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(1) Inclusion of Forwarded-to-Number or Deflected-to-Number in Notification on Call Forwarding.

(2) Inclusion of the parameter ‘Suppress O-CSI’ in Continue With Argument.
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Notification on conditional Call Forwarding

When conditional Call Forwarding takes place in the GMSC or VMSC, then the GMSC/VMSC shall send a notification to the SCP. This allows the SCP to suspend the charging for that Mobile Terminated call. For the forwarded leg in the GMSC/VMSC, the GMSC/VMSC may use O-CSI to invoke a CAMEL Service, which shall take care of the charging of that forwarded leg.

At present, the SCP does not know the destination of the forwarded leg in the above situation. Since the destination may be in the HPLMN or in the VPLMN, the SCP has to rely on the CAMEL Service for the forwarded leg to handle the charging.

When the subscriber has her call forwarded in the GMSC to an Forwarded-to-Numnber (FTN) that is located in the HPLMN, then operators normally do not charge for that forwarded leg. The Mobile Terminated call is forwarded inside the HPLMN, eg. to a voice mail box.

However, since the SCP, which received the Notification on Call Forwarding from the GMSC, may not know that the FTN is in fact in the HPLMN, it will have to send a Continue and allow the invocation of another CAMEL Service for the forwarded leg.
The CAMEL Service for that forwarded leg will receive the FTN in the InitialDP operation and will simply send Continue, resulting in that CAMEL Service to terminate.

Hence, that CAMEL Service invocation was unncessary.


Overview of applicable scenario’s
There are several scenario’s where conditional call forwarding may take place and where a CAMEL Service may be invoked for the forwarded leg:

· Early call forwarding in the GMSC.
The SCP may want to suppress O-CSI if the FTN is in the HPLMN.

· Late call forwarding in the VMSC.
The SCP may want to suppress O-CSI if the FTN is in the same VPLMN as the VMSC. It is assumed for this scenario that the SCP knows that the forwarding call leg will not be subject to Optimal Routeing of Late Call Forwarding (ORLCF).

· Call Deflection in the VMSC.
The SCP may want to suppress O-CSI if the Deflected-to-Number (DTN) is in the same VPLMN as the VMSC. It is assumed for this scenario that the SCP knows that the deflecting call leg will not be subject to ORLCF.

· Late call forwarding in the VMSC in combination with ORLCF.
The SCP may want to suppress O-CSI if the FTN is in the HPLMN. It is assumed that the SCP knows with confidence that the forwarding call leg will be subject to ORLCF.
The VMSC shall in that case not include O-CSI in the MAP Resume Call Handling (RCH) message.

· Call Deflection in the VMSC in combination with ORLCF.
The SCP may want to suppress O-CSI if the DTN is in the HPLMN. It is assumed that the SCP knows with confidence that the deflecting call leg will be subject to ORLCF.
The VMSC shall in that case not include O-CSI in RCH.

Forwarding Destination in Initial DP Information Flow

In the GMSC, call forwarding may be signalled to the SCP in the Initial DP information flow, directly following the first SRI-Ack from the HLR. If the first SRI-Ack contains an FTN, then the Initial DP information flow shall contain the element ‘forwarding pending’.


In the VMSC, call forwarding may be signalled to the SCP in the Initial DP information flow, if the forarding condition exists at the moment of triggering the CAMEL Service.

Analoguous to the notification on call forwarding scenario’s, the SCP does not know the forwarding destination. Hence it has to rely on the invocation of a CAMEL Service for the forwarding leg to handle the charging for that leg.

For the same reason, the SCP shall be informed about the forwarding destination, so it can deduce if a CAMEL Service for the forwarding leg needs to be invoked.

The inclusion of the Forwarding Destination in Initial DP shall apply to both Conditional Call Forwarding and Unconditional Call Forwarding.

Rationale for informing the SCP about Unconditional Call Forwarding in the Initial DP information flow is that FTN-Unconditional may route to a voice mail box in the HPLMN. In that case, the operator may also want to suppress the invocation of a CAMEL service for the forwarding leg.

Proposal of the CR
If the SCP is informed about the destination of the forwarded call, then the SCP can deduce if a CAMEL Service needs to be invoked for the forwarded leg. If the SCP decides, on the basis of the FTN/DTN that no CAMEL Service is needed for the forwarded leg, then it allows the call forwarding in the GMSC to take place, but it suppresses the invocation of the CAMEL Service for the forwarded leg.

