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1. Purpose of this document

The purpose of this document is to describe the NewStep Calling Services Node (CSN) SIP Interface for integrating the CSN with a third-party S-CSCF, SIP Proxy, PBX or a Softswitch.
2. Overview
NewStep CSN is a SIP application server acting as a back-to-back user agent. The CSN inter-works with PBXes, Softswitches, Media gateway controllers and CSCF [2]. Mid-call service requests may be received as new call initiation events from the subscriber terminals that are interpreted by the CSN; in which case the CSN acts as a terminating user agent. This document describes the SIP interface between the CSN and the network elements for invoking mobile call management services provided by the CSN.
Key attributes of the CSN SIP interface are:
1) Endpoint Registration Event – used by the CSN to validate the user/terminal to invoke a given call management service, extract the location of the user/terminal, extract the terminal identity, and to retrieve the user preference. 
2) Call Initiation Request – indicates a call initiation attempt from one of the served subscribers or non-subscribers. The CSN route this event back to the network after processing the originating subscriber services. The destination address of the received request could be another subscriber, non-subscriber, or a routing number corresponding to the CSN. 
3) Call Termination Request – indicates a call termination attempt to a served subscriber.
4) Application Server Initiated (ASI) Request – indicates a call attempt initiated by the CSN on behalf of a subscriber.

5) Public Service Identity (PSI) call requests – indicates calls that route towards the CSN  to invoke the identified service.
6) Routing of outgoing request – after processing call origination or termination requests the CSN forwards the request to the network. The next hop of the outgoing request from the CSN is determined based on the incoming request, registration information, and configuration.

7) CSN utilize SIP Events mechanism (RFC 3265) to obtain subscriber presence information and MWI notification. MWI indication can be also received and distributed to the subscribers’ terminals using unsolicited NOTIFY requests. 

8) CSN support DTMF detection using SIP INFO requests as well as using both solicited and unsolicited in-dialog NOTIFY requests. DTMF notification can be either propagated or extracted from the signalling path.  
9) CSN supports  creation of SIP Session with early media disable (INVITE with no SDP)
10) Support both INVITE and UPDATE methods for session modification

11) MESSAGE requests originating and terminating. 
12) In dialog REFER requests: both propagating and local treatment are supported.

13) Session timer activation is driven by service logic.
14) Multiple listening ports, UDP/TCP/TLS support.
15) Flexible authentication policy of incoming registration, session initiation and transaction requests. 

16) Enabling flexible mechanisms for application data exchange between a subscriber’s devices and service logic.
17) Billing Information – to preserve the session billing capability of the downstream elements CSN preserves the billing correlation information in the outgoing requests. In the event of no billing information is embedded in the call initiation request, the CSN inserts charging information in the responses and outgoing requests.
3. Document OrganizAtion

This document is organized as follows:

Section 5 describes the back-to-back user agent and the half call model of the CSN Application.

Section 6 describes the call processing interface capabilities when interfacing with an S-CSCF, SIP Proxy or a Softswitch. This section describes the handling of subscriber registration, subscriber originated and subscriber terminated call handling, and call termination initiated by the application, call termination initiated from the endpoints/network.
Sections 9,10 describe additional SIP mechanism used by CSE (messging and SIP events)
Sections 13 and Section 15 describes the failover mechanism of CSN and the complied standard.
4. AbbrEviations, Terminology and Assumptions
4.1 Abbreviations

CSN – Converged Services Node

CSCF – Call Session Control Function

R-URI – request URI

S-CSCF – Serving Call Session Control Function
VCC – Voice Call Continuity

VDI – VCC Domain Transfer URI

VDN – VCC Domain Transfer Number

4.2 Terminology
CSN - NewStep Networks’ Converged Services Node, back-to-back user agent based Application Server

Call Session Controller – SIP Proxy Server that may also provide additional functions of S-CSCF
Initial Request – the first request that establishes a new dialog; referred to the first INVITE for the dialog

Subsequent Request – further requests corresponding to an established dialog; referred to re-INVITE, BYE, etc.
O-Call – the subscriber –to- CSN call. There are two dialogs associated with the O-Call subscriber-CSN (other party) and CSN (other party)-CallSessionController. If destination is also a subscriber the Call Session Controller would send the request back to the CSN.

