Abstract
This document proposes two extensions to the telephone URL scheme. With these extensions, phone numbers starting with a given prefix or spanning a given range can be represented. Their applications in SIP-PSTN gateway and large SIP endpoint registrations are also discussed.  

1. Introduction
RFC2806 [1] defines URLs for telephone, fax, or modem calls. The location of a terminal with a specific phone number can be represented by a “tel”, “fax”, or “modem” URL scheme.  In practice, however, there also exists a need to represent an endpoint that possesses or services a cluster of phone numbers. An example is a PSTN gateway that can terminate phone numbers starting with a certain pattern (e.g., NPA-NXX). Another example is an access device on which a range of consecutive phone numbers has been configured. In both cases, it will be useful to be able to identify such endpoints without references to a particular phone number.
In this document, we propose two new extensions to the “tel” and “fax” URL schemes to support the capability to specify a group of phone numbers. Sections 2 and 3 define the extensions. Sections 4 and 5 provide some examples and their applications for SIP registration. Discussions and relationship to other solutions are given in Section 6.
2. Extensions to “tel” URL Scheme

Two new fields are proposed for “future-extension” in [1]:
global-phone-number

= “+” base-phone-number [isdn-subaddress]





   [post-dial] * (area-specifier | service-provider |





   phone-number-attribute |

; new extension
   phone-number-range |

; new extension




   future-extension)

local-phone-number

= 1*(phonedigit | dtmf-digit | pause-character)

   [isdn-subaddress] [post-dial] area-specifier




   * (area-specifier | service-provider |





   phone-number-attribute |

; new extension

   phone-number-range |

; new extension





   future-extension)

phone-number-attribute
= “;” number-attribute-tag “=” number-attribute-ident

number-attribute-tag

= “number-attribute”

number-attribute-ident
=  (“prefix” | “range” | other-number-attribute)

phone-number-range

= “;” number-range-tag “=” number-range-value

number-range-tag

= “number-range”

number-range-value

= 1*DIGIT

phone-number-attribute can appear at most once. “prefix” indicates that the URL represents all phone numbers that may be formed by appending one or more digits to the number specified immediately after “tel:”. “range” indicates that the URL represents a group of consecutive phone numbers whose numerical values are at least that of the number specified immediately after “tel:” and that the size of the group is specified by number-range-value in phone-number-range. This implies that phone-number-range can also appear at most once and can only appear when phone-number-attribute appears and indicates “range”.
Although it is not prohibited, the use of phone-number-attribute and phone-number-range in the presence of isdn-subaddress, post-dial, or dtmf-digit is ambiguous and therefore is discouraged.

3. Extensions to “fax” URL Scheme

Two new fields are proposed for “future-extension” in [1]:

fax-global-phone

= “+” base-phone-number [isdn-subaddress] 

   [t33-subaddress]




   [post-dial] * (area-specifier | service-provider |





   phone-number-attribute |

; new extension

   phone-number-range |

; new extension





   future-extension)

fax-local-phone

= 1*(phonedigit | dtmf-digit | pause-character)

   [isdn-subaddress] [t33-subaddress]

   [post-dial] area-specifier




   * (area-specifier | service-provider |





   phone-number-attribute |

; new extension

   phone-number-range |

; new extension





   future-extension)

phone-number-attribute
= “;” number-attribute-tag “=” number-attribute-ident

number-attribute-tag

= “number-attribute”

number-attribute-ident
=  (“prefix” | “range” | other-number-attribute)

phone-number-range

= “;” number-range-tag “=” number-range-value

number-range-tag

= “number-range”

number-range-value

= 1*DIGIT


The meaning of the proposed components is the same as discussed in Section 2.

4. Examples
tel: +1-301-947; number-attribute=prefix

represents all phone numbers whose digit string starts with “+1-301-947”, for example, +1-301-947-1234. Note that the maximum length of the phone number is not specified by this URL, but rather is imposed by local policy.

fax: +1-301-947-1001;number-attribute=range;number-range=24
represents the following fax numbers +1-301-947-1001, +1-301-947-1002, +1-301-947-1003, …, +1-301-947-1024. 

tel: 301-947;phone-context=+1;number-attribute=prefix

can be used to represent all phone numbers in the form of 301-947-xxxx and that the numbers are only usable when dialed in the U.S. Note that while phone-context may be used to indicate an environment where all phone numbers start with a given digit string, however, it by itself can not be used to represent multiple phone numbers. Compare the above example with 

tel: 301-947-1234;phone-context=+1
which points to a specific number (301-947-1234) when dialed within the U.S. 
5. Applications

One application of the proposed extensions is for a SIP-PSTN gateway to indicate the PSTN numbers it can terminate when it registers with a SIP registrar.
REGISTER sip:registrar.company.com SIP/2.0

To: tel: 301-947;phone-context=+1;number-attribute=prefix

Contact: sip: gateway.company.com 
can be used to register a PSTN gateway which can dial any PSTN number in the form of 301-947-xxxx when used in the U.S. Then, a SIP proxy that is aware of this registration may route a call for 301-947-5678 to this gateway using the following Request URI:
 sip: 301-947-5678;phone-context=+1@gateway.company.com;user=phone.
Note that without the proposed extensions, it is impossible in SIP to register a PSTN gateway in this fashion.

Another example is to register multiple SIP UAs in a single SIP REGISTER message. 
REGISTER sip:registrar.company.com SIP/2.0

To: tel: 222-1001;phone-context=222;number-attribute=range;number-range=48

Contact: sip: device.company.com
can be used to register an access device with two T1 capability (48 ports) and the ports are configured with numbers from 222-1001, 222-1002, …, to 222-1048. After the registration, a SIP proxy may route a call for 222-1040 to this access device using the following Request URI:
sip: 222-1040;phone-context=222@device.company.com;user=phone.

Note that only one SIP REGISTER message is needed when the proposed extensions are used as opposed to 48 without them. 

6. Discussion

We proposed two new extensions to the telephone URL scheme in this document. With these extensions, a SIP-PSTN gateway may register itself through the SIP REGISTER method and identify the set of PSTN phone numbers that it can terminate. Based on this information, calls to PSTN can be properly routed. A SIP endpoint that serves a large number of telephone users may also utilize these extensions to reduce the number of registration messages.
Other proposals [3,4] have been made to address the PSTN gateway registration issue. The approaches are fundamentally routing mechanisms and cover areas of load balancing and failure detection in addition to gateway registration. As a result, the solutions are based on non-SIP protocols. 
As a comparison, the proposed solution in this document only addresses PSTN gateway registration and specifically a gateway’s capability to terminate a set of phone numbers. The biggest advantage is simplicity: only minor extensions within the SIP registration context are needed. For more complicated applications such as load balancing and high reliability, other approaches may still be used. It is our belief that while sophisticated routing-based solutions are warranted in some environment, a simple gateway registration solution exclusively based on SIP may be highly desirable for other applications. For example, the gateway itself may have built-in solutions for reliability and load sharing across different interfaces. Such a gateway should not be penalized with the burden of non-SIP protocols for the simple task of registering itself with a SIP registrar.
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