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1. Introduction
This document describes the high level design of the Sip Connector component as part of the CSN platform based on the Release 3.0.0 requirements. 
The high level design is based on the design of the Sip Connector of CSN Release2.X following the same architectural framework, but with a more enhanced content to accomplish a richer set of requirements.
Throughout the document, UML diagrams have been used to show the main players, requirements and interactions between them and the main architectural abstractions with their relationships.

Section 2 of this document shows the main SIP related players and the requirements associated with them. The major requirements are shown in a visual manner using Use Case UML diagrams.
Section 3 shows the Domain Model diagram with main abstractions, their roles and responsibilities. It also does a detailed requirement analysis (expressed through a rich set of collaboration diagrams) in order to capture possible scenarios that have to be addressed by the Sip Connector. 
Section 4 shows the Design Model expressed through Logical Component Views. It describes packages with their roles and responsibilities as well as their dependencies. Content of packages are shown using high level class diagrams. Sequence diagrams are added to show the main interactions per Use Case at the interface level. Architectural packages show the main components that make up the Sip Connector.

2. Requirements
The Domain Model of the Sip Connector is shown below as of different choice of a block diagram representation. It shows the Sip Connector as a system with its major external interactions.  SipConnector interacts with SipEndPoint, SessionControlLogic, ProcessManager seen as major players.  Below it is a description of their roles and responsibilities.
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SipConector: plays a role of a Feature Control System over Sip Connectivity. It manages a collection of Network Calls. Each Network Call plays a role of Back-to-Back Network Call managing a collection of User Agent call legs. User Agent Call legs are joined and handled within a Network Call entity based on the decision of the SessionManager.
SipEndPoint: plays a role of a Sip Network Element. It might be a proxy, call server, or a user agent endpoint. It communicates with SipConnector using SIP protocol to perform call session setup, management and termination.

SessionControlLogic: provides services on call sessions. It uses SipConnector to perform connectivity specific call session setup and management. At a given time it communicates with one instance of SipConnector. However, in HA environment during a call session life time it might communicate with different instances of SipConnector within a distributed processing environment.

ProcessManager: configures, controls and monitors the functionality of the SipConnector. 
The following will show details on all kind of players and the Use Case representation of the requirements associated ( or viewed ) in relation with that respective player. In another way of saying, it describes requirements per each type of input interface.
2.1 Requirements on SipEndPoint interface

2.1.1 Players

From requirement analysis we discovered the following major SipEndPoint players:

· Media gateway controller(MGW) as main SipEndPoint for calls originating/ ending in PSTN/ MOBILE network;

· Media server as a SIP call player used in Park and Retrieve scenarios;

· IP_PBX as an IP switch handling a domain of IP endpoints;

· SIP_NC( Network Call ) acts as a Third Party Call Controller(3PCC) in the signaling path of a various requirement scenarios;
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2.1.2 Use case scenarios 
SipEndPoint plays a User Agent Client role when it generates requests to Sip Connector or a User Agent Server role when it answers requests coming from Sip Connector. SipConnector as a controller plays a User Agent Server role for a client SipEndPoint  and a User Agent Client role when it generates requests to a server  SipEndPoint. SipConnector is an intermediary between SipEndPoints and it is performing Third Party Call Control operations(3PCC). 
The following Use Case scenarios show the major tasks that has to be implemented by SipConnector in order to satisfy that set of requirements on SipEndPoint interface. All the scenarios below show responsibilities seen from SipEndPoint point of view. They are tasks mainly associated with sip User Agent call legs. 
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1. ConnectCall: provides connect capabilities for incoming/outgoing requests (INVITE). SipConnector maintains a CONNECT finite state machine by processing events, taking actions, performing state transitions. SipConnector is not the real target endpoint and it might use this Use Case as part of a more complex processing scenario invoked by other players (ex. SCL).
2. ModifyCall: provides session change capabilities. The SipEndPoint can generate Modify( re-INVITE ) requests or can be a target of a Modify request. SipConnector will implement this Use Case providing client or server behavior. It will maintain a MODIFY finite state machine per each type of call leg.
3. TerminateCall: provides tear-down functionality of a connected call leg. SipEndPoint can generate or can be a target of a Terminate (BYE) call leg request. SipConnector will implement this Use Case providing client or server behavior. It will provide a TERMINATE finite state machine at the call leg level. 

