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1 Introduction

For the PARLAY 3.0/ ETSI OSA API Version 1 the Call Control API is composed of four parts:

· Generic call control (GCC)

· Multi party call control  (MPCC)

· Multi media call control (MMCC)

· Multi-Media Conference call control (MCCC)

A Technical Report (DTR SPAN 120075) is to include SIP mappings for call control MPCC and MMCC and MCCC.

This document addresses the mapping between the OSA MPCC API and the SIP, mainly in the form of mapping tables. 
In this respect the focus is on how the SIP protocol and the OSA API MPCC match each other regarding methods/messages and parameters. However,  the service control interface between a  OSA SCS and the SIP server is considered not needed to be addressed for describing  the pure mapping part and in this respect outside scope of this document. 

Note: The 3GPP defined ISC (IP multi media service control) interface as being SIP between the OSA SCS gateway and the SIP server (S-CSCF) is not addressed herein. The ISC comprises four SIP-based models for the support of service control, these are all thought to be applicable for possible interactions on the ISC interface. The four SIP based ISC models are: 1) Proxy mode, 2) Redirect mode, 3) User Agent mode, 4) 3rd party controller mode. The specific (combination of) model(s) to be applied depend on the characteristics and the nature of the service that is being executed. These standard SIP-based models can be viewed as "toolkits" for implementing IMS services. The ISC model is described in [1].

1.1 References

[1] TS 23.218 v5.2.0 (2001-08) IP Multimedia (IM) Session Handling ;
IP Multimedia (IM) call model (Release 5)

[2 ] IETF SIP Protocol Version 04,
http://www.jdrosen.net/papers/draft-ietf-sip-rfc2543bis-04.txt 

[3]  OSA API Call Control , ES 201 915-4, 
- subpart  for the MPCC API.

1.2 Document Organisation

The chapter 2 starts by describing different concepts between SIP and the OSA API. This is followed by mapping tables. The mapping tables will list the MPCC methods and parameters that can be mapped and give their correspondence in SIP.  

2 MPCCS: SIP Mapping Tables

2.1 Mapping of Concepts

2.1.1 API Call Session ID & SIP Call ID


In the MPCCS the CallSessionID designates the call object as seen from the application.

In SIP, a SIP call is identified by a globally unique call-id and consists of all participants in a session invited by a common resource. The call-id is created when a user agent sends an INVITE request. This INVITE request may generate multiple acceptances, each of which are part of the same call (but are different SIP call legs).


There is a 1:1 correlation between MPCC callSessionID and the SIP call-id. 

Note: using the MPCCS callSessionID as a SIP call-id in the SIP INVITE request message could violate SIP, i.e. the generation of a unique call-ID for a particular invitation may not be secured.

2.1.2 Call Leg Concepts

In MPCCS the call leg object designates the association between a call and an address. It represents an addressable participant in the call and is identified by a callLegSessionID .The MPCC API uses this callLegSessionID  to identify a call leg session.

In SIP, the call leg object is defined as the pairwise signalling relationship between two SIP user agents (see [2]).  It is identified by the Call_ID, the To and From address header Fields. The Call-ID identifies the call in the network. It is a global unique identifier. The To header field contains the information regarding the endpoint who will receive the SIP request, e.g. INVITE message. The From header field represents the originator of the request.  But, as we can see, the call-Id, the from and To define an association between the call(call-ID) and the address(To, From). 

Thus we can easily map these two concepts together.
The call Leg object defined in the MPCC API designates the participant in the call who can be reached using the call-ID, To and the From header fields in SIP network.

2.2 Mapping between API Methods and SIP Messages

2.2.1  Multi-Party Call Control Service SIP Call Flows

2.2.1.1 MPCCS: Call Manager Interface Class

The call manager interface class provides the management functions to the multi-party call Service Capability Features. The application programmer can use this interface to create call objects and to enable or disable call-related event notifications.

2.2.1.1.1 createCall
createCallLeg is a method used to create a new Call object in the SCS.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.1.2 createNotification
createNotification is a method used to enable call notifications to be sent to the application.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.1.3 destroyNotification
destroyNotification is a method used by the application to disable call notifications.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.1.4 changeNotification
changeNotification is a method used by the application to change the call notifications previously set by createNotification.

[editor note: call flows and possible mapping tables still to be made]

2.2.1.1.5 getNotification
getNotification is a method used by the application to query the event criteria set with createNotification.