T-Call – the CSN –to- subscriber call. There are two dialogs associated with the T-Call - CallSessionController-CSN and CSN-subscriber.

Subscriber – the user of the network for whom CSN provides call control services; hence a valid service profile exists in the CSN for the mentioned subscriber.

Third party registration – a network based registrar accepts the SIP registration from the subscribers and authenticates. Upon successful registration, the registrar notifies CSN by sending a modified REGISTER message.
Handoff – A Voice Call Continuity (VCC) feature that moves the call from subscriber’s mobile device to subscriber’s WIFI device. The WIFI device initiates a handoff request by calling the VDI.
Handback – VCC moves the call from subscriber’s WIFI device to subscriber’s mobile device. The mobile device initiates a handback request by calling the VDN.

5. Call Model

The CSN application server is built based on half call model. Following diagrams show the relationship between the Service Session, back-to-back users and dialogs on stable state. Mid-call services may be performed on one of the shown configurations.  There may be additional mid-call service dialogs that are established and destroyed during the transition.
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Figure 1 CSN Call Model from SIP Session Control Layer perspective a. Subscriber –to- Subscriber call b. Subscriber –to- Non-Subscriber call c. Non-Subscriber –to- Subscriber call
6. General Request Processing
This section describes CSN processing of messages received over SIP interface. Key SIP headers are described in subsequent sections and rest of the information elements are processed as per [1], [2] and the standard extensions.
6.1 Supported URI types

CSN supports sip:, sips: and tel: URI formats. tel: URI is supported in Request URI, FROM, TO CONTACT, P-ASSERTED-IDENTITY DIVERSION, Remote-Party-ID and  History-Info headers;

6.2 Registration

The CSN uses the third or first party registration from the S-CSCF/Registrar (on behalf of the served user) or directly from the subscriber’s device to infer device presence, user location, and the access network type. 
6.2.1 Parameters 

	SIP Header 
	Value
	Description 
(M - mandatory, O – optional from CSN service logic point of view) i.e. the mandatory headers are critical for the correct service execution, Some of the headers that are identified  here as mandatory are optional from RFC 3261[1]

	To
	<sip:subscriberDN@cscfaddress:port>
	(M) Subscriber DN is used to determine whether the received registration is from a subscriber. The string to match the host-part can be configured.

	Contact
	<sip:subscriber@cscfaddress>; maddr=ipaddress:port
	(M) Host part of the contact header is used to determine the Session Controller who acts as a registrar for the subscriber. If present, maddr will be used to learn the Session Controller address and port.

	Expires
	<number>
	(O) Number of seconds for which registration is valid; if registration refresh is not received within the specified time the application will clear the registration context.

	P-Access-Network-Info
	“IEEE-802.11a”; net=newstep- ottawa-011
	(O) If present, get propagated into CDR of the calls made to and from this device.

	WWW-Authenticate
	Authentication challenge
	(O) Either formulated by CSN or forwarded to the subscriber device

	Proxy-Authenticate
	Authentication challenge
	(O) Forwarded by CSN to the subscriber device

	Authorization

Proxy- Authorization
	Authentication credentials
	(O) Provided by subscriber device and either validated by CSN or forwarded to SIP Registrar


Table 1 REGISTER parameters
6.2.2 Processing behaviour 
6.2.3 Third party registration
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Figure 2 Third-party registration message flow

1. Subscriber registration received at the S-CSCF, S-CSCF authenticates the registration. Challenges the subscriber for further credentials if necessary (not shown in the diagram). 

2. Once authenticated, S-CSCF responds with the 200 OK to the subscriber

3. S-CSCF generates a third party registration message to CSN; CSN R-URI is configured in the S-CSCF; Upon receiving the REGISTER message CSN updates its internal subscriber registry indicating that the subscriber is available in IP domain with the CONTACT. Additional information received regarding the access network is also stored in the subscriber registry. 

4. CSN responds with a 200 OK. If the registration domain does not match the one supported, CSN responds with 404
5. 
6.2.3.1 Direct subscriber device registration
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Figure 33 direct device registration message flow

1. Subscriber device has CSN address provisioned as outbound proxy and sends REGISTER request to CSN. 
2. CSN issues 401 Unauthorized response providing authentication challenge (optional)
3. Subscriber device sends another REGISTER request providing authentication credentials
4. CSN validates authentication credentials and in case of successful validation responds with 200 OK.
6.2.3.2 Registration forwarding
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Figure 4  Registration forwarding
1. Subscriber device has CSN address provisioned as outbound proxy and sends REGISTER request to CSN. 

