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1. Introduction

1.1 Purpose

This document describes the Detail Design of the Sip Connector component as part of the CSN Release 3.5 platform. It is based on Sip Connector Functional Specification and Sip Connector High Level Design for Release 3.5
1.2 Scope 

1.3 Definitions, Acronyms and Abbreviations

1.4 Audience

2. Detail Design Model

2.1 Data Channel  Client - CSE
NSP client sends client status information in INVITE message when originating call via WiFi/DCE interface. CSN returns origination/handover polices to the origination part with 200 OK SIP message. CSN does not send NS policy to the termination part currently. For more details see [6].
SIP NSE propagates client status information to CSE with SiccRouteRequest in FROM display name SIP Header field. The information from Service Logic would be carried in Remote-Party-ID and/or CONTACT SIP header fields. Service Control Logic uses SiccParkCall and SiccAnswerCall messages for this purposes, see [4]. 
SiccAnswerCall event is handled by OfferingInviting State Machine, SiccParkCall event is handled by ParkCallStateMachine
2.1.1 Package View
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2.1.2 Class Diagrams

2.1.2.1 Event Class  Diagram
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New SICC events will be added: AnswerCallEvent and ParkCallEvent . SICC RS/EC/TC/RO events would be modified with Contact/RPID Set fields.  RPIdentitiesSet and CONTACT in RS/EC/TC/RO SICC events would apply to the termination party, while these fileds presented in AnswerCallEvent /ParkCallEvent would apply to the origination party.
Service Logic returns Network Selection and Handover Policies to NSP client over DCE call and over WiFi originated call.

Service Logic sets mInterceptAnswer flag in SiccRouteSelect  in order to return Network Selection and Handover Policies to NSP client over WiFi originated call. Then SIP NSE notifies CSE with SiccAnswerIntercepted message, and CSE uses SiccAnswerCallEvent to return policy to the origination, see OfferingInviting state diagram changes below.
RedirectCall State Machine will be obsolete and interchanged by  ParkCall state machine [which handles 1-leg call in offering state].  
State Diagrams
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Note. There might be the case where ACK should be sent to the called party immediately after 200 OK. This is a matter to consider for future optimization, as it requires significant changes in state machine while might not be necessary. Decision will be make once performance impact on CSE due to SUBSCRIBE/NOTIFY is evaluated.
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ParkCall State Machine will answer origination call with Contact/RPID fields provided by CSE [if presented]. ParkCall State machine should answer with appropriate SDP [either template or taken from referenced call] and appropriate muting method. If CSE does not provide for muting method, the latter would be taken from SIP NSE configuration.

NOTE. In R3.4 CSE was using TransferCall/RouteSelect for call parking in offering state. These messages contain empty routeCalledDevice field and sometimes “P” control letter to avoid SDP muting. In R3.5 CSE should use SiccParkCall message instead of RouteSelect with empty destination [4].

CSE may indicate whether it expects origHeld message upon call establishment [since SCL not always expects this message].
No changes in CONNECTED_IDLE state except OrigHeld might be sent to CSE [if indicated]. 

2.1.3 Call Flaws

Simplified call flaws are shown below:
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2.1.4 Code changes

2.1.4.1 Sicc change

1. SICC change: see SICC interface v0.9. Briefly:

·  Asserted Identities would be separated from Remote Party Identities

· Messages from Service Logic would carry CONTACT/Remote Party ID List for data channel to NSP client

· Additional messages AnswerCall and ParkCall would carry information back to the origination party [in CONTACT/Remote-Party-ID List].

2.1.4.2 Transformation changes
2. Make ASI Call and Make Non ASI call Transformation will be changed as following:

· SetLocalContactTransformation Transformation will be added added [set local address to IP/Port provided and override CONTACT userpart].

