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1. Introduction

1.1 Purpose
The feature specification provides a mapping of the high level feature requirements generated by PLM and System Engineering onto the system architecture and derive the associated component and system level requirements. 
1.2 Scope

This feature specification defines the system wide details of the three way calling (3WC) feature that are to be delivered within the timeframe of the CSN release 3.5.
1.3 Audience

· Newstep developers

· Newstep PLM

· NewStep Engineering
1.4 Related Documents

Release 3.5 requirements: http://newstep/plm/Shared%20Documents/Release%203.5/R3.5%20Product%20Requirements.doc
Release 3.5 SIP FS:  http://newstep/development/projects/r3.5/Shared%20Documents/Requirements/SIP_FS.doc
Support for supplementary services in release 3.5 (by Ragu), version 1.2
Client PBX features support FS:

http://newstep/development/projects/r3.5/Shared%20Documents/Requirements/Client/PBX%20support%20functional%20specification.doc
2. Feature Overview

2.1 Requirements
The 3WC feature related requirements from the requirements document are as follows:
	Req R3.5–84
	The NewStep phone client shall support the following supplementary services according to standard SIP signalling procedures:

· MWI using unsolicited NOTIFY and message summary package

· Blind and Consultative Call Transfer (BCT, CCT)

· Hold & Resume

· Three Way Conference (3WC)

Service transparency for these services should be offered where the equivalent service is offered in cellular network.



Two major additional clarifications have been provided:
· ‘Support for supplementary service in release 3.5” requires using ‘meet me’ feature for media mixing.
· Support for Ad-hoc conferencing committed to Telefonica and Vivo is REFER based with the Conference Factory as defined in 5.4 of draft-ietf-sipping-cc-conferencing-07.txt

2.2 Feature description

Prior to release 3.5, client used third party media server for media mixing. Client was communicating to media server directly and conference id was generated using DMH DN which ensured its uniqueness. 

The following diagram provides recommended conference establishment message flow:
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The NSPhone represents Controller and MRCF is represented by third party Conference (Feature server). In absence of third party Conference Server, the required functionality will be provided by CSN.

Upon completion of conference establishment process, the client is left with single call to conference focus. In scope of Release 3.5 the client will not establish subscription in order to monitor conference participants’ status and as result client’s GUI will not be updated when one or two participants got disconnected. The user is expected to click “End”(Hangup) button when conversation is completed. 

In release 3.5.very limited set of MRCF functionality related to conference creation and manipulation is utilized. The prerequisite of having two established calls for conference is preserved. 

The following services are applicable to conference call:

· Hold/Unhold

· Transfer (Blind/Attended)
· Handback to Cellular network
No new conference call should be permitted when there is conference already in progress.

Dynamic adding/removing conference participants isn’t supported is subject for further improvements.

The detailed 3WC use case and prerequisites are provided in Client PBX features support FS:

http://newstep/development/projects/r3.5/Shared%20Documents/Requirements/Client/PBX%20support%20functional%20specification.doc
3. SOLUTION OVeRVIEW
Two different cases should be reviewed: 

· Third party Conference Server(Model 1)

· Basic Conference Server is incorporated within CSN (Model 2) and PBX meetme resources are utilized for media mixing. This model can be easily adjusted to use Media Server for mixing. Two flavours of this mode should be reviewed: 
· Client is connected to CSN directly and REFER to focus is processed by CSN (Model 2a, CCM4)

· Client is connected to PBX and REFER to focus is processed by PBX (Model 2b, CCM5) 

The following diagrams propose message flows for all models (1, 2a, 2b).

Notes:

· Only “significant” messages are shown (ACK, 202 REFER, provisional responses, BYE responses and some others are omitted)

· SIP link between Client and CSN is not necessary direct and may have numerous hopes between them (as SBC)
3.1 Third party Conference Server
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3.2 PBX Meetme resources (CCM4) [image: image4.wmf]Party B
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3.3 PBX Meetme resources (CCM5)
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The following tables summarize similarities and differences between two models:
	
	Model 1 (MRCF)
	Model 2a (Meetme, CSN Refer)
	Model 2b (Meetme,

PBX Refer)

	Conference initiation
	Client places currently connected call on hold and sends INVITE to preconfigured conference factory (confDN)

	
	CSE doesn’t set  mInterceptAnswer in RouteSelect 
	CSE set  mInterceptAnswer in RouteSelect

	Conference allocation
	Done by third party MRCF; Conference focus URI is retrieved from 200 OK received from MRCF
	Allocated by CSE from pool of available Meetme resources. CSE routes the initial conference call to allocated Meetme resource. In case no available meetme resource is found, CSE should reject incoming call.

	Sending focus URI to client (focus in terms of client)
	200 OK is propagated to Client. Only host part of contact header URI is replaced
	CSE intercepts answer from MRCF/PBX. UserName of focus is substituted by some token that provides efficient correlation of subsequent requests to conference CSE session. If Contact header can not be delivered to client because of intermediate B2B/PBX between CSN and Client, the focus info is Remote-Party-ID header.

	Refer issuing and correlation 
	Client sends REFER to parties B and C specifying conference focus in ReferTo header.