2. CSN issues 401 Unauthorized response providing authentication challenge (optional)
3. Subscriber device sends another REGISTER request providing authentication credentials

4. CSN validates authentication credentials and in case of successful validation responds with 200 OK and forwards REGISTER request to Registrar. The response sent by Registrar is discarded and does not affect service logic. 
6.2.3.3 Registration relay
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Figure 5 Registration relay
1. Subscriber device has CSN address provisioned as outbound proxy and sends REGISTER request to CSN.  CSN relays the request to the registrar.
2. Registrar issues 401 Unauthorized response providing authentication challenge and CSN relays this response back to the device(optional)
3. Subscriber device sends another REGISTER request providing authentication credentials. This request is relayed to Registrar by CSN.
4. Registrar validates authentication credentials and in case of successful validation responds with 200 OK and response is relayed back to the subscriber device. 

6.3 Originating Call Processing

CSN receives the initial request from the S-CSCF, PBX or subscriber device directly when a subscriber originates a call. Upon completion of originating service logic, CSN sends the call out to PBX or CSCF and preserves the route information from the originating SIP request in later case. As further optimization for non-IMS environment CSN detects that a call is targeted to another CSN subscriber and optionally loops the call back to itself for serving destination subscriber as shown in Figure 1 (first diagram). 
Mid-call service requests are also configured as originating subscriber service. CSN application acts as a UAS, and during the seamless handoff, for example, service logic terminates one leg of the previously established call, replacing it with the inbound leg.  

6.3.1 Parameters

From the CSN processing of the request there is no difference between initial and subsequent INVITE transactions other than the behaviour as per [1].
	SIP Header 
	Value
	Description 
(M - mandatory, O – optional from CSN service logic point of view) i.e. the mandatory headers are critical for the correct service execution, Some of the headers that are identified  here as mandatory are optional from RFC 3261[1]

	request URI
	<sip:calledDN@csnaddress:port; param>
	(M) Optionally, presence or absence of an R-URI parameter can be used to determine whether the request corresponds to originating or terminating subscriber service. The URI parameter can be configured.
By default R-URI is not used to distinguish originating and terminating subscriber.
Additionally user part of R-URI can be used to convey service invocation parameters and calling device state information.



	FROM
	<sip:subscriberDN@cscfaddress>
	(M) Calling subscriber is identified in the user part, if no P-Asserted-Identity header is present.
Additionally display name of From header can be used to convey calling device state information.



	TO
	<sip:calledDN@csnaddress>
	(M) Called user is identified in the user part. 

	P-Asserted-Identity
	<sip:confirmedsubscriberDN@cscfaddress>
	(O) If present, user part of the P-Asserted-Identity header is used for identifying the calling party instead of FROM header. When multiple headers are present, originating subscriber services are provided to the first matching identity. 

	Route
	<sip:orig@csnipaddress;lr;orig> <sip:string@cscfaddress:port;lr;param>
	(O) If the routes are present in the incoming request, CSN strips the topmost route and preserves the second route when sending the outbound request. The routes are ignored if the request deemed a mid-call service request where the final destination of the request is the CSN.
Optionally, the user part of the first route can be used to determine whether request corresponds to originating or terminating subscriber service. The string to match the user part of the first route can be configured.
Optionally, absence/ presence of a URI parameter in the topmost route can be used as an indication that the request corresponds to originating subscriber service. 
By default, presence of ‘orig’ parameter in the topmost route indicates that the CSN need to invoke originating service.

	P-Charging-Vector
	icid-value=1234bc9876e;                              icid-generated-at=192.0.6.8;                               orig-ioi=home1.net


	(O) If the service logic results in generating a new request out, received icid value is preserved. The ICID, IOI values are inserted in the CDR.

	Diversion
	“John” <sip:4169795404@newstep.com>
	(O) Provides the redirecting number if the call was redirected to the CSN.

	Call-HISTORY
	<sip:UserA@newstep.com?Reason=SIP%3B\ 

Cause%3D302>;index=1; 
	(O) Alternative mechanism of providing redirecting number the call was redirected to the CSN.

