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Foreword

This ETSI Guide (EG) has been produced by {ETSI Technical Committee|ETSI Project|<other>} <long techbody> (<short techbody>), and is now submitted for the ETSI standards Membership Approval Procedure.

Introduction

This document contains the Requirements capture for ETSI 4.0 ‘Third Party API’protocol specification <Reference?>

1
Scope

The present document contains the functional requirements for ETSI 4.0 Open Service API (OSA).  This present document has been compiled in conjuncion with Parlay and represents the sixth  phase of the Parlay API. The ETSI and  Parlay API has been specified and designed using the requirements identified in this present document. The requirements are intended to provide the necessary functionality for benchmark applications. 

This present document captures the requirements as defined since the last Parlay member meeting in rome (11/03) and those captured during proceeding meetings 

It is the intention that the new requirements should build upon the ETSI Phase 3.0 API and that of the Parlay 5.0 specification 
and should be fully backward compatible.  This means that any network operator implementing ETSI Phase 4.0 or Parlay 6.0 should be able to interwork with a client application provider implementing ETSI Phase 3.0 or Parlay 5.0.  In other words ETSI Phase 4.0 and Parlay 6.0 will retain ETSI Phase 4.0 and Parlay 5.0 as a complete subset. 

2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication and/or edition number or version number) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies.

 [1]
3GPP TS 23.198   “Open Service Access (OSA) Application Programming interface (API)”

[2]
3GPP TS 23.127  “?”  

3
Abbreviations

3.1
Abbreviations

For the purposes of the present document, the following abbreviations apply:

	Acronym
	Description

	AAA
	

	ACID
	

	ACL
	

	ADSL
	Asymmetric Digital Subscriber Line

	API
	Application Program Interface

	ATM
	Asynchronous Transfer Mode

	BCD
	

	BCS
	Billing and Charging Service

	BGP4
	

	CAMEL
	

	CGI
	

	CS-2
	IN Capability Set #2

	CTI
	

	DiffServ
	Differentiated Services

	GCCS
	Generic Call Control Service Interface

	HLR
	Home Location Register

	IC
	

	ID
	Identifier

	IE
	Information Element

	IKE
	

	IMEI
	

	IMSI
	

	INAP
	Intelligent Network Application Protocol

	IP
	Internet Protocol

	IPsec
	

	ISDN
	

	ISP
	Internet Service Provider

	ISUP
	ISDN User Part of SS7

	L2TP
	

	LDAP
	

	LSA
	

	MExe
	

	MPLS
	

	MS
	Mobile Subscriber

	MSC
	

	MSG
	Messaging Service Interface

	NA
	Not Applicable/Available

	NAT
	

	NCP
	Network Control Point

	NSP
	Network Service Provider

	OA&M
	Operations, Administration and Maintenance

	PLMN
	

	PSTN
	Public Switched Telephone Network

	RAI
	

	RSVP
	

	QoS
	Quality of Service

	SET
	

	SLA
	

	SLG
	

	SP
	Service Provider

	SMS
	

	SRF
	Specialized Resource Function

	SS7
	Signaling System 7

	SVC
	Switched Virtual Circuit

	VLR
	Visitor Location Register

	VoIP
	Voice over IP

	VPN
	Virtual Private Network

	WAP
	

	WIN
	

	
	

	
	

	
	


4 ETSI 4.0/Phase 6 Parlay API Domains 

The Parlay/OSA API is an open, technology-independent, and extensible interface into networking technologies. The Parlay API is therefore applicable to a number of business and application domains, not just telecommunications network operators.

Examples of business domains that may use the API include:

· Third Party Telephony Service Providers

· Interactive Multimedia Service Providers

· Corporate Businesses

· Small Businesses

· Residential Customers

· Network Operators

All of these businesses have networking requirements, ranging from simple telephony and call routing to call centre's, virtual private networks and fully interactive multimedia.