[editor note: call flows and possible mapping tables still to be made]

2.2.1.1.6 managerInterrupted

managerInterrupted a method used to indicate to the application that all event notifications and method invocations have been temporarily interrupted, for example due to network resources unavailable.
 
[editor note: call flows and possible mapping tables still to be made]

2.2.1.1.7 managerResumed

managerResumed is a method used to indicate to the application that all event notifications are possible and method invocations are enabled after having previously been interrupted. 


[editor note: call flows and possible mapping tables still to be made]

2.2.1.1.8 reportNotification

reportNotification is a method used to notify the application of the arrival of a call-related event.
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Figure 2-1: Call Flow for reportNotification, SIP INVITE request message
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Figure 2-2: Call Flow for reportNotification, SIP response message
Normal Operation

	Pre-conditions
	Call notifications have been enabled using the createNotification method on the Call Manager interface

	1
	A call arrives (1a) or a response (1b, 1c) to a pending call attempt is received  at the SIP server causing initial notification to the SCS

	2
	The SCS identifies the application responsible for handling the call and invokes the reportNotification method


	MPCC API :  Call Manager interface class 

	Methods sent to Application  
	SIP MESSAGE
	SPECIAL REMARKs

	reportNotication 
	INVITE, 
1xx,2xx,3xx4xx,
5xx, 6xx
	
- only a subset of all possible SIP response codes are mapped.  See data tables xxx for mapping.


Parameter Mapping

[editor note: - detailed mapping table still to be made]

2.2.1.1.9 callAborted

callAborted is a method used to indicate to the application that the call object has aborted or terminated abnormally. No further communication will be possible between the call and the application.
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Figure 2-x: Call Flow for callAborted
Normal Operation

	Pre-conditions
	

	1
	The SCS detect a catastrophic failure in its communication with the SIP server

	2
	The SCS, invokes the callAborted method. The call running in the network may continue and  may not have been affected by this failure between the SIP server and the SCS


Parameter Mapping

No mapping ?

2.2.1.1.10 setCallLoadControl
setCallLoadControl is a method used to impose or remove load control on calls made to a specific address range within the call control service..

[editor note: call flows and possible mapping tables still to be made]

2.2.1.1.11 callOverloadEncountered
callOverloadEncountered is a method used to indicate that the network has detected overload and may have automatically imposed load control on calls requested to a particular address range or calls made to a particular destination within the call control service.

[editor note: call flows and possible mapping tables still to be made]

2.2.1.1.12 callOverloadCeased
callOverloadCeased  is a method used to indicate that the network has detected that the overload has ceased and has automatically removed any load controls on calls requested to a particular address range or calls made to a particular destination within the call control service.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2 MPCCS: Multi-Party Call Interface Class

The multi-party call interface class represents the interface to the multi-party call Service Capability Feature. It provides a structure to allow simple and complex call behaviour.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.1 getCallLegs

getCallLegs is a method used to obtain references to the current Call Leg objects, associated to the Multi-party call object.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.2 createCallLeg

createCallLeg is a method used to create a new CallLeg object in the SCS.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.3 createAndRouteCallLegReq

createAndRouteCallLegReq is an asynchronous method used to request the creation of a new Call Leg and the setup of a connection to the indicated address.
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Figure 2-x: Call Flow for createAndRouteCallLegReq
Normal Operation

1. The application changes the destination number
	Pre-conditions
	The application has been notified of a new call and the call object exists. The setChargePlan and getInfoReq methods may have been invoked

	1
	The application invokes the createAndRouteCallLegReq method. 

	2
	The SIP server sends an INVITE message

	3
	The SIP server receives a SIP response message and may send an eventReportRes method, if the application needs to be informed about the outcome of  the request and it maps to an event the application has requested to be reported.