To achieve the above, the following additions are required to the CAMEL information flows.

· The Busy EDP is used to notify to the SCP that a conditional call forwarding condition occurred. The FTN/DTN shall be included in the notification.

· The Continue With Argument information flow needs an additional paramater: ‘Suppress O-CSI’.

· The FTN/DTN needs to be included in the Initial DP information flow.

Additional Comments
· The first scenario, early call forwarding in the GMSC is the most likely scenario where there is potential benefit. Early call forwarding to an FTN in the HPLMN is a common situation (eg. forwarding to voice mail box when not reachable).

· When late call forwarding or call deflection takes place in the VPLMN (ie. not in the HPLMN), then the SCP needs to know if the forwarding leg or deflecting leg will be subject to ORLCF.

· The proposal presented by this CR should work in conjunction with Basic Optimal Routeing (BOR). If a terminating call is subject to BOR, early call forwarding may be initiated in the GMSC in the IPLMN. If the SCP has a control relationship with that GMSC, the SCP will be notified about the pending call forwarding and about the destination of the forwarding. The SCP can deduce if a forwarding service needs to be invoked.

· The CAMEL Phase 3 Continue With Argument (CWA) operation does not include the ‘O-CSI applicable’ parameter. Rationale of that is that that parameter is needed only in the case of CAMEL Based Forwarding, which is done with the Connect operation.

Introducing the ‘O-CSI applicable’ in CWA for CAMEL Phase 4 may be confusing. When the parameter would then be absent in CAMEL Phase 4 CWA, the VMSC/GMSC shall suppress O-CSI.
Whilst in CAMEL Phase 3, the absense of the parameter in CWA means apply O-CSI.

Therefore, this CR proposes a new parameter.

The parameter ‘O-CSI Applicable’ is used in the Connect information flow only. The parameter ‘Suppress O-CSI’ is proposed for the Continue With Argument information flow only. These two parameters can therefore not conflict with one another.

· O-CSI may contain other CAMEL triggers than pre-paid. In that case, the CAMEL Service Logic may not want to suppress the usage of O-CSI for the forwarding or deflecting leg.
The usage of the proposed ‘Suppress-C-CSI’ parameter remains an operators option. (inclusion/omission of this parameter is determined by the Service Logic.)

· The proposed paramer ‘Suppress O-CSI’ affects O-CSI only; the SCP does not have the possibility to suppress the invocation of a subscribed dialled service (based on D-CSI) for the forwarding leg.
As pre-paid services are likely to use O-CSI, there is no defined need for the suppression of D-CSI.

· The proposed notification to the SCP shall be able to carry a long-FTN, as specified for GSM R99.

Conclusions

By informing the SCP about the FTN or DTN in the forwarding notification and in Initial DP, the SCP will be able to suppress unncessary CAMEL invocations.

This will lead to cost saving for the operators.

*** First change ***

continueWithArgument {PARAMETERS-BOUND : bound} OPERATION ::= {


ARGUMENT

ContinueWithArgumentArg {bound}


RETURN RESULT
FALSE


ERRORS 


{missingParameter |






parameterOutOfRange | 






unexpectedComponentSequence |






unexpectedDataValue |






unexpectedParameter}


CODE


opcode-continueWithArgument


}

-- Direction: gsmSCF -> gsmSSF, Timer: Tcwa  
-- This operation is used to request the gsmSSF to proceed with call processing at the

-- DP at which it previously suspended call processing to await gsmSCF instructions

-- (i.e. proceed to the next point in call in the BCSM). The gsmSSF continues call

-- processing with the modified call setup information as received from the gsmSCF.

ContinueWithArgumentArg {PARAMETERS-BOUND : bound} ::= SEQUENCE {


alertingPattern
[1] AlertingPattern
OPTIONAL,


extensions
[6] SEQUENCE SIZE(1..bound.&numOfExtensions) OF


    ExtensionField {bound} 
OPTIONAL,


serviceInteractionIndicatorsTwo
[7] ServiceInteractionIndicatorsTwo
OPTIONAL,


callingPartysCategory
[12] CallingPartysCategory
OPTIONAL,


genericNumbers




[16] GenericNumbers {bound}




OPTIONAL,


cug-Interlock




[17] CUG-Interlock






OPTIONAL,


cug-OutgoingAccess



[18] NULL








OPTIONAL,


chargeNumber




[50] ChargeNumber {bound}




OPTIONAL,


carrier






[52] Carrier {bound}





OPTIONAL,


suppressionOfAnnouncement
[55] SuppressionOfAnnouncement
OPTIONAL,


naOliInfo
[56] NAOliInfo
OPTIONAL,

suppress-O-CSI
[57] NULL
OPTIONAL,

...