The rest of this document is structured to capture all of the requirements that are deemed necessary to enhance the existing ETSI Phase 3.0 and Parlay 5.0 specification to an ETSI Phase 4.0/ Parlay Release 6.0 status.

4.1
Framework interface and Service Interface

The API provides the common interfaces to a variety of services. For the services to work together in a coherent fashion, "framework" functions are required and are also included in this document. 

Services and the framework functionality will be exposed via interfaces. These interfaces will be called the service interface and framework interface respectively.

5.0 Proposed enhancements to existing Interfaces

5.1
General requirements

5.1.1
Backwards Compatibility/Deprecation

Source: Parlay

Issue/Motivation:

It needs to be considered what can be done if we find that certain interfaces in Release 5.0 are found to be unstable and therefore require appropriate modification.  If we use the concept of deprecation then we can effectively provide new methods to that interface where the old methods are incorrect.  This means that the two methods will exist side by side in the same interface for the same purpose in 6.0.  One method may not be complete but the other is!  The methods that are incorrect would be removed in further versions of the API.

Requirement Description:

The Parlay 6.0/OSA 4.0/ETSI SPAN 4.0 APIs shall be backwards compatible. This has two aspects:

· A client application utilizing Parlay 5.0/OSA 3.0/ETSI SPAN 3.0 APIs shall run without change (not even re-compilation) against a server providing Parlay 6.0/OSA 4.0/ETSI SPAN 4.0 APIs.

· A deprecation mechanism shall be defined that allows the removal of outdated methods or interfaces in a well-defined, step-wise approach.

5.2
Framework

6.0 New interfaces and areas of involvement

    6.1 Document Update and Retrieval

Source: Parlay Rome 2003

Issue and motivation:

-         Requirement: for “Adding”, “Deleting”, “Modifying” & “Retrieving” documents (XML docs; HTML;  Stored Audio files – like .wav, .au; Stored Video files like .mpeg; etc) from the network. 

-         Usage/Motivation: required for Map retrieval, Advertisement retrieval, Calendar (MS Exchange, Yahoo Cal, Apple’s iCAL) document retrieval, populating and pulling-off information from standard documents like .pdf, ms word etc as part of distributed authoring

-         Network Capability: Protocols like WebDAV (which is an HTTP extension) standardized on IETF and W3C support the required document update and retrieval functionality at the protocol level

-         API: The API could have a look-n-feel similar to RetrieveDoc(location-URI; Doc-ID; Doc-Age; Doc-Content-location-ID; Doc-Content-Max-Size; Optional-Doc-Content).

[MRU] I would like to ask a number of questions for clarifications on this proposed requirement.

1. Are these documents for retrieval stored in the Operator Domain, the Enterprise Domain, or both?
[WIPRO] Could be both Operator and Enterprise Domain
2. Can we assume a central point of access to these documents somewhere in the network? Does 3GPP SA2 need to look at the architectural impacts of this requirement, if accepted?
[WIPRO] There could be different document servers that the proposed SCF could access from the Parlay Gateway.
3. Regarding the WebDAV protocol in IETF and W3C, are there additional requirements for secure and manageable access by third parties? Or in other words, why does this have to be a Parlay API?
[WIPRO] clarification sought (during meeting)
4. How does this requirement relate to the introduction paragraph in section 4, i.e. “The Parlay/OSA API is an open, technology-independent, and extensible interface into networking technologies”? “Interface into networking technologies” to me does not seem equivalent to “interface to information stored in the network”. Why does this have to be a Parlay API?
[WIPRO] I have provided some use cases in an attached document. 
5. I would like to understand better the underlying network technology or network feature that is intended to support this API functionality. The JWG used to have a requirement for IP Session Control, and we ran into a lot of push-back. I believe a use case would be helpful here.

