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ABSTRACT 
This document provides proposed modifications to the Voice-band data (fax/modem) and DTMF media recommendations in section 5.5 of the IP Interconnection Profile


NOTICE

This is a draft document and thus, is dynamic in nature. It does not reflect a consensus of the ATIS-SIP Forum IP-NNI Task Force and it may be changed or modified. Neither ATIS nor the SIP Forum makes any representation or warranty, express or implied, with respect to the sufficiency, accuracy or utility of the information or opinion contained or reflected in the material utilized. ATIS and the SIP Forum further expressly advise that any use of or reliance upon the material in question is at your risk and neither ATIS nor the SIP Forum shall be liable for any damage or injury, of whatever nature, incurred by any person arising out of any utilization of the material. It is possible that this material will at some future date be included in a copyrighted work by ATIS or the SIP Forum.  

* CONTACT: Doug Bellows; email: dbellows@inteliquent.com; Tel: +1-312-380-4509
The following sub-sections are proposed to replace the text now (as of revision IPNNI-2014-011R8) at the top of section 5.5 – Media.  That text would be removed (the mandatory audio codec is now covered in 5.5.2) and the following inserted as “5.5.5” and “5.5.6:”
5.5.5 - Voice-band data transport mechanisms
Voice-band data (VBD) includes modem and fax data traditionally carried in circuit-switched voice channels.  In a VoIP environment, the presence of VBD sessions will typically come from interworking with circuit-switched networks and CPE.  Either packetized G.711 µ-law or A-law or packet-optimized relay mechanisms such as [T.38] fax relay can be used to carry these data streams.  Modem relay modes such as in [V.150.1] are not common in the inter-carrier environment.  Where NNIs use IP transport engineered for low loss and jitter, VBD without fax/modem relay should normally be sufficient.  In the case of VBD without relay mechanisms, VBD may be transparently used over a compatible audio codec.  Fax relay modes or explicit VBD-mode negotiation can optionally be used by bilateral agreement.

SIP entities involved in session peering MUST support fax or modem voice-band data (VBD) pass-through in a G.711 µ-law or A-law audio stream.
When a non-G.711 codec is originally negotiated for a session, SIP entities involved in session peering MUST support fallback to G.711 µ-law or A-law for VBD pass-through via SDP audio codec renegotiation without explicit VBD-mode negotiation. It is up to bilateral agreement which network element or elements will be responsible for recognizing fax/modem tones and for initiating a transition.
SIP entities involved in session peering MAY use fax relay mechanisms such as [T.38].
SIP entities involved in session peering MAY use explicit negotiation of transitions to VBD modes such as the following methods:

· Negotiation of support of voice-band data as specified in [V.152]
· Modem/fax events as specified in [RFC 4733]

5.5.6 - DTMF digit transport mechanisms

The “named telephone events,” or “telephone-events” RTP payload [RFC 4733] is the preferred mechanism for transport of DTMF digit events between VoIP endpoints and network elements.  In limited cases and by bilateral agreement, in-band DTMF tones might be used across the NNI to avoid transcoding from in-band DTMF tones to named telephone events (DTMF relay), for instance if the media stream is expected to originate and terminate on circuit-switched voice channels in both carrier networks.  It is assumed that in-band DTMF is only applicable for sessions using the G.711 codecs.  The “telephone-events” payload type is negotiated by offering it along with an audio codec in the SDP.  If the telephone-events payload is not negotiated, it is assumed that any DTMF digits will be passed across the NNI as in-band tones in the audio RTP channel.
SIP entities involved in session peering MUST support DTMF digits in a named telephone events RTP payload [RFC 4733].

SIP entities involved in session peering MAY support DTMF digits as in-band tones when the negotiated audio codec is G.711 A-law or µ-law.

SIP entities involved in session peering that utilize named telephone events [RFC 4733] for DTMF digit transport MUST support at least the following events (event codes 0-11):

· digits 0-9
· ‘#’ (pound or hash)

· ‘*’ (star)

Additional References:
[RFC 4733]
IETF RFC 4733 – RTP Payload for DTMF Digits, Telephony Tones, and Telephony Signals

[T.38]
ITU-T Recommendation T.38 (09/2010) – Procedures for real-time Group 3 facsimile communication over IP networks

[V.150.1]
ITU-T Recommendation V.150.1 (01/2003) – Modem-over-IP networks: Procedures for the end-to-end connection of V-series DCEs

[V.152]
ITU-T Recommendation V.152 (09/2010) – Procedures for supporting voice-band data over IP networks

