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1.
Introduction

SA4 would like to thank CT3 for their LS on IM-MGW procedures for DTMF sending.
2.
Answers to Questions

1. Is the assumption correct that the minimum DTMF durations as specified in Annex G2. shall be applied when sending and receiving an RTP Telephony Event?

Answer:

Annex G2 describes how to encode and transport DTMF with RTP. Receiver actions are not described.

2. Is the assumption correct that the first RTP packet to encode a digit shall therefore have a duration field set to 65ms or greater or alternatively the assumption that the sender shall ensure that the final duration (when E bit is set to 1) is always greater than 65ms ?

Answer:

The “65 ms duration” refers to the length of the DTMF event, i.e. basically the length of the DTMF tone. It refers only indirectly to the value to use in the duration field in the RTP packet(s).

It is acceptable to generate one RTP packet for the complete DTMF event, in which case the duration field must be set to at least 65 ms. In addition, it is also acceptable to divide a DTMF event into several parts, and send each part in different RTP packets. Each part could for example be 20 ms long. In this case, the duration fields in the respective RTP packets would indicate “20 ms”, “40 ms”, “60 ms”, etc. The final RTP packet, where the “E” bit is set to 1, must however have a duration time that is at least 65 ms. 
3. The following note in clause G.4 could result in different interpretations regarding multiple packets:

"NOTE:
One DTMF event may be transmitted in several RTP packets, for example if the event is a long-lasting event. In this case all RTP packets containing the same DTMF event shall have the same RTP Time Stamp value according to RFC 4733 [61]."
Does this permit that a MGW may send several RTP packets to encode a single digit even if the duration of the digit is less than 65 msec, and that the MGW may supply values lower than 65 msecs in the duration field?

Answer:

Yes, the MGW may send several RTP packets with the duration field set to values less than 65 ms. However, as indicated above, at minimum the final RTP packet must indicate a duration time that is at least 65 ms. 
In the case that the DTMF event on the CS side of the MGW is shorter than 65 ms then the MGW must detect it as a DTMF event, at least if it is longer than 40 ms.  If the MGW forwards this DTMF event in an RTP packet then it must set the duration time to at least 65 ms in at least the final RTP packet.

4. Possible RTP packet sending patterns to encode a single digit discussed by CT3 were:

· Sending an RTP packet soon after the beginning (e.g. before the minimum duration) and at the end of the digit
· Sending an RTP packet after  the minimum duration (e.g. after 65ms) and at the end of the digit This would require some timing in the MGW to delay sending the first RTP event until the duration (either duration indicated by the server for OoB DTMF from BICC or inband tone duration) had persisted for 65ms; if the tone or signal were ended prior to this time the RTP telephony event should not be sent..
· Sending an RTP packet only at the end of the digit
This would ensure that only valid DTMF digits were reported but delays the start of the DTMF tone at the receiving side.

· Sending several RTP packets in regular intervals while the digit lasts (either at 65ms intervals or if permitted to do so at shorter intervals). 

Are all these RTP packet sending patterns acceptable for an MTSI-compliant MGW?
Does SA4 recommend particular RTP packet sending pattern(s)? 
Answer:
The receiving application probably has to handle all of the above-described sending patterns since there are no SDP parameters that identifies that only one or a few particular sending patterns are accepted.
It is not SA4’s intention to recommend any particular sending pattern in TS 26.114. Such a recommendation might be more suitable to include in TS 29.163.

SA4 would however suggest that perhaps the fourth sending pattern in the bullet list above is more preferable than the other ones since this pattern is both very resilient to packet losses and also reduces the delay. An interval of 20 ms is however more preferable, since the interval for DTMF packets will then be aligned with the frame size of the speech coder. There may however be a reason for using a different interval, probably a multiple of 20 ms, if the session negotiation suggests that another packetization scheme should be used, i.e. if ptime is different from 20 ms.
5. A further proposal in CT3 was that the MGW sends several RTP packets even when an explicit total duration of the digit is received within the first command to send the DTMF. Is this a valid option or should a single DTMF packet be sent in this case ?

Answer:
Yes, this is a valid option. SA4 does not have any strong opinion on whether the MGW should send one or several RTP packets for this case. SA4 however has a slight preference for sending multiple packets, preferably one RTP packet every 20 ms, at least for the case where the packets may be transported over a wireless channel since this pattern is more robust to packet losses.
3.
Conclusion

SA4 hopes that the above answers clarify some and preferably all of the issues that CT3 have had regarding to DTMF handling. SA4 would also like to inform that Annex G in TS 26.114 is currently being updated and corrected.

4.
Actions

None

5.
Dates of Next TSG-SA WG4 Meetings:

3GPPSA4#48
7 - 11 Apr, 2008

Jeju island

South Korea

3GPPSA4#49
30 Jun – 3 Jul, 2008
TBD


TBD (US)

