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Some changes are made against section 6 of 3G TR 29.998-04-04.

Detailed Proposed Changes

**** FIRST MODIFIED SECTION ****
6.1 TpAdditionalCallEventCriteria

Table 6-1:TpAddtionalCallEventCriteria Table mapping.

	TpAdditionalCallEventCriteria
(TpCallEventType)
	From SIP
(observe for requested 
additional info)
	Remark

	Undefined (NULL)
(P_CALL_EVENT_UNDEFINED)
	N/A
	

	Undefined (NULL)
P_CALL_EVENT_ORIGINATING_CALL_ATTEMPT
	N/A
	

	Undefined (NULL)
P_CALL_EVENT_ORIGINATING_CALL_ATTEMPT_AUTHORISED
	N/A
	

	MinAddresslength (TpINT32)
P_CALL_EVENT_ADDRESS_COLLECTED
	N/A
	

	Undefined (NULL)
P_CALL_EVENT_ADDRESS_ANALYSED
	N/A
	

	OriginatingServiceCode
(TpCallServiceCode)
P_CALL_EVENT_ORIGINATING_SERVICE_CODE
	N/A
	

	OriginatingReleaseCauseSet
(TpReleaseCauseSet)
P_CALL_EVENT_ORIGINATING_RELEASE
	CANCEL or BYE
	

	Undefined (NULL)
P_CALL_EVENT_TERMINATING_CALL_ATTEMPT 
	N/A
	

	Undefined (NULL)
P_CALL_EVENT_TERMINATING_CALL_ATTEMPT_AUTHORISED
	N/A
	

	Undefined (NULL)
P_CALL_EVENT_ALERTING
	N/A
	

	Undefined (NULL)
P_CALL_EVENT_ANSWER
	N/A
	

	TerminatingReleaseCauseSet
(TpReleaseCauseSet)
P_CALL_EVENT_TERMINATING_RELEASE
	CANCEL, BYE or 4xx, 5xx and 6xx responses
	

	Undefined (NULL)
P_CALL_EVENT_REDIRECTED
	N/A
	

	TerminatingServiceCode
(TpCallServiceCode)
P_CALL_EVENT_TERMINATING_SERVICE_CODE
	N/A
	

	QueueStatus (TpString)P_CALL_EVENT_QUEUED
	SIP 182
reason phrase.

See Note1:
	Reason phrase is mapped to TpString

	

Note 1: The 182 informational response may be sent several times (e.g. indicating the poison of the calling user in a queue. Furthermore, the message body in the SIP 182 informational response can also be used to carry e.g. music on hold or other media. 


**** NEXT MODIFIED SECTION ****
6.2 TpAddress

Table 6-2 TpAddress Table mapping

	From: TpAddressRange

	To: SIP
	Remark

	Plan (TpAddressPlan)
	SIP
	Specifies the address plan in force.
Here only all the address schemes which are allowed in SIP are applicable.


	AddrString (TpString)
	Any URL schemes allowed by RFC 3261
	Contains a valid SIP address string.

A few examples of SIP URLs: 
- A user of an online service:
 “sip:user@xxx.org” 
 “sip:alice@10.1.1.1”

 - A PSTN phone number at a gateway service:
”sip:1212@gateway.com”,
”sip: +1-212-555-1212:1234@gateway.com; user =phone”

An example of tel URL:

tel: +1-212-555-1212

Notice: For SIP addresses, wildcards are allowed between the ‘sip:’ and the ‘@’ in the AddrString, e.g.

"sip:*@sales.org"
matches all SIP addresses at sales.org:5060.



	Name (TpString)
	N/A
	

	Presentation (TpAddressPresentation)
	
Remote-Party-ID [12]
	Defines whether an address can be presented to an end user (presentation allowed or restriced or address not available for presentation) .

	Screening (TpAddressScreening)
	Remote-Party-ID [12]
	Defines whether an address can be presented to an end user. E.g. “user provided address
verified and passed” or “Network provided address”

	SubAddressString (TpString)
	N/A
	

	Note: The AddrString defines the actual address information and the structure of the string depends on the Plan.
Further information can be found in the OSA API part covering common data definitions [1].

NOTE 1:
It should be noted that two SIP addresses will be regarded as equivalent by a gateway if they correspond to the same user at the same network address. The textual form of the two addresses need not be the same. For example, sip:enquiries@yyy.org will be deemed to match <sip:Enquiries@1.2.3.4:5060>Enquiries (if yyy.org resolves to 1.2.3.4).




**** NEXT MODIFIED SECTION ****
6.3 TpAddressRange

Table 6-3 TpAddressRange Table mapping

	From: TpAddressRange

	To: SIP
	Remark

	Plan (TpAddressPlan)
	SIP
	Specifies the address plan in force.
Here only SIP URL is applicable.