	MPCC API :  MultiPartyCall  interface class 

	Methods sent from Application 
	SIP MESSAGE
	SPECIAL REMARKS

	createAndRouteCallLegReq


	INVITE
	- no control of  SIP Forking  


Parameter Mapping

- detailed mapping table still to be made

	From: createAndRouteCallLegReq
	To: INVITE
	Remark

	callSessionID
	
	

	eventsRequested
	
	

	targetAddress
	
	

	originatingAddress
	
	

	appInfo (TpCallAppInfoSet) :
 - TpCallAppInfo:
	
	Why a set ?

	callAppAlertingMechanism
	
	

	callAppNetworkAccessType
	
	

	callAppTeleService
	
	

	callAppBearerService
	
	

	callAppPartyCategory
	
	

	callAppPresentationAddress
	
	

	callAppGenericInfo
	
	

	callAppAdditionalAddress
	
	

	callAppOriginaldestinationAddress
	
	

	callAppRedirectingAddress
	
	

	appLegInterface
	
	

	callLegReference
	
	

	
	
	


2.2.1.2.4 createAndRouteCallLegErr

createAndRouteCallLegErr is an asynchronous method which indicates that the request to route the call to the destination party was unsuccessful – the call could not be routed to the destination party (for example, the network was unable to route the call, parameters were incorrect, the request was refused, etc).
[editor note: call flows and possible mapping tables still to be completed]

2.2.1.2.5 release 

release is a method used to request the release of the call and associated objects.
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Figure 2-x: Call Flow for release, participant connected
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Figure 2-x: Call Flow for release, pending call attempt toward participant
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Figure 2-x: Call Flow for release, pending call attempt from participant

Normal Operation

	Pre-conditions
	Call is in progress

	1
	The application invokes the release method (scenario a, b and c)

	2a
	The SIP server sends BYE toward all participants connected in the call

	2b
	The SIP server sends CANCEL toward all participants not yet connected in the call and for which it has a call attempt pending. 

	2c
	The SIP server sends an unsuccessful response toward the participant that has initiated the pending call attempt.


	MPCC API :  MultiPartyCall  interface class 

	Methods sent 
from application 
	SIP MESSAGE
	SPECIAL REMARKS

	release


	BYE



/ CANCEL

/ 3xx, 4xx , 5xx or 6xx
	The SIP server is to operate in a UA mode 
(e.g. UA or Back-To-Back UA ( B2BUA) mode).

- BYE is a end-to-end method (between UAs) sent bye a user agent participating in the session, i.e. it cannot be sent by a SIP server acting as a proxy server.
 
-CANCEL is a hop-by-hop request method  used to terminate pending searches or call attempts and can be generated by either user agents or proxy servers. 
A user agent can cancel a pending call attempt it had earlier initiated . A forking proxy uses this method to cancel all pending call attempt it had earlier initiated. 

- SIP unsuccessful final response message sent hop-by-hop, i.e. ACK is sent immediately by the SIP server, except for 3xx (redirection class response) which is sent end-to-end, i.e. the ACK is generated by the end point.


Parameter Mapping
Scenario a:
	From: release
	To: SIP BYE

	callSessionID
	call-ID
Note: correlation - no direct mapping

	cause (TpReleaseCause) :
	-


Scenario b:
	From: release
	To: SIP CANCEL

	callSessionID
	call-ID
 Note: correlation - no direct mapping

	cause (TpReleaseCause) :
	-


Scenario c:
	From: release
	To: SIP 3xx, 4xx, 5xx, 6xx 

	callSessionID
	call-ID
 Note: correlation - no direct mapping

	cause (TpReleaseCause) :
	Response status code 3xx, 4xx, 5xx or 6xx
Note: Not all possible status codes in the SIP unsuccessful final response messages are applicable. 
See data tables yyy for details


2.2.1.2.6 callEnded

callEnded will be invoked when the call has terminated in the network. Furthermore, the operation contains an indication on the reason why the call has been ended. The method will always be invoked when the call has ended.
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Figure 2-x: Call Flow for callEnded


[image: image9.wmf] 

:

 1b SIP:   CANCEL

 

:

  SIP:   1xx

 

 

Participant

 

SIP 

server

 

SCS

 

Application

 

 reportNotification

 

                 SIP:   INVITE

 

2b.callEnded

 

SIP:   200 OK

 (CANCEL)

 


Figure 2-x: Call Flow for callEnded, pending call attempt cancelled


[image: image10.wmf] 

:

 1c. SIP:    3xx, 4xx, 5xx, 6xx

 

:

  SIP:   1xx

 

 

Participant

 

SIP 

server

 

SCS

 

Application

 

                  SIP:   INVITE

 

 2c.  callEnded

 

SIP :ACK

 


Figure 2-x: Call Flow for callEnded, unsuccessful call attempt

Normal Operation

	Pre-conditions
	There is an application monitoring the call in some way.

