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Abstract





At SMG1 the CAMEL Phase 3 requirements for the feature Call Party Handling were discussed and the service requirements were drafted.


This contribution provides a first draft on the "Detailed operation procedures" for a set of operations providing those functionality for GSM 09.78 v8.0.0 CAMEL phase 3. 


The operation InitiateCallAttempt can be used for 'CSE initiated call set up' and ' Creation of called parties '.


The base text is extracted from the ETSI CS Core INAP EN 301 140-1 V1.3.3 (1999-01).


According to the CAMEL service description additional parameter are already included. Detailed discussions are necessary.


�



18	Detailed operation procedures


18.59	InitiateCallAttempt procedure


18.59.1	General description


This operation is used to request the SSF to create a new call to one call party using the address information provided by the SCF (e.g. wake�up call). An EDP�R must be armed on answer and all the call failure events, in order to have the SCF treat this call appropriately when either of these events is encountered. InitiateCallAttempt can also be used to create additional Call Segments within an existing Call Segement Association of ICA). 


If the SL wishes to know the created CSA�ID, e.g. to be able later on to merge CSs from other CSAs with this one, a CreateCSA operation needs to preceed the ICA operation.,


18.59.1.1	Parameters


�	destinationRoutingAddress: �This parameter contains the called party number towards which the call is to be routed. The destinationRoutingAddress may contain one called party number only for this operation. The encoding of the parameter is defined in ITU�T Recommendation Q.763 [�seq reference q763 �Error! Bookmark not defined.�].


�	alertingPattern: �See ITU�T Recommendation Q.1290 [�seq reference q1290 �Error! Bookmark not defined.�]. It only applies if the network signalling supports this parameter or if SSF is the terminating local exchange for the subscriber.


�	iSDNAccessRelatedInformation: �Carries the same information as the protocol element ISUP Access Transport parameter in EN 300 356-1 [� seq reference en300356_1 �Error! Bookmark not defined.�].�See IN CS2 Signalling Interworking Requirements [� seq reference �1�].


�	serviceInteractionIndicators: �This parameter contain indicators sent from the SCF to the SSF for control of the network based services at the originating exchange and the destination exchange.


�	callingPartyNumber: �This parameter identifies which number shall be regarded as the calling party for the created call. If this parameter is not sent by the SCF, the SSF may supply a network dependent default value.


�	LegToBeCreated�This parameter indicates the LegID to be assigned to the newly created party. When not provided, a default LegID of 1 is assumed ("new CSA" case). In the existing"CSA" case, this parameter shall be provided by the SCF. 


�	NewCallSegment�This parameter indicates the CS ID to be assigned to the newly created Call Segment. When not provided, a default CSID of 1 is assumed ("new CSA" case). If sent within an existing control relationship and there is already CSs existing in the CSA, this parameter shall be provided by the SCF. 


�	iNServiceCompatibilityResponse: 


	This parameter is used by SCF to inform the SSF about the actual services/service features which have been invoked in the SCF.


�	serviceInteractionIndicatorsTwo� Indicators which are exchanged between SSP and SCP to resolve interactions between IN based services and network based services, respectively between different IN based services.


�	carrier: �This parameter consists of the carrier selection field followed by the transit network selection parameter. The carrier selection field is ignored. The transit network selection parameter identifies the transit network(s) requested for the call. The encoding of the transit network selection parameter is defined in ITU�T Recommendation Q.763 [�seq reference q763 �Error! Bookmark not defined.�].


�	locationNumber: �This parameter is used to convey the geographical area address for mobility services, see ITU�T Recommendation Q.762 [� seq reference q762 �Error! Bookmark not defined.�]. 


�	bearerCapability: �This parameter indicates the type of the bearer capability connection or the transmission medium requirements to the user. See IN CS2 Signalling Interworking Requirements [� seq reference �2�].�It is a network option to select one of the two parameters to be used: 


�	bearerCap: �This parameter contains the value of the DSS1 Bearer Capability parameter (EN 300 403�1 [� seq reference en300403_1 �Error! Bookmark not defined.�]) in case the SSF is at local exchange level or the value of the ISUP User Service Information parameter (ITU�T Recommendation Q.763 [�seq reference q763 �Error! Bookmark not defined.�]) in case the SSF is at transit exchange level.


