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1. Introduction
This document describes the SIP based call control capabilities that are required in the CSN to enable the WiFi-Cellular reliable handoff services in release 3.0.0. The additional SIP call control capabilities that are driven by the future service requirements would be added / modified to the same document. 

The file name of the document would reflect the release number, version and the last update of the specification in the following manner: CSN_SIP_Specification_3.0.0_v2.0_280205.doc

The section three describes the role of CSN within the target architecture and network deployments. The purpose of the second section is to provide development direction based on the interaction between the CSN and other network elements. Fourth section describes the SIP call control capabilities that are deemed reusable in different CSN services. 
Section five provides a mapping between the system/service requirements and the SIP call control capabilities to be developed in release 3.0.0. Section Six outlines the processing requirements of specific SIP messages, headers, bodies and parameters. 
Section seven captures requirements for releases beyond 3.0.0.

The last two sections contain the open items owned by the Engineering Team and list of reference standards, respectively.
2. Chage History

	Issue
	Date
	Author(s) 
	Description

	Version 2.1 
	April 14, 2005
	M. Raguparan
	· Added requirements to support release & reconnect; requirements derived from CSN R3.0 requirements issues on April 13, 2005.

· Removed REFER handling from release 3.0.0
· Disable/Enable SIP routing based on registration
· Added a split and join flavour when the b2b is in proceeding state

	Version 2.2
	April 21, 2005
	M. Raguparan
	· Updates based on review comments (April 20, 2005)
· Moved REGISTER support from 3.0.0 to 3.0.x
· Based on Phil’s clarification, moved release and reconnect capability from 3.0.0 to 3.0.x


3. Role of CSN in the Next Generation Network

When delivering services that span both Circuit Switched (CS) and Packet Switched (PS) carrier networks, the CSN performs the role of a SIP Application Server in the 3GPP/3GPP2 IMS architecture. The CSN enables cross-network services utilizing a combination of network control capabilities in different network types. The primary network control capabilities are:
a. ISUP release and reconnect 

b. TCAP SCP/HLR proxy 
c. SIP based joining of two incoming requests and joining an incoming request to a connected call 
d. SIP based release and reconnect

Rest of the section describes the role of the CSN within the Softswitch based VoIP network architecture and 3GPP/3GPP2 IMS network architecture for session/service control and charging functionality.
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Figure 1 CSN acts a SIP Application Server in hosted VoIP networks


[image: image3.emf]IMS

CSN

S-CSCF

Session 

Border 

Controller(s)

MGCF

Media 

Gateway(s)

Feature 

Server(s)

Other  

Application 

Server(s)

Media 

Server(s)

Untrusted VoIP Network

(Enterprise/Home)

PSTN/PLMN

P-CSCF

Other IMS domains

ISUP, TCAP

ISC (SIP)

HSS

Sh (XML over diameter)

Session 

Charging 

Function (SCF)

Rf


Figure 2 CSN acts a SIP Application Server
Referring to Figure 1 and Figure 2, the CSN acts as a SIP Application Server providing interworking function for specific services between the PSTN/PLMN and the VoIP network. The interworking functions between the networks include call routing, joining, reconfiguring, notifying a network event to the terminal and gathering user input/state. 
The VoIP endpoints are managed by the Feature Server (FS)/IPPbx and end points are generally not direct-addressable by the other network elements. FS act as the UAS on behalf of the endpoint. The Feature Server usually manages a mixed set of MGCP, SIP and H.323 endpoints and present SIP interface towards the network. When the network routes inbound calls to the FS, the FS takeover the call routing – providing call forwarding, find-me/follow-me and voice mail on no answer, busy, unreachable conditions. In most cases these call handling outcomes are not exposed to the network.

In order to gain visibility into the endpoint state and call control – in terms of registration and providing no answer, busy, unreachable conditions before invoking internal service logic, the CSN would work with the FS through partnership arrangements to gain plain call handling capability to the endpoints to the CSN via SIP trunk interface. Until such relationship is established the CSN services will be demonstrated using direct signalling between the terminals and the CSN complex. 
3.1 Session Routing
· PSTN/PLMN to VoIP: Core routing proxies/S-CSCF would be provisioned to route all calls from MGCF that match the given range/pattern in the request-URI to the CSN. The CSN would forward the requests with the appropriate request-URI for the terminal and route the outbound request to the appropriate Proxy/S-CSCF. The Proxy/S-CSCF would match the next filter criteria and forward the request to the appropriate FS/IPPbx.