· This function will be removed from RoutingTransformation
· Asserted Identity Transformation and remote Party ID Transformation will be independent.
· SIP NSE configuration flag “ASSERTED_IDENTITY_HEADER-TYPE” will be removed
· Service Logic might instruct SIP NSE take privacy parameters per remote party identity 
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3. New AnswerCallTransformation will be added [prepare and send 200 response]:
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2.1.5 Backward Compatibility

Backward compatibility with R3.3 client is required. 
1. R3.3 Client: As far as corresponding fields [mLocationInfo, mActiveIdentity, mCallsParameter] will be removed from SiccRouteRequest, the client information would be sent to CSE into mContact header:

Example:
Contact: <sip:9051112222@127.0.0.1:5061;MSISDN=9051234567;LAI=4164445555>
NOTE. For R3.5 NSP client status string is sent in the FROM display name, see [6] for examples.
2.2 TLS Support
Objectives
In R3.4 SIP Connector supports TLS protocol for incoming DCE calls. In R3.5 TLS support would be extended to support both incoming and outgoing transactions, in both two-party and Simring call scenarios. The TLS transport should also be supported for non-INVITE transactions (REGISTER, SUBSCRIBE, NOTIFY, MESSAGE, INFO, OPTIONS). 

Requirements

1. SIP connector should support SIPS URI format. 
2. SIP connector uses separate server site certificates for incoming O and T ports. T port certificate would be used for all outgoing TLS connections. 

3. If SIP NSE gets non-secured request with sips URI scheme, CSE may apply security policy reinforcement and reject such request. 
4. If the device which marked as secure [in CSE] registers over non-secure transport or its contact does not have sips URI scheme, CSE may apply security reinforcement and reject such request.
5. If the device which marked as secure [in CSE] sends SIP request over non-secure transport or its contact  does not have sips URI scheme, CSE may apply security reinforcement and reject such request. 

These requirements imply SIP connector notifies CSE about contact URI scheme and transport the request arrived [see SICC changes below].
SIP connector opens TLS listeners [one per TLS port] and maintains one or more TLS engines [one engine per server site certificate]. Each engine has added list of trusted root certificates (CA) to authenticate remote peer.

Relationship between server site certificate and TLS engine is shown below:
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2.2.1 Certificate Validation

Radvision code relies on openssl package. Certificate validation process is certificate signature verification and post-connection assertion. Post connection assertion implemented as comparing value, saved under 'DNS' key in the certificate [subject alternative name, X509 extension version 3] with the host portion of Sip URI.
2.2.2 Connection Reuse

There is a mechanism for connections reuse offered by Radvision SIP stack code. If outgoing transaction address matches the existing connection, the connection will be reused.  SIP connector currently relies on this mechanism. 

NOTE. To use TLS connection properly, SIP NSE sets proper TLS address/port in CONTACT header for incoming and outgoing call leg.

2.2.3 Configuration Requirements

       The form “SIP TLS Parameters” in console would have 2 sections for origination and termination services and section for shared parameters.
Currently server site certificates will be installed manually in CSN servers. For HA solution certificate files will have the same name [but might have different content].
	Label
	Field Type
	Default Value
	Nullable

	Service Origination Port
	decimal(5,0)
	5061
	No

	Server Key Certificate
	varchar(1024)
	NULL
	Yes

	Mutual Authentication
	char(1)
	YES
	No

	Maximum Certificate Depth
	decimal(3,0)
	5
	No

	TLS Public Contact Address
	varchar(64)
	NULL
	Yes

	TLS Public Contact Port
	decimal(5,0)
	NULL
	Yes

	Service Termination Port
	decimal(5,0)
	5071
	No

	Server Key Certificate
	varchar(1024)
	NULL
	Yes

	Mutual Authentication
	char(1)
	YES
	No

	Maximum Certificate Depth
	decimal(3,0)
	5
	No

	TLS Public Contact Address
	varchar(64)
	NULL
	Yes

	TLS Public Contact Port
	decimal(5,0)
	NULL
	Yes

	trusted root certificate
	varchar(255)
	NULL
	Yes


Trusted Root Certificates is new table which allow add/remove CA’s.
NOTE. Server Key Certificate file might be presented by several certificate semicolon-separated files.

 “Sip Outbound Addresses” should be updated to include possibility to configure “TLS” protocol for outbound address.
2.2.4 Outbound Transport Protocol Selection

The logic does not change when outgoing leg does not have “TLS only” requirement [e.g. for non-secure UTI scheme]. Therefore, we’ll show only change for TLS:
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NOTE. SIP connector does not support NAPTR DNS query. 
2.2.5 Package View

No new package required. No new dependencies added. Affected packages shown below:
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2.2.6 Class View

