunications and Internet Converged Services and Protocols for Advanced Networking (TISPAN);
NGN Signalling Control Protocol; Communication Hold (HOLD) PSTN/ISDN simulation services

[67]
Draft ETSI TS 183 012 Telecommunications and Internet Converged Services and Protocols for Advanced Networking (TISPAN);
NGN Signalling Control Protocol; Anonymous Communication Rejection (ACR) and Communication Barring (CB) PSTN/ISDN simulation services

Editor's Note: The above document cannot be formally referenced until it is published as TISPAN TS

[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 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 (April 2003): "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.

[77]
IETF RFC5079 (December 2007) "Rejecting Anonymous Requests in the Session Initiation Protocol (SIP)"

 
[78]
3GPP TS 26.110: "Codec for circuit switched multimedia telephony service; General description"

[79]
3GPP TS 26.111: "Codec for Circuit switched Multimedia Telephony Service; Modifications to H.324".

[80]
3GPP TS 26.235: "Packet switched conversational multimedia applications; Default codecs".

[81]
ITU-T Recommendation H.324: "Terminal for low bitrate multimedia communication".
[82]
ITU-T Recommendation H.245: "Control protocol for multimedia communication".

[83]
ITU-T Recommendation H.261: "Video codec for audiovisual services at p x 64 kbit/s".
[84]
ITU-T Recommendation H.263: "Video coding for low bitrate communication".

[85]
3GPP TS 26.114: "Multimedia telephony; Media handling and interaction (Release 7)".
[86]
Void.
[87]
ITU-T Recommendation H.324 Amendment 1: "New Annex K "Media Oriented Negotiation Acceleration Procedure" and associated changes to Annex".
[88]
3GPP TS 24.173: "IMS Multimedia Telephony Communication Service and Supplementary Services, stage 3".

[89]
IETF RFC 5009 (September 2007): "Private Header (P-Header) Extension to the Session Initiation Protocol (SIP) for Authorization of Early Media".
[90]

IETF RFC 2663: "IP Network Address Translator (NAT) Terminology and Considerations ".

[91]
IETF RFC 4244: "An extension to the Session Initiation Protocol (SIP) for Request History Information".

[92]
ITU-T Recommendation Q.769.1: "Signalling system No. 7 – ISDN user part enhancements for the support of number portability".

[93]
IETF RFC 4694: "Number portability parameters for the "tel" URI".

[94]

IETF RFC 4694: "Number portability parameters for the tel-URI".

[95]

IETF draft-yu-tel-dai-02 "DAI Parameter for the "tel" URI".
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]".

[97]
RFC 3966 (December 2004): "The tel URI for Telephone Numbers".
[98]
ISO/IEC 8348: "Information technology – Open Systems Interconnection – Network service definition", Add.2
Support Team note:
Reference added during implementation of CR 182 rev 1; Addendum 2 to the above reference not found in ISO catalogue
[99]
"draft-johnston-sipping-cc-uui-03 "Transporting User to User Information for Call Centers using SIP" 2007


Editors Note: The reference to draft draft-johnston- sipping-cc-uui is needs to be replaced by a reference to an IETF sip working group document providing the final definition of the SIP UUI header, when such a document becomes available. Those drafts can not be formally referenced until they become RFCs.
[100]
IETF RFC 4575: "A Session Initiation Protocol (SIP) Event Package for Conference State".
[101]
3GPP TS 24.454 "Telecommunications and Internet converged Services and Protocols for Advanced Networking; PSTN/ISDN simulation services; Closed User Group (CUG) Protocol specification "
[102]
3GPP TS 24.516 "Telecommunications and Internet converged Services and Protocols for Advanced Networking (TISPAN); PSTN/ISDN simulation services; Malicious Communication Identification (MCID); Protocol specification" 
[103]
3GPP TS 23.014: "Technical Specification Group Core Network; Support of Dual Tone Multi-Frequency (DTMF) signalling".

[104]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction".
[105]
IETF RFC 4733: "RTP Payload for DTMF Digits, Telephony Tones and Telephony Signals".
[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.
<<End Change 1>>
<<Change 2>>

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, RFC5079 [77] refers

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


<<End Change 2>>

<< Change 3>>

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, RFC5079 [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.


<<End Change 3>>
<< Change 4>>

7.4.23.1
ISUP-SIP protocol interworking at the I-MGCF

If ISUP Cause Value field in the ISUP REL includes Cause Value 24 "call rejected due to ACR supplementary service" the I-MGCF shall map this to a 433 (Anonymity Disallowed) as described in RFC5079 [77].

<<End Change 4>>
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