4. TransferCall: provides transfer call capabilities using REFER method initiated by an SipEndPoint. In this case SipConnector wants to keep control of any transfer initiated by any endpoint as part of an ongoing established session. It will implement this use case to transfer a party to a third party. SipConnector knows the third party and keeps it in control. Forwarding REFER to the destination endpoint will end up in transferring an endpoint to another without SipConnector’s knowledge. SipConnector will discard in CSN 3.0 any incoming REFER method by rejecting it with 501(not implemented) reason. 
5. RedirectCall: provides redirect call capabilities to a third party when an endpoint as part of an ongoing setup session, initiates the redirection. 
2.2 Requirements on ProcessManager interface

2.2.1 Players

ProcessManager represents a number of players involved in managing the activity of the SipConnector process. The players are shown below.
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ProcessManager plays the following roles:

· TaskManager: player involved in system’s health monitoring and fail-over activities.
· Database: player involved in system’s configuration.
· OAM: player used to administer and manage the system. It also provides logging filtering capabilities;

· Logger logs SipConnector’s activities;

· Sec_SipConnector is used in High Availability deployment. SipConnector as the Primary and Sec_SipConnector as the Secondary communicate exchanging state replication as well as synchronization and control messages; 

2.2.2 Use Case scenarios

The following use cases show responsibilities of the SipConnector in relation with ProcessManager players: 
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1. Configure: provides SipConnector process configuration capabilities in relation with Database and OAM player.

2. ControlAndMonitor: provides  SipConnector process control and monitoring capabilities. This use case gathers responsibilities related to  Task Manager and  Logger interactions. 
3. HighAvailability: provides capabilities according with the HA requirements presented in “SIP High Availability in CSN – Single IP scenario”.
2.3 Requirements on Session Control Logic interface

2.3.1 Players

A call session consists of a set of one or more logical connections. Each connection represents a party on a call. The services supported on the call session are provided by the Session Control Logic( SCL). SCL is part of the Communication Services Engine( CSE) layer. In HA environment might be multiple instances of CSE acting accordingly with HA rules in a distributed processing environment.

2.3.2 UseCase scenarios
SessionControlLogic (SCL) performs a number of call control operations using the SipConnector infrastructure. The following Use Cases show SipConnector responsibilities in relationship with SessionControlLogic.
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1. RouteCall: provides routing capabilities of an incoming call to a destination.  This use case captures requirements from SICC specification related to RouteRequest and RouteSelect services.
2. JoinCall: provides joining call leg capabilities. It allows changing call sessions by changing the content and connectivity of a network call entity.
3. TransferCall: provides call transfer capabilities from one destination to another destination. This use case capture requirements from SICC specification related to Transfer Call( destination transferred to another destination). 
4. AbortCall: terminates a Network Call and its containment.
5. EstablishCall: connects two SipEndPoints through separate signaling connections. It makes a NetworkCall with 2 call legs and brings it in connected state. 
6. CallStateIndication: notifies SessionControlLogic regarding network call state change and the progress of the request processing. It is related to OrigHeld, DestHeld, CallCleared, CallDelivered, CallEstablished, Initiated, Originated, EstablishedCall_ACK, EstablishedCall_NACK services as shown in SICC specification.
7. ReconnectOriginator: provides reconnect capabilities for originator call leg when destination call leg is held in connected state.
3. Domain Model
3.1 Domain Diagram:

The diagram below shows main abstractions and their relationship as part of the Sip Connector domain infrastructure. Abstractions have generic names and they play generic roles on their relationships. Relationships are very generic without showing any cardinality or type of the containment information. They show though the multiplicity of the relationship which provides info regarding the size of the containment. 
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3.1.1.1 Roles and Responsibilities:

· SipCallLeg: main SIP Stack entity used to control a call connection as part of a call session. Most of the SipEndPoint Use Cases shown in 2.1 are responsibilities of the SipCallLeg entity. 