The class view shows the main abstractions involved by the TLS support implementation. 
SIP connector configuration refactoring: some of cfgParam structure fields will be moved to new SipTlsCfg structure. SipConfig singleton will maintain collection of SipTlsCfg (incoming port as a key).
New class RadvisionTlsManager will be added to sipstack package. The main purpose of the class is to initialize TLS security and supply appropriate TLS engine to TLS connection.
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2.2.7 SICC Interface Change

NOTE. Currently this does not contain new separate SipEvent package for SUBSCRIBE/NOTIFY. This is in scope SUBSCRIBE/NOTIFY feature design.
No new events required. No additional SICC messages between components required. However, SIP NSE notifies CSE about device contact and transport. The rules are as following:

· Request came over TLS – notify in SICC message

· Request came over non-TLS:

· If request is subject to authentication  – notify CSE in getAuthContext; wait for the action

· If request is not subject for authentication – notify in SICC message

In the RS/EC/TC/RO/etc, CSE sends TLS enforcement policy which is understood by SIP connector according R-URI scheme. SIPS means TLS only.

For general non cal-related transactions

SiccRouteRequest            ::= SEQUENCE {

        mServiceType                    SiccServiceType,

        mRouteCalledDevice              SiccDeviceID,

        mCallingDevice          SiccDeviceID            OPTIONAL,

        mCallingName            SiccDisplayName         OPTIONAL,

        mCalledDevice           SiccDeviceID,

        mCalledName             SiccDisplayName         OPTIONAL,

        mCallingContact              SiccDeviceId,

        mDeliveredSecure           SiccBool 

        mChargingInfo           SiccChargingInfo            OPTIONAL,

        mPresence                           SiccPresence                    OPTIONAL,

        mAssertedIdentities             AssertedIdentityList    OPTIONAL,

        mPrivacyIndicator               SiccPrivacyIndicator,

        mUserData                               SiccUserData                    OPTIONAL,

        mActiveIdentity                 SiccIdentity            OPTIONAL,

        mLocationInfo                       SiccLocationInfo                OPTIONAL,

        mCallsParameter                 SiccCallsParameter      OPTIONAL

}

--

-- Message 

--

SiccSipMessageInfo ::= SEQUENCE

{

        mRequestUri SiccDeviceID,

        mToUri  SiccDeviceID,

        mFromUri SiccDeviceID,

        mToName SiccDisplayName OPTIONAL,

        mFromName SiccDisplayName OPTIONAL,

        mCallingContact              SiccDeviceId, OPTIONAL

        mDeliveredSecure                       SiccBool  OPTIONAL

        mAssertedIdentities AssertedIdentityList OPTIONAL,

        mOutboundAddress OutboundAddress OPTIONAL,

        mPrivacyIndicator SiccPrivacyIndicator,

        mServiceType SiccServiceType,

        mPayload SiccMessagePayload

}

NOTE – for SiccMessageRequest 

--

-- REGISTER 

--

SIPPresenceStatusNotif ::= SEQUENCE

{

        mCorrelationId          INTEGER,

        mDevice                         SiccDeviceID,

        mDeliveredSecure           SiccBool ,

        mStatus                         SIPCONDeviceStatus,

        mContact                        SiccDeviceID OPTIONAL,

        mExpires                        INTEGER OPTIONAL,

        mPVisitedNetworkID      PVisitedNetworkID OPTIONAL,

        mPAccessNetworkInfo     PAccessNetworkInfo OPTIONAL

}

For requests which are subject for authentication, SIP connector notifies CSE in getAuthContext and will be waiting for the action:

GetAuthContextRequest ::= SEQUENCE {

        deviceAddress DeviceAddress,

        deviceContact DeviceAddress,

        deliveredSecure SiccBool          

        assertedIdList AuthAssertedIdList OPTIONAL

};

ResponseCode ::= ENUMERATED { success, invalidAddress, serverError, reject }
2.2.8 Sequence Diagrams
2.2.8.1 Sip Request over TLS
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When TLS request comes to TLS listener, TCP connection and TLS Session will be created by SIP stack. SIP stack notifies. When TLS handshake state is ready, SIP stack calls registered application callback. Then Application supplies appropriate TLS engine for the connection.
2.2.8.2 REGISTER over UDP 
Authentication Required, Rejected by CSE, simplified:
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REGISTER received over UDP. SIP NSE notifies CSE. CSE decides not to challenge user over UDP. Same sequence applies for any SIP message  which is a subject to authenticate.
2.2.8.3 INVITE over UDP 

