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JJ-90.25
Technical Specifications on Inter-Carrier Interface between Managed Provider's SIP

Networks

Overview

11 Scope of this standard

This standard provides connection interface specifications that are necessary when
using an E.164 number to specify and place a voice call to a destination by applying a
connection interface (interface A) between interconnected providers” SIP networks in
a network connection architecture conforming to JJ-90.21[10].

This standard is also intended to simplify network management while maintaining a high
level of interconnectivity based on the premise that interconnected providers” SIP

networks conform to this standard.

12. Purpose and provisions of this standard
This standard relates to the connection interface applied to interface A, and aims to
achieve the following aims in relation to interconnections, including items relating to

SIP and SDP:

. Produce a practical standard by ensuring that provisions relating to
connection criteria are uniquely interpreted.

. Produce a standard that can be applied in common by both connecting
parties when interconnections are made to another provider’s SIP network.

. Produce a standard that includes connection criteria consisting of items
necessary for achieving smooth interconnections at connection interfaces, in addition

to signal criteria.

To achieve these aims, this standard prescribes the following items:
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. Items relating to the use of SIP according to JF-IETF-RFC3261 [1] and
extensions thereof as call control signal criteria.

. Items relating to SDP and media capability criteria based on G.711 p-law
audio as media-related criteria.

. Items relating to other behaviors associated with call establishment.

Items associated with operational criteria and the like related to interconnections are

provided in the appendix of this standard by way of reference.

13. Content of this standard

Main body

The main body of this standard describes interfaces relating to interconnections
between providers” SIP networks, and is mainly concerned with the following items:

. Prescribing a connection model for when interconnections are made
(section 2)

. Prescribing a numbering system (section 3) and a signaling system (section
4) for SIP signals transmitted and received between providers” SIP networks.

. Prescribing the functional extensions and SDP formats needed to achieve
interconnections (section 5).

Annex

Annex A relates to the control of session reservation during period of congestion when
the upper limit on the number of simultaneous calls between providers” SIP networks
is controlled, annex B relates to the necessary criteria for an RTP sent out by a
network before call completion to be connected to the caller, and annex C relates to
the criteria for connecting to a unallocated (unassigned) number talkie.

Appendices

By way of reference, the appendices describe connection test methods (Appendix i),
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connection sequences (Appendix ii) and call information (Appendix iii) to be
implemented between providers.

14. Terminology

The terminology used in this standard conforms to JJ-90.21 [10] and TR-1007 [1]
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