}

*** Next change ***

eventReportBCSM {PARAMETERS-BOUND : bound} OPERATION ::= {


ARGUMENT

EventReportBCSMArg {bound}


RETURN RESULT
FALSE


ALWAYS RESPONDS
FALSE


CODE


opcode-eventReportBCSM


}

-- Direction: gsmSSF -> gsmSCF, Timer: Terb

-- This operation is used to notify the gsmSCF of a call-related event (e.g. BCSM

-- events such as busy or no answer) previously requested by the gsmSCF in a

-- RequestReportBCSMEvent operation.

EventReportBCSMArg {PARAMETERS-BOUND : bound} ::= SEQUENCE {


eventTypeBCSM




[0] EventTypeBCSM,


eventSpecificInformationBCSM
[2] EventSpecificInformationBCSM {bound}


OPTIONAL,


legID






[3] ReceivingSideID








OPTIONAL,


miscCallInfo




[4] MiscCallInfo



DEFAULT {messageType request},


extensions





[5] SEQUENCE SIZE(1..bound.&numOfExtensions) OF
















ExtensionField {bound} 
OPTIONAL,


...


}

EventSpecificInformationBCSM {PARAMETERS-BOUND : bound} ::= CHOICE {


routeSelectFailureSpecificInfo
[2] SEQUENCE {




failureCause



[0] Cause {bound}


OPTIONAL,




...




},


oCalledPartyBusySpecificInfo
[3] SEQUENCE {




busyCause




[0] Cause {bound}


OPTIONAL,




...




},


oNoAnswerSpecificInfo


[4] SEQUENCE {




-- no specific info defined --




...




},


oAnswerSpecificInfo



[5] SEQUENCE {




destinationAddress


[50] CalledPartyNumber {bound}
OPTIONAL,




or-Call





[51] NULL




OPTIONAL,




forwardedCall



[52] NULL




OPTIONAL,




...




},


oDisconnectSpecificInfo


[7] SEQUENCE {




releaseCause



[0] Cause {bound}


OPTIONAL,




 ...




},


tBusySpecificInfo



[8] SEQUENCE {




busyCause




[0] Cause {bound}


OPTIONAL,




callForwarded



[50] NULL




OPTIONAL,




forwardingDestinationNumber
[51] CalledPartyNumber {bound} OPTIONAL,



 ...




},


tNoAnswerSpecificInfo


[9] SEQUENCE {




callForwarded



[50] NULL




OPTIONAL,




forwardingDestinationNumber
[51] CalledPartyNumber {bound} OPTIONAL,




 ...




},


tAnswerSpecificInfo



[10] SEQUENCE {




destinationAddress


[50] CalledPartyNumber {bound}
OPTIONAL,




or-Call





[51] NULL




OPTIONAL,




forwardedCall



[52] NULL




OPTIONAL,




...




},


tDisconnectSpecificInfo


[12] SEQUENCE {




releaseCause



[0] Cause {bound}


OPTIONAL,




 ...




}


}

-- Indicates the call related information specific to the event.

*** Next change ***

initialDP {PARAMETERS-BOUND : bound} OPERATION ::= {


ARGUMENT

InitialDPArg {bound}


RETURN RESULT
FALSE


ERRORS

{missingCustomerRecord |





missingParameter |





parameterOutOfRange |





systemFailure |





taskRefused |





unexpectedComponentSequence |





unexpectedDataValue |





unexpectedParameter}


CODE

opcode-initialDP


}

-- Direction: gsmSSF -> gsmSCF, Timer: Tidp 
-- This operation is used after a TDP to indicate request for service.