	ReMOTE-PARTY-ID
	"John Doe" <sip:jdoe@newstep.com>;party=calling;id-type=subscriber;
privacy=full; screen=yes
	(O) Alternative mechanism of providing subscriber identity and privacy level for the call.


	Privacy
	user, id
	(O) Defines the privacy level for the call. .


Table 2 Incoming INVITE request headers (Call Session Controller –to- CSN Application)
Upon successful execution of the service logic, the CSN back-to-back user agent may send an outbound request to the S-CSCF. In this case the outbound INVITE request carries the following key parameters.
	SIP Header
	Value
	Description 
(M – mandatory, O – optional from CSN service logic point of view) i.e. the mandatory headers are critical for the correct service execution, Some of the headers that are identified  here as mandatory are optional from RFC 3261[1]

	request URI
	<sip:calledDN@cscfaddress:port; param>
	(M) Called number 
Optionally, CSN may insert a prefix to the original dialled number in the user part of the sip: URI.

Optionally, CSN may replace the original dialled number with a translated number in the user part of the sip: URI.

Optionally, a R-URI parameter can be inserted. 
By default no parameter is included to indicate originating or terminating handling.

	FROM
	<sip:subscriberDN@csnaddress>
	(M) Request originator 
Depending on the service logic the user part of the sip: URI may be replaced with an alternate identity.

	TO
	<sip:calledDN@cscfaddress>
	(M) Called number. 
In the event of request manipulation for routing purposes, the original dialled number is preserved in the user part of the sip: URI.

	P-Asserted-Identity
	<sip:subscriberDN@csnaddress>

<tel:+1234567890>
	(O) Depending on the service logic the user part of the sip: URI may be replaced with an alternate identity. 

	REMOTE-PARTY-ID
	"John Doe" <sip:jdoe@newstep.com>;party=calling;id-type=subscriber;
privacy=full; screen=yes
	(O) Alternative mechanism of providing identity and privacy level for originating party.



	Route
	<sip:string@cscfaddress:port;lr;param>
	(O) If received in the incoming request, after removing the topmost route, rest of the routes are forwarded unchanged in case of IMS deployment. In other types of deployment Route header is set in accordance with selected outbound address. 

	P-Charging-Vector
	icid-value=1234bc9876e;                              icid-generated-at=192.0.6.8;                               orig-ioi=home1.net


	(O) If received in the incoming request the same header is copied here. Otherwise, CSN generates this header. Through configuration P-Charging-Vector header creation can be disabled. 

	Diversion
	“John” <sip:4169795404@newstep.com>
	(O) CSN propagates the DIVERSION header from the incoming request

	Privacy
	user,id
	(O) Preserves the header from the incoming call


Table 3 Outgoing INVITE request headers (CSN Application –to- Call Session Controller) 
6.3.2 Processing behaviour
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 Figure 6 Subscriber -to- Non Subscriber routing
Note: in some deployments subscriber originated call can reach CSN directly rather than traversing PBX/SCSF
6.3.3 Response

· Immediately after receiving INVITE, 100 trying are sent. Any further 18x responses (after step 6 in Figure 6) from the second leg are propagated to the first leg with option of stripping SDP for unreliable provisional responses.
· In case of failure of retrieving subscriber profile, CSN returns a 503 response for PSI profile.  For non-PSI calls, CSN completes the call applying outbound address selection and message modifying procedure.
· Upon receiving the 200OK from the second leg, the final response is propagated to the first leg (step 10 in Figure 6) with optional message modification. For example, CSN may update Remote-Party-ID header in order to provide call processing instructions to subscriber’s device.
· Other requests for the second dialog are propagated to the first dialog, except REFER. REFER request is either forwarded with optional message modification as required by service logic or handled locally by CSN.
· 3xx (redirect) responses are handled by sending a new INVITE with the CONTACT header received in the 3xx to the second leg. 3xx response is not propagated to the first leg.

6.4 Terminating Call Processing

CSN receives the initial request from the S-CSCF/PBX when a call is terminated to a subscriber. This call may have been originally processed by the CSN for originating subscriber; but the terminating subscriber service processing is independent of the originating subscriber service processing. Optionally, after the subscriber service logic execution a request manipulation procedure is performed to enable proper network routing. E.g. add a prefix to the destination DN so that the legacy network does not route the call back to the IMS/PBX platform.