	1
	The SIP server detects a release request from the calling or called party. 


	2
	The SCS invokes the callEnded method.
Note:The eventReportRes is sent prior to the callEnded  method, if the report of the release event is requested by the application. The event indicated may be either premature disconnect or disconnected  depending on the phase of the call. See description for eventReportRes.

	3
	Scenario a:
The SIP server represents a user agent (UA) and replies with the 200 OK . Scenario a1.
or
The SIP server represent a redirection server or a proxy server and forwards the received BYE toward the other cal participant (next hop server). Scenario a2.

Scenario b:
A pending call attempt is cancelled.

Scenario c:
A final unsuccessful response leads to termination of the call attempt.


	
	
	

	Methods sent to Application  
	SIP MESSAGE
	SPECIAL REMARKs

	callEnded


	BYE, CANCEL,
3xx, 4xx, 5xx, 6xx
	


Parameter Mapping

[editor note: detailed mapping table still to be made]

2.2.1.2.7 deassignCall

deassignCall is a method that requests that the relationship between the application and the call and associated objects be de-assigned. It leaves the call in progress, however, it purges the specified call object so that the application has no further control of call processing. If a call is de-assigned that has event reports or call information reports requested, then these reports will be disabled and any related information discarded.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.8 getInfoReq

getInfoReq  is an asynchronous method that requests information associated with the call to be provided at the appropriate time (for example, to calculate charging). This method must be invoked before the call is routed to a target address. 


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.9 getInfoRes

getInfoRes is an asynchronous method that reports all the necessary information requested by the application, for example to calculate charging.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.10  getInfoErr

getInfoErr is an asynchronous method that reports that the original request was erroneous, or resulted in an error condition.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.11 superviseReq

superviseReq is a method that is called by the application to supervise a call. The application can set a granted connection time for this call. If an application calls this method before it routes a call the time measurement will start as soon as the call is answered by the called party. 


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.12 superviseRes

superviseRes is an asynchronous method that reports a call supervision event to the application.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.13 superviseErr

superviseErr is an asynchronous method that reports a call supervision error to the application.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.14 setAdviceOfCharge

setAdviceOfCharge is a method that allows the application to determine the charging information that will be send to the end-users terminal.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.2.15 setChargePlan

setCallChargePlan is a method that allows the application to set an operator specific charge plan for the call enabling to include charging information in network generated CDR. The charge plan must be set before the call is routed to a target address.


[editor note: call flows and possible mapping tables still to be made]

2.2.1.3  MPCCS: CallLeg Interface Class

The call leg interface class represents the logical call leg associating a call with an address.
The leg represents the signalling relationship between the call and an address.

2.2.1.3.1 routeReq

routeReq is an asynchronous method used to request routing of the call leg to the remote party indicated by the target address.

[editor note: call flows and possible mapping tables still to be completed]
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Figure 2-x: Call Flow for routeReq
Normal Operation

	Pre-conditions
	The application has been notified of a new call and the call and related call leg object for the incoming party exist. The setChargePlan and getInfoReq methods may have been invoked. Furthermore a new Call Leg object has been created on request of the application.

	1
	The application invokes the routeReq method

	2
	

	3
	

	4
	


	MPCC API :  CallLeg  interface class 

	Methods sent from Application 
	SIPMESSAGE
	SPECIAL REMARK

	routeReq


	
	


Parameter Mapping

[editor note: detailed mapping table still to be made]

2.2.1.3.2 routeErr

routeErr is a method used to indicate that the request to route the call to the destination party was unsuccessful (for example parameters were incorrect, the request was refused, etc).

[editor note: call flows and possible mapping tables still to be made]

2.2.1.3.3 eventReportReq

eventReportReq  is an asynchronous method used to set, clear or change criteria for the events that the Call Leg object will observe.
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Figure 2-x: Call Flow for eventReportReq
Normal Operation

	Pre-conditions
	The application has been notified of a new call and the call and call leg objects exists.  

	1
	The application invokes the eventReportReq method

	2
	The SCS sends an equivalent internal message to the SIP server

	
	


	MPCC API :  CallLeg  interface class 

	Methods sent from Application  
	SIP MESSAGE
	SPECIAL REMARKs

	eventReportReq 
	
	


Parameter Mapping

[editor note: detailed mapping table still to be made]

2.2.1.3.4 eventReportRes

eventReportRes is an asynchronous method used to report that an event has occurred on the call leg that was requested to be reported (for example , a mid-call event from the party;  the party has requested to disconnect; etc.).
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Figure 2-x: Call Flow for eventReportRes
Normal Operation

	Pre-conditions
	The application requested to be notified of the event with eventReportReq and this specific event has occurred in the network.