· VoIP to PSTN/PLMN: The calls originated from the VoIP terminals are routed to the FS/IPPbx via the SBC. The FS/IPPbx routes the request to the SIP proxy/S-CSCF. The SIP proxy/S-CSCF based on the filter criteria routes the requests to the CSN. Depending on the CSN service logic CSN either forwards the request to a CS DN, another VoIP DN or waits for the second request to join the call legs. In the case of CSN routing the call to a CS DN the request is sent back to the SIP Proxy/S-CSCF and the eventually routed to the MGCF. If the request is routed to another VoIP DN the Proxy/S-CSCF routes the request back to the FS/IPPbx. [image: image4.emf]Hosted VoIP Network
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Figure 3 Call control signalling path within Hosted VoIP / Softswitch based network, blue - registration, brown - session signalling

Referring to Figure 3, the FS acts as the registrar/location server for the VoIP terminals. In addition to the standard SIP routing means, the Core SIP proxy also provides routing based on the message direction (i.e. from application, from gateway, from SBC) and r-uri matching to a specified range/pattern. The CS routing and selection of a Softswitch based on CS numbering plan is generally provided by a separate entity. 
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Figure 4 Call Control signalling path within IMS networks; blue - registration, brown - session signalling

Referring to Figure 4, the S-CSCF provides the domain registrar and routing functions. The FS would register with the S-CSCF on behalf of the VoIP terminals.
3.2 Registration

When the IP endpoints register with the hosted VoIP or IMS network, the domain registrar servers authenticate the user.  Upon successful authentication the registrar forwards the REGISTER message to the interested SIP application servers – referred to as third party registration. CSN interest in third party registration is indicated by provisioning initial filter criteria in the core SIP proxy in the hosted VoIP network and in the HSS the IMS network. Furthermore, CSN can obtain all the public identities associated with the registered user by subscribing for “reg” event package; where the S-CSCF will notify the application servers with all the implied registrations corresponding to the list of public user identities of the user. Although CSN can obtain the state of the user (i.e. registered, unregistered) along with the subscriber and service data from the HSS using Sh interface on demand, the dependency of the CSN delivered solution on the deployed IMS network (lack of deployments) resorts CSN’s initial implementation rely on the third party registrations.
3.3 Charging

The CSN would comply with the IMS Charging Architecture [Refer 5, 6]; the offline charging interface to the Session Charging Function, referred to as Rf reference point. Among the other elements, the charging information includes the IMS charging correlation identifier received over the ISC interface. In addition, CSN also provides a session identifier that will be used by the back end billing system to correlate different call legs related to a service session.
4. Function Description
The SIP-Connector will act as a back-to-back user agent (i.e. UAS-UAC and UAS-UAS) performing the following functions:

1. Routing B2B: when an inbound request is received at the SIP-Connector processes the request as a UAS; suspends processing of the server transaction and notifies the event to the CSE (refer to diamonds in
2. ). The CSE provides instructions to the SIP-Connector to continue routing and the SIP-Connector initiates a new request acting as a UAC. Selected set of headers, parameters and bodies are propagated from the UAS to UAC.
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Figure 5 Routing B2BUA sequence diagrams; diamonds indicate service interest

3. Joining B2B:  when an inbound INVITE is received at the SIP-Connector the call leg is suspended and the received event information is passed to the CSE. The SIP-Connector receives the second INVITE and passes the event to the CSE. The CSE instructs the SIP-Connector to join the two UAS transactions. The SIP-Connector joins the two call legs by means of synchronizing the SDP between the call legs. 
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Figure 6 Joining B2B sequence diagram, note there is no 180 Ringing sent; diamonds indicate service interest
Note: Block C – in the event of (6)ACK bringing an SDP (7)200 OK shall carry the same SDP 
4. Split & Join B2B: On receipt of a join instruction from CSE, SIP-Connector removes specified call leg from the connected/proceeding B2B context, i.e. initiate a BYE/CANCEL from the SIP-Connector, and join the new call leg to the B2B context. Depending on the state of the newly joined call leg, SIP-Connector shall re-INVITE one or both legs to complete the offer-answer SDP protocol.
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Figure 7 Split and Join B2B Sequence Diagram, diamonds indicate service interest

5. Release & Reconnect: When two call legs of a given B2B context are connected/proceeding the SIP-Connector shall be able to remove specified call leg, i.e. initiate a BYE/CANCEL from the SIP-Connector, and create a new call leg by sending an INVITE to the specified destination. During the process of connecting the parties SIP Connector shall synchronize the offer-answer SDP protocol.
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Figure 8 Release & Reconnect B2B sequence diagram; diamonds indicate service interest
5. Mapping of Release 3.0.0 services to SIP Constructs

	Service (Requirement number)
	SIP Construct
	Call Flow block

	Basic Change Device (7225.x)
	a. Joining B2BUA: case where the initial call set up was through TCAP FCP
	Figure 6, all blocks

	
	b. Split and Join B2BUA: case where the initial call setup was through SIP FCP
	Figure 7, block A