6.4.1 Parameters

Key headers in the INVITE request are described in the following table. From the CSN processing of the request there is no difference between initial and subsequent requests other than the behaviour as per [1].
	SIP Header
	Value
	Description 
(M - mandatory, O – optional from CSN service logic point of view) i.e. the mandatory headers are critical for the correct service execution, Some of the headers that are identified  here as mandatory are optional from RFC 3261[1]

	request URI
	<sip:calledDN@csnaddress:port; param>
	(M) Called Number, 
In some cases prefixed with routing code.
Optionally, a presence or absence of an R-URI parameter can be used to determine whether the request corresponds to terminating subscriber service. The URI parameter can be configured. 
By default R-URI is not used to distinguish originating and terminating subscriber.

	FROM
	<sip:callingDN@cscfaddress>
	(M) Request originator is identified, if no P-Asserted-Identity header is present.

	TO
	<sip:subscriberDN@csnaddress>
	(M) Terminating subscriber. CSN use the user part to determine the served terminating subscriber

	P-Asserted-Identity
	<sip:confirmedcallingDN@cscfaddress>
	(O) If present, user part of the P-Asserted-Identity header is used for identifying the calling party instead of FROM header.

	Route
	<sip:term@csnipaddress;lr;term> <sip:string@cscfaddress:port;lr;param>
	(O) If the routes are present in the incoming request, CSN strips the topmost route and preserves the other routes when sending the outbound request. The routes are ignored if the request deemed a mid-call service request where the request is processed by the CSN UAS, not the back-to-back UA.

Optionally, the user part of the first route is used to determine whether request corresponds to originating or terminating subscriber service. The string to match the user part of the first route can be configured.
Optionally, absence/ presence of a URI parameter in the topmost route can be used as an indication that request corresponds to terminating subscriber service. 
By default, absence of ‘orig’ parameter in the topmost route indicates that the CSN need to invoke terminating service.

	P-Charging-Vector
	icid-value=1234bc9876e;                              icid-generated-at=192.0.6.8;                               orig-ioi=home1.net


	(O) If the service logic results in generating a new request out, the icid value is preserved.

	Diversion
	“John” <sip:4169795404@newstep.com>
	(O) Provides the redirecting number if the call was redirected to the CSN.

	Privacy
	user, id
	(O) Defines the privacy level for the call.


Table 4 Incoming INVITE request headers (Call Session Controller –to- CSN Application)
Upon successful execution of the service logic, the CSN back-to-back user agent may send an outbound request to the S-CSCF. In this case the outbound INVITE request carries the following parameters.

	SIP Header
	Value
	Description 
(M - mandatory, O – optional from CSN service logic point of view) i.e. the mandatory headers are critical for the correct service execution, Some of the headers that are identified  here as mandatory are optional from RFC 3261[1]

	request URI
	<sip:subscriberDN@cscfaddress:port>
	(M) Called number 
Optionally, CSN may insert a prefix to the original dialled number in the user part of the sip: URI.

Optionally, CSN may replace the original dialled number with a translated number in the user part of the sip: URI.

Optionally, a R-URI parameter can be inserted. 

By default no parameter is included to indicate originating or terminating handling.

	FROM
	<sip:callingDN@csnaddress>
	(M) Request originator is identified, if no P-Asserted-Identity header is present.

	P-Asserted-Identity
	<sip:confirmedcallingDN@csnaddress>
	(O) If received in the incoming request, user part of the P-Asserted-Identity header is copied from the incoming INVITE request.

	Route
	<sip:string@cscfaddress:port;lr;param>
	(O) If received in the incoming request, after removing the topmost route, rest of the routes are preserved.

	P-Charging-Vector
	icid-value=1234bc9876e;                              icid-generated-at=192.0.6.8;                               orig-ioi=home1.net


	(O) If received in the incoming request the same header is copied here. Otherwise, CSN generates this header. Through configuration P-Charging-Vector header creation can be disabled.

	Diversion
	“John” <sip:4169795404@newstep.com>;reason=user-busy
	(O) If call forwarding feature is enabled in the subscriber profile, the call may contain diversion reason if the subscriber call is forwarded for various reasons.

