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Abstract of the contribution:

The PacketCable project is developing an architecture and associated set of specifications for the Cable Industry which is highly aligned with the 3GPP IMS effort. 
Number Portability and support for Pre-Subscribed Carriers are among the requirements that the architecture is required to support. This contribution examines possible implications and options for support of these requirements in the IMS architecture. 
1.0 Number portability

Number Portability is a common regulatory requirement in many markets that enables competition between service providers, by allowing an end user to change service providers while retaining their E.164 telephone number. This form of Number Portability may be referred to as "Service Provider Number Portability". 

The mechanism used to support Number Portability may vary from market to market. An overview of different mechanisms is described in RFC 3482, "Number Portability in the Global Switched Telephone Network (GSTN):  An Overview".  This document focuses on the "All Call Query" mechanism described in RFC 3842, in which the Originating Network, when processing a call request, queries a Number Portability Database to determine whether a terminating E.164 number is ported. If the number is ported, the Number Portability Database returns a Number Portability "Routing Number" associated with the service provider network that now serves the terminating E.164 number, allowing the originating network to route to the correct service provider. In some markets, such as North America, the "N-1" network will perform the NP Query: For a "local" call, the originating carrier's network performs the query, but if the call is a "long distance" call, the long distance carrier's network performs the query. The mechanisms in ISUP Signaling to provide the routing number, and an indication that a NP query has been performed (such that downstream nodes do not need to query the NP Database) may vary based on market. The mechanisms to query the NP Database may also vary from market to market.

Given that IMS-based networks may be used to support voice services in regulated markets with Number Portability requirements, IMS networks need to support Number Portability mechanisms such as "All Call Query".

To support number portability, the IMS network should determine, when appropriate, whether or not the called number is ported. If the called number is ported to a PSTN destination, then the IMS network should apply routing policy based on the NP routing number, and also must pass the routing number and the NP database dip indicator to the PSTN. The mechanism for obtaining the NP data is out-of-scope for this discussion and may vary based on the PacketCable component that obtains the NP data. 

Existing IMS procedures define that the S-CSCF resolves a Tel URI containing an E.164 address to a SIP URI using an ENUM/DNS mechanism. It is assumed that the when such a Tel URI resolves to a SIP URI, an NP Query is not required by the IMS network. In this case the request may be routed based on the SIP URI. As such, it is assumed that updating of the ENUM/DNS Server containing the E.164 address to SIP URI mapping is synchronized with NP porting procedures. The procedures/mechanisms for such synchronization are out of scope of this document.

When a Tel URI containing an E.164 number cannot be resolved to a SIP URI, the IMS network will obtain NP data for the called number, where appropriate (for example, in North America, if the request is to be routed to an Inter Exchange Carrier, the IMS network is not required to perform the query. Rather, the "N-1" carrier should typically perform the query).
There may various options for the component that obtains the NP data:
· As a default, the NP query, when required, can be performed by the MGCF, if an NP query had not already occurred for the request (it is reasonable that the request will be normally routed to an MGCF that would be able to route appropriately based on the results of a query). This may be advantageous in that the MGCF may reside in the terminating market and could have any market-specific interfaces to obtain NP data.
· The S-CSCF may also support NP capabilities. If the S-CSCF supports NP capabilities, the S-CSCF should be configurable to control whether or not these capabilities are to be utilized, to provide flexibility as to where the NP query is performed. The details on the mechanisms by which an S-CSCF obtains NP data is out of scope of this document but could include ENUM based mechanisms, including mechanisms by which NP data is obtained from the E.164 to SIP URI resolution request (e.g. a single query via ENUM which may be advantageous to avoid multiple queries). Such mechanisms are the subject of currently evolving IETF Internet Drafts, see draft-ietf-enum-pstn-03.txt. Routing policies to handle the case where the S-CSCF resolves a Tel URI to a SIP URI, and also obtains NP data associated with the Tel URI, are out of scope of this document.
· It may also be possible for as AS running off the originating S-CSCF to perform an NP query. The subsequent ENUM query by the S-CSCF would still occur in this case. If the ENUM query returned a SIP URI, normal SIP routing procedures would occur, otherwise the request would be routed to the BGCF.
In order to support number portability, the number portability information must be carried in the SIP signaling.  Specifically, the Tel URI needs to support the "rn" and the "npdi" parameters as defined in [ID TEL NP]. These parameters can be carried in a native Tel URI, or the SIP equivalent of a Tel URI where user=phone.  

2.0 Pre-Subscribed Carriers
Many markets have regulatory requirements that allow an end user to pre-subscribe to a transit network carrier that will be used for toll calls. The subscriber is also allowed to explicitly dial a carrier to be used for toll calls on a per call basis. In North America this is commonly referred to as "Equal Access". 
To support equal access carrier routing, the IMS network selects the route to the PSTN based on the dialed or presubscribed carrier, and passes the carrier ID and the dial-around indicator to the PSTN. 
The following responsibilities related to equal access are in the scope of an Application Server:

· Setting/policing the "dial around indicator" for a carrier ID provided by a UE in a request. The "dial around indicator" indicates the source of the carrier ID.
· Obtaining the carrier id for freephone calls.