· SipServerDialog: main SIP Server Stack entity which has event dispatching roles for events fired by the SipCallLeg. It also keeps the current connection context for any control operation performed on call legs. It dispatches events to the current event owner in a multi-owner event environment. One SipServerDialog serves one SipCallLeg.
· UserAgentCall: plays  a SIP User Agent Client or Server role, providing main call setup, modification and call termination
· B2BDlg and B2BCall are parts of B2BSipStack and are shown here as a possibility of exploiting B2B features on case by case basis.
· NetworkCall: is a representation of the point to point call that the SipConnector manages; A NetworkCall handles up to 3 UserAgent Calls.
3.1.1.2 CallOwnership

Sip Server Dialog as part of the Radvision B2B stack provides a way to define the owner for a new incoming call. The defined owner will be the one who receives all the sip network events during the lifetime of the call. The ownership is immutable. The domain diagram above shows two ways of assigning ownership and dispatching events through:
· B2B ownership:

· UserAgent ( application ) ownership;
3.1.1.3 Radvision B2B stack capabilities

Radvision B2B stack provides the following capabilities: transparent functionality, and 3PCC. 

Transparent functionality is proxy-like behavior with dialog-stateful knowledge

when handling request and response messages. However, in some cases, the

B2B with Transparent functionality can behave differently:

· The B2B forwards requests and responses at dialog level from side to side.

· The B2B can intervene with the session description and modify it according to its policy.

· The B2B forwards each request is forwarded to one destination (forking is not supported).

In general, a B2B that uses transparent behavior does not initiate a request or

respond automatically, but waits for the decision of the application on how to

handle the incoming request and responses. The application can choose to

forward the request and responses when using the Transparent functionality of

the B2B, or initiate responses to incoming requests.

The Transparent functionality “hides” the network information from all call

dialog parties by striping outgoing request and response messages from their

Via, Contact, Route and Record-Route headers and replaces them with its own.

Third Party Call Control (3PCC) functionality enables the application to initiate

requests during the lifetime of the dialog. Using 3PCC functionality, the

application can create a B2B and initiate a call between two parties, modify an

existing session by initiating a Modify request to the call parties, transfer the call

to a third party, disconnect a call or one of the call participants or initiate any other request to the call participants.
In short, B2B layer provides fast capabilities of routing incoming calls to a destination as well as make, transfer and terminate calls. The requirements of Sip Connector R3.0 involve a large case of scenarios with joining calls in offering or connected state, belonging to different Network Calls. Such scenarios cannot be handled within the B2B stack environment. The User Agent ownership is the chosen path, however we can keep the option of exploiting the potential of the B2B stack.  
3.2 Use Case Analysis
This section does in depth requirement analysis in order to provide to the Design Model a set of tasks (responsibilities) to be implemented (with a good granularity).
3.2.1.1 Assumptions

· Every incoming call generates a  Network Call  which is presented to CSE;

· CSE interacts with NetworkCalls as a main partner. CSE is aware of the NetorkCall content (how many call legs are owned by it) but it doesn’t perform operations on them. It deals only with the whole, not with the parts;
· CSE performs operations on Network Call which may involve a number of operations on call legs owned by the Network Call, but those operations are transparent to CSE.

· NetworkCall has its own state machines, maintained by the states of each call leg. NetworkCall reports its major state changes to CSE.

· NetworkCall exposes to CSE an interface with a collection of tasks (shown as exposed). However the implementation of the exposed tasks invokes a number of internal tasks (shown as internal). Internal tasks might be shared between exposed tasks.
· Any task involving asynchronous operations are considered asynchronous and shown with async. attribute. These tasks require maintaining a finite state diagram. Each internal async tasks will report major state change to the owner’s task state machine.
· Any task that involves local synchronous operation is shown with sync. attribute. These tasks do not maintain a finite state machine. 
· Exposed tasks will be seen as methods of the public interfaces.