Musa, can you refresh my memory here? What is the exact status of the IP Session Control requirement, is it gone for good or gone until such time as 3G networks include this in their architecture? 
6.2 Multi-media Stream Control

Source: Parlay Rome 2003

-         Requirement: For Controlling the Content (for e.g., by way of setting content filters to control which audio prompts should be rendered, which audio strings should be camouflaged and which video frames need to be morphed etc), the Quality (volume, cadence, timbre, picture sharpness, frequency etc) and the rendition attributes (pause, play, managed interrupts etc).

-         Usage/Motivation: Streaming Audio control (e.g., to control the volume of a audio stream being rendered from an audio server); Announcement Control (e.g., to playout specific announcement in specific scenarios “treatment” scenarios); to camouflage certain parts of a streaming audio; to morph certain video frames etc.

-         Network Capability: Protocols like RTSP allow for streaming audio control at a very granular level. Protocols like RTCP can be used to collect bearer channel (audio/video) statistics and analyze and application-enable such collected bearer data. H.323 supports granularity of video control. MPEG2 based protocols provide the required level of video control. MEGACO too, though purely a device control protocol, does support modification of media properties to certain extent as well (but not the kind of control that RTSP or MPEG2 kind of protocols provide.)

-         API:  The API could have a look-n-feel like ModifyMediaStream(media-src-URI; media-ID; media-attribute; media sub-location/source etc…); ChangeMediaStream ( media-src-URI; media-attribute-control-action==STOP,PAUSE, MORPH etc) ; note that this is NOT connectivity management that supports “bearer control” APIs like attachMedia () etc - multi media Stream Control APIs allow for controlling the different attributes of  multimedia stream that is already setup via connectivity management (bearer control) or multi-media session setup protocol like (SIP, H.323).
[MRU] I would like to ask a number of questions for clarifications on this proposed requirement.

1. Is this requirement proposed as an extension to the Multimedia Call Control API? If so, I belive this proposed requirement should be a candidate for submission to 3GPP SA1.
[WIPRO] This should not necessarily be seen as an extension to the Multimedia Call Control. 
2. With respect to the ability to control the cadence and timbre of audio streams, do we want this level of granularity in the API?

3. With respect to camouflaging certain parts of a streaming audio, or morphing certain video frames, do we qualify this as Application functionality, or do we really wish to see this in the API?
[WIPRO] I think camouflaging parts of a stream could be controlled externally (thro the API).
4. Is there a proper subset of functionality supported by all of RTSP, RTCP, H323, MPEG, and MEGACO? In other words, is there a way to define this functionality in an abstracted, technology independent way?
[WIPRO] will clarify during meeting.
5. I believe a use case would be helpful here to better understand what is required in terms of API functionality, and what is required in terms of underlying network support. The use case might aid in understanding some of the following questions: Is this functionality to be done by an application that is controlling the media stream and or by an application that is actually streaming the information ? How does the intermediate application know at which point to morph? Does this imply that the intermediate application needs to receive the media stream , modify it then send it out again? If so, do current underlying network architectures envisage such support? How does one ensure that this happens in sync?
6.3 Route Translation lookup

Source: Parlay Rome 2003

-         Requirement: To interface with a look-up logic driven by a DNS, ENUM, TRIP, TGREP (or other such) interfaces. Given a translatable route string – this SCF will return a routable ID (could be again a string). 

-         Usage/Motivation: In scenarios such as two-stage calling (using “cheap” pre-paid cards for long distance calling) OR click-2-call scenarios where the application receives called party digits (after the digit collection stage) or the called party address strings, an SCF is required, that at the n/w layer interfaces with a translation logic driven by DNS, ENUM, TRIP or TGREP (or one such) protocols.

-         Network Capability: Protocols like DNS, ENUM, Telephony Routing over IP (TRIP) & Telephony Gateway Registration Protocol (TGREP) provide such “look-up” capability at the network layer  

-         API:  The API could have a look-n-feel like GetRoute (route-dB-URI; translatable-string; translation-format; route-id-list-max-limit etc…); 

[MRU] I would like to ask a number of questions for clarifications on this proposed requirement.