	AddrString (TpString)
	Any URL schemes allowed by RFC 3261
	Contains a valid SIP address string.

A few examples of SIP URLs: 
- A user of an online service:
 “sip:user@xxx.org” 
 “sip:alice@10.1.1.1”

 - A PSTN phone number at a gateway service:
”sip:1212@gateway.com”,
”sip: +1-212-555-1212:1234@gateway.com; user =phone”

An example of tel URL:

tel: +1-212-555-1212

Notice: For SIP addresses, wildcards are allowed between the ‘sip:’ and the ‘@’ in the AddrString, e.g.

"sip:*@sales.org"
matches all SIP addresses at sales.org:5060.



	Name (TpString)
	N/A
	

	SubAddressString (TpString)
	N/A
	

	Note: The AddrString defines the actual address information and the structure of the string depends on the Plan.
Further information can be found in the OSA API part covering common data definitions [1].

NOTE 1:
It should be noted that two SIP addresses will be regarded as equivalent by a gateway if they correspond to the same user at the same network address. The textual form of the two addresses need not be the same. For example, sip:enquiries@yyy.org will be deemed to match <sip:Enquiries@1.2.3.4:5060>Enquiries (if yyy.org resolves to 1.2.3.4).




**** NEXT MODIFIED SECTION ****
6.9 TpCallEventType

Table 6-9: TpCallEventType Table mapping
	To TpCallEventType
	From SIP
	Remark

	P_CALL_EVENT_UNDEFINED
	N/A
	No mapping from SIP.

	P_CALL_EVENT_ORIGINATING_CALL_ATTEMPT
	INVITE
	Originating Call Leg event.
Not applicable to SIP; would mean an empty To: header



	P_CALL_EVENT_ORIGINATING_CALL_ATTEMPT_AUTHORISED
	INVITE
	Originating Call Leg event.
The Authorization or Proxy-Authorization header field contains authentication credentials of a UA.

	P_CALL_EVENT_ADDRESS_COLLECTED
	INVITE
	Originating Call Leg event.
No direct mapping to any SIP Method/Response.
Correspond to the point in processing where INVITE is received and no location service lookup performed yet, i.e. before destination address determined.

	P_CALL_EVENT_ADDRESS_ANALYSED
	INVITE 
	Originating Call Leg event.
No direct mapping to any SIP Method/Response.
Correspond to the point in processing where INVITE is received and destination address is determined after location service lookup has been performed.

	P_CALL_EVENT_ORIGINATING_SERVICE_CODE
	INVITE
	Originating Call Leg event.
RE-INVITE case - mapping ffs

	P_CALL_EVENT_ORIGINATING_RELEASE
	BYE, CANCEL
See corresponding Table for details
	Originating Call Leg event.
Request for termination of session from calling party. 
 

	P_CALL_EVENT_TERMINATING_CALL_ATTEMPT
	INVITE
	Terminating Call Leg event.
Incoming INVITE received at destination requesting the termination of the session (i.e. dialogue invitation request) for callee.

	P_CALL_EVENT_TERMINATING_CALL_ATTEMPT_AUTHORISED
	INVITE
	Terminating Call Leg event.
Incoming INVITE received at destination requesting the establishment of the terminating session for the callee

	P_CALL_EVENT_ALERTING
	SIP: 180 Ringing
	Terminating Call Leg event.
The user agent receiving the INVITE is trying to alert the callee. This response may be used to initiate local ring-back for the caller.
Note: Implies that the corresponding INVITE request passed through the OSA SCS

	P_CALL_EVENT_ANSWER
	
200 OK for INVITE
	Terminating or originating Call Leg event.A 200 OK for INVITE means the call is answered by called user.
Note: Implies that the corresponding INVITE request passed through the OSA SCS. 

	P_CALL_EVENT_TERMINATING_RELEASE
	BYE, 
4xx, 5xx, 6xx
See corresponding Table for details
	Terminating Call Leg event.
Request for termination of session (i.e. release of dialogue) from called party/destination.
 

	P_CALL_EVENT_REDIRECTED
	3xx responses
	Terminating Call Leg event.
This status codes are used to indicate that the call is being redirected to a different (set of)
destination(s).
The redirection address contained in Contact header in the 3xx response is to be reported in the CALL_EVENT_REDIRECTED event ( ForwardAddress field additional event info) to the application.

	P_CALL_EVENT_TERMINATING_SERVICE_CODE
	N/A
	Terminating Call Leg event.
 

	P_CALL_EVENT_QUEUED
	SIP:182 Queued
	Terminating Call Leg event.

In case of ISC, implies that the corresponding INVITE request passed through the OSA SCS.