	Privacy
	user,id
	(O) Preserves the header from the incoming call


Table 5 Outgoing INVITE request headers (CSN Application –to- Call Session Controller)
6.4.2 Processing behaviour
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Figure 7 Subscriber/Non-Subscriber-to- Subscriber routing
Note: in some deployments CSN can dispatch the call directly to subscriber
6.4.3 Response

· Immediately after receiving INVITE, 100 trying are sent. Any further 18x responses (after step 6 in Figure ) from the second leg are propagated to the first leg.
· In case of failure of retrieving subscriber profile, CSN returns a 503 response for PSI profile.  For non-PSI calls, CSN completes the call applying outbound address selection and message modifying procedure.

· 
· Upon receiving the 200OK from the second leg, the final response is propagated to the first leg (step 10 in Figure ).

· Other requests for the second dialog are propagated to the first dialog, except REFER. REFER request is either forwarded with optional message modification as required by service logic or handled locally by CSN.


6.5 Application Server Initiated (ASI) Requests

ASI calls are initiated by the CSN on behalf of a subscriber. Calls are made by the subscriber service for services such as simultaneous ringing on multiple subscriber devices. 

CSN generates an INVITE request and sends the outbound request to the S-CSCF. In this case the outbound INVITE request carries the following key parameters.

	SIP Header
	Value
	Description 
(M – mandatory, O – optional from CSN service logic point of view) i.e. the mandatory headers are critical for the correct service execution, Some of the headers that are identified  here as mandatory are optional from RFC 3261[1]

	request URI
	<sip:calledDN@cscfaddress:port; param>
	(M) Called number 

	FROM
	<sip:subscriberDN@csnaddress>
	(M) Request originator 

Sets the originator of the call, possibly the subscriber DN.

	TO
	<sip:calledDN@cscfaddress>
	(M) Called number. 

Sets the callee DN.

	P-Asserted-Identity
	<sip:subscriberDN@csnaddress>

<tel:+1234567890>
	(O) Depending on the service logic the user part of the sip: URI may be set as the subscriber DN.

	Route
	<sip:string@cscfaddress:port;lr;param>
	(M) CSN writes a new set of ROUTE headers. Please see the next subsection about header manipulations for details.

	Privacy
	user,id
	(O) Sets the privacy level for the call.


6.5.1 Header manipulation on ASI calls 

If the call type is determined to be an ASI call, we will apply the following header manipulation rules as well:

· Apply a configurable header and value to the outgoing INVITE message. A different configurable header is available for O-Calls and for T-Calls;

· Apply a configurable header parameter and value to the topmost Route header in the outgoing INVITE message. A different configurable parameter is available for O-Calls and for T-Calls;

· Exclude a set of headers from the incoming INVITE message. This applies to both O-Calls and T-Calls.

6.6 Public Service Identity (PSI) Requests
CSN acts as a SIP UAS for receiving PSI calls. PSI calls are originated by the subscriber to invoke a service offered by the CSN. These services can be but not limited to:
· CAMEL triggers to anchor a call to the CSN via a temporary pool of numbers;

· Direct Call Establishment (DCE) request;

· Handoff request;

· Handback request;

· Call Pickup request;

· 2 Stage Dialling request.
6.7 Session Termination

Session termination request from the network or endpoints is propagated to the call legs associated to the CSN session. In addition, service logic execution can result in a CSN initiated dialog termination. The dialog termination is performed as per RFC 3261, where the BYE is sent to the top most route in the route set constructed during dialog establishment. If there is no route set for the dialog, i.e. no Record-route received in the initial request, CONTACT header is used to determine the destination of the BYE. This section describes the CSN session termination where both calling and called party dialogs are terminated.
Alternatively, CSN can accept leg termination and place another party involved in the session on-hold with subsequent call reconnecting or pickup.  
6.7.1 Parameters

No special parameters other than the dialog identifiers specified in [1] are used.
6.7.2 Processing behaviour
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 Figure 8 Non-Subscriber -to- Subscriber call termination
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Figure 9 Non-Subscriber -to- Subscriber call terminated during mid-call service execution
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 Figure 10  Non-subscriber -to- subscriber call termination during mid-call service execution
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Figure 11 Subscriber -to- Subscriber call termination
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Figure 8 Subscriber call termination with placing non-subscriber call on hold.