No authentication required, CSE rejects to enforce TLS policy, simplified:
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INVITE comes over UDP. Network Call created. Authentication is NOT required. SIP NSE sends RouteRequest along with contact and transport. CSE decides to reject the call to enforce TLS transport.
 Same sequence applies to SIP messages which are not subject to authenticate.
2.2.8.4 TLS with fallback

Call over TLS fails, CSE reroutes the call, simplified:
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2.3  SUBCRIBE/NOTIFY

Author: Tina K, Jane JC

Prior to R3.5 SIP Connector supported SUBSCRIBE/NOTIFY partially for the following scenarios:

· Unsolicited NOTIFY

· DTMF detection using subscription in the context of established  INVITE dialog

· Forwarding NOTIFY as a result of implicit subscription [following REFER request]

In R3.5 SIP connector will support subscription to various event packages. SIP connector will subscribe and maintain subscription to different event packages [for R3.5 both Presence event package and MWI event package are required]. Sip Connector will create subscriptions, monitor subscription state, change parameters and expiration time of the existing subscription, and terminate subscriptions.

SIP Connector will not act as a notifier [e.g. it will reject all incoming SUBSCRIBE with 501 response code]. However, SIP Connector will send out unsolicited NOTIFY messages upon CSE request.

Sip Connector will make use of the Subscription Layer of the Radvision Sip Stack to create and handle subscriptions. Subscriptions would be created independently with their own dialog [not in call-leg context].

New SipEv NSE pdu will serve protocol exchange between CSE and SIP connector. Accordingly, following new SipEv events would be created:

CSE to SIP NSE: Subscribe, Update, Terminate 

New functions would be added to send SipEv to CSE: SipEvSubscriptionFailure, SipEvNotifyEvent
2.3.1 Provisioning

Sip Connector should use the following new configuration parameters:
· Default subscription timeout [engineering]  - used if CSE is not provided with the required subscription expiration time

· Subscription retry counter [engineering] – amount of attempts to establish subscription after failure

· Subscription alert time [engineering]
2.3.2 Package View
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No new packages will be added. New classes will be added to event package and fsm packages.
2.3.3 Class Diagram
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SiccEvent Handler and SiccProvider would be updated for new events 
SCL receiver: will be updated to invoke findSubscription, addSubscription, removeSubscription 

New class SubscriptionMonitor will be added to maintain subscription list.
This class is used to handle  duplicate SUBSCRIBEs to the same resource and event package. Maintaining the list of subscription requires subscription removal upon termination. This will be achieved by SubscriptionStateMachine
· findSubscription receives R-URI and Event Name; returns NetworkCall ID

· addSubscription is invoked after new network call created for the subscription. It receives R-URI, Event  name, and Network Call ID.

· removeSubscription receives Network Call Id; removes it from subscription list [if any].
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2.3.4 State Diagram

SUBSCRIBE/NOTIFY requests will be served by Subscribe State Machine.

NOTE. Incoming NOTIFY requests is a subject for authentication. Incoming NOTIFY would be served by AuthenticateCall State Machine at UA level if authentication of the incoming NOTIFY is required.
CSN is not supporting authentication for SUBSCRIBE and outgoing unsolicited NOTIFY.
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NOTE. Terminate/Update Subscription -> UA – refreshSubscription(new Expires)

Upon Termination of Subscription, State Machine will invoke removing of the subscription from the subscription list.
2.3.5 Sequence Diagram 

Subscription will be created by SIP stack subscription level and maintained in autorefresh mode.
For simplicity point of view authentication of incoming NOTIFY is not shown. 
2.3.5.1 Subscribe
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2.3.5.2 Initial Subscription Failure

Possible scenarios include: 

· SUBSCRIBE fails with recoverable response code. If SIP non-2xx response contains Retry-After header, SIP NSE will retry to re-subscribe after a specified period of time. SIP connector tries re-subscribe using SIP NSE configuration parameter retry counter
· SUBSCRIBE fails with non-2xx without Retry-After header. SIP NSE notifies CSE about SUBSCRIBE failure

· NOTIFY with state terminated. SIP NSE notifies CSE about SUBSCRIBE failure.
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2.3.5.3 Pending Subscription