InitialDPArg {PARAMETERS-BOUND : bound} ::= SEQUENCE {


serviceKey






[0] ServiceKey
,


calledPartyNumber




[2] CalledPartyNumber {bound}




OPTIONAL,


callingPartyNumber




[3] CallingPartyNumber {bound}




OPTIONAL,


callingPartysCategory



[5] CallingPartysCategory





OPTIONAL,


cGEncountered





[7] CGEncountered







OPTIONAL,


iPSSPCapabilities




[8] IPSSPCapabilities {bound}




OPTIONAL,


locationNumber





[10] LocationNumber {bound}





OPTIONAL,


originalCalledPartyID



[12] OriginalCalledPartyID {bound}



OPTIONAL,


extensions






[15] SEQUENCE SIZE(1..bound.&numOfExtensions) OF




    











ExtensionField {bound} 
OPTIONAL,


highLayerCompatibility



[23] HighLayerCompatibility





OPTIONAL,


additionalCallingPartyNumber

[25] AdditionalCallingPartyNumber {bound}

OPTIONAL,


bearerCapability




[27] BearerCapability {bound}




OPTIONAL,


eventTypeBCSM





[28] EventTypeBCSM







OPTIONAL,


redirectingPartyID




[29] RedirectingPartyID {bound}




OPTIONAL,


redirectionInformation



[30] RedirectionInformation





OPTIONAL,


cause







[17] Cause {bound}







OPTIONAL,


serviceInteractionIndicatorsTwo

[32] ServiceInteractionIndicatorsTwo


OPTIONAL,


carrier







[37] Carrier {bound}






OPTIONAL,


cug-Index






[45] CUG-Index








OPTIONAL,


cug-Interlock





[46] CUG-Interlock







OPTIONAL,


cug-OutgoingAccess




[47] NULL









OPTIONAL,


iMSI







[50] IMSI









OPTIONAL,


subscriberState





[51] SubscriberState






OPTIONAL,


locationInformation




[52] LocationInformation





OPTIONAL,


ext-basicServiceCode



[53] Ext-BasicServiceCode





OPTIONAL,


callReferenceNumber




[54] CallReferenceNumber





OPTIONAL,


mscAddress






[55] ISDN-AddressString






OPTIONAL,


calledPartyBCDNumber



[56] CalledPartyBCDNumber {bound}



OPTIONAL,


timeAndTimezone





[57] TimeAndTimezone {bound}




OPTIONAL,


gsm-ForwardingPending



[58] NULL









OPTIONAL,


initialDPArgExtension



[59] InitialDPArgExtension





OPTIONAL,


...


}

InitialDPArgExtension



::= SEQUENCE {


gmscAddress






[0] ISDN-AddressString






OPTIONAL,

forwardingDestinationNumber


[1] CalledPartyNumber {bound}




OPTIONAL,

...
}

-- If iPSSPCapabilities is not present then this denotes that a colocated gsmSRF is not 

-- supported by the gsmSSF. If present, then the gsmSSF supports a colocated gsmSRF capable 

-- of playing announcements via elementaryMessageIDs and variableMessages, the playing of

-- tones and the collection of DTMF digits. Other supported capabilities are explicitly 

-- detailed in the IPSSPCapabilities parameter itself.

-- Carrier is included at the discretion of the gsmSSF operator.

*** Next change ***

11.20
ContinueWithArgument Procedure

11.20.1
General description

This operation is used to request the SSF to proceed with call processing at the DP at which it previously suspended call processing to await SCF instructions. It is also used to provide additional service related information to a User (Called Party or Calling Party) whilst the call processing proceeds.

In general all parameters which are provided in a ContinueWithArgument operation to the gsmSSF shall replace the corresponding signalling parameter in the CCF, in accordance with ES 201 296 [38] and shall be used for subsequent call processing. Parameters which are not provided by the ContinueWithArgument operation shall retain their value (if already assigned) in the CCF for subsequent call processing.

11.20.1.1
Parameters

-
alertingPattern:
This parameter indicates the type of alerting to be applied. It is defined in 3G TS 29.002 [13].

-
serviceInteractionIndicatorsTwo:
This parameter contains indicators which are exchanged between the gsmSSF and the gsmSCF to resolve interactions between IN based services and network based services.

-
callingPartysCategory:
This parameter indicates the type of calling party (e.g., operator, pay phone, ordinary subscriber).

-
genericNumbers:
This parameter allows the gsmSCF to set the Generic Number parameter used in the network. It is used for transfer of Additional Calling Party Number.

-
suppressionOfAnnouncement:
This parameter indicates that announcements and tones which are played in the exchange at non‑successful call set‑up attempts shall be suppressed.

