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1 Introduction
This contribution proposes to add support for Dual-Tone Multi-Frequencies (DTMF), ‎[1]

 REF _Ref163909646 \r \h 
‎[2], keypad events to the MTSI-MHI specification, ‎[3]. Section ‎2 describes a few use cases where DTMF support is required. Section ‎3 describes service requirements. Section ‎4 describes the background for the proposed solution, which is described in Section ‎5.

2 Use cases
Many legacy tele-services use DTMF, for example:

· automatic banking services;

· conference servers;

· voice-mail servers; and:

· help desks.
Users are familiar to use the keypad for sending digits for: bank account numbers; conference identity numbers; pin codes; and select an item from a list. In fact, most users will probably not know that they are using DTMF.
3 Service requirements

In ‎[4] Section 5.4.1 it is stated:

“In order to support existing network capabilities, it is required that IMS supports endpoints (e.g., UE, MRFP, MGCF for interworking with the PSTN) able to send or receive DTMF tone indications using the bearer, i.e. inband signalling.”

Service requirements for DTMF can also be found in 22.105, ‎[5].
4 Background for the proposed solution
The solution for DTMF needs to perform well and should not introduce any significant problems for any functions in the IMS system. The following functions and properties were the ones that had the biggest impact on the proposed solution for how to send DTMF in MTSI:
· Resource allocations, mainly in media gateways
· NATs, firewalls, middle-boxes

· ROHC

4.1 Resource allocation
When RTP is used to send DTMF, ‎[7], it is possible to send DTMF RTP packets in the same media stream as the speech or in a different stream. If DTMF would use a different stream then resources needs to be reserved for both DTMF and speech. Using the same media stream would reduce the number of resources that needs to be allocated.

Resource allocation is not big issue for clients but may be a big issue for media gateways that potentially need to handle thousands of sessions.
Using the same media stream as for speech is therefore preferred for MGWs.

4.2 NATs, firewalls, middle-boxes
For NATs, firewalls and similar middle-boxes, the biggest concern is probably how to keep ports open for media streams with rare activities. Even though it is expected that most calls will not send DTMF at all, middle-boxes would still need to keep ports open for those few calls where DTMF is actually used. Also, when DTMF is sent, the actual transmissions of DTMF packets typically occur in bursts with possibly quite long inactivity periods in-between. Using different UDP ports for DTMF and speech would mean that the client must send “keep-alive” RTCP packets for the DTMF stream. When using the same port, the speech RTP packets would keep the ports open for the rare DTMF packets.
Hence, it would be desirable to use the same media flows for speech and DTMF.
4.3 ROHC

The DTMF impact on ROHC, ‎[6], performance has also been investigated. Two issues have been found:
· Detection of update periods; and:
· Flow classification.

These two functions are discussed in more detail below.

4.3.1 Detection of update periods

For the compression of the header fields, ROHC detects the period with which the header fields are incremented between the packets, for example:

· RTP Sequence Number (SN) is typically incremented by 1 for each transmitted packet. In this case, the update period is typically 1 (may not always be 1 in downlink due to packet losses in uplink).

· For the most common AMR scenarios, one speech frame will be encapsulated in each RTP packet. RTP Time Stamp (TS) will then increment by 160 (=20 ms) for each transmitted packet. The update period thus becomes 160.

· If two speech frames are encapsulated in each RTP packet, without using application layer redundancy, the TS will be incremented by 320 for each packet.

· For the compression of the RTP Time Stamp, ROHC typically also predicts the Time Stamp based on the RTP Sequence Number, for example: If the update period is 160 and if Sequence Number was incremented by 1 then TS will be incremented by 160; or if SN was incremented by 2 (due to a packet loss) then Time Stamp will be incremented by 320.

The detection of the update period is not specified, but typical implementations determine the largest common update period (largest common divisor), for example:

· If the Time Stamp is increments with 160, or multiples of 160, then the update period is determined to be 160.

· The update period may however be as small as 1 sample if the Time Stamp increments more or less randomly.

The update period plays an important role because there is a compromise between granularity and compression efficiency.