In this case SUBSCRIBE response will be with 202 status code which means the SUBSCRIBE request is understood but not authorized yet. Then notifier will immediately send NOTIFY with status “pending”. SIP connector notifies CSE with NotifyEvent (pending). Once NOTIFY with updated status (active or terminated) has been received, subscription becomes active or terminated and SIP connector notifies CSE with NotifyEvent (new_status). The example of pending and not authorized subscription is shown below:
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2.3.5.4 Subscription Failure with Recovery (Retry After presented)
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2.3.5.5 RTT Failure Handling
RTT failure is considered as failure of CSE. CSE will resubscribe all devices as all subscriptions would be removed from CSE. To handle this situation, SIP NSE creates and maintains map of the network calls for the existing subscription. Every time CSE sends SUBSCRIBE after RTT failure, SIP NSE will update the existing subscription with new correlation ID.
CSE requirement: change network call id according SipEv  message received.
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2.4 Unsolicited NOTIFY

In R 3.4 there was a possibility to receive unsolicited Notify. Notify body was parsed and sent out to CSE.
In R3.5 there is a requirement to receive and to send out unsolicited NOTIFY. CSE will be waiting for the result of NOTIFY delivering to the PBX/SIP endpoint.

NotifyStateMachine will serve this purpose.
In R3.5 SIP connector won’t parse NOTIFY body but rather pass it transparently to/from CSE.


No new dependencies will be added between packages.
2.4.1 State Diagram
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2.4.2 SICC changes

New SipEv messages will be defined in INF PDU:
SipEvNotifyReq – in both directions [CSE <-> SIP NSE].

NotifyAck – upon getting 2xx final response to NOTIFY sent

NotifyNack – to notify Service Control Logic either software error/resource problem has been occurred or non-2XX final response to NOTIFY.

This will require changing SiccProvider, and InfAsn1Decoder classes.

2.4.3 Class View
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2.5 REFER

Prior to 3.5, SipConnector propagated REFER and NOTIFY events related to REFER on a connected leg. Internally, SipConnector treated REFER and NOTIFY no different from a general transaction and forwarded them accordingly. Upon receiving BYE, the calls were terminated and no further NOTIFY were forwarded.

In 3.5, the following changes will be required:

1) during refer Forwarding 

i) to treat REFER as implicit subscriptions. Upon receiving BYE, the calls should not be terminated until the REFER subscription is itself terminated

ii) when a REFER is received with Replaces Header, the call-ID and tags should be appropriately replaced before forwarding.

2) to handle REFER requests in cases where the PBX does not support REFER.

i) handle the REFER to create a new call leg. 

ii) handle the REFER to replace an existing call leg.

Other types of method in the Refer-To such as SUBSCRIBE or other transactions will not be supported at the moment.

The decision on whether to forward or handle the REFER request will be done by the CSE based on the Subscription Profile.

2.5.1 REFER Forwarding

Sip Connector will make use of the Subscription Layer of the Radvision Sip Stack to handle REFER requests received. When a REFER is received, the stack will automatically create the subscription and events related to this subscription will be received from the Subscription Event Handlers. 

In this mode, the Stack does not change the CallLeg’s state to TERMINATED when a BYE is received if a subscription is still active. When the subscription is also terminated, the CallLeg state will be changed to TERMINATED.

On receiving BYE from either party, the SipConnector will ignore any hold and propagate BYE to the other party.

For the outgoing REFER being forwarded, we will also use the Radvision Stack Subscription RvSipSubsxx() operations to create REFER Requests and Notifications.
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After ReferComplete with Failure and no LegCleared, sessions are back to normal. Services can be applied on the legs.

2.5.2 REFER Forwarding (w Replaces)
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When a Refer is received with the Refer-To with Replaces Header, before forwarding the REFER request, the Call-ID and tags will need to be replaced as in the example call flow above. SipConnector will thus need to be able to retrieve a CallLeg/UserAgentCall from Call-ID, from-tag and to-tag parameters. 

The Radvision Stack current APIs to retrieve a matched call Leg are not useful in this situation since they only match when a Replaces Header is received within an INVITE and call Leg is in OFFERING state. 

Thus, SipConnector CallManager will need to maintain its own HashMap to be able to retrieve CallLegs based on Call-Ids and Tags.

2.5.3 REFER (method=INVITE)
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When a  REFER needs to be handled with the Refer-To Header contains a method parameter with value set to INVITE or if no method parameter exists, a new leg will be created to the Referred-To Party. 



