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1 Abstract

This contribution addresses the issue raised in Tdoc N1-010533 at Sophia Antipolis where it was proposed that the S-CSCF needs to behave as a back-to-back user agent (B2BUA) to enforce disconnection of a prepaid session.  This contribution describes an alternative that does not use a B2BUA and uses the SIP extension REFER to achieve the same effect.

2 Introduction

During the joint CN1/SA2 ad-hoc held 3-5 April at Sophia Antipolis, Lucent proposed in Tdoc N1-010533 that the S-CSCF may need to initiate disconnection of the session when it receives the 200 OK from the callee when the S-CSCF has lost connection with the prepaid service network.  The S-CSCF acted as a UAC receiving the 200 OK and initiated a BYE towards the caller, thus acting as a B2BUA and disconnecting the session.

The purpose of this contribution is to describe a mechanism by which the S-CSCF can initiate termination of a SIP session without acting as a B2BUA.  This mechanism can be used for a network initiated disconnection at any point in the call.

3 Discussion

3.1 Use of REFER for network initiated disconnection

The SIP extension REFER [REFER] allows an entity in the SIP network to send a request to the endpoint to trigger it into sending a SIP message.  The advantage of this is that the entity initiating the REFER message does not need to be an endpoint in the session (i.e. the REFER can be initiated by a S-CSCF).

The figure below illustrates the use of the REFER message. The REFER message encapsulates the information to be sent in the BYE from UE1 to UE2 (see figure below).  When the UE1 has successfully initiated the BYE, it sends an acknowledgement to the S-CSCF.  When UE1 receives the 200 OK for the BYE, optionally, it informs the S-CSCF of the successful processing of the BYE.

Use of the method NOTIFY below, is recommended, but not mandatory. A possible implementation would have the S-CSCF waiting for a finite period of time for the NOTIFY before assuming that the BYE was processed successfully.  The S-CSCF would then release any resources associated with the disconnected session.

This mechanism of using the REFER message can to applied to any call scenario where the network has to initiate call disconnection.  It applies equally to call processing at session initiation and also during an established ongoing session.
UE1

S-CSCF

UE2

       REFER (Send BYE to UE2)


202 Accepted



BYE



200 OK

***** RECOMMENDED PROCESSING **


NOTIFY (success)


200 OK

*************************************

4 Proposal

This contribution is for TS 24.228.  It provides the information flows in the case that service control fails when S-CSCF receives the 200 OK response to a session initiation.  It should be included as a new clause 9.3.1 “Network Initiated Session Disconnection”

In the scenario below, a subscriber using UE#2 is roaming and receives an INVITE from the home network.  UE#2 reserves the necessary resources and replies to the home network with a 200 OK.  Meanwhile, the S-CSCF loses contact with the service network, but has to perform service control at reception of the 200 OK for the INVITE.  As service network is not available for providing instructions, the S-CSCF performs its default behaviour in this scenario, which is to initiate disconnection of the ongoing session. 

The S-CSCF uses the REFER message with a request to the caller (not shown) to initiate a BYE towards UE#2.  This approach is taken for the following reasons:

1. For compliance with RFC2543 that allows for network transparency in a SIP network by allowing only the end points in the session to disconnect the session.  Therefore, the S-CSCF requests the UE to initiate the disconnection using the REFER.

2. BYE initiated by the S-CSCF will imply to the caller that UE#1 has initiated disconnection, where the disconnection is network initiated.

3. If the S-CSCF initiates a BYE towards both caller and callee, it has to assume responsibility for acting as a UAC towards both UE s; complicating the state model in the S-CSCF, and requiring an extra standardisation activity to define the interworking between the two UAs within the S-CSCF.
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Procedure MT#1a is as follows: 

1. – 36. See steps. 8.2.1-1 through 8.2.1-36 in Sec. 8.2.1.  At step 36, service control determines that the call should be disconnected.

37a.

200 OK (S-CSCF to S-S) – see example in Table 9.3.1-37

S-CSCF forwards the 200 OK final response along the signalling path back to the call originator, as per the S-CSCF to S-CSCF procedure.

Table 9.3.1-37a: 200 OK (MT#1a to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Content-length:

37b.   S-CSCF initiates a REFER towards the caller to request the caller to initiate a BYE towards MT#1a.