1. What exactly is a “route”? Is it a sequence of hops? Is a “route” any different from an “address”?

2. Is the GetRoute operation a “string-to-address” translation, or a “addressPlanA-to-addressPlanB” translation?
[WIPRO] could be both forms.
3. Doesn’t data type TpAddress not already give you a routable ID?
[WIPRO] as I have pointed out in some of the use cases, the result of a translation yields an ID in TpAddress format.
4. Should this be considered Application functionality, or should this be supported in the API?
I too would like to see a use case, particularly as I think this requirement could be read as providing access to network address routing (similar to the hops in point 1 above). Personally I do not see why such a service would be disireable from a network operators perspective, however if the service is more of a logical address translation whereby users may be identified by pseudonym etc then it  may be useful. The question that needs clarified is therefore whether this is a network focused feature or an application focused feature?
5. I believe a use case would be beneficial to better understand the intention of the requirement and the envisaged API  support.
[WIPRO] Use cases have been provided.

[image: image1.emf]C:\Documents and  Settings\Administrator.WIPRO-CDBD1C29D\Desktop\venkat\parlay\parlay6.0\parlay6.0.May10\parlay6.0.Wipro.UseCases-Note.doc


6.4 Content management SCS 

Source: Parlay Rome 2003

Requirment  Play a song to handset
How does this relate to DRM/Media Control?
6.5 Extend mobility SCS to include Geo coding mapping

Source: Parlay Rome 2003
Is this a new SCS/requirement or can the existing CR process handle this?
6.6 DRM and Lifecycle management

Source: Parlay Rome 2003
[MRU] I would like to ask a question for clarifications on this proposed requirement.
1. There are a number of other standards organizations and industry consortia already working on DRM. How do you envision to work on DRM in Parlay, ensure alignment, and avoid gaps and/or overlaps? Avoiding overlap with other industry initiatives is key in my opinion.
3GPP has made a decision not to work on their Work Item for DRM (WID can be found <here>). Rather, 3GPP SA1 is monitoring the stage 2 and stage 3 progress, whereas the actual work to be done by OMA. This decision was taken by the 3GPP SA plenary, at SA#19 in Malaga, see document <SP-030030>.
The following publically OMA document are of relevance to DRM:

· DRM 1.0 can be found at http://www.openmobilealliance.org/tech/release.html

· DRM 2.0 Public Documents

· OMA-DRM-REQ-V2_0: Defines the requirements for the DRM 2.0 specifications.  http://member.openmobilealliance.org/ftp/Public_documents/BAC/DLDRM/2003/OMA-DRM-REQ-v2_0-20030515-C.PDF

· OMA-DRM-ARCH-V2_0: Defines the overall architecture for DRM 2.0 including informative descriptions of the technologies and their uses.  http://member.openmobilealliance.org/ftp/Public_documents/BAC/DLDRM/2003/OMA-DRM-ARCH-V2_0-20030901-D.ZIP 

· OMA-DRM-DCF-V2_0: Defines the content format for DRM protected (encrypted) media objects. http://member.openmobilealliance.org/ftp/Public_documents/BAC/DLDRM/2003/OMA-DRM-DCF-v2_0-20031103-D.ZIP
The OMA working group responsible for DRM is BAC (Browser and Content). More information in the public domain can be found at  http://www.openmobilealliance.org/tech/wg_committees/bac.html
6.7 Media control at a high level

Source: Parlay Rome 2003

Requirements include: 

· To control content of media,

·  Quality of media
[MRU] I would like to ask a number of questions for clarifications on this proposed requirement.

1. Is this a different requirement from requirement “Multi-media Stream Control” in section 6.2?
2. The reporting of QoS class changes is already supported in  Data Session Control and in MultiMedia Call Control. Is the current QoS functionality in DSC and MMCC sufficient, or are you proposing something in addition?
6.8 SCS for SIP

Source: Parlay Rome 2003
I thought that this requirement was rejected as Parlay deals with service capabilities rather than protocols. Protocols are considered an issue for ‘mapping’. If this still leaves a gap between our current SCSs and the capabilities that SIP supports, then what are these capabilities ?
6.9 Single Sign-on for multiple services

Source: Parlay Rome 2003
[MRU] I would like to ask a number of questions for clarifications on this proposed requirement.