· Internal task will be seen as methods of the internal infrastructure entities( NetworkCall, UserAgentCall, etc ) 

3.2.2 Exposed Tasks
Below are shown the main public tasks discovered as a result of the requirement analysis process. Exposed tasks are associated with services provided by the Network Call to CSE Each task is analyzed as a connected and synchronized sequence of shared internal tasks, as follows:

3.2.2.1 RouteCall 
SCL requests to route an incoming call to a resolved destination. Destination resolution is made based on SCL correlation rules.  Internal tasks involved by this request are:
· makeCallLeg( async, internal): makes the outgoing call leg based on the incoming call leg. See task 3.2.3.4
· connectCall( async, internal ): connects a Network Call based on the task presented in 3.3.2.1, fig. 6f and sequence and state diagrams presented in fig 17 and fig 18;
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3.2.2.2 JoinCall
JoinCall task ( as presented  in  ICC Interface description ) requires the following players:

· donor call leg: the call leg member of the donor call to be moved as destination call leg to a specified recipient call.
· recipient call leg : the call leg member of the recipient call which will be joined with the donor call leg.
· recipient call: the NetworkCall containing a recipient call leg and eventually some other call legs.
· donor call: the NetworkCall with a donor call leg.
· other call legs: the call legs part of the recipient call not involved in the joining process. These calls get released during the joining process.

SCL requests to join a donor call leg of a given NetworkCall (donor call) to a target NetworkCall( recipient call) with one call leg( recipient call leg) and some possible other call legs. Based on the state and cardinality of the call legs involved in this task we show a number of variants. All joining scenarios are shown below. JoinCall task requires the following internal tasks from 3.2.3
· ( attachCallLeg( see 3.2.3.6) or replaceCallLeg( see 3.2.3.2 -  when other call legs are present) ) followed by
· connectCall(  see 3.2.3.1 fig 6a, 6c, 6e and the associated sequence diagrams )
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3.2.2.3 EstablishCall 
SCL requests to connect two endpoints. The task will create a NetworkCall with two call legs and then connects them. Internal tasks involved by this request are:

· makeNetworkCall( 3.2.3.3  );

· makeCallLeg(3.2.3.4) - makes first Call Leg;
· makeCallLeg(3.2.3.4) - makes second Call Leg;
· connectCall( fig 6d, fig 13, fig 14 );
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3.2.2.4 TransferCall

SCL requests to transfer and endpoint part of a connected NetworkCall to the third party outgoing call. Internal tasks involved by this request are:

· terminateCallLeg( terminates destination call leg ). 

· connectCall( see 3.2.3.1  fig.4b and associated sequence/state diagrams from  fig 9 and fig 10 );
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3.2.2.5 ReconnectOrig 
SCL requests to reconnect the origination call leg when it receives a destHeld notification. This scenario occurs when the origination endpoint initiates the reconnect process (by issuing a terminate call leg request). SCL correlates this notification and generates reconnect request. ReconnectOrigination is seen as a variant of TransferCall scenario.
Internal tasks involved by this request are:

· makeCallLeg( makes a new call leg in lieu of origination);

· connectCall;

The connectCall( outgoing-connected) scenario for this task is a variant of the one presented in fig 6b. The outgoing call acts on origination instead of destination.
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3.2.2.6 AbortCall 
SCL requests to terminate a NetworkCall. As a result it terminates all call legs associated to it and itself.
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3.2.3 Internal tasks

3.2.3.1 connectCall

This is an asynchronous task and it has a number of variants each of which will maintain a finite state machine. The variants shown below are developed as a result of another task such as attachCallLeg, replaceCallLeg etc as part of the public tasks.
The following scenarios show combination of call legs as part of the same NetworkCall before connectCall. After connectCall operation the result is a NetworkCall with call legs providing connection between endpoints.
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The following Fig.7 to Fig. 18 show sequence and state diagrams for each connectCall scenario shown in Fig. 6
a) Connected-Incoming: Fig. 7 below shows the sequence diagram for connectCall scenario seen on Fig. 6a. This scenario is used by variants of the JoinCall tasks.[image: image16.png]> 2
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Fig 8 below shows the state diagram associated with the above scenario:
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b) Connected-Outgoing: Fig. 9 below shows the sequence diagram for connectCall scenario seen on fig. 6b. This scenario is used by TransferCall task;
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Fig 10 below shows the state diagram associated with the above scenario:
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c) Incoming-Incoming: Fig. 11 below shows the sequence diagram for connectCall scenario seen on fig. 6c. This scenario is used by variants of JoinCall task;
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Fig 12 below shows the state diagram associated with the above scenario:
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d) Outgoing-Outgoing: Fig. 13 below shows the sequence diagram for connectCall scenario seen on fig. 6d. This scenario is used by EstablishCall task; 
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Fig 14 below shows the state diagram associated with the above scenario:
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e) Connected-Connected: Fig. 15 below shows the sequence diagram for connectCall scenario seen on fig. 6e. This scenario is used by variants of JoinCall task; It does a reconnect of two call leg previously connected to different other endpoints;
[image: image24.png]% % SipStack UA_Orig UA_Dest SIP_NC
SipEndPoint & mEndP int B scL