Table 9.3.1-37b: REFER (S-CSCF to S-S)

REFER “Alien Blaster” <sip:B36(SHA-1(+1-212-555-1111; time=36123E5B; seq=72))@localhost>;

Via: 

Route:


Record-Route: 

Supported: 

Remote-Party-ID: 

Proxy-Require: 

Anonymity: 

From: 

To: 

Call-ID: 

Cseq: 165 REFER

Contact: service@scscf0.home.net 

Content-Type: 

Content-length: 0

Refer-To: sip:+1-212-555-2222@home.net;user=phone;method = BYE

Referred-By: service@scscf.home.net

v=

o=

s=

c= 

b=

t=

m=

a= 

a=

a=

a= 

38-40. See steps. 8.2.1-38 through 8.2.1-40 in Sec. 8.2.1

41. 202 Accepted

The caller sends the 202 Accepted final response along the signalling path back to the S-CSCF, as per the S-CSCF to S-CSCF procedure to acknowledge that the REFER message is being processed.  In case, the terminal/UE does not understand the REFER message, the proxy CSCF serving the caller assumes the responsibility of shutting down the gate at its PCF and releasing the call states associted with the session.

Table 9.3.1-41: 202 Accepted (S-S to S-CSCF)

SIP/2.0 202 Accepted

Via: SIP/2.0/UDP service@scscf0.home.net 

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 165 REFER

Content-length:

42. BYE

The caller initiates BYE towards MT#1a via the S-CSCF.  The P-CSCF serving the caller starts a timer awaiting the response to the BYE.  

Table 9.3.1-42: BYE (S-S to S-CSCF)

BYE sip:+1-212-555-2222@home.net;user=phone SIP/2.0

Via: SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Content-length:

43. BYE

The S-CSCF knows from its call state data that this message may be the one initiated by the REFER.  Therefore, it suppresses any special BYE related processing.  This prevents the possibility of another REFER getting spawned. The S-CSCF forwards the BYE to the P-CSCF.  At reception of the BYE, the S-CSCF starts a timer awaiting the response to the BYE.

Table 9.3.1-43: BYE (S-CSCF to P-CSCF)

BYE sip:+1-212-555-2222@home.net;user=phone SIP/2.0

Via: SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Content-length:

44. BYE

The P-CSCF forwards the BYE to MT#1a

Table 9.3.1-44: BYE (P-CSCF to MT#1a)

BYE sip:+1-212-555-2222@home.net;user=phone SIP/2.0

Via: SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Content-length:

45.


200 OK (MT#1a to P-CSCF) – see example in Table 9.3.1-45

UE acknowledges the BYE with a 200 OK response. The P-CSCF shuts down the gate at its PCF and starts releasing the call states associated with the session.

Table 9.3.10.2-45: 200 OK (MT#1a to P-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]

From: 

To: 

Call-ID: 

CSeq: 

Content-length: 0

46.                                      200 OK (P-CSCF to S-CSCF) – see example in Table 9.3.1-46

P-CSCF forwards the 200 OK response to S-CSCF. 

Table 9.3.1-46: 200 OK (P-CSCF to S-CSCF)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf.visited.net

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Content-length:

47.                                              200 OK (S-CSCF to S-S) – see example in Table 9.3.1-47

S-CSCF forwards the 200 OK response to the caller. The S-CSCF releases the call states associated with the session.  The same behaviour occurs if the 200 OK is not received and the S-CSCF timer expires (see step 43) 

Table 9.3.1-47: 200 OK (S-CSCF to S-S)

SIP/2.0 200 OK

Via: SIP/2.0/UDP pcscf.visited.net, SIP/2.0/UDP scscf.home.net, SIP/2.0/UDP scscf0.home.net SIP/2.0/UDP

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Content-length:

48.

NOTIFY (S-S to S-CSCF) – see example in Table 9.3.1-48

Optionally, the caller notifies the S-CSCF of successful processing of REFER using the NOTIFY method. The P-CSCF serving the caller shuts down the gate at its PCF and starts releasing the call states associated with the session. The same behaviour occurs if the timer started in step 42 expires before the 200 OK is received.

Table 9.3.1-48: NOTIFY (S-S to S-CSCF)

NOTIFY service@scscf0.home.net SIP/2.0 

Via: SIP/2.0/UDP scscf0.home.net, SIP/2.0/UDP pcscf0.home.net, SIP/2.0/UDP 
[5555::aaa:bbb:ccc:ddd]

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 166 NOTIFY

Event: refer

Content-Type: application/sdp

Content-length: …

SIP/2.0 200 OK

49.

200 OK

The S-CSCF acknowledges receipt of the NOTIFY bringing the network initiated disconnection to an end.

Table 9.3.1-48: 200 OK (S-CSCF to S-S)

SIP/2.0 200 OK

Via: 

Record-Route: 

From: 

To: 

Call-ID: 

CSeq: 

Content-length:
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