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1
Introduction

This contribution proposes several operator use cases for 3GPP voice interworking with an IMS-based enterprise IP-PBX.
2
Use Cases
In each of the following use cases, it is assumed that the fixed IP phone or PC has an IMS-based client. For the CS-based use cases, it is assumed that the UE is not IMS-capable.
2.1
IMS Use Cases
Use case #1: mobility from macro network to enterprise
· An enterprise user is located in the macro network (outside the enterprise premises)
· The user’s UE is connected to the Operator’s IMS Network
· The user initiates a voice call via Operator’s IMS Network
· When the user enters the enterprise premises, the user’s UE is now connected to the Enterprise Network and the Session continues
· The SIP Session remains anchored in the Operator’s IMS Network
· If the call is made towards PSTN/MNO, the media path uses the operator PSTN GW, codec converters, etc.

· If both called and calling party are within the enterprise IP-PBX, the media path is routed locally

From this use case, the requirements that have been covered in some ETSI work are on mobility

The mobility aspects related to this use case from [1] are:

· [Session mobility] enabling the UE to maintain an active session while crossing between different access technologies and different network domains

· [Continuous mobility] enabling the UE to maintain communication while roaming between network PoAs without interrupting the network connection and the associated sessions

A specific related use case from [1] is in section 8.2.5 “Continuous mobility between different network technologies of a visited public network”:
Scenario: A user is connected to his enterprise with a dual-mode mobile phone via the WMAN of a public carrier. When entering the coverage area of the PWLAN network of the same carrier, the phone automatically hands over the session to the WLAN part of the phone.

Related requirements from [1]:

· [AO01] Interoperability of mobility functions between the enterprise network and the visited networks via intervening transit networks.

· [AO02] Network must provide mediation functions between different networks technologies and terminal types.

· [AO03] Provision of seamless handover and roaming for real-time services.
Mobility analysis:

While the requirements and use case quoted are useful, they are generic and do not fully reflect the specific scenarios that we would like to consider in 3GPP, e.g. mobility between 3GPP access and wifi access in the enterprise.

Use case #2: call transfer from UE to fixed IP phone

· An enterprise user is located within the enterprise premises

· The user’s UE is connected to the Enterprise Network
· The user has an active voice call on his UE, with the SIP session anchored in the Operator’s IMS Network
· The user transfers the call from the UE to his fixed IP Phone or PC to benefit from Unified communications services within the Enterprise
· The SIP session remains anchored in the Operator’s IMS Network
· The enterprise IP-PBX is considered an App Server to the Operator’s IMS Network
· If the call is made towards PSTN/MNO, the media path uses the operator PSTN GW, codec converters, etc.

· If both called and calling party are within the enterprise IP-PBX, the media path is routed locally

There are related use cases and requirements for interconnection between enterprise IP-PBX and operator IMS in [3] and [4].
From [3], in the scenarios relating to a level of service of application level, the most relevant scenarios seem to be:

· section 8.4 Scenario 6: Business trunking (peering based) – the NGN provides services directly to the private extensions behind the NGCN
Interconnection analysis:
The scenario in [3] is already sufficiently covered in terms of architecture and functionality in [4]. Additionally, it is not clear if this scenario accurately reflects the requirement in Use Case #2 which is to consider the Enterprise IP-PBX as an AS connected to the operator IMS.

Use case #3: call transfer from fixed IP phone to UE

· An enterprise user is located within the enterprise premises

· The user’s UE is connected to the Enterprise Network
· The user has an active voice call on his fixed IP phone which is anchored in the Enterprise IP-PBX

· The user transfers the call from the fixed IP phone to the user’s UE

· The SIP session transferred from the Enterprise IP-PBX to the operator’s IMS Network
· If the call is made towards PSTN/MNO, the media path uses the operator PSTN GW, codec converters, etc.

· If both called and calling party are within the enterprise IP-PBX, the media path is routed locally

There do not seem to be any related use cases or requirements in any of the other SDO work reviewed so far.

Use case #4: mobility from enterprise to macro network
· An enterprise user is located within the enterprise premises

· The user’s UE is connected to the Enterprise Network
· The user has an active voice call on his UE, with the SIP session anchored in the Operator’s IMS Network
· Both the called and calling party are within the enterprise IP-PBX, the media path is routed locally

· When the user leaves the enterprise premises to the macro network, the session continues

· The SIP Session remains anchored in the Operator’s IMS Network
· The media path is now routed via the Operator’s IMS Network
The analysis for this use case is the same as for use case #1.
2.2 CS Use Cases
Use case #5: call transfer from UE to fixed IP phone

· An enterprise user is located within the enterprise premises

· The user has an active CS voice call on his UE which is anchored in the MSC

· The user transfers the CS voice call from the UE to his fixed IP Phone or PC to benefit from Unified communications services within the Enterprise

· The CS voice call is converted to a SIP session, which is anchored in the operator’s IMS Network
· If the call is made towards PSTN/MNO, the media path uses the operator PSTN GW, codec converters, etc.

· If both called and calling party are within the enterprise IP-PBX, the media path is routed locally

There do not seem to be any related use cases or requirements in any of the other SDO work reviewed so far.

Use case #6: call transfer from fixed IP phone to UE
· An enterprise user is located within the enterprise premises

· The user’s UE is connected to the Operator’s CS Network

· The user has an active voice call on his fixed IP phone anchored in the Enterprise IP-PBX

· The user transfers the voice call from the fixed IP phone to the user’s UE as a CS voice call
· The SIP session in the enterprise IP-PBX is transferred to the Operator’s MSC

· The CS voice call is anchored in the Operator’s MSC

· If the call is made towards PSTN/MNO, the media path uses the operator PSTN GW, codec converters, etc.

· If both called and calling party are within the enterprise IP-PBX, the media path is routed locally

There do not seem to be any related use cases or requirements in any of the other SDO work reviewed so far.

3
Proposal
It is proposed to discuss the use cases and the related analysis of the work done in ETSI, and if agreed, to include them in the TR for 3GPP voice interworking with IP-PBX.
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