During establishment of the new call leg, NetworkCall will keep reference of the new UserAgentCall (Referred-To Leg) and send notifications on the leg on which the REFER was received (orig or dest). After call is established, the leg on which REFER has been received will be disconnected. NetworkCall will update the reference of the new orig and destination legs accordingly. CSE will also be notified of ReferCompletion.

When a Refer is in Progress, JoinCall, TransferCall and ReconnectOriginator requests from the CSE will be discarded and NACked.

2.5.4 REFER (w Replaces)

[image: image36.png]SipConnector

1: INVITE BI200/ACK
1.1: INVITEI200/ACK]

2 INVITE C/2001ACK
2.1: INVITEI200/ACK]

3 REFER w Replaces
3.1: SiccReferRequest 81, C1, Replace 42,02, orig
I

31.1: SiceRpfgrResponse - handle
4202 Accepted
5 BYE/2000K

6 BYE/Z200 0K

JOYIFY state=terminated 200 Ok
g IR AT

8200 0K
[ ——
9 UPDATE rpid=e
-
10: UPDATE rpid=h
|
11 INVITE
|
12: 200 0K
-
13 INVITE SDP
|
14:A0K
|
15200 0K
-
16:ACK
|

17: cReferCamplete
]





When the REFER with Replaces Header is to be implemented by SipConnector, the call flow is implemented as above. The CallLeg matching the Replaces Header is retrieved. Legs A are terminated. Legs B and C to be joined are updated with each other Remote-Party-ID and these legs are then invited.

2.5.5 Class Diagram

The following classes will be updated to support Refer.
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CallManager: new operations to create ReferToCall (Refer handling method=INVITE) and HashMap operations to map CallIdAndTags to UserAgentCall (Refer with Replaces Header)

NetworkCall: new attributes for ReferToCall and operations to support Refer and Notifications related to refer.

UserAgentCall: new operations to support refer and notifications related to refer
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New Events: SipReferEvent, SipReferNotifyEvent, SiccReferResponseEvent
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The RadvisionSipStack and SiccProvider classes will also be updated with new operations to support refer operations.

2.5.6 State Diagram

a) REFER State Machine
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b) REFER Forward State Machine

There will be two REFER Forward State Machine:  ORIG_REFER_FORWARD_STATEMACHINE and DEST_REFER_FORWARD_STATEMACHINE. These two statemachines are mirror images of each other and reflect on which Leg the initial REFER was received. the UserAgentEventTranslator translates events based on Orig/Dest direction.

Events that are not handled by the Refer Forward State Machines such as Reinvites  will still be handled by the ConnectedCallStateMachine. However, it is unlikely to receive reinvites on the orig and dest legs since the legs are usually put in hold state before REFER is processed.
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c) REFER Invite State Machine
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d) REFER Replace State Machine
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Refer-Invite and Refer-Replace SM both delegate to the ConnectedConnected StateMachines to reinvite the the two connected legs. 

Based on the ReferInProgress flag,when the call reaches CONNECTED state, instead of CallEstablished, the ReferCompleted event will be sent to the CSE.
2.5.7 Sequence Diagram


a) REFER Forward
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REFER Invite
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REFER Replace
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2.6 Invite without SDP

Author: Sorin Ghimici

2.6.1 Introduction
Based on requirements, INVITE without SDP will be treated as follows:

- during the initial call setup the incoming INVITE with or without SDP will be routed as it comes to the destination. All involved event handlers must be able to handle all the particulars.

- any established call might be modified by the endpoints using re-INVITE(MODIFY) with SDP or without SDP. The state machines must be able to forward re-INVITE requests as they come from one leg to another. All subsequent messages must be properly handled.

- any established call might be modified by the SipConnector using SDP or without SDP no matter on how the initial call has been setup.

- any service is assumed to perform operations on call legs that have been setup or have a setup in progress using INVITE with SDP or without SDP, but no combination of the two.

The following paragraph shows the Use Case model.  The rest of the document on this topic describes the necessary enhancements on service by service basis in order to satisfy the request. 