�	tmr: �The tmr is encoded as the Transmission Medium Requirement parameter of the ISUP according to ITU�T Recommendation Q.763 [�seq reference q763 �Error! Bookmark not defined.�].


-	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.


�	callingPartysCategory: �See EN 300 356-1 [� seq reference en300356_1 �Error! Bookmark not defined.�] Calling Party Category signalling information.


�	redirectingPartyID: �This parameter, if present, indicates the last directory number the call was redirected from.


�	redirectionInformation: �See ITU�T Recommendation Q.763 [�seq reference q763 �Error! Bookmark not defined.�] Redirection Information signalling information.


�	callingIMSI: �< to be included >


�	ISUP CUG information: �< to be included >


�	optimal Routing indication�< to be included >


�	naCarrierInformation: �This parameter contains carrier identification code and carrier selection type to be used by gsmSSF for routing a call to a carrier.


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


18.59.2	Invoking entity (SCF)


18.59.2.1	Normal procedure


SCF precondition: 


(1)	An SLPI has been invoked,


(2)	An SLPI has determined that an"InitiateCallAttempt" operation should be sent by the SCF.


(3)	If no control relationship exists an instance of the FSM for CSA is created by SCME�Control .The FSM for CSA is put in state"SSF Control Idle".


(4)	If a control relationship exists, the FSM for CSA is in state"Preparing SSF Instructions.


SCF postcondition: 


(1)	A control relationship is established between the SCF and SSF, if not existing.


(2)	The FSM for CS is in state"Preparing CS Instructions".


(3)	SLPI execution continues.


The FSM for CS moves to state"Preparing SSF Instructions" when the SL invokes this operation. In order to enable the establishment of a control relationship between the SCF and SSF and to allow the SCF to control the created call appropriately, the SLPI shall monitor for the BCSM event(s) which report the result of the created call setup. This includes DP Analyze_Information or DP Route_Select_Failure, O_Called_Party_Busy,O_NO�Answer, and O_Answer. Any other Non�Call_Processing_Instructions may be sent as well. The"InitiateCallAttempt" operation creates a BCSM instance in the SSF but the SSF suspends the call processing of this BCSM. The SLPI shall send a"Continue" operation to request the SSF to route the call to the specified destination. The FSM for CS shall proceed as specified at the procedure for the"Continue" operation.


The above described procedure shall be part of the establishment of the control relationship, i.e. operations up to and including the"Continue" operation shall be sent together in the same message to the SSF. The SCF shall start a response Timer Tscf when the"InitiateCallAttempt" operation is sent. The response Timer shall supervise the confirmation of the dialogue from SSF, the value of Tscf shall be equal or less than the network no answer timer.


18.59.2.2	Error handling


On expiration of Tscf the SCF shall abort the dialogue, report the abort to the maintenance functions and inform the SLPI on the failure of dialogue establishment. The FSM for CS moves to the Idle state.


Generic error handling for the operation related errors are described in clause 17, the TC services which are used for reporting operation errors are described in clause 19.


18.59.3	Responding entity (SSF)


18.59.3.1	Normal procedure


SSF precondition: 


(1)	If no control relationship exists an instance of the FSM for CSA is created by SSME�Control .The FSM for the CSA is put in state"Idle" .


If a control relationship exists the FSM for the CSA is in state"Active".


(3) The CSCV is in a valid connection view state according to table 18�5.


SSF postcondition: 


(1)	A new O�BCSM has been created, call processing is suspended at DP Origination_Attempt_Authorized.


(2)	The new FSM for CS has moved from"Idle" state to state"Waiting for Instructions".


Table 18-5: Transition for New CS


CSCV State: �symbol 222 \f "Symbol" \s 8�Þ��Operation: �symbol 223 \f "Symbol" \s 8�ß��
Null�
�
InitiateCallAttempt�
Originating 1-Party Setup�
�



Upon reception of"InitiateCallAttempt", the SSF creates a new O�BCSM and suspends the call processing of this BCSM at DP Origination_Attempt_Authorized. All subsequent operations are treated according to their normal procedures.


The properties and capabilities, normally received from or associated to the calling party, required for the call setup shall have a network dependent default value. If a calling party number is supplied by the SCF, these properties may be dependent on the received calling party number


18.59.3.2	Error handling


Generic error handling for the operation related errors are described in clause 17, the TC services which are used for reporting operation errors are described in clause 19.
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