**** NEXT MODIFIED SECTION ****
6.12 TpCallLegConnectionProperties 
Table 6‑12: TpCallLegConnectiomProperties Table mapping

	From: TpCallLegConnectionProperties

	To: SIP
	Remark

	P_CALLLEG_ATTACH_IMPLICITLY
	N/A
	SIP 200 OK message directly sent.
It means that the callLeg should be implicitly attached to the call. In this case, the mapping to SIP is done naturally since in SIP, the natural behaviour is to start media session with others parties in the call once the signalling is established (INVITE, 200 OK, ACK)



	P_CALLLEG_ATTACH_EXPLICITLY
	Putting media stream in SDP inactive 
	It means that the callLeg should be explicitly attached to the call. In this case, the mapping to SIP is done so as to start media session with putting the media stream inactive once the dialogue is established(INVITE with SDP “on hold”, 200 OK, ACK) 

Attach method need to be called by the application to establish the media connection. See description for attachMedia().

 


**** NEXT MODIFIED SECTION ****
6.13 TpCallNotificationReportScope
Table 6-14: TpCallNotificationReportScope Table mapping

	To: TpCallNotificationReportScope

	From SIP
	Remark

	DestinationAddress (TpAddressRange)


If transaction issued from caller (e.g. INVITE) 
OR
OriginatingAddress, if transaction from callee (e.g. Re-INVITE, BYE)-
 Note1
	SIP Request-URI header field for originating case
or P-Called-Party-ID header for terminating case

	
UEs can put anything into From and To header which is untrustful, so From and To header can not be used to identify the originating address or destination address.

	OriginatingAddress
(TpAddressRange)

If transaction from caller (e.g. INVITE)
OR
DestinationAddress , if transaction issued from caller (e.g. Re-INVITE, BYE) 
Note1
	SIP Remote-Party-ID field
	Depends on applied filtering criteria

	NotificationCallType (TpNotificationCallType)

 
	N/A
	Indicates if the notification was reported 

	


**** NEXT MODIFIED SECTION ****
6.18 TpRelaseCause, mapping from SIP
Table 6‑18: TpReleaseCause Table mapping

	From: TpReleaseCause

	To: SIP
	Remark

	P_UNDEFINED
	N/A
	No mapping



	P_USER_NOT_AVAILBLE
	404 Not Found
410 Gone

604 Does Not Exist Anywhere
	The callee is unavailable.
e.g. the address of callee might have been changed.



	P_BUSY
	486 Busy Here

600 Busy EveryWhere
	Callee is not able or not willing to accept additional call

	P_NO_ANSWER
	603 Decline
	
The callee explicitly does not wish to or cannot participate in the call.



	P_NOT_REACHABLE
	480 Temporarily Unavailable


	User is not logged in or user’s terminal is out of radio coverage.

	P_ROUTING_FAILURE
	
400 Bad Request,
420 Bad Extension,
482 Loop Detected,
483 Too Many Hops 

484 Address Incomplete

485 Ambiguous,


	

	P_PREMATURE_DISCONNECT
	SIP CANCEL 
480 Temporarily Unavailable
	Pending invitation (INVITE) abandoned by caller before answer (i.e. before the request has been acknowledged (ACK)) or user’s terminal is out of radio coverage

	P_DISCONNECTED
	SIP BYE 
	Normal call clearing

	P_CALL_RESTRICTED
	403 Forbidden

	

	P_UNAVAILABLE_RESOURCE
	503 Service Unavailable
	

	P_GENERAL_FAILURE
	500 Server Internal Error,
501 Not Implemented,
502 Bad Gateway,
505 Version Not Supported


	

	P_TIMER_EXPIRY
	408 Request Timeout,
504 Gateway Timeout
	 


**** NEXT MODIFIED SECTION ****
6.19 TpAoCInfo

Table 6‑19: TpAoCInfo Table mapping

	From: TpAoCOrder

	To: SIP
	Remark

	ChargeOrder (TpAoCOrder)
	See Table 6-20:
TpAocOrder
	

	Currency (TpString)
	N/A
	Currency unit according to ISO-4217:1995

	Note: Defines the Sequence of Data Elements that specify the Advice Of Charge information to be sent to the terminal


**** NEXT MODIFIED SECTION ****
6.20 TpAoCOrder
Table 6‑20: TpAoCOrder Table mapping

	From: TpAoCOrder

	To: SIP
	Remark

	TpAoCOrderCategory:
	-
	

	P_CHARGE_ADVICE_INFO (TpChargeAdviceInfo)
	N/A
	

	P_CHARGE_PER_TIME
(TpChargePerTime)
	N/A
	

	P_CHARGE_NETWORK
(TpString)
	N/A
	

	Note: In release 5, how to transmit AoC information to UE using ISC is not addressed, it maybe addressed in future release. 


**** End of Modification ****