1. How does this differ from activities in other standards consortia, like the Liberty Alliance Project (LAP) and the Open Mobile Alliance (OMA), etc? Are you proposing a Parlay interface to other standardized mechanisms and/or protocols?
2. How does this relate to the activities in the area of Network Identity in the OMA Mobile Web Services group? I assume that any Parlay API will come with its own WSDL realization, like any other Parlay API. Would this compete with the OMA MWS Network Identity work? OMA MWS documents relevant to the area of Network Identity can be found in the public domain, <here> and <here>. These documents cover Single Sign-On.
Is this the old IP session requirement re-packaged? I seem to recall that the IP session requirement was intended to address dynamic address allocation when signing on to IP networks via such technologies as radius?
6.10 Service Brokering

Source: POIG Rome 2003
At present within the Parlay specification particularly GCC and MPCC the concept of Feature interaction and Service selection procedures are not allowed.
If two or more applications register their interest in a particular network event, then the present specification only allows one application to have control over the call; the other(s) can only receive the event in notify mode but not interrupt mode and can therefore never have precedence if needed.

This Requirement considers the case where a number of applications are interested in the same network event, and each application requires control over the call. 
The issue is of course non-trivial and cannot always be allowed.  However we believe that if the applications can co-exist on the same platform and it is possible to have sequential invocation, then this feature can be successfully provided.
A positive example of this could be where a User has selected two applications such as:
–Call Barring & Call Forward

For each incoming call: calls must first be checked against the  barring list and if accepted then forwarded -> In this example applications can co-exist but must be ordered.

–Call Forward When Busy & Call Waiting

When busy: forward call or give subscriber notification of an inbound call.
Clearly in this case when an inbound call is detected the applications cannot be invoked sequentially as the application clash with each other.
What is needed to fulfil this requirement is a mechanism to order and check if co-existance is, or is not allowed and then to react accordingly.  The solution to this feature is the topic of this Requirement. 
Need more information here but agree that this is an area of interest. However it may be that this interest relates to searching for a solution to known issues rather than a new API?
6.11 Authentication API

Source: POIG Rome 2003
Can we clarify what we want here and how this is different from existing authentication mechanisms?
6.12 Profile API

Source: POIG Rome 2003

7.0 New areas of involvement

The purpose of this section is to capture any new working groups ideas ands other ares of interest for Parlay. The new working groups will also include the production of new documents. The following sections are held within this document as for completeness and will be removed when and if a decision is reached.

7.1 Parlay V/s SIP  

Source: Parlay Rome 2003

Issue and motivation:

This Document should specify where one should use SIP APIs Vs Parlay/Parlay X APIs. 

[MRU] I think this is a good initiative. However, my understanding is that every Parlay member is perfectly free to undertake this effort. Is a new, dedicated working group really required? Any new working group implies more parallel sessions at already heavily loaded Parlay member meetings. This would make it more difficult for delegation to track this activity.
Is my understanding correct that this would be in the form of a white paer, or a recommendation? I would suggest that this is not a standards activity (i.e. not normative, not mandated, but rather supporting material).
I agree. This may be somtheing that can be debated within TAC with the output a brief white paper from Parlay rather than a full blown recommendation.
7.2 Service Flows and Mapping Docs 

Source: Parlay Rome 2003

Issue and motivation:

The existing 3GPP mapping documents may be to protocol centric. We need **service flows** with corresponding mappings – showing the mappings from an application perspective with appropriate service examples. This could build upon the existing mapping documents within 3GPP.