	1
	[editor note: text to included describing which SIP messages and response codes are applicable – may also refer to detailed data mapping tables in section 3.2.2] 

	2
	The SCS invokes the eventReportRes method.


	MPCC API :  CallLeg  interface class 

	Methods sent to Application  
	SIP MESSAGE
	SPECIAL REMARKs

	eventReportRes 
	
	


Parameter Mapping

[editor note: detailed mapping table still to be made]

2.2.1.3.5 eventReportErr

eventReportErr is an asynchronous method used to indicate that the request to manage call leg event reports was unsuccessful (for example, parameters were incorrect, the request was refused, etc).

[editor note: call flows and possible mapping tables still to be made]

2.2.1.3.6 release 

release  is a method  used to request the release of the call leg.
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Figure 2-x: Call Flow for release, participant connected
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Figure 2-x: Call Flow for release, pending call attempt toward participant
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Figure 2-x: Call Flow for release, pending call attempt from participant

Normal Operation

	Pre-conditions
	Call Leg  is in progress

	1
	The application invokes the release method (scenario a, b and c)

	2a
	The SIP server sends BYE toward the participant connected in the call

	2b
	The SIP server sends CANCEL toward the  participant not yet connected in the call and for which it has a call attempt pending. 

	2c
	The SIP server sends an unsuccessful final response toward the participant that has initiated the pending call attempt.


Parameter Mapping
Scenario a:
	From: release
	To: SIP BYE

	callLegSessionID
	call-ID, To, From 
Note: correlation - no direct mapping

	cause (TpReleaseCause) :
	-


Scenario b:
	From: release
	To: SIP CANCEL

	callLegSessionID
	call-ID, To, From 
Note: correlation - no direct mapping 

	cause (TpReleaseCause) :
	-


Scenario c:
	From: release
	To: SIP 3xx, 4xx, 5xx, 6xx 

	callLegSessionID
	call-ID, To, From 
Note: correlation - no direct mapping 

	cause (TpCallReleaseCause) :
	Response status code 3xx, 4xx, 5xx or 6xx
Note: Not all possible status codes in the SIP unsuccessful response messages are applicable. 


	MPCC API :  CallLeg  interface class 

	Methods sent from Application  
	SIP MESSAGE
	SPECIAL REMARKs

	release


	BYE



/ CANCEL

/ 3xx, 4xx , 5xx or 6xx
	The SIP server is to operate in a UA mode 
(e.g. UA or Back-To-Back UA ( B2BUA) mode).

- BYE is a end-to-end method (between UAs) sent bye a user agent participating in the session, i.e. it cannot be sent by a SIP server acting as a proxy server.
 
-CANCEL is a hop-by-hop request method  used to terminate pending searches or call attempts and can be generated by either user agents or proxy servers. 
A user agent can cancel a pending call attempt it had earlier initiated . A forking proxy uses this method to cancel all pending call attempt it had earlier initiated. 

- SIP unsuccessful final response message sent hop-by-hop, i.e. ACK is sent immediately by the SIP server, except for 3xx (redirection class response) which is sent end-to-end, i.e. the ACK is generated by the end point.


Parameter Mapping

[editor note: detailed mapping table still to be made]

2.2.1.3.7 callLegEnded

callLegEnded method is used to indicate to the application that the leg has terminated in the network. The application has received all requested results (e.g., getInfoRes) related to the call leg. The call leg will be destroyed after returning from this method. 
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Figure 2-x: Call Flow for callLegEnded

	MPCC API :  CallLeg  interface class 

	Methods sent from Application  
	SIP MESSAGE
	SPECIAL REMARKs

	callLegEnded
	
	


Normal Operation

	Pre-conditions
	Call leg is terminated

	1
	[editor note: call flow - and text still to be added ]

	2
	The application is notified that the call leg call leg is terminated with the callLegEnded method

	
	


Parameter Mapping

[editor note: detailed mapping table still to be made]

2.2.1.3.8 getInfoReq

getInfoReq  is a method used to request information associated with the callLeg to be provided at the appropriate time (for example, to calculate charging). This method must be invoked before the callLeg is routed to a target address.

[editor note: call flows and possible mapping tables still to be made]

2.2.1.3.9 getInfoRes

getInfoRes is an asynchronous method that is used to report all the necessary information requested by the application, for example to calculate charging.

