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(

	RTP Telephony event RFC  2833 permits partial DTMF digits to be sent in RTP by indicating this with the "E" bit set to 0. 
Receiving DTMF Digits via RTP Tel Event

TS 29.163 currently permits reporting of partial DTMF digit from the MGW to the MGCF (Digit 2 in Figure 48). It is shown that this partial DTMF digit is then mapped to a BICC APM indicating "Start_DTMF" signal notify. It appears to be assumed that there are applications that need to receive DTMF duration, although it is submitted that there is no reasonable way to achieve this with any accuracy. The RTP_Tel_Event is received with a duration value indicating how long the digit has already played. The BICC APM signal duration is defined as follows (extract from Q.765.5):

The duration of the signal can be controlled:
•
either implicitly by a sequence of messages with the Action indicator set to "start signal, notify"/"start signal, no notify" and "stop signal, notify"/"stop signal, no notify",

•
or implicitly by the signal itself,

•
or explicitly by a message with the Action indicator set to "start signal, notify"/"start signal, no notify" accompanied by a Signal information element containing the Signal Type information element and the Duration information element indicating the duration. In this case, no Action indicator with "stop signal, notify"/"stop signal, no notify" is sent by the originator. If a notification has been requested in the Action indicator, an Action indicator set to "start signal acknowledge" or "start signal reject" is sent back, i.e. there is no additional notification for the end of the signal.

As stated, either the duration is signalled implicitly by sending a start followed by a stop, or it is signalled by sending a start signal with duration. In DIGIT 2 of Figure 48 the duration is shown to be received in the RTP Tel Event but only reported in the Notify for the End signal, although neither duration fields are infact used for the signalling in BICC. This means that if the duration received in the first RTP Tel Event is not zero then it is not accurate to send a BICC APM with StartDTMF and later send StopDTMF after the final RTP Tel Event is received to indicate implicitly duration of the DTMF; the first part (“Duration”) of the DTMF Tone is not exactly reproduced as it had already played for some time., i.e. the true DTMF Digit Duration will not be reflected. 
Further, even if RTP Tel Event is sent with Duration = 0 then it cannot be assumed that the subsequent time interval to receive the final RTP Tel Event is equal to the duration value due to jitter in the RTP packets.

Finally the timing of "true" DTMF digits according to TS 23.014 should be applied by 3GPP, therefore it is wrong to start reporting a DTMF digit that is shorter than the valid length for the Digit.

In conclusion: the signalling interworking between partial Digits reported via RTP Telephony Events and the Implicit Duration reported via BICC APM StartSignal/StopSignal does not work correctly and should be removed from the specification.
Sending DTMF Tel Event (Recived from BICC APM)


When sending DTMF information as RTP Telephony events (after DTMF information has been received via BICC APM) it is not clear how the duration field shall be set, if duration is signalled implicitly as described in DIGIT 2 of Figure 49a.

In this figure it shows ToneId and Duration in each MOD command. If the signal types are On/Off then according to H.248.1 the duration is ignored and so it should not be included in this figure. If the signal types are TimeOut then this sequence will result in 2 DTMF Digits. However as both commands are the same it is not clear how the IM-MGW knows to send the first RTP Tel Event with "E" flag set to 0. 

Further, the stage 3 specification mandates compliance to TS 23.014 for the minimum duration and in the network requires it also for the maximum duration. This means the stage 2 should not conflict with this requirement.
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9.2.8
Handling of RTP telephone events

DTMF digits, telephony tones and signals (telephone events) can be transferred using different mechanisms. For the IM CN Subsystem, 3GPP TS 24.229 [9] defines the usage of the RTP payload format defined for DTMF Digits, Telephony Tones and Telephony Signals in RFC 2833 [34]. When BICC signalling is used in the CS network, telephony signals may be sent either inband or out-of-band as defined in ITU-T Recommendation Q.1902.4 [30] and in ITU-T Recommendation Q.765.5 [35]. If ISUP signalling is used the DTMF tones are sent inband. The following paragraphs describe the Mn interface procedures to transfer DTMF between RTP format defined in RFC 2833 [34] and the CS CN.

Before the actual usage of the telephony signals can occur the sending/receiving of telephone events need to be agreed with the SDP offer-answer mechanism defined in RFC 3264 [36]. The outcome of the negotiation can be e.g. that no telephone events are sent in RTP payload, telephone events are sent only in one direction or in both directions. If the outcome of the negotiation is that RTP payload telephone-events are sent in both directions, the IM-MGW may nevertheless be configured to interwork only mobile originated telephone-events.

