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1 Introduction

This contribution gives the report of the last ETSI SPAN 3 and 3GPP CN5 meeting in July 2000 and related issues raised in e-mail by Mr Richard Stretch to be considered at the first Joint 3GPP CN5/ SPAN3 meeting.

2
API Meeting Report 

The following report was made during two meetings; one in ETSI SPAN 3 and the other in 3GPP CN5.  The bulk of the exercise was undertaken in ETSI SPAN 3 whilst analyzing the latest version of Parlay 2.1 Call Control.  That part of the report was then scrutinized by CN5 (OSA) who added their comments to the report.  These extra comments are distinguished by yellow highlighting.

ETSI SPAN 3 and 3GPP CN5 would like to use this report as the basis for discussion within the Call control group within Parlay

2.1
 Introduction

The purpose of this ETSI SPAN 3 meeting was to consider the latest versions of the API specification along with that recently released by Parlay.  A total of 13 delegates attended the meeting.

A presentation was given of the results of the Parlay Phase 3.0 kick-off meeting and the proposed joint working between Parlay, ETSI and 3GPP.  The parlay group have decided to get the Call control group off and working.  The joint working between the other groups is still to be coordinated and should be decided around mid August.

ETSI SPAN is about to integrate into 4 working parties.  WG12 will cater for ‘Applications interfaces for service providers and network operators’.  This will take care of the existing SPAN 3 tasks.

A diagram explaining the relationship between the Parlay documentation, ETSI, 3GPP and the ITU-t is given in the annex of this document.  Note that this figure was made during the first phase of Parlay and therefore does not show the latest parlay releases.

2.2
API Technical Discussions

The purpose of this meeting was to consider the release 2.1 API specification from Parlay and review its incorporation into the ETSI standards 0-3070 Part1.

2.2.1
Call control

· Ard Jan gave a presentation of the evolution of Call Control.  The original phase 2.0 control had specialization of call such as CapCall and INAPCall noted
· Parlay 2.1 was simplified even further.  Only this time Call specialise into MultipartyCall which again specializes into MultimediaCall.  ConferenceCall inherit from MultimediaCall.  So if one wishes to have conference calls, you can choose to have single or multimedia calls.  Legs are associated with multiparty and multimedia calls.  It is not possible to associate legs with single standalone calls.noted

· It was stated that the API no longer refers to controlling or passive legs, this issue is implementation specific. noted

· IpCall and IpAppCall now contains all of the methods previously contained within IpCapCall and IpINAP1 noted
· GetLastRedirectedAddress appears in IpCallleg but not in IpCall.  It is therefor only possible to gain address information for multiparty call legs and not on a leg in a two party call! noted
·  A lot of conversation around the use of Multmedia call control versus Generic Call Control.  The result was that it was possible to use generic call control without multimedia even if you required to set up multipoint circuits each having a different media capability. The mapping will consider a state full model to be supported in SIP.
· on multiparty/multimedia 

· various different media types (e.g. also video) can be set up via GCC (but point to point)

· multipoint connections needs MPCC 

· two mechanisms now to have multimedia sessions by applications:

· multimedia call control has session and media channels coordinated

· applications can also set up multimedia session via multiple data session interfaces, application does coordination of media channels itself This is only applicable to the GPRS capability.

· whether these two mechanism can be combined, i.e. multimedia CC using data session interface, is for further study

· In a conference call it is not possible for the application to either add a media to a pre-established leg, or for the application to change the media a particular leg is using.  In this latter case only the leg can request a change of media channel, which the application may either allow or not via the mediaChannelAllow method.
This is a limitation of the interface, with the rationale that the whole negotiation procedure would have to be across the API as well, in case the application would be able to change the media (terminal caps, network caps, ..). noted
· Generic User interaction interface remains unchanged between 2.0 and 2.1 noted

· Within the Generic Call State transition diagram, it is not possible to reflect collected information and analyze info as in the IN BCSM.

· getMoreDialedDigits method in STD, this covers the scenario of one additional cycle of digit collection
(in R00, since in CAMEL (R99) this method does not exist)

· use UI in order to have a multiple user input scenario (e.g. authentication before access)

Further study required from fixed network side where the overlap sending  and receiving should be supported.

· The Generic Call STD only allows for two parties, if you need to add more parties you need to use the MultiParty Call interface.noted

· If you are using Generic Call and have only two parties, it is possible to monitor for mid-call triggers however as the separate legs are not identified here it is only possible to release say the B party and not to ‘park’ it whilst the A party does something.

· in case the two parties are still involved in a call, you can only release the whole call with GCC.

· follow-on calls are possible however, under the restriction that the called party releases  noted
· Below the incoming state of the Call Leg STD we should have a self transition, eventReportResult reflecting the analyzed/collected information situation.  A similar transition in GenericCall STD should be added for the getMoreDialledDigits result. See bullet item above, agreed
·  Should the cut and paste facility of IN also be reflected at the application?  No . 