	
	No correlation required
	CSE correlates ReferSelect request based on token retrieved from ReeferTo header.
	CSE correlates RouteRequest using token retrieved from called Party ID

	Refer handling
	CSE instructs SIP NSE to forward REFER without altering ReferTo header.
	CSE substitutes ReferTo header by Meetme URI and instructs SIP NSE to handle REFER locally 
	CSE routes call to allocated meetme resource

	Handback processing
	Normal treatment of single call handback

	Conference participant hangs up
	Invisible for CSN and Client
	Invisible for Client

CSE removes the network call from conference session

	Client drops the conference call
	CSN propagates BYE to MRCF, MRCF drops left conference participants (invisible to CSN)

SCL is completed
	CSE aborts conference participant calls.

SCL is completed


3.4 CSN failure treatment

Since CSE doesn’t support session replication, no continuity for conference calls will be supported in Release 3.5 in case of MeetMe deployment.

 

The MeetMe resources release is based on the following assumptions:

1. damage of different conferences mixing is higher then conference abruption or inability to establish conference during short time period.

2. amount of calls involved in conference normally represents small portion of the call handled by the system

3. system failures are extremely rare

4. PBX hosting MeetMe resource support session timer extension (as per RFC 4028)

5. The solution will be enhanced in future releases

 

The implementation:

1. SIP Connector will propagate session expiration parameter from originating to terminating leg.

2. CSE will instruct SIP Connector to enable session timer in calls referred to meetme resource. Timer extension will be specified as required for non-redundant deployment.

3. CSE will indicate to SIP Connector to abort calls that are routed/referred to meetme resource in case of SIP Connector failover or CSE failure detection.

4. SIP Connector will replicate call preservation indication. By default calls are preserved. Conference calls will be aborted in case of SIP Connector failover or CSE failure.

5. CSE will not allow conference service during preconfigured time interval after recovery/restart thus allowing PBX to release meetme resources (non-redundant deployment only).

 
4. COMPONENT Based requirements
4.1 Mobile client

· Client should support provisioning of conference factory URI (currently it is generated internally by client)

· Client retrieves URI of allocated conference focus from 200 OK received on the conference leg and uses this URI as ReferTO header in REFER requests issued to parties B and C. 
· Client should enable session timeout for conference leg. Timeout value should be configurable.
· Upon conference completion ID of remote party should be replaced to “Conference”.

· Handback should be initiated as for regular single call.

· Handoff implementation can be preserved, i.e. both calls are handed back initially and the conference is recreated. 
· Client should gracefully treat failure of conference allocation and referring parties B&C to focus

4.2 Database, Core Constructs and Console 
· The database and console should support additional table that stores list of available ‘meetme’ resources.  The assumption is that ‘meetme’ resources can be shared among all CSN subscribers regardless of their current location and serving PBX and no partitioning of the ‘meetme’ resources is required. 
· Conference core model:

· Conference Control Service(subclass of Service Class)

· ConferencePref (subclass of CapabilityPref)  as part of Conference Control Service definition
· provides confDN parameters (similar to dceDN in DcePref) 
· configure using external MRCF, meetme resource or media server
· Conference factory URI (in case of external MRCF)

· Media Server IP/Hostname (in case of media server)

· mechanism used for client-CSE data exchange (Contact or RPID headers)

4.3 SIP connector

SIP Connector should support SICC upgrades, particularly:
· Support  mInterceptAnswer in SiccRouteSelect
· Support new SICC primitives: SiccAnswerIntercepted and SiccAnswerCall

· SIP Connector should accept session timeout and be able to play role of the session refresher uas.

· REFER support (forwarding and local processing)

SIP Connector should support session timer:

· Activate session timer on termination leg if session timer was detected on originating leg

· Tear down call leg when session timer expiration is detected

· Activate session timer on call leg created as result local REFER treatment when instructed by CSE

Note: these requirements aren’t conference specific and is (or going to be) reused by additional CSN features.

Additionally SIP Connector should support “network call preservation” indication in order to support failure treatment as described in section 3.3 
4.4 CSE

· The CSE should read the ‘meetme’ resource list from the database.
· The CSE should be able to detect conference call and activate conference service control logic in addition to MCS
· Initial conference call should be routed to allocated meetme resource or preconfigured conference factory

· Meetme URI or conference focus should be stored in conference session.

· Answer request should include pattern that allows convenient correlation of subsequent ReferRequest to conference session.

· ReferSelect replaces ReferTo header with meetme resource URI or conference focus.  

· In Meetme case, CSE should abort B and C network calls once client call got cleared.

· Support failure treatment in order to clean MeetMe resources and to not allow mixing of the different conferences.

5. Design Considerations

· Updating remote party ID (to conference) in client GUI can reuse the same mechanism as update triggered by receiving SIP UPDATE message with changed Remote-Party-ID.
6. Test Considerations
· SICC upgrades (particularly Answer interception) should be validated.

· Meetme resources should be provisioned on CCM.

· CCM should be configured to route conference calls to CSN.

· Asterisk can be used as meetme resource provider for testing purposes.

· Both conference models should be validated. In absence of feature server, simulating sipp scripts should be developed.
7. Planning Considerations

The features is dependant on REFER support requirement (client, SIP NSE, CSE)
http://newstep/development/projects/r3.5/Shared%20Documents/Plan/r3.5%20Project%20Plan.pdf
8. TERMS, DEFINITIONS,  and Acronyms

	Term
	Expanded
	Description

	3WC
	Three way calling
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The information contained in this document is the property of NewStep Networks.  Except as specifically authorized in writing by NewStep Networks, the holder of this document shall keep the information contained herein confidential and shall protect same in whole or in part from disclosure and dissemination to third parties and use it for evaluation, operation, and maintenance purposes only.  Information is subject to change without notice.
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