When the offer-answer mechanism based session parameters negotiation results in an agreement that telephone events are sent in the RTP payload and the needed preconditions are fulfilled, telephone events can be sent in RTP payload. This negotiation can be done at call control signalling phase or during an ongoing call.

If the MGCF and IM-MGW support the reception and/or transmission of the RTP MIME type "telephone event" (as defined in RFC 2833 [34]) with the IMS, the following applies: 

-
For CS Network Originating Sessions, the MGCF shall include the MIME type "telephone events" with default events in the first SDP offer. After the usage of telephone events is agreed in the subsequent offer-answer parameter exchanges and the needed preconditions defined in RFC 3312 [37] are fulfilled, telephone events can be sent as RTP payload.

-
In case of IM CN Subsystem Originating Sessions, the MGCF shall accept the MIME type "telephone events" with default events in any SDP answer when it received such an offer.

9.2.8.1
Sending DTMF digits out-of-band to CS CN (BICC)

For the IM CN subsystem terminated session , the MGCF shall use the "Configure IMS Resources" procedure as described in Clause 9.2.3. For the IM CN subsystem originating session , the MGCF shall use the "Reserve IMS Connection Point and Configure Remote Resources" procedure as described in Clause 9.2.2. If DTMF is supported, the MGCF shall include "telephone event" along with the selected speech codecs within the "local IMS resources" Parameter of these procedures. The same termination shall be used to receive and transmit DTMF and speech of the same call.

Furthermore, the MGCF shall use the "Detect IMS RTP Tel Signal" procedure to request the MGW to detect incoming telephone events from the IMS and notify the MGCF about the detected events. The MGW shall use the "Notify IMS RTP Tel Event" procedure for this notification. The termination used to receive DTMF shall be placed in the same context used for the speech of the same call. If the IM-MGW received a "Detect IMS RTP Tel Event" procedure for a termination, the IM-MGW shall not forward inband to the CS network any DTMF received at this termination.
Figure 48 shows the message sequence chart when DTMF digits are received from the IM CN subsystem in the RTP payload. The IM-MGW shall evaluate the digits in accordance with 3G TS 23.014 [xx] and report a single digit notification.
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Figure 48: Activation of notification of DTMF digits received in RTP and examples of sending the digits out-of-band to CS CN (message sequence chart)

9.2.8.2
Sending and receiving DTMF digits inband to/from CS CN (ISUP or BICC)

For the IM CN subsystem terminated session, the MGCF shall use the "Configure IMS Resources" procedure as described in Clause 9.2.3. For the IM CN subsystem originating session , the MGCF shall use the "Reserve IMS Connection Point and Configure Remote Resources" procedure as described in Clause 9.2.2. If DTMF is supported, the MGCF shall include "telephone event" along with the selected speech codecs within the "local IMS resources" parameter of these procedures to request the MGW to detect incoming telephone events and transform them into speech signals on the CS side (assuming the IM-MGW has not received a "Detect IMS RTP Tel Event" procedure for a termination, the IM-MGW). The MGW shall not start DTMF tone sending until a complete DTMF Digit has been reported via the RTP Tel Event in accordance with 3G TS 23.014[xx]. When receiving this configuration, the MGW may in addition optionally detect incoming telephone events received inband from the CS CN network and transform them into telephone events on the IMS side. Inband DTMF digit detection shall also comply with 3G TS[xx] before sending an RTP Telephone Event on the IMS side. The same termination shall be used to receive and transmit DTMF and speech of the same call.

Figure 49 shows the message sequence chart to configure the IM-MGW to receive DTMF detection on the IMS side and transfer the DTMF inband on the CS side.  When receiving this configuration, the IM-MGW may in addition optionally detect DTMF inband on the CS side and transmit DTMF on the IMS side.
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Figure 49: Activation of processing of DTMF digits received in RTP for sending the digits inband to CS CN (message sequence chart)

9.2.8.3
Receiving DTMF digits out-of-band from CS CN (BICC)

For the IM CN subsystem terminated session , the MGCF shall use the "Configure IMS Resources" procedure as described in Clause 9.2.3. For the IM CN subsystem originating session , the MGCF shall use the "Reserve IMS Connection Point and Configure Remote Resources" procedure as described in Clause 9.2.2. If DTMF is supported, the MGCF shall include "telephone event" along with the selected speech codecs within the "local IMS resources" Parameter of these procedures. The same termination shall be used to receive and transmit DTMF and speech of the same call.