6.7.3 Response

· 200 OK response sent for the dialog for which the BYE was received

· INVITE dialogs that are part of the same CSN session for which final responses are not sent are responded with 487 Request Terminated

· INVITE dialogs that are part of the same CSN session  for which final responses are sent are sent BYE

6.8 Other request handling

CSN also supports the following request methods:

1. OPTIONS requests are not handled in B2B manner and  are replied with 200 OK response specifying list of supported methods. Since CSN never originates neither terminates media, no SDP is specified.
2. PRACK requests as recommended in RFC3262.
3. UPDATE request handling as recommended in RFC3311.

4. INFO requests received will be passed onto the other call leg in a subscriber session. If other call leg is not established yet, CSN accepts INFO message. In case INFO is used as DTMF relay mechanism, service logic is getting notified.
5. Unsolicited NOTIFY requests received will be passed onto the other call leg in a subscriber session. If other call leg is not established yet, CSN accepts NOTIFY message. In case NOTIFY is used as DTMF relay mechanism, service logic is getting notified.
6. SUBSCRIBE requests are rejected with 501 response code.
6.9 Propagation of information between the back-to-back calls

When routing calls, CSN Application propagates all headers (including Route headers and P-Charging-Vector headers) between the dialogs. Optionally a set of headers to avoid propagating can be configured.  Some headers (Contact, Remote-Party-ID) can be modified as required by service logic. Note that due to mid-call services, Seamless Handoff for example; the original dialogs that were created may not remain part of the same B2B during the life of the CSN session. 
6.10 Next hop determination

To determine the next hop, CSN first determines the type of call. There are 2 main types of call:

1) Application Server Initiated (ASI) call – as an application server, the CSN may initiate a new call on the terminating call leg when the incoming call leg was generated outside of the IMS network. In additions calls that are originated from (targeted to) device with DN different from subscriber’s identity SDN are considered to be ASI. CSN must get the next hop to the S-CSCF. In case of non-IMS deployment all calls are considered to be ASI. In this case next hop is determined based on CSN domain configuration and can be PBX, gateway, proxy or subscriber terminal.
2) Non-ASI call – calls that are routed to the CSN from the IMS. CSN will follow the route headers provided in the incoming call.


6.10.1 Outbound Address Selection

CSN can configure multiple outbound proxies for use in next hop determination. S-CSCF should be configured at the default outbound proxy. If there is more than one outbound proxy, it is selected based on different filter from the incoming INVITE message:

· Look for a specific URI parameter in the request URI;

· Look for a specific header parameter in the top-most Route header;

· Look for a specific hostname/IP in the request URI;

6.10.2 Tel: URI format routing
When the next hop is determined to be an address with tel: URI format, the next hop address will be the S-CSCF (or the default outbound proxy). 
6.11 DNS/SRV resolution

For each of the destinations the SRV lookup will return a list of host names; one group of hosts with lower weight (active) and another group of hosts with higher weight (standby). CSN routes requests on round robin manner to the hosts with lower weight under normal conditions, when the request timeout a host from the higher weight need to be chosen to forward the same request.

CSN also caches the results of these queries for a configurable refresh timer, so that DNS/SRV lookups are not excessive.

In the event of CSN receives a 503 Service Unavailable or transaction timeout, the unavailable host is marked as unavailable and the same SIP request is forwarded to an alternate host in the standby group. The host selected from the standby group is temporarily added to the active group until the next cache refresh period.
7. Response Processing

7.1 Redirect response processing

3xx redirect responses received on the second leg are handled by sending a new INVITE with the CONTACT header received in the 3xx to the second leg. 3xx responses are not propagated to the first leg. The CONTACT header is not cached at the CSN.
8. Media Negotiation
8.1 Media Negotiation

CSN can influence the media codecs in the SDP that are exchanged in a subscriber session between the two call legs. As a B2BUA, CSN maintains the versioning of the o= line in the SDP.
CSN can influence the following attributes in the SDP:

· Allow a configured list of media codecs to be exchanged and discards other types of codecs;

· Change the order of the media codecs if set in the configuration
8.2 SDP hold methods

The standard way to put a call on hold is to set the SDP media attribute to “a=inactive” as recommended by RFC3264. However, certain older media gateways do not support this method as recommended by the older SIP spec in RFC2543. In these cases, the IP address in the connection line of the SDP should be set to 0.0.0.0.