	Reliable Wi-Fi Handoff (7240.x)
	a. Routing B2BUA: subscriber originated or terminated scenarios; subscriber in either Wi-Fi or  Cellular mode; solution uses only SIP FCP
b. Routing B2BUA: subscriber originated scenario; subscriber in either Wi-Fi or  Cellular mode; solution uses combined SIP and TCAP FCPs
	Figure 5, all blocks

	
	c. Joining B2BUA: subscriber handoff scenario; solution uses combined SIP and TCAP FCPs
	Figure 6, all blocks

	
	d. Split & Join B2BUA: subscriber handoff or handback scenarios; solution uses only SIP FCP
e. Split & Join B2BUA: subscriber terminating followed by a handback scenario; solution uses combined SIP and TCAP FCPs
f. Split & Join B2BUA: subscriber originating followed by a handoff or handback scenario; solution uses combined SIP and TCAP FCPs
	Figure 7, block A

	Automatic Reconnect (7250.x)
	a. Release & Reconnect B2BUA: SIP-C receives a BYE reconnect the other party to the media server for playing “attempting to reconnect you” and the other party remain connected to the media server
	Figure 8, block B

	
	b. Release & Reconnect B2BUA: SIP-C sends a BYE to the media server and reconnect to the media server again to play “unable to reconnect you”

c. Release & Reconnect B2BUA: Once CSN figures that the subscriber is available (TCAP query) SIP-C sends a BYE to the media server and reconnects the other party to the subscriber
	Figure 8, block A

	Basic Dynamic Disposition (7315.x)
	a. Split & Join B2BUA: while the subscriber is alerted, an incoming INVITE joined 
	Figure 7, block B


6. Processing Requirements of SIP-Connector for Release 3.0.0
6.1 Back to back user agent functionality

The SIP Connector shall support Routing, Joining and Split & Join capabilities as described in Section 4 excepts the following:
· Service interest in routing B2B ( REF _Ref101868487 \h 
block H, diamond after 302)
6.2 Registration/Deregistration 

The UA registers with the SIP network and the SIP Connector will receive the REGISTER message either directly or via a SIP proxy. The SIP Connector shall act as a registrar for those REGISTER messages. Authentication of the registrations is not required. 
[image: image10]
· “Expires” header value shall be validated to ensure that it’s within the configured range and respond appropriately. In the event if receiving a zero valued “Expire” header the SIP-Connector shall deregister the user.
· Ensure that the “Contact” header contains a sip: uri.

· After validating the REGISTER message the SIP connector shall pass the registration/deregistration event to the CSE.

· SIP connector, in collaboration with the CSE, shall perform http authentication as per RFC 3261

· The registration event to the CSE shall contain the information received in the REGISTER message [processing logic of the P- headers is beyond phase 1].

· P-Visited-Network-ID header shall be saved in the registration context within the SIP connector and passed to the CSE for service logic execution.

· P-Access-Network-Info header shall be saved in the registration context within the SIP connector and passed to the CSE for service logic execution.
· Private user id from the username parameter in the “Authorization” header.

· Public user id from the “To” header.

· The registration context, i.e. the location information, shall be updated with the contact header received in the of the latest REGISTER message. The CSE does not need to be informed of re-registration. The SIP Connector shall inform the deregistration event to the CSE.
6.3 Support for media server interaction

The SIP Connector shall support the ‘annc’ r-uri as per netann draft [Refer 7]. The media server IP address, port and the URL that need to be appended to the ‘play=’ will be provided by the CSE.

[image: image11]
6.4 IP-IP call handling

CSN uses a double loop to “emulate” two different feature control points and map each of the loops to either originating or terminating subscriber. The CSE would instruct the SIP Connector whether an outbound request need to be manipulated so that the outbound proxy will route it back to the CSN. The SIP Connector shall enable looping the call through the network by way of one of the configured options:
a. insert the CSN route in the outbound request

b. adding a prefix to the destination
c. do nothing and the network explicitly indicate the request 

6.5 Request Processing 

6.5.1 Propagating headers and bodies
In the Routing B2B case, SIP-Connector shall pass a selected set of headers and bodies from the inbound request to the outbound request. The list of headers and the bodies that need to be propagated between the call legs shall be configurable.

Joining B2B shall only propagate the SDP.
6.5.2 Routing
An outbound request generated by the SIP-Connector shall contain the route set from the corresponding inbound request. The SIP-Connector shall inspect the route header received in the incoming request; pop the topmost route that matches the SIP-Connector; and forward the outbound request to the next route in the received route set. Remaining routes from the inbound requests shall be copied to the outbound requests. 

Care should be taken to correctly process strict routes (i.e. routes without ‘lr’ parameter) (refer RFC 3261).

When there is no route set present in the inbound request the SIP connector shall retrieve the IP address and port from the Contact header received in the REGISTER for the terminating subscriber. Optionally, the use of REGISTER information for routing purposes can be bypassed by setting a system wide flag. 
All the other cases SIP Connector shall route outbound requests to the configured outbound proxy.

