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* * *  2nd  Change  * * *

3.2
Abbreviations

For the purposes of the present document, the abbreviations as defined in 3GPP TR 21.905 [6] and the following apply:

3PTY
Three Party

AAL1
ATM Adaptation Layer type 1

ACR
Anonymous Call Rejection

ANM
ANswer Message

APM
Application Transport Message
APRI
Address Presentation Restriction Indicator
ATP
Access Transport Parameter

BC
Bearer Capability

BCI
Backward Call Indicators

BGCF
Breakout Gateway Control Function

BICC
Bearer Independent Call Control

CB
Communication Barring
CCNR
Call Completion on No Reply
CCSS
Call Completion Service Set-up
CDa
Call Deflection Alerting

CDi
Call Deflection Immediate

CDIV
Communication Diversion

CdPN
Called Party Number

CFB
Call Forwarding Busy

CFNR
Call Forwarding No Reply

CGB
Circuit Group Blocking

CgPN
Calling Party Number

CIC
Carrier Identification Code

CMR
Codec Mode Request

CON
Connect

CONF
Conference

COT
Continuity

CPC
Calling Party's Category
CPG
Call ProGress message

CSI
Carrier Selection Information

DAI
Dial Around Indication
DSCP
DiffServ Code Point

FAC
Facility

FQC
Frame Quality Classification

GN
Generic Number

GRS
Group Reset
GVNS
Global Virtual Network Service

H/W
Hardware

IDR
Identification Request

IEPS
International Emergency Preference Scheme

I-MGCF
Incoming MGCF
IM-MGW
IP Multimedia Media Gateway Function

INF
Information

INR
Information Request

IRS
Identification Response

ITCC
International Telecommunication Charge Card

ITU-T
International Telecommunication Union – Telecommunication Standardization Sector

MCID
Malicious Communication Identification

M3UA
MTP-L3 User Adaptation layer

MLPP
Multi-Level Precedence and Pre-emption

MONA
Media Orientation Negotiation Acceleration

MPC
Media Preconfigured Channel

MRFP
Media Resource Function Processor

MSN
Multiple Subscriber Number

MSU
Message Signalling Unit

MWI
Message Waiting Indication

NOA
Nature Of Address 

NPDI
Number Portability Database Dip Indicator

OIP
Originating Identification Presentation

OIR
Originating Identification Restriction

OLI
Originating Line Information

O-MGCF
Outgoing MGCF

PI
Progress Indicator

PIDF
Presence Information Data Format

REV
Reverse Charging

RLC
Release Complete

RSC
Reset Circuit

RTCP
RTP Control Protocol

SAM
Subsequent Address Message
SCTP
Stream Control Transmission Protocol

SGW
Signalling Gateway

SPC
Signalling Preconfigured Channel
ST
Sending Terminated

TCAP
Transaction Capabilities Application Part

TDM
Time Division Multiplex

TIP
Terminating Identification Presentation

TIR
Terminating Identification Restriction

TMR
Transmission Medium Requirement

TMU
Transmission Medium Used

TNL
Transport Network Layer

TNS
Transit Network Selection

TP
Terminal Portability

UA
User Agent

UAC
User Agent Client

URI
Uniform Resource Identifier
USI
User Service Information

UUS
User-to-User Signalling

XML
eXtensible Markup Language

* * *  3rd  Change  * * *

7.4.11
Call Completion on busy subscriber

The default behaviour of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.733.3 [42] under the clause "Interactions with other networks".
Alternatively, the MGCF may apply the interworking to the Completion of Communications to Busy Subscriber (CCBS) service described in subclause 7.5.11.
* * *  4th  Change  * * *
7.4.12
Completion of Calls on No Reply (CCNR)

The default behaviour of the MGCF at the ISUP/BICC side are described in ITU-T Recommendation Q.733.5 [42] under the clause "Interactions with other networks".
Alternatively, the MGCF may apply the interworking to the Completion of Communications on No Reply (CCNR) service described in subclause 7.5.11.
* * *  5th  Change  * * *
7.5.11.1
Interworking at the I-MGCF
If the I-MGCF supports the interworking of CCBS/CCNR supplementary services, the I-MGCF shall map between the SIP and ISUP messages in accordance with table 7.5.11.1.1.