-
carrier:
This parameter indicates carrier information. It consists of the carrier selection field followed by the Carrier ID information to be used by gsmSSF for routing a call to a carrier.


It comprises the following embedded sub-parameter:

-
carrierSelectionField
This parameter indicates how the selected carrier is provided (e.g. pre-subscribed). 

-
carrierID
This alternative indicates the carrier to use for the call. It contains the digits of the carrier identification code.

-
naOliInfo:
This parameter contains originating line information which identifies the charged party number type to the carrier.

-
chargeNumber:
This parameter contains the number that identifies the entity to be charged for the call. It identifies the chargeable number for the usage of a carrier (applicable on a call sent into a North American long distance carrier). For a definition of this parameter refer to ANSI ISUP T1.113.

-
cug-Interlock:
This parameter uniquely identifies a CUG within a network.

-
cug-OutgoingAccess:
This parameter indicates if the calling user has subscribed to the outgoing access inter-CUG accessibility subscription option.

-
serviceInteractionIndicatorsTwo:
This parameter contains indicators which are exchanged between the gsmSSF and the gsmSCF to resolve interactions between IN based services and network based services.
-
suppress-O-CSI:
This parameter indicates that O-CSI shall be suppressed for the forwarding leg or deflecting leg.
…

<unmodified>

…

*** Next change ***

11.24
EventReportBCSM procedure

11.24.1
General description

This operation is used to notify the gsmSCF of a call related event previously requested by the gsmSCF in a"RequestReportBCSMEvent" operation. The monitoring of more than one event could be requested with a"RequestReportBCSMEvent" operation, but each of these requested events is reported in a separate"EventReportBCSM" operation.

11.24.1.1
Parameters

-
eventTypeBCSM:
This parameter specifies the type of event that is reported.

-
eventSpecificInformationBCSM:
This parameter indicates the call related information specific to the event.

For"RouteSelectFailure" it will contain the"FailureCause", if available.

For O-Busy it will contain the "BusyCause", if available.

If the busy event is triggered by an ISUP release message, the BusyCause is a copy of the ISUP release cause, for example: Subscriber absent, 20 or User busy, 17.
If the Busy event is trigerred by a MAP error, for example: Absent subscriber, received from the HLR, the MAP cause is mapped to the corresponding ISUP release cause.

NOTE 1:
If no BusyCause is received, the gsmSCF shall assume busy.

For T-Busy it will contain the "BusyCause", if available.

If the T-busy event is triggered by call forwarding at the GMSC/VMSC, the eventSpecificInformationBCSM will contain the CallForwarded indication and the ForwardingDestinationNumber.
If the busy event is triggered by an ISUP release message, the BusyCause is a copy of the ISUP release cause, for example: Subscriber absent, 20 or User busy, 17.
If the Busy event is triggered by a MAP error, for example: Absent subscriber, received from the HLR, the MAP cause is mapped to the corresponding ISUP release cause.

NOTE 2:
If no BusyCause is received, the gsmSCF shall assume busy.

If the busy event is triggered by call forwarding at the GMSC, the BusyCause reflects the forwarding reason (Subscriber Absent, 20 or User busy, 17). The eventSpecificInformationBCSM will also contain the CallForwarded indication.

For O-NoAnswer it will be empty.

For T-NoAnswer it may contain the CallForwarded indication and the ForwardingDestinationNumber.

If the no answer event is triggered by an ISUP release message or expiry of the CAMEL timer TNRy, the eventSpecificInformationBCSM shall be empty.
If the no answer event is triggered by call forwarding at the GMSC/VMSC, the eventSpecificInformationBCSM shall contain the CallForwarded indication and the ForwardingDestinationNumber.

…

<unmodified>

…

*** Next change ***

11.30
InitialDP procedure

11.30.1
General description

This operation is sent by the gsmSSF after detection of a TDP‑R in the BCSM, to request the gsmSCF for instructions to complete the call.

11.30.1.1
Parameters

…

<unmodified>

…

-
gsm-ForwardingPending:
This parameter indicates that a forwarded-to-number was received and the call will be forwarded due to GSM supplementary service call forwarding in the GMSC.
-
forwardingDestinationNumber:
This parameter contains the forwarding destination.
…

<unmodified>

…

*** End of Document ***
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