|

Pvecnndmnns |

- SIP_NC origination callleg in CONNECTED state( connected to  foreign endpain); I
- SIP_NC destionation call leg in CONNECTED state( connected to a foreign endpoint), || oI

|

|

|

- SIP_NC in IDLE state;
“The following Sequence recannects origination to destination

i i i bl

nnectcall

| | 111 modthCalioter_no_medi
[ERERYL t
A ' initiateRequps|

ORIG_MODIFYING_NO_MEDIA 5

11.1.4.1: INVITE(offer_no_media)

2200 OK(answdlr_fio_media)

|
|
|
|
o |
|
|
|
|
|

|
|
|
|
o mese)

21: 2000K(answey
e

ORIG_MODIFY_ACCEPTED 5
i o
| R L

41.1.1.1: connectcal

21 onaoacastes

21.1.1.1.1: ACH [y

2414440140 J< I ORIG_GONNECTED_NO_MEDIA
T~ |
|
|
|
I LT
T |
i 2 madycaoter na_sap [ Riaereniest
3.1.1: INV|TE(offer_no_sdp) DEST_MODIFYING_NO_SDP

310.1.1: NITE(offer

|
I
I
4200 OK(dest_anquer_sdp) |

41: 200 OK(dest_dnswer_sdp)

411 onDesthodiffAccepted
=

DEST_MODIFY_ACCEPTED

|

|

|

| t1

| 1: nitiateRequst
|

I

£1,1:1.1: modtfCpllest_answer_s)
10110 INVITE
| 411113 VTt answer_sd J‘ ORIG_MODIFYING

[

|

51200 OK(orig_anspwer_sdp) | T

51: 2000K(orig_arlswer_s) {
P

=
[ ORIG_MODIFY_ACCEPTED 5

1.1: nitiateRequdst

DEST_CONNECTED 5

1.1.1.1: connectCdi(orig_answer_sdp)

51.1.1.1.1: ACK[olg_answer_sdp)
S1.1:.1:1.1:40K gt _answer_s) J‘

6: connectCall

==
Ll snAk ORIG_CONNECTED

6.1.1:ACK

7. callEstablished

CONNECTED 5

T

|

T

|

|

|

T L |
| T |
| | |
| | |
| | |
| | |
| | |
| | |

Fig. 15 Connected-Connected sequence diagram N




Fig 16 below shows the state diagram associated with the above scenario:
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f) Incoming-Outgoing: Fig. 17 below shows the sequence diagram for connectCall scenario seen on fig. 6f. This scenario is used by variants of RouteCall task;
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Fig 18 below shows the state diagram associated with the above scenario:
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3.2.3.2 replaceCallLeg(async)
This task is used to replace an existent call leg part of a NetworkCall with a call leg part of another NetworkCall.  It has two flavours: replaceOrig and replaceDest. They involve the following steps:

· terminateCallLeg( async )  to terminate the replaced call leg( orig or dest);

· attachCallLeg(sync) used to bring the new call leg on the vacant position;
It uses the finite state machine of the terminateCallLeg method.

3.2.3.3 makeNetworkCall(sync)
Makes a NetworkCall object. It is implemented by the manager of the network call. 