[MRU] I think this is a good initiative. However, my understanding is that every Parlay member is perfectly free to undertake this effort. Is a new, dedicated working group really required? Any new working group implies more parallel sessions at already heavily loaded Parlay member meetings. This would make it more difficult for delegation to track this activity.
Is my understanding correct that this would be in the form of a white paer, or a recommendation? I would suggest that this is not a standards activity (i.e. not normative, not mandated, but rather supporting material).
7.3 Ent-Op interfaces need adding to 3GPP specs

Source: Parlay Rome 2003

This issue will need to be covered by direct contributions into the appropriate 3GPP working group and the Joint working Group.
7.4 ETSI needs new WI for mapping docs

Source: Parlay Rome 2003

This issue will need to be covered by direct contributions into the OSA group in ETSI via the Joint working group.

[MRU] Within the Joint Working Group, we used to have ETSI mappings. Please refer to http://docbox.etsi.org/TISPAN/Open/OSA/Mapping/. These drafts are very much out of date, and the committee decided to stop the work as there were no volunteers to edit the document, and no contributions were received for an extended period of time.
Not only do the contributions need to be directed into the OSA group in ETSI via the Joint Working Group, also the creation of the work items (or revival of the old work items) needs to be done throught the OSA group in ETSI via the JWG.
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Purpose of this document

This document pertains to the Parlay 6.0 requirements that Wipro has put forth. The requirements and the use cases that this document addresses are:


Requirement 1: Document Retrieval and Updation


Requirement 2: Multimedia Stream Control


Requirement 3: Translation and Route lookup


For each of these requirements, the issue and motivation are provided in the Requirements document itself. This document captures the use cases to highlight the why the SCFs described above are required. It also provides responses on some of the comments provided by UMR, AePONA et al.

Overview of Req 1: Document Retrieval and Updation

Use Case 1: Calendar Service

The Application retrieves a Calendar entry for a subscriber who has registered for the Calendar Service.

Use Case 2: Map Retrieval: Based on a mobile user’s location and preference, a map of a location could be pushed to the mobile
.

Use Case 3: [Retrieval + Updating] RSS syndicated feeds


Overview of Req 2: Multimedia Stream Control

Context: Here the context is Streaming control, not endpoint control alone.


Use Case 1: A multimedia session is in progress. We need to control the video stream, say to “blank-out” or “haze-out” a few parts of video 

Use Case 2: Online Role playing game scenario (where there is a multimedia session in progress as well). 

Overview of Req 3: 


Context: Mainly here, the idea is that of telecom id management.

Use Case 1: Application Initiated Call (Third Party Call): When an application initiates a call to two (or more) parties, the party addresses it receives from the user interface need not be in a readily routable address format.

Use Case 2: Application provides different routable addresses based on different input criteria (like say, calls at some time of the day would be cheaper over a given route). 


A Detailed Look at the requirements:

Requirement 1: Document Retrieval and Updation




Use Case 1: Calendar Application

This application provides a means for a caller to be informed about a called party’s status using the Calendar entry made by the Called Party (provided that the called party has registered for the Calendar application).

The scenario below describes the sequence of user-level actions:

1. User A has registered for the calendar application, say with the Telco offering the Calendar service.

2. User A is not available to take calls as he is away at a meeting and hence make a corresponding calendar entry using either MS Exchange, Yahoo, iCal.


3. User B calls User A, and hears ringing.

4. Upon No-Answer timeout on A, the calendar entry for User A is retrieved, and played to User B as speech (the calendar entry is converted to speech using a Text-to-speech converter).
























NOTE: an indicative WebDAV propFind() request and response is shown below: 

   Request


   PROPFIND  /file HTTP/1.1


   Host: www.doc.server

   Content-type: text/xml; charset="utf-8"


   Content-Length: xxxx


   <?xml version="1.0" encoding="utf-8" ?>


   <D:propfind xmlns:D="DAV:">


     <D:prop xmlns:R="http://www.doc.server/boxschema/">


          <R:CalendarEntry/>


        </D:prop>


   </D:propfind>


   Response


   HTTP/1.1 207 Multi-Status


   Content-Type: text/xml; charset="utf-8"