Furthermore, the MGCF shall use the “Send IMS RTP Tel Event” and “Stop IMS RTP Tel Event” procedures to request the MGW to play out DTMF to the IM CN subsystem whenever it receives out-of-band DTMF indications from the BICC network.

Figure 49a shows the message sequence chart when DTMF digits are transmitted to the IM CN subsystem in the RTP payload. For the first digit, the received APM message contains all information including the duration and only a single notification is received. For the second digit, the start and the end of the DTMF digit are notified separately.
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Figure 49a: Examples of receiving DTMF digits out-of-band from the CS CN
and transmitting them in RTP (message sequence chart)
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17. BICC APM (ActInd=Stop signal ack)







16. BICC APM (ActInd=Stop signal notify)







15. H.248 Notify.resp[Context ID = C1, Termination ID = T1]







5. H.248 Notify.resp[Context ID = C1, Termination ID = T1]







MGCF







IM-MGW







2. H.248 Add/Mod.resp [Context ID = C1, Termination ID =T1]







1. H.248 Add/Mod.req



              [Context ID = C1, Termination ID = T1,



               Codec = “telephone event, AMR”,�               Notify IMS RTP Tel Event (”Start tone detected”,



                                                          ”End tone detected”)  ]







13. RTP encoded continued DTMF event



                (tone-event, end=1, duration)











8. RTP encoded new DTMF event



             (tone-event, end=0, duration)







3. RTP encoded new DTMF event



            (tone-event, end=1, duration)







Digit 2







Digit 1







14. H.248 Notify.ind 



 [Context ID = C1, Termination ID = T1, Tone-ID,



  Event=”End tone detected”, Duration]







9. H.248  Notify.ind 



               [ Context ID = C1, Termination ID = T1, Tone_ID,



 Event=”Start tone detected”]







12. BICC APM (ActInd=Start signal ack)







11. BICC APM (ActInd=Start signal notify, signal-type)







10. H.248 Notify.resp[Context ID = C1, Termination ID = T1]







7. BICC APM (ActInd=Start signal ack)







6. BICC APM(ActInd=Start signal notify, signal-type, duration)







4. H.248 Notify.ind



 [Context ID = C1, Termination ID = T1, Tone-Id,



Event=”Start tone detected”, ”End tone detected”, Duration]







Configure IMS Resources



or



Reserve IMS Conection Point and configure Remote Resources,



Detect_IMS_RTP_Tel_Event











Notify_IMS_RTP_Tel_Event
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Notify_IMS_RTP_Tel_Event
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14. BICC APM (ActInd=Stop signal ack)







13. BICC APM (ActInd=Stop signal notify)







16. H.248 Mod.resp[Context ID = C1, Termination ID = T1]







6. H.248 Mod.resp[Context ID = C1, Termination ID = T1]
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IM-MGW







2. H.248 Add/Mod.resp [Context ID = C1, Termination ID =T1]







1. H.248 Add/Mod.req



              [Context ID = C1, Termination ID = T1,



               Codec = “telephone event, AMR”,�               Notify IMS RTP Tel Event (”End tone detected”)  ]











12. RTP encoded new DTMF event



            (tone-event, end=1, duration = "minimumdigitlength")







7. RTP encoded new DTMF event



            (tone-event, end=1, duration)







Digit 2







Digit 1







15. H.248 Mod.ind 



[Context ID = C1, Termination ID = T1, emptySignalDescriptor]







10. H.248  Mod.ind 



               [ Context ID = C1, Termination ID = T1, Tone_ID,



 SignalType = On/Off]







9. BICC APM (ActInd=Start signal ack)







8. BICC APM (ActInd=Start signal notify, signal-type)







11. H.248 Mod.resp[Context ID = C1, Termination ID = T1]







4. BICC APM (ActInd=Start signal ack)







3. BICC APM(ActInd=Start signal notify, signal-type, duration)







5. H.248 Mod.ind



[Context ID = C1, Termination ID = T1, Tone-Id,     SignalType=TimeOut,  Duration]







Configure IMS Resources



or



Reserve IMS