6.5.3 Provisional response from SIP-Connector
The SIP-Connector shall send 100 Trying for all inbound INVITE messages immediately.
6.5.4 Origination vs. termination

6.5.5 The SIP-Connector shall identify an incoming INVITE as for the originating subscriber service based on presence or absence of one of the following configured options: 

a. R-URI parameter 

b. URI parameter in the topmost route
6.5.6 User identity

In the event of P-Asserted-Identity header present in the request, initiating user identity shall be retrieved from P-Asserted-Identity header instead of FROM header. There may be more than one identity headers present in the INVITE. The first matching identity header shall be used to correlate the calling party.

6.6 Charging

The SIP-Connector shall propagate the optional P-Charging-Vector and P-Charging-Function-Address headers from the inbound request to the outbound request. In addition the SIP-Connector shall extract the following and pass them to CSE:

a. icid-value from P-Charging-Vector

b. ccf and ecf from P-Charging-Function-Address   


6.7 Transport

The SIP-Connector shall use UDP as a default means of SIP transport with the option to enable TLS over TCP through configuration. 

6.8 Handling domain names

In the Release 3.0 scope SIP-Connector shall use IP addresses (as opposed to resolving the host names) of endpoints and outbound proxies. 

6.9 High Availability 

The SIP-Connector shall operate on cold sparing mode. When standby SIP-C detects that the active SIP-C had failed, it shall assume the IP address of the active SIP-C and start processing requests. There will be no check pointing between the pair of connectors in 3.0.0.
SDP Storage

The SIP-Connector shall store the last SDP received corresponding to each of the call legs. The “last received” means either an offer or an answer received at the SIP-Connector.
7. Open Items

· Provide Sample Message Traces for different Wi-Fi Scenarios [Owner Ragu, Status Closed] - Section 5 provides the mapping between the broader set of service requirements and specific call flows.
· Verify the “double loop” in the case subscriber-subscriber calls can be made a permanent option based on IMS call model. [Owner Ragu, Status Closed]

1. 
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   INVITE sip:+14085551212@proxy.pstn.net SIP/2.0


   Via: SIP/2.0/TCP useragent.cisco.com;branch=z9hG4bK-124


   Via: SIP/2.0/TCP proxy.cisco.com;branch=z9hG4bK-abc


   To: <sip:+14085551212@cisco.com>


   From: "Anonymous" <sip:anonymous@anonymous.invalid>;tag=9802748


   Call-ID: 245780247857024504


   CSeq: 2 INVITE


   Max-Forwards: 69


   P-Asserted-Identity: "Cullen Jennings" <sip:fluffy@cisco.com>


   P-Asserted-Identity: tel:+14085264000


   Privacy: id








INVITE sip:partyB@proxyip:port SIP/2.0


Route: <sip:proxyip;lr>


Route: <sip:sesseionid@csnip;lr>








INVITE sip:annc@msipaddress:port play=http://audio.example.com/allcircuitsbusy.g711 SIP/2.0








INVITE sip:ua2@home1.net SIP/2.0


Via: SIP/2.0/UDP p1.home1.net:5060;branch=z9hG4bK34ghi7ab04


Via: SIP/2.0/UDP 192.0.2.4:5060;branch=z9hG4bKnashds7


To: sip:ua2@home1.net


From: sip:ua1home1.net;tag=456248


Call-ID: 843817637684230998sdasdh09


CSeq: 18 INVITE


Contact: sip:ua1@192.0.2.4


P-Charging-Function-Addresses: ccf=192.1.1.1; ccf=192.1.1.2;


                                         ecf=192.1.1.3; ecf=192.1.1.4


P-Charging-Vector: icid-value=1234bc9876e;


                              icid-generated-at=192.0.6.8;


                               orig-ioi=home1.net
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REGISTER sip:csn.home.carrier.com SIP/2.0


Via: SIP/2.0/UDP 192.168.168.166:5060;rport;branch=z9hG4bK12D5CFDA23364D0BAD68185F5E56E030


From: M. Raguparan <sip:4165818451@csn.home.carrier.com>;tag=1766686492


To: M. Raguparan <sip:4165818451@csn.home.carrier.com>


Contact: "M. Raguparan" <sip:4165818451@192.168.168.166:5060>


Call-ID: 3F4E50DF3A9F41E98BFF03C448527DA3@172.16.0.21


CSeq: 61333 REGISTER


Expires: 600000


Max-Forwards: 70


User-Agent: X-Lite release 1103m


P-Access-Network-Info: “IEEE-802.11a”; net=ford-detroid-012


P-Visited-Network-ID: home.carrier.com, detroit.ford.com


Content-Length: 0
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