3.2.3.4 makeCallLeg(async)
Creates a UserAgentCall with its associate SipCallLeg. 
3.2.3.5 modifyCallLeg(async)
Modifies media description of a given call leg.  It is implemented by the UserAgentCall  using the re-INVITE SIP method.
3.2.3.6 attachCallLeg (sync)
Attaches a foreign call leg to a vacant call leg placeholder(orig or dest) within a NetworkCall. The placeholder might be an existent one or created as a result of invoking the method terminateCallLeg.
3.2.3.7 terminateCallLeg(async)
Terminates a call leg by sending a BYE /CANCEL request. The call leg goes in IDLE state
3.2.3.8 redirectCall(async)

Implements a redirect request as a result of an incoming 302 response to an outgoing INVITE request.
3.2.3.9 transferCall(async)

Captures incoming REFER requests and implements them without forwarding.
3.2.3.10 forwardResponse(async)
Forwards an incoming response from one call leg to another. UserAgentCall provides access to dialog context information.
3.2.3.11 forwardRequest(async)
Forwards an incoming request from one call leg to another. UserAgentCall provides access to dialog context information.
3.2.3.12 initiateRequest(async)
Initiates an outgoing request to be performed on a call leg. UserAgentCall provides access to dialog context information.
3.2.3.13 initiateResponse(async)
Initiates an outgoing response for an ongoing transaction running on a call leg. UserAgentCall provides access to dialog context information.
3.2.4 Mapping Tasks into R3.0 CallFlow requirements

The following diagrams( Fig A, B, C, D) show on how tasks are mapped into basic call flow scenarios:
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The following table shows some mappings between call flow scenarios to SICC services and  SipConnector tasks.
	CallFlow
	SICC service
	Exposed Task
	Internal Task

	Initial Call Setup
	RouteRequest/ RouteSelect
	RouteCall
	connectCall(incoming-outgoing)

	Handoff
	JoinCall
	JoinCall( incoming-incoming)


	attachCallLeg

connectCall(incoming-incoming)


	Handback
	JoinCall
	JoinCall(connected-connected-incoming)
	replaceCallLeg
connectCall(connected-incoming)

	Park
	ReconnectOrig

RouteRequest/ RouteSelect
	ReconnectOrig

RouteCall
	makeCallLeg

connectCall(outgoing-connected)
connectCall(incoming-outgoing)

	Reconnect
	-
	TerminateCall
	terminateCallLeg


	Release/ Reconnect
	TransferCall
	TransferCall
	terminateCallLeg

connectCall( connected-outgoing)


4. Design Model
4.1 Logical Component View

The Design Model shows the infrastructure of the SipConnector component. The Design Model  is based on the framework of the SipConnector V2.0 with the appropriate adjustments to accommodate the new requirements. The design is based on the Sip Server Stack rather than B2B. The major change will be defined by the way it handles many state machines with their interactions and synchronizations. Also, it provides an extended set of B2B capabilities.
The Logical Component  contains the whole SipConnector infrastructure. Using different views we will capture specific details from a large model complexity.

4.1.1 High-Level Component View:

This view shows SipConnector infrastructure through packages and their relationship.
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Packages:
1. sipstack package is responsible with:

· Stack creation and initialization.

· Stack callback function implementation;
· Stack Control interface.

2.networkcall package is responsible with:
· event handling.

· network  call management;

· call leg management;

3.sICC package is responsible with: 

· encoding/ decoding payload messages used in inter-process communication between SipConnector and CSE;
· message transport;

4.event package is responsible with:



- event queing/dequeing;



- processing and dispatching events;
5.mangement package is responsible with: 




- configure and control SipConnector’s process;



- high availability support.
4.1.2 SIP Stack Component View:
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4.1.2.1 Abstractions – roles  and responsibilities

SipStack: creates and configures the SipStack. More specifically it uses Radvision Sip Server layer stack configured with application event ownership. The application server (Network Call) is the stack event owner and acts as extended B2B layer.