· In the text supporting the CallLeg STD there is an explanation of the Connected state.  The second paragraph should read; ‘In case the request for the connection was made by routeReq() on the call object, the call party is also attached to the call’.  The third paragraph, ‘In case the request was made by the route() on the call leg, the call party still needs to be attached to the call’. Make sure that this is captured in restructured text in September. Keep record on it, await on procedural agreement with Parlay/3GPP/SPAN3.

· There are some questions about where analysis is performed. Whether this is agreed initially by means of the Framework or another means needs to be discussed.  Also the nature of address between two parties e.g. the number portability type of addresses, redirecting address and routing address, how will this be identified, or is this function even a concern of the API? Assumption taken that the number will be an (international) directory number, so that applications do not have to be aware of NP. A special case would be where the NP mechanism is using concatenation of numbers. Whether the GW needs to convert this in an international directory number, needs further study, but this might be a rare case, only at transit level.

· The setServiceProfile capability is not part of release 2.1.  This may need to be addressed in the next phase. Noted
· MultipartyCallLeg  STD. getCallLegs operation needs to be reflected in all states. Agreed

· MultipartyCall STD. In the Active state ‘1 party in call’, there should be a transition shown back to ‘routing to destination’, this will cater for the first party releasing from the call whilst other parties are in  the routing to destination sub-state.  This transition should also cater for the case where the application releases a leg.  Text should be added to the explanation of the’1 party in call’ sub-state, saying that if you are in this state and there are no outstanding routeRequests and the application subsequently releases this leg, then the call transits to the Application Released call state. Agreed 

· In the CallLeg STD.  An extra arrow should be added from the  Incoming state to the Connected Sub-state ‘Attached’, labeled attachMedia. Agreed
· By having an incoming call event in the CallLeg state model and transiting to the ‘Incoming’ call state, what kind of media is assumed, e.g. is it an RTP unidirectional stream or an SCN bearer? Both
2.3
Documentation

· A short conversation ensued on how we would further the work on the ETSI specification.  Although SPAN 3 would like to ensure that the spec is reflective of all of the INCS3 functionality, we realize that at present this is not the case. Now that we have a reasonably stable output from Parlay, ETSI can enhance the API where necessary to facilitate this goal.

· Another issue here is the subject of the IDL specification.  At present 3GPP have an IDL for the VHE application but ETSI do not have one for their version of the API.  It was agreed that the ETSI spec should have but one version of the IDL and this should represent the overall API and not the restricted CN5 version.

· It was agreed that sometime in the near future a close examination be made to the ETSI spec to ensure that all of the 3GPP capabilities are captured.  This may be undertaken in parts, where individual companies take one part and compare with the 3GPP release 99 API.

· For release 2000 it is envisaged that both 3GPPs and ETSI scope will coincide resulting in one API in one document.  Nokia have some concerns about whether or not this is possible as the 3GPP rules do not reflect this criteria.  We agreed that this issue needs to be addressed at the plenary level of CN and SPAN.  If this is not solved then the projected joint effort between Parlay/3GPP/ETSI to produce one document and one API only may fail.

· It was agreed that an initial meeting takes place between the two chairmen (CN5 and SPAN3) so that the ground rules for joint meetings and joint documentation can be discussed and documented.  How Parlay will fit into all of this remains to be further investigated!  These issues will be discussed initially by E-Mail and delegates are encouraged to put forward their views before a decision is taken.

3
E-mail discussions

The following remarks to the call control were raised by  e-mail: Have been considered no problems remain.

(1) callOverloadEncountered () has lost overloadType.  Does the application need info on the overload type encountered?  We decided that the application needs to consider whether it needs to reduce the amount of traffic sent to the network or that the amount of traffic incoming from the network is causing problems.  Without this information the application cannot make a decision as to whether it needs to reduce invocations across the network API or not.  Ard-Jan is looking into  this problem at present.

(2) superviseCallReq () has lost bytes.  This was decided at the OSA meeting last month and is therefore agreed and part of the 2.1 release.

(3) routeRes () is duplicated, but with differing text and parameters. Which is correct?

(4) route () has lost targetAddress, originatingAddress,

originalCalledAddress/originalDestinationAddress, redirectingAddress, and

appInfo, when compared to routeCallLegToOrigination and

routeCallLegToDestination.

        This is apparently a problem and we are looking into it at present.

* Contact: 
Frans Haerens

Alcatel Bell Belgium
Tel:
+32 3 240 9034

Fax:
+32 3 240 9820

E-mail: frans.haerens@alcatel.be

D:\API\Bristol\Tdoc\TD156callcontrol.doc