CSN makes this behaviour configurable: either the call is put on hold by adding a=inactive attribute (default), or by changing the IP address of the SDP to “0.0.0.0”.

9. Instant MessaGING SUPPORT (RFC 3842)
10. CSN supports receiving and originating of SIP MESSAGE requests as part of SMS over IP feature. 
11. SIP Specific Event Notification (RFC 3625)

CSN uses SIP Event notification in the following cases:

· Obtaining subscriber’s presence information using presence event package (RFC 3856).
· MWI notification. CSN supports both subscription triggered notification and unsolicited notifications (RFC 3842). Also CSN provide option of MWI delivery using unsolicited NOTIFY message based in subscriber presence.
12. SIP Configuration Options

Through CSN Management Console the SIP protocol specific behaviour can be configured. These configuration parameters are applied against a pair of SIP connectors.
	Function
	Configuration Options

	Determination of originating subscriber request
	· Based on UDP/TCP port on which incoming INVITE has been received

· Based on presence or absence of a R-URI parameter, parameter name is specified as a string
· Based on presence or absence of a URI parameter in the topmost route header, parameter name is specified as a string

	Determination of terminating subscriber request
	· Based on UDP/TCP port on which incoming INVITE has been received

· Based on presence or absence of a R-URI parameter, parameter name is specified as a string

· Based on presence or absence of a URI parameter in the topmost route header, parameter name is specified as a string
· Based on a prefix in the R-URI

· Based on specified user part in the  topmost route, the user part is specified as a string

	Indication of originating subscriber
	· Insert specified parameter in the R_URI
· Insert specified parameter in the top most route

	Indication of terminating subscriber
	· Insert specified parameter in the R_URI

· Insert specified parameter in the top most route

	Propagation of SIP headers, body and parameters between the inbound and outbound call legs when CSN routing the request
	· A list of 20 header names can be specified. The configured header name will not be propagated to the outbound calls.
· By default, application/sdp type of body is propagated between the call legs. 

	P-Charging-Vector processing
	· When enabled P-Charging-Vector header is correlated to CSN service session by the service logic and included in the billing events.

	Request manipulation for routing purposes
	· Configured routing code is prefixed in the outbound INVITE to the received user part of the R-URI before sending the INVITE out. Different prefix can be specified for originating and terminating subscribers. 


Table 6 SIP configuration options
13. Error Handling

The following table summarizes the error conditions and the corresponding error responses generated by the CSN. Acting as a back-to-back user agent CSN forwards all non 2xx responses, other than 3xx-redirect
	Condition
	Description
	Error Response

	Unknown subscriber
	REGISTER or INVITE (for PSI call) received for originating or terminating indication for which there is no subscriber associated or subscriber is not provisioned with the service
	404 Not Found

	Unsupported method
	SUBSCRIBE
	501 Not Implemented

	Unsupported header
	When CSN receives INVITE with Join header, 
	488 Not Acceptable Here

	Resource threshold exceeded
	During normal operation mode CSN monitors consumption of the following resources:

· Current call rate

· Memory usage of pre-allocated pools

· Amount of allocated call legs

Configurable thresholds can be set. When one of the thresholds exceeded, then CSN will reject the incoming call.
	500 Server Internal Error


Table 7 CSN generated SIP error messages
14. Failover 

The CSN Application is implemented as a pair of active-standby processes. The active-standby processes run on separate servers connected to the Session Controller via two separate networks.  The pair of processes exposes a single sip: URI for the Session Controller(s) for receiving messages. Failure of one of the processes or network is transparent to the Session Controller(s) like S-CSCF, SIP Proxy and Softswitch.
CSN coordinates active calls with the hot-standby instance. Service sessions that are in stable state will be replicated to the standby instance. When a failure happens, the service session will remain connected and can continue to propagate SIP messages such as re-INVITE, INFO, BYE requests to the other call leg. Even though the service session will remain connected, no mid-call services can be provided on a failover call (ie. No VCC feature).
A CSN service session that is considered stable is when both call legs of the session are connected. A call leg is considered connected when the ACK message is either received or sent on the INVITE transaction.
15. Limitations
· The user part of the URI must be telephony numbers 

Some of the SIP methods and headers are intentionally handled as unknown type in order to maintain the integrity of the service.

· 
· 
· INVITE with Join header (RFC3911) – responded with a 488  Not Acceptable Here

· 
· 
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