ISipStackEventHandler: is used by the SipStack to access the current handler for sip events. It contains  the callback functions which are registered with the RvSipStack during the stack initialization. It might have B2BEventHandler or SipServerEventHandler realizations.
ISipStack: is an exported interface used by clients( NetworkCall, UserAgentCall) to control the SipStack. It is a base abstraction for RvB2BStackControl and for RvSipServerStackControl implementers.
ISipStackListener: is an outgoing event interface used to implement events generated by the SipStack event handlers.
SipStackListenerImpl: implements the ISipStackListener interface;

4.1.2.2 RvSipStack

The diagram below shows the main levels of interaction with Radvision stack.
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4.1.3 Sicc Component View:
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4.1.3.1 Abstractions – roles and responsibilities

SiccController: active object, manages RTT sessions, handles incoming/outgoing messages;
ISiccClient: main client interface used to submit requests to CSE;
SiccClientProxy: proxy implementation of the ISiccClient;
ISiccServer: interface used for incoming request processing;
SiccProvider: implements the ISiccServer interface. It creates an event object and submits it to the event queue;
SiccMessage: encodes/decodes messages;

Note: interface between sip connector and CSE is defined in “ICC Interface for SIP Connector (SICC)”.
4.1.4 Event Component View 
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EventQueue: is an event queue with a role of decoupling event generators from event processors as well as converting multithreaded SipStack environment into a single threaded one required by the functionality of the Sicc  component.

EventProcessor: runs in a separate thread of the SipConnector process doing event processing. It dispatches events to appropriate event owner (User Agent or Network Call) where specific state transitions and actions are executed.
CallEvent: represents the Event object submitted/retrieved to/from event queue;
IEventHandler: interface implemented by the event handler( NetworkCall or UserAgentCall );

4.1.4.1 Communication Model

Asyn / syn Communication

Sip Connector will process events from the CSE and the Radvision stack. These events will be queued, and processed in order by the event processor. The event processor may respond to these events by sending messages to CSE or the stack asynchronously.  Events can be requests, responses, or indications.

Message Buffer / Queue Management

edThe event sink will be the sole writer to the event queue, and the event processor will be the sole reader from the event queue.  These will be separate threads, communicating via the event queue.  The Radvision stack has its own threads that will invoke sip connector callbacks – in these callbacks, the sip connector will create an event object, and add it to the queue for processing. The main sip connector thread will receive SICC messages from the CSE and queue them as events. The sip connector event processor will process events from this single queue in order. 

4.1.4.2 Threading model

SipStack runs in a multithreaded environment. Each callback function is executed in SIP’s request transaction thread context. SiccProvider runs in the SiccController listener thread. EventProcessor with all the involved objects is running in a single threaded environment. All control functions on both interfaces( ISiccClient, ISipStack ) are running in single threaded environment( EventProcessor’s thread).
4.1.5 NetworkCall Component View
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4.1.5.1 Abstractions – roles  and responsibilities

NetworkCall: is the main abstraction used to realize network call based on SipServerStack or B2BStack;
UaNetworkCall: represents the NetworkCall implementation based on RvSipServer stack using UserAgentCall endpoints. It is the main Sicc event owner. It receives the appropriate events, processes them and takes actions. During event processing it uses appropriate state machine, performs state transitions and takes actions. Actions may invoke methods on ISiccClient or ISipStack interface. Also it will eventually create/ use UserAgentCalls. It supports methods for handling sip event forwarding as well as sip event initiation. From event processing point of view, it lives symbiotic with the UserAgentCall having a mutually beneficial relationship.

B2BNetworkCall: represents the networkCall implementation based on B2BRadvision stack. B2B call is the main event owner;
ISipStack: base type for RvB2BStackControl or by RvSipServerStackControl interface;

UserAgentCall: is the main SipStack event owner. Events coming from the SipStack will be processed at the level of this call. It will employ the appropriate state machine, will handle state transition and will perform specific actions. Actions may invoke methods on ISiccClient or ISipStack interface. It maintains call leg state machines and will provide or synchronize events to/ with the associated NetworkCall. It supports methods call leg related. 

ISiccClient: is the Sicc client control interface used to marshal requests/responses to the CSE process.

CallManager: manages( creates, destroys, finds ) network calls.