· Populating the carrier id and dial around indicator for a pre-subscribed carrier, for the case where a pre-subscribed carrier has been configured for an individual subscriber
The carrier routing information must be carried in the SIP signaling.  Specifically, the Tel URI needs to support the "cic" parameter as defined in [ID TEL NP], and the "dai" parameter defined in [PKT CMSS]. These parameters can be carried in a native Tel URI, or the SIP equivalent of a Tel URI where user=phone.  These TEL URI parameters allow the BGCF to select the appropriate MGCF, the MGCF to select the correct trunk group, and also the MGCF to pass the carrier id and dial-around-indicator to the PSTN. 
There may be cases where support of a pre-subscribed carrier is not required on a subscriber basis. Rather, a carrier may be pre-subscribed for all subscribers on a network basis. As part of BGCF routing functions, the BGCF may support addition of the network assigned carrier to the Tel URI via the "cic" parameter and also update the "dai" parameter. If supported, the BGCF adds these parameters based on routing policy/configuration. Note these parameters may have already been added by a prior network component, and hence should not be overwritten by the BGCF. The decision to add the parameters may be based on attributes of the request. 
The MGCF may obtain the carrier ID for freephone calls.

3.0 Impacted components

3.1 UE

The  UE may support explicit identification of a user-dialed carrier to the network on an originating call, under control of a digit map. The UE does this by recognizing user-dialed carrier digits provisioned via a digit map, and identifying the carrier in the Tel URI "cic" parameter of the originating INVITE. Mechanisms to configure a digit map to control the UE behavior are out of scope of this document.
Alternately, the UE may report all dialed digits, including the dialed carrier digits, in a SIP URI with user parameter of "user=dialstring". With this approach, an AS would be required to extract the CIC and normalize the Tel URI.

The UE does not play any role in support of number portability.

3.2 S-CSCF

When the originating S-CSCF receives an originating request with a Request-URI of the Tel URI form, it must attempt to resolve the E.164 address to a globally routable SIP URI using ENUM. If the resolution fails, then the S-CSCF assumes that the call is destined for the PSTN, and forwards the INVITE to the BGCF for further routing. 

These requirements are enhanced to support number portability.
The S-CSCF may support number portability capabilities. If so, the S-CSCF should provide configuration controls that allow the operator to enable or disable the number-portability procedures. This will enable the operator to choose whether the NP query is done by the S-CSCF, or by a downstream entity such as the MGCF, or PSTN. 

If the S-CSCF has been configured to support number portability, then once it has determined that a call is destined for the PSTN, the originating S-CSCF must determine whether or not the called number is ported, and, if it is ported, then the actual routing number. How the S-CSCF gets this information is not specified (for example, it could be via an ENUM query). If the number is ported, then the originating S-CSCF must add an "rn" parameter to the request Tel URI to identify the routing number, and add an "npdi" parameter to indicate that the NP database dip has been performed.  

If the S-CSCF is configured to not support number portability, then it will forward requests destined for the PSTN to the BGCF without populating the Tel URI number-portability parameters.

Policies and procedures for handling scenarios where both a SIP URI, and Tel URI with Number Portability Information, are obtained from an attempt to resolve a E.164 address to a SIP URI, (should this be possible with some mechanisms), are out of scope of this document.
3.3 BGCF 

The BGCF receives INVITE requests from the S-CSCF and selects the best route to the PSTN based on locally configured routing policy. The input to the routing decision is the called telephone number identified in the Tel URI of the INVITE request URI.  These requirements are enhanced to include the Tel URI "cic" and "rn" parameters, and as a result the BGCF may support use of these parameters in routing decision.  How these parameters affect routing is not specified.

As part of BGCF routing functions, the BGCF may support addition of the "cic" and "dai" parameters to the Tel URI, to support a network-wide pre-subscribed carrier. Addition of these parameters is based on routing policy.  The attributes of the request being routed may determine whether a "cic" parameter is added. The BGCF shall allow for these parameters to have already been added to the request by another network component, and hence not overwrite the parameters if already provided.

3.4 MGCF
The MGCF receives requests from the BGCF for routing to the PSTN or from the PSTN for routing into the PacketCable network. 

Requests from the BGCF may have a Tel URI that contains the carrier ("cic") and/or number portability ("npdi", "rn") parameters. Requests from the PSTN may also contain number portability parameters. 

The MGCF will determine whether to make an NP query based on local configuration, and the contents of the request, including the received number portability parameters (or absence of parameters).
When the MGCF routes requests to the PSTN, the MGCF maps the Tel URI parameters to the equivalent PSTN ISUP signaling parameters. For requests from the PSTN, the MGCF will map the PSTN ISUP signaling parameters to the equivalent Tel URI parameters. Note that the NP Routing Number may be removed and not mapped, if the NP routing number is not needed for further routing within the IMS network.
MGCF routing policy includes routing based on carrier and number portability parameters. The details of MGC routing policy are outside the scope of this document.  
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Note: This reference is provided as this is where the Tel URI "dai" (dial around indicator) extension parameter  is currently defined. Cablelabs is investigating whether this parameter can be added to the [ID TEL NP] draft as a preferred option. Another option would be to include this extension in 3GPP TS 24.229.






































3GPP

SA WG2 TD