[editor note: call flows and possible mapping tables still to be made]

2.2.1.3.10 getInfoErr

getInfoErr is an asynchronous method that is used to report that the original request was erroneous, or resulted in an error condition.

[editor note: call flows and possible mapping tables still to be made]

2.2.1.3.11 getCall

getCall is a method used to retrieve the reference of the Call associated with the Call leg object.

[editor note: call flows and possible mapping tables still to be made]

2.2.1.3.12 continueProcessing

continueProcessing is a method used to continue processing of the call.


[editor note: call flows to be completed and possible mapping tables still to be made]
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Figure 2-x: Call Flow for continueProcessing
	MPCC API :  CallLeg  interface class 

	Methods sent from Application  
	SIP MESSAGE
	SPECIAL REMARKs

	continueProcessing 
	
	


Normal Operation

	Pre-conditions
	Call processing has suspended and the application is informed of call related events in interrupt mode.

	1
	The application invokes the continueProcessing method to resume call processing

	2
	The SCS will requests the SIP server to resume processing , when the call is to be resumed

	
	


Parameter Mapping

None

2.2.1.3.13  attachMedia

attachMedia is a method used to request that the call leg be attached to its call object. This will allow transmission on all associated bearer connections or media streams to and from other parties in the call. The call leg must be in the connected state for this method to complete successfully. 

[editor note: call flows to be completed and possible mapping tables still to be made]
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Figure 2-x: Call Flow for attachMedia
	MPCC API :  CallLeg  interface class 

	Methods sent from Application  
	SIP MESSAGE
	SPECIAL REMARKs

	attachMedia
	
	


Normal Operation

	Pre-conditions
	

	1
	

	2
	

	
	


Parameter Mapping

[editor note: detailed mapping table still to be made]

2.2.1.3.14 detachMedia

detachMedia is a method used to detach the call leg from its call, i.e., this will prevent transmission on any associated bearer connections or media streams to and from other parties in the call. The call leg must be in the connected state for this method to complete successfully. 

[editor note: call flows to be completed and possible mapping tables still to be made]
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Figure 2-x: Call Flow for detachMedia
	MPCC API :  CallLeg  interface class 

	Methods sent from Application  
	SIP MESSAGE
	SPECIAL REMARKs

	detachMedia
	
	


Normal Operation

	Pre-conditions
	

	1
	

	2
	

	
	


Parameter Mapping

[editor note: detailed mapping table still to be made]

2.2.2 Detailed Parameter Mappings

This section contains detailed parameter mapping tables for data types that are used in the Parameter Mapping tables in the previous sections.

[Editor note: Still to be worked out, see table example below – allows reference to these tables for details from parameter mapping tables in the previous sections]

2.2.2.1 TpCallEventType

Defines a specific call event report type.

	Name
	SIP message & parameter/ response code Value
	Remark

	P_CALL_EVENT_UNDEFINED
	
	

	P_CALL_EVENT_ORIGINATING_CALL_ATTEMPT
	
	

	P_CALL_EVENT_ORIGINATING_CALL_ATTEMPT_AUTHORISED
	
	

	P_CALL_EVENT_ADDRESS_COLLECTED
	
	INVITE received before location service look-up

	P_CALL_EVENT_ADDRESS_ANALYSED
	
	INVITE received and location service look-up performed

	P_CALL_EVENT_ORIGINATING_SERVICE_CODE
	Special feature header
	See data table yyy

	P_CALL_EVENT_ORIGINATING_RELEASE
	BYE, CANCEL
	See data table yxx

	P_CALL_EVENT_TERMINATING_CALL_ATTEMPT
	
	

	P_CALL_EVENT_TERMINATING_CALL_ATTEMPT_AUTHORISED
	
	

	P_CALL_EVENT_ALERTING
	180 Ringing
	

	P_CALL_EVENT_ANSWER
	200 OK
	

	P_CALL_EVENT_TERMINATING_RELEASE
	BYE, 3xx, 4xx, 5xx, 6xx
	See data table xyy

	P_CALL_EVENT_REDIRECTED
	301 Moved Permanently,
302 Moved Temporarily,
181 Call is being forwarded

	

	P_CALL_EVENT_TERMINATING_SERVICE_CODE
	Special feature header
	See data table yyy

	P_CALL_EVENT_QUEUED
	182 Call Queued
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