   Content-Length: xxxx


   <?xml version="1.0" encoding="utf-8" ?>


   <D:multistatus xmlns:D="DAV:">


     <D:response>


          <D:href>http://www.doc.server/file</D:href>


          <D:propstat>


               <D:prop xmlns:R="http:// www.doc.server/boxschema/">


                    <R:CalendarEntry>


                         <R:Entry>Away at a Parlay Meeting</R:Entry>


                    </R:CalendarEntry>


               </D:prop>


               <D:status>HTTP/1.1 200 OK</D:status>


          </D:propstat>


     </D:response>


   </D:multistatus>


Use Case 2: Map retrieval for a mobile user

Scenario:


1. User has registered with a service provider for the Map service.

2. User enters a new area


3. The application receives a trigger providing user location.


4. The app retrieves a Map from a Map server based on the user location.


5. This map is then made displayed on the user’s mobile device.


The app talks to the Mobility SCF and the User Location SCF to invoke a docRetrieval() request to the Document Retrieval/Updation SCF. Upon retrieval, the map is available to the end user’s device. 

REQ 2: Multimedia stream control


Use Case 1: Playing multimedia clips on to a mobile device based on user’s location


Based on the location of a mobile user, the app receives a trigger to initiate a specific multimedia stream, and control it, based on the configuration of the streaming server. In this scenario, the session establishment has taken place already between the mobile device and a streaming server. 

Use Case 2: Controlling multimedia stream in a multiparty Online Role playing game scenario

Scenario: In an active online game session, with multiple users form part of the gaming session, a multimedia stream would also be setup as part of the gaming session. Depending on the users’ characteristics, the multimedia streams could be controlled by the application. 



REQ 3: Translation/Route Lookup

Use Case 1: 1-800 number lookup


A 1-800 number lookup could be (and is typically) modeled as an IN application. 


Use Case 2: Application Initiated Call (Based on the sequence diagram provided in the Parlay OSA Generic Call Control API Specification Document)

In the sequence diagram for the Application Initiated call, provided in the Generic Call Control API document, the routeReq() call requires the origination and destination addresses in the required format (TpAddress).



































The user addresses that the external entity provides the application could be in any form, including


1. the actual routable addresses

2. user ids (could be URIs or any other form which is understandable by the app)


3. a voice tag identifying the user


The ids used, in general, need not be limited to conventional address representations. A scenario could involve even ids which are representable by say, JPEG image.


A scenario which involves route lookup, due to a regulatory/supplementary service is Carrier Preselect (CPS). CPS allows a subscriber to pre-select different carriers of the subscriber’s choice to route local, national, international calls.


A lot of scenarios in the existing deployments would need a suitable application to do number/route translation. Some of these are: 

1. Local Number Portability


2. 2 (or multi) stage call


DOC RETRIEVAL SCF











U2.1 Mobile User‘s location is provided to the app







U1.1. App receives notification about no-answer timeout
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U1.2. App retrieves Calendar entry doc (XML based) from Server #1







U2.2 App retrieves the local MAP, and this is provided to the user on his device
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WebDAV request for Cal Retrieval: propFind(DocURI, properties)
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Send Calendar string for conversion to speech







Calendar string played as audio to the caller, for instance over RTP
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Call Controller: Telco Network







App:Third Party Call Control (3PCC)







Call Initiated between user A and user B by an external entity, for instance from a web interface
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ENUM/TRIP







ENUM and TRIP for number translation







User Interaction







WebDAV = Web based Distributed Authoring and Versioninig
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2. Application issues PLAY command to the streaming server







Megaco with Streaming Package
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Info: Megaco supports a Streaming Control Package
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1. MultiMedia Session Setup











User B







Media Path











� Typically: Map Retrieval – based on user location; user will PULL the reqd map from a server; Ad will by PUSHED by the service provider network based on the User location and preference; Maps can also be PUSHED to the user from the service provider with a ad on the footer (i.e., a combo of Ad + Map)
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