2.6.2 Use Case Model

The diagram below shows the Use Case Model related to the above requirements. The model prior R3.5  was driven by actor- endpoints that were only using  INVITE requests with SDP( UAC-SDP, UAS(SDP) ). The new requirement brings up new players( UAC(noSDP), UAS(noSDP) ) and a new use case named handleMsgWithoutSDP. This use case extends the  handleMsg, to provide particulars on service by service basis  to an existing infrastructure for message handling. Yellow colored shapes represent the existent use cases that require enhancements to support handleMsgWithoutSDP.
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2.6.3 Logical View

Sequence and Collaboration diagrams are use to express the logical view of the model. The existing logical model will be used. Some abstractions of the model will be enhanced to support the current requirements.  Below, are shown on service by service basis, all the changes required to fulfill the new use case.
2.6.3.1 Basic Call Setup 

A connects to B( A sends INVITE with SDP ).

This is the scenario for all releases prior R3.5. As reference, the diagrams below show the current implementation when no early media is involved
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A connects to B ( A sends  INVITE without SDP ).

The diagrams below show the logical view for this scenario: 

a)No Early Media:
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b) With Early Media: 
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2.6.3.2 Modify Call

Modify issued by the endpoints:
After call has been established, any endpoint A or B can issue a session modification request using  re-INVITE method.  It is assumed that the re-INVITE method may contain or not the SDP  payload, no matter on how the initial call has been setup. 

The modify process almost follows the same logic as in setup call. The enhancements consist on modifying the ConnectedCallStateMachine to allow forwarding ANSWER_SDP in ACK message from one endpoint to another. 
Modify issued by the controller( SipConnector)
SipConnector acts in relation with A and B, as a controller (B2B). Various service requests might involve SipConnector in issuing Modify requests on leg by leg basis. It is supposed that SipConnector can  modify a session using re-INVITE with or without SDP no matter  how the initial call  was setup. Details regarding such requirement are shown below.

Modifying session using UPDATE

Modify session using UPDATE can occur during the initial call setup after early media negotiation, or when the call is in connected state. In both cases UPDATE will carry the SDP as a result no special implementation is required.
2.6.3.3 Handoff/Handback(HO/HB)

The picture below shows the handoff/handback service.  
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Endpoint A is connected to endpoint B( blue colored lines). Endpoint C does HO/HB on Origination or on Termination leg.  As a result C endpoint replaces A or B leg through a JOIN operation. At the end of the HO/HB, the endpoint C will get connected to the other leg.

The JOIN operation is performed in two steps:

a. transform call

b. reconnect call

The transform call consists in joining legs based on the JOIN request content. The joining leg C  might replace the Origination or the Destination leg. 

The reconnect call phase consists in connecting the endpoint C to the other leg. This is the only sensitive phase with respect to the initial call setup and handoff/handback call content ( with or without SDP).  

Assumption:

· A and B are using INVITE with SDP or without SDP, but not combination of the two. 

· Leg C might use INVITE with SDP or without SDP no matter what A and B are using.

Join on Origination – reconnect call
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- reconnect call when leg C comes with INVITE with SDP
This is the scenario with the implementation for all releases prior r3.5 The state machine that handles this scenario is OfferingConnectedStateMachine. No changes are required. 

- reconnect call when leg C comes with INVITE without SDP
Precondition: leg B held by Sip Connector in connected state. Leg B was initially setup with or without SDP. Leg to C is in Offering state. The incoming INVITE has no SDP. 

Requirement: reconnect endpoint C and B using SipConnector

The reconnect procedure requires a new state machine or an enhanced OfferingConnectedStateMachine to support the message flow described in the diagrams below:
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- reconnect call when leg C comes with INVITE without SDP( simring )
A special case is when JOIN is performed as a result of a Simring operation. The reconnect phase described above has to take in consideration the case when the full leg has already a negotiated early media.  The offer in step 1.1.1.1 after negotiated early media is prohibited. The new scenario is shown below:
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In transform phase Leg C replaces leg B. Leg A will reconnect to leg C. Leg A have had already an offer-answer sequence through reliable 183 and PRACK. It cannot be directly answered with 200 (OFFER). The solution is to solve the problem into 2 steps:

c. answer leg A without SDP and bring the legs into ConnectedConnected scenario

d. reconnect call in ConnectedConnected scenario

The message exchange is shown for the 2 steps in the diagrams below:

step 1: answer A without SDP. 
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step 2: reconnect call using an enhanced ConnectedConnectedStateMachine;
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Join on Termination – reconnect call
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- reconnect call when C sends INVITE with SDP
This scenario is supported by the existent ConnectedOfferingStateMachine. No changes are required.