Table 7.5.11.1.1: Mapping of SIP messages to ISUP messages
	SIP Message
	Parameter
	ISUP Message
	Parameter

	180 Ringing


	Call-Info header field with purpose header field parameter set to "call-completion" and "m" header field parameter set to "NR" (no reply)
(NOTE 1) (NOTE 4)
	ACM
	CCNR possible indicator set to "CCNR possible"
(NOTE 2)

	183 Session progress


	Call-Info header field with purpose header field parameter set to "call-completion" and "m" header field parameter set to "NR" (no reply)
(NOTE 1) (NOTE 4)
	CPG
	CCNR possible indicator set to "CCNR possible"
(NOTE 2)

	486 Busy here 


	Call-Info header field with purpose header field parameter set to "call-completion" and "m" header field parameter set to "BS" (busy subscriber)
(NOTE 1) (NOTE 4)
	Release
	Cause Indicator
cause #17 with Diagnostic (CCBS indicator set to "CCBS possible")
(NOTE 3)

	INVITE
	Request URI contains "m" SIP URI parameter 
(NOTE 1)
	IAM
	CCSS parameter set to "CCSS call"
(NOTE 2) (NOTE 5)

	NOTE 1:
The coding shall be in accordance with IETF draft-ietf-bliss-call-completion [106].
NOTE 2:
The coding shall be in accordance with ITU-T recommendation Q. 763 [4].
NOTE 3:
The coding shall be in accordance with ITU-T recommendation Q. 850 [38].
NOTE 4:   The mapping will be done even if the "m" header field parameter is not received within Call-Info header field or has unknown value.

NOTE 5:   CCSS parameter set to the value "CCSS call" is included in the IAM if Request-URI contains the SIP URI parameter "m" i.e. creation of the CCSS parameter does not depend on the received value of the SIP URI parameter "m".


If the I-MGCF supports the interworking of CCBS/CCNR supplementary services, the I-MGCF shall map between the SIP and TCAP messages in accordance with table 7.5.11.1.2 and table 7.5.11.1.3.

Table 7.5.11.1.2: Mapping of SIP messages to TCAP messages

	SIP Message 
	Parameter
	TCAP Message
	Parameter

	SUBSCRIBE with m-parameter in Request URI set to ‘BS’
(NOTE 1)
	To header
	TC Begin CCBS REQUEST (invoke)
	CalledPartyNumber (NOTE 3)

	
	From header
	
	CallingPartyNumber (NOTE 4)

	
	
	
	RetainSupported (NOTE 2)

	SUBSCRIBE with m-parameter in Request URI set to ‘NR’
(NOTE 1)
	To header
	TC-Begin CCNR REQUEST (invoke)
	CalledPartyNumber (NOTE 3)

	
	From header
	
	CallingPartyNumber (NOTE 4)

	
	
	
	RetainSupported (NOTE 2)

	

	
	
	

	
	
	
	

	
	
	
	

	PUBLISH with m-parameter in Request URI set to ‘BS’ and body containing PIDF basic status set to "closed".
	
	TC-Cont CCBS SUSPEND
	

	PUBLISH with m-parameter in Request URI set to ‘BS’ and body containing PIDF basic status set to "open".
	
	TC-Cont CCBS RESUME
	

	PUBLISH with m-parameter in Request URI set to ‘NR’ and body containing PIDF basic status set to "closed".
	
	TC-Cont CCBS SUSPEND
	

	PUBLISH with m-parameter in Request URI set to ‘NR’ and body containing PIDF basic status set to "open".
	
	TC-Cont CCBS RESUME
	

	SUBSCRIBE with m-parameter in Request URI set to ‘BS’ and with Expires header set to ‘zero’.
	
	TC-End  CCBS CANCEL
	

	SUBSCRIBE with m-parameter in Request URI set to ‘NR’ and with Expires header set to ‘zero’.
	
	TC-End CCBS CANCEL
	

	
	
	
	

	NOTE 1:    Expires header defines subscription duration / CC service duration timer (CC-T3).

NOTE 2:   Parameter is set by default, as retention option is supported in IMS by default.
NOTE 3:   Mapping of the To header field to the CalledPartyNumber is done according to table 2 in subclause 7.2.3.1.2.1.
NOTE 4:   Mapping of the From header field to the CallingPartyNumber is done according to table 5 in subclause 7.2.3.1.2.6. 


Table 7.5.11.1.3: Mapping of TCAP messages to SIP messages
	TCAP Message
	Parameter
	SIP Message
	Parameter

	TC-Cont CCBS REQUEST (return result)
	RetainSupported
	NOTIFY with cc-state parameter set to ‘queued’
	cc-service-retention

	TC-End CCBS/CCNR REQUEST (error result)
	ShortTermDenial
	480 Temporarily unavailable
	

	TC-End CCBS/CCNR REQUEST (error result)
	LongTermDenial
	403 Forbidden
	

	TC-End CCBS CANCEL
	
	SUBSCRIBE with m-parameter in Request URI set to ‘BS’ and with Expires header set to ‘zero’
	

	
	
	SUBSCRIBE with m-parameter in Request URI set to ‘NR’ and with Expires header set to ‘zero’
	

	TC-Cont REMOTE USER FREE
	
	NOTIFY with cc-state set to “ready” (NOTE 1)
	

	NOTE 1: 
This does not terminate the subscribtion AS-AS.


* * *  6th  Change  * * *
7.5.11.2
Interworking at the O-MGCF
If the O-MGCF supports the interworking of CCBS/CCNR supplementary services, the O-MGCF shall map between the ISUP and SIP messages in accordance with table 7.5.11.2.1.

