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JF-IETF-RFC3398

Technical Specification on SIP to TTC ISUP Interworking

I .<Overview>
This standard describes the matters which needs special considerations on the signal

interwork between SIP (Session Initiation Protocol) [1] and TTC ISUP (JT-Q761-764).

[1.1 Contents of this standard

This standard describes following matters,

- the defference of the IETF RFC3398[2] for TTC ISUP [3][4] application on SIP and
ISUP interworking,

- the matters which needs special considerations in the scope of basic connection,
though the full interwork which described in the TTC standard JJ-90.10 (Inter—Carrier

Interface based on ISUP) [6] is out of this standard scope.

[1.2 Things which needs consideration in this standard
In this standard, following considerations are required,

- the bearer in this standard is restricted “voice” or “3.1kHz audio”,

- the optional service calls (call transfer, number portability, etc.) are out of this
standard scope,

— the TTC special part in this standard, the connection patterns scope is PSTN-SIP
inter—network connection. The PSTN- SIP network ~PSTN (“SIP Bridging”case) is out
of this standard scope,

— MGC action specification in this standard is applied for the interface C boundary of
JJ-90.21 [9].

— The inter—provider’ s charging is out of this standard scope. Note that the ISUP
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parameter setting should be follow the inter—provider’'s charging group or

inter—provider’ s agreement.

1.3 Notation in this standard

In this standard, on the parts which has the defference between RFC original material
[2] and TTC ISUP [3][4] or JJ-90.10 (Inter—Carrier Interface based on ISUP) [6], the
stard point is shown V¥, and end point is shown A, and the defferent specification is
attached in Japanese. The note required matters for the hole of the section or clause,
the different specification is attached immediatele after the title of the section or
clause.

Furthermore, the importance things to interwork JJ-90.10 (Inter—Carrier Interface
based on ISUP) [6] is attached as (JJ-90.10 note) in the beginning of the paragragh.
The original material is shown in frame, and copyright notation is attached out of the

frame.
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[13]
Independent Call Control Protocol or ISDN User Part” , ITU-T Q.1912.5 , March 2004

“Interworking between Session Initiation Protocol (SIP) and Bearer

Furthermore, the in chapter 18 (Normative References) and chapter 19
(Non—-Normative References) shows the recommendations and standards which are
reffered in RFC3398[2].
I. <References>
1. Relation with international standards
This standard is based on IETF RFC3398.
Some additional matters considered national communication conditions are specifed in
order to apply IETF RFC3398 to providers in Japan.
2. Departures with international standards
2.1 Selection of optional items

None.
2.2 Definition of national matter items

None.
2.3 Early implementation items

None.
2.4 Added items

Annex a (Setted value for ISUPmassage), Annex b (Things to keep in mind on ISDN
access notation(ISDN/non-ISDN)), Appendix I (Things to keep in mind on traversal
pass connection of ISUP originated and SIP terminated) , Appendix ii (Difference
between JF-IETF-RFC3398 and ITU-T Recommendation Q.1912.5) are added.
2.5 Deleted items

None.

2.6 Others

In the following parts, descriptions are added. For details, refer this standard main
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3. Change history

Version

Date

Outline

1.0

2005.06.02

Published (Upgraded of TS-1002 Version2)

The main defferences between TS-1002 Version2
are as follows.

*Change of document format ( Original sentences
are shown by boxes, inserted copyright mark,
inserted devied marked notes in paragraphs)

» added/changed notes on ISUP <SIP signal
mapping

*added Appendix ii

4. Working Group that developed this standard

Signaling Working Group
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