- reconnect call when C sends INVITE without SDP
Precondition: leg A held by Sip Connector in connected state. . Leg B was initially setup with or without SDP.   Leg  C is in Offering state. The incoming INVITE has no SDP.

Requirement: reconnect endpoint A and  C using SipConnector

The reconnect procedure requires a new state machine or an enhanced ConnectedOfferingStateMachine to support the message flow described in the diagrams below:
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2.6.3.4 Simring

Simring service is sensitive to handling INVITE without SDP for the full call as well as for half leg call.

Full leg call setup in case of INVITE without SDP is handled as a basic call setup shown above.

Half call setup using Establish Call request requires enhancements when INVITE without SDP is used as follows:
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Endpoint C acts as a Simring device. The leg is established using a reference call of the full incoming leg. When the incoming leg is setup using INVITE without SDP then C leg is handled in similar way. The diagram shows how it gets connected. The JOIN phase is handled by the enhanced OfferingConnectedStateMachine as shown in HO/HB scenario. 
2.6.3.5 Transfer Call

This service might be performed in 2 scenarios:

- Transfer call during basic call setup( OfferingInvitingStateMachine ) with or without early media

- Transfer call on established call( ConnectedInvitingStateMachine).

The transfer is sensitive on the way the initial call has been setup. The transfer to the new destination will be setup in the same way as the origination leg

Transfer call during basic call setup without SDP
- Transfer call during basic call setup without early media follows the enhancements for basic call setup without SDP(already mentioned above). 

- Transfer call during basic call setup with early media requires an enhanced TransferCallStateMachine and OfferingInvitingStateMachine as follows:

- enhanced TransferCallStateMachine - answer origination leg without SDP
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The enhancement consists in connecting leg A (blue messages) and initiating the transfer( red message ) then reconnecting the legs using ConnectedInvitingStateMachine as follows:

- enhanced ConnectedInvitingStateMachine - reconnect call without SDP
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Transfer call on established call

This scenario requires enhancements for ConnectedInvitingStateMachine to support INVITE without SDP. This is already treated in the paragraph right above.
2.6.3.6 Reconnect Origination

This service requires enhancements for InvitingConnectedStateMachine to support INVITE without SDP as follows:

- reconnect without early media:
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-reconnect with early media: 
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Note: check if we can answer 183(OFFER_A)  direct with 200( ANSWER_B). This will simplify the diagram.
2.6.3.7 Call pickup

This service requires enhancements in OfferingOfferingStateMachine to support INVITE without SDP. Mainly this state machine will delegate the reconnect call to the enhanced ConnectedOfferingStateMachine. This enhancement is shown above in HO/HB paragraph.

Call Model changes:

The Network Call acts as a B2B call. Each leg has logical endpoints in network call. Each network call endpoint will keep the following attributes:

ii. PartyOffer and

iii. Offer

The diagram bellow shows a generic scenario where party A is connected to party B. Also it shows the attributes kept by each endpoint.
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Definitions:


PartyOffer: attribute kept by a node having as value the offer made by the party to which it connects to. Ex. PartyOffer of B contains the Offer made by A during the call setup process.


Offer: attribute kept by a node having as value the offer made to the party it connects to. Ex. Offer of A is the offer made by A to B during the call setup process.

After the initial call setup only one attribute( PartyOffer, Offer) is not NULL depending on how the connection process has been performed( using INVITE with/without SDP) 
B2B scenario:

PartyOffer on origination leg  will keep the offer made by the origination endpoint and it will be the same with the Offer on termination leg. It will be different than NULL only when initial INVITE contains SDP. The PartyOffer on termination endpoint will be different than NULL only when initial INVITE does not have SDP.

The diagram below shows the mechanism of using the PartyOffer/Offer attributes.
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Based on the content of the attributes PartyOffer and Offer on each leg we can select the appropriate state machine to handle messages.

Implementation options:

· Enhance existing state machines( if possible ) to implement all the above message flows.

· Create new state machines to treat the INVITE without SDP scenarios. It requires enhancements in Network Call to select the appropriate state machine based on the content of the PartyOffer/Offer attribute.

· Mixture of the two options above.

2.6.3.8 State machines

This section is filled up during the implementation process.
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