ROHC will detect changes in header field increments during the session. A change to a smaller increment will reduce the update period that ROHC uses. A change to a larger increment may or may not increase the update period that ROHC uses since this is implementation specific.
Hence, changing to a small increment, at some point in the middle of the session, may result in using this smaller update period for the remaining part of the call. Thereby, the compression efficiency may be reduced significantly until the end of the session. This is especially important for scenarios where one use DTMF in the beginning of the call and then do normal speech communication for the rest of the call, for example for conference calls and when calling a help desk.
The payload format for DTMF, ‎[7], allows for signaling DTMF events with any duration. This means that the Time Stamp could increment with virtually any value. This may result in quite poor compression performance if the DTMF duration periods are not selected wisely.
4.3.2 Flow classification

In ROHC, different media flows are detected by analyzing the incoming packets. This function is called “flow classification”. The flow classification function typically uses IP number, UDP port and SSRC to distinguish between different streams but other header information may also be used, for example the Payload Type (PT). ROHC thus has the capability to handle several media flows within one media stream.
The issues related to header field increments and detection of update periods, described above, applies when switching between different media flows within the same media stream. These issues are removed if the speech and DTMF are transmitted in different media flows because the compression of the headers in one flow is independent of the compression of the headers in the other flow.
One concern is however that the flow classification function is not standardized. It is therefore hard to guarantee the performance, especially in combination with the (not standardized) updated period detection described above.
The compression efficiency of the DTMF packet headers may not be the biggest concern, since one can expect that there will be very few such packets. However, in a poor ROHC implementation, the compression of the DTMF packets may even impact the compression efficiency of the subsequent speech packets, as described in Section ‎4.3.1. To be able to guarantee a good compression performance one need to ensure that most ROHC implementations will be able to distinguish between the speech flow and the DTMF flow. The most reliable way to do this is to use different UDP ports for speech and DTMF.
5 Solution outline
The requirements described in Section ‎4 are clearly contradictory. For media gateways and middle-boxes, it would be desirable to use the same media stream for speech and DTMF. For ROHC it would be beneficial to use different streams. It is however possible to develop a compromise solution. The proposed method for DTMF is:
· Use the same media stream for speech and DTMF, i.e. same IP number, UDP port and SSRC.

· Speech media shall not be transmitted when DTMF is transmitted.

· Define additional requirements for how DTMF and speech should be transmitted:
· RTP Sequence Number and Time Stamp shall use the same “base” for DTMF as for speech, i.e.: use the same sampling frequency and continue on the sequence that was used for speech.

· When sending DTMF, RTP Sequence Number shall increment with the same interval as for speech, i.e. 1, and a DTMF packet shall not use the same Sequence Number as any speech packet

· When sending DTMF, RTP Time Stamp shall increment with the same interval as for speech or a multiple, and shall not increment with a smaller interval than for speech.

· I.e., the DTMF duration time shall be the same as for speech or a multiple. The DTMF duration time shall not be smaller than the speech frame length.

Furthermore, it is also proposed that:
· Media gateways shall support in-band DTMF according to this method, both for sending and receiving direction.

· For terminals, the proposed method shall be supported when sending DTMF. The method is optional for the receiving direction.
· The reason is that downlink DTMF is rarely used and can thus be optional.

· An offer for both narrow-band and wide-band speech must include two payload types for DTMF, one for narrow-band DTMF and one for wide-band DTMF.

· If one only included one payload type for narrow-band DTMF then one will not be able to use the same “base” for Time Stamp as for the wide-band speech.
The intention is to support DTMF named events, i.e. event codes 0 to 15 in Table 3, Section 3.2 of ‎[7]. Event codes for busy, ringing, dialing and other telephone tones are not included since these events are handled with SIP. Generic multi-frequency tones are also not included.
It should be noted that this proposed method outlines one solution that must be supported but does not preclude using other methods, given that the end-points agree on using it.

This solution is in line with what is described in RFC 4733, ‎[7], where it is stated in Section 2.1:

   “Named telephone events are carried as part of the audio stream and

   MUST use the same sequence number and timestamp base as the regular

   audio channel to simplify the generation of audio waveforms at a

   gateway.  The named telephone-event payload type can be considered to

   be a very highly-compressed audio codec and is treated the same as

   other codecs.”

6 Proposal
It is proposed to add support for DTMF in 3GPP TS 26.114, ‎[3]. DTMF should be transmitted with RTP, according to RFC4733, ‎[7]. In addition, the rules outlined in Section ‎5 are needed to ensure smooth operation through NATs, firewalls, middle-boxes and also in combination with ROHC.
The detailed description of the proposed solution is available in a CR, ‎[9].
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