Table 7.5.11.2.1: Mapping of ISUP messages to SIP messages
	ISUP Message
	Parameter
	SIP Message
	Parameter

	ACM 


	CCNR possible indicator set to "CCNR possible"
(NOTE 2)
	180 Ringing
	Call-Info header field with purpose header field parameter set to "call-completion" and "m" header field parameter set to "NR" (no reply)
(NOTE 1)

	CPG 


	CCNR possible indicator set to "CCNR possible"
(NOTE 2)
	183 Session progress
	Call-Info header field with purpose header filed parameter set to "call-completion" and "m" header field parameter set to "NR" (no reply)
(NOTE 1)

	Release 


	Cause Indicator
cause #17 or #34 with Diagnostic (CCBS indicator set to "CCBS possible")
(NOTE 3)
	486 Busy here
	Call-Info header field with purpose header field parameter set to "call-completion" and "m" header field parameter set to "BS" (busy subscriber)
(NOTE 1)

	IAM 
	CCSS parameter set to "CCSS call"
(NOTE 2)
	INVITE
	Request URI contains m-parameter
(NOTE 1) (NOTE 4)

	NOTE 1:
The coding shall be in accordance with IETF draft-ietf-bliss-call-completion [106].
NOTE 2:
The coding shall be in accordance with ITU-T recommendation Q. 763 [4].
NOTE 3:
The coding shall be in accordance with ITU-T recommendation Q. 850 [38].
NOTE 4:    Based on the operator policy the "m" SIP URI parameter in the Request-URI is set to the value "BS" or "NR".


If the O-MGCF supports the interworking of CCBS/CCNR supplementary services, the O-MGCF shall map between the TCAP and SIP messages in accordance with table 7.5.11.2.2 and table 7.5.11.2.3.

Table 7.5.11.2.2: Mapping of TCAP messages to SIP messages
	TCAP Message
	Parameter
	SIP Message
	Parameter

	TC-Begin CCBS REQUEST (invoke)
	CalledPartyNumber 
	SUBSCRIBE with m-parameter in Request URI set to ‘BS’ (NOTE 1)
	To header (NOTE 2)

	
	CallingPartyNumber 
	
	From header (NOTE 3)

	TC-Begin CCNR REQUEST (invoke)
	CalledPartyNumber
	SUBSCRIBE with m-parameter in Request URI set to ‘NR’  (NOTE 1)
	To header (NOTE 2)

	
	CallingPartyNumber
	
	From header (NOTE 3) 

	
	
	
	

	
	
	
	

	
	
	
	

	TC-Cont CCBS SUSPEND
	
	PUBLISH with m-parameter in Request URI set to ‘BS’ and body containing PIDF basic status set to “closed”.
	

	
	
	PUBLISH with m-parameter in Request URI set to ‘NR’ and body containing PIDF basic status set to “closed”.
	

	TC-Cont CCBS RESUME
	
	PUBLISH with m-parameter in Request URI set to ‘BS’ and body containing PIDF basic status set to “open”.
	

	
	
	PUBLISH with m-parameter in Request URI set to ‘NR’ and body containing PIDF basic status set to “open”.
	

	
	
	
	

	
	
	
	

	TC-End CCBS CANCEL


	
	SUBSCRIBE with m-parameter in Request URI set to ‘BS’ and with Expires header set to ‘zero’
	

	
	
	SUBSCRIBE with m-parameter in Request URI set to ‘NR’ and with Expires header set to ‘zero’
	

	
	
	
	

	NOTE 1: 
Expires header defines subscription duration / CC service duration timer (CC-T3).

NOTE 2:   For the mapping of the CalledPartyNumber to the To header see table 10a in subclause 7.2.3.2.2.1.
NOTE 3:   For the mapping of the CallingPartyNumber to the From header see table 15 in subclause 7.2.3.2.2.3.


Table 7.5.11.2.3: Mapping of SIP messages to TCAP messages

	SIP Message
	Parameter
	TCAP Message
	Parameter

	NOTIFY with cc-state parameter set to ‘queued’
	cc-service-retention
	TC Cont CCBS/CCNR REQUEST (return result)
	RetainSupported

	480 Temporarily unavailable 
	
	TC-End CCBS/CCNR REQUEST (error result)
	ShortTermDenial

	403 Forbidden 
	
	TC-End CCBS/CCNR REQUEST (error result)
	LongTermDenial

	SUBSCRIBE with m-parameter in Request URI set to ‘BS’ and with Expires header set to ‘zero’
	
	TC-End  CCBS CANCEL
	

	SUBSCRIBE with m-parameter in Request URI set to ‘BS’ and with Expires header set to ‘zero’
	
	
	

	NOTIFY with cc-state set to "ready" (NOTE 1)
	
	TC-Cont REMOTE USER FREE
	

	NOTE 1:   This does not terminate the subscribtion AS-AS.


* * *  End of Changes  * * *
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