4.1.5.2 Event Processing
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The SipStackListenerImpl receives events from the SipStack through ISipStackListener interface. It creates CallEvent objects associated with NetworkCalls and UserAgentCalls and submits them to the EventQueue. In the same way events coming from SICC through ISiccServer are received by SiccProvider which creates CallEvent objects and submits them to the EventQueue. Events coming from SipStack are generated within a multithreaded environment. As a result every SipStackListenerImpl method  must be reentrant and thread safe. The event objects are submitted to the EventQueue from two different sources running in different threads. The queue must provide mutual exclusion access. The EventProcessor retrieves event objects from the EventQueue and processes them within a separate thread. The EventProcessor dispatches the events to appropriate event handler which runs in an given instance of the NetworkCall, performing state transitions based on the nature of the incoming event and the current state of the call. Some transitions will generate actions. Actions are expressed by calls on ISiccClient or ISipStack interface.
The complexity of the NetworkCall consists in implementing large variants of state machines used by the public tasks presented in section 2. The EventProcessor will dispatch events coming from SipStack to the UserAgentCall level. During the event processing, UserAgentCall  will fire( sync or async ) events to the associated NetworkCall and from there it may take actions on ISiccClient or ISipStack interface.

Most of the events coming from Sicc are processed at the NetworkCall level generating events for the UserAgentCall layer. During the event processing the two layers may maintain and synchronize states together.

4.1.5.3 Control functions

The NetworkCall exposes to CSE the following control functions( as shown in section 2.3.2): 

· routeCall: to route an incoming call to a destination

· joinCall: to join calls with scenarios presented in section 2.

· transferCall; to transfer the originator or destination to a new destination.

· makeCall: to make a Third Party Call

· terminateCall: to abort a network call by terminating all the associated call legs and itself.

· reconnectOrigin: reconnects a failed or terminated origination call leg to a new origination endpoint;

The UserAgentCall implements all the requirements shown in section 2.1.2

Specific detail on the call control functions can be found in “ICC Interface for SIP Connector (SICC)”. 

4.1.5.4 State machine

The Sip Connector will contain two levels of state machines. The top level state machine will determine how the network call abstraction gets in to various functional state machines. Each functional state machine will map to one of the call control functions listed previously. The following diagram shows the top level state machine:[image: image40.png]New call - incoming or outgoing
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From this diagram, the functional state machines are the RouteCallSm, JoinSm, ReplaceSm, MakeCallSm, ModifySm, Transfer and Reconnect Originator. These state machines are not described here for readability. They will enable specific functional behavior – in this way, new behaviors can be added in the future without requiring too many changes in the network call.

4.1.6 Management Component View
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Sip connector will be configured as an NSE in console, and started by task manager – this is already enabled in the release 3.0 stream since a sip connector with B2B functionality only was developed for proof of concept. The Manager will mange the SipConnector according to the SIP High Availability in CSN- Draft 0.2 document  – Single IP model;
4.2 MSE Agent

4.2.1 Configuration

Sip connector configuration is accomplished through the console. Support is already available for configuring sip connector through console – this was developed for the first release of sip connector.
4.2.2 Alarm

Sip connector will set / clear alarms as necessary according to the NewStep standard.
4.2.3 Log
Sip connector will log messages to flat file whose location is specified by configuration. Log message format, and filtering is according to NewStep standard.
4.3 Prototype & Proof of Concept

In lieu of a prototype, an incremental/iterative development approach will be taken. First step will be to implement the high priority functionality to support release 3.0.0 (i.e. join function). This function should be tested independently of other call control functions as a proof of concept. This will validate the framework of sip connector in addition to the required functionality. Once this is complete, additional functionality will be developed and tested to fulfill the final requirements.
4.4 Test Strategy and Test Plan

The cse tester and NewStep Simulator/Tester tool will be used to test the sip connector. The cse tester can be used to simulate the cse to invoke one of the call control functions (route, join, replace, etc). The cse tester was developed previously for the original sip connector, but will be enhanced to support the latest SICC interface for release 3.0.0.

 The NewStep simulator will generate and respond to sip messages from the sip connector according to standard (or non-standard, in case of error scenarios) sip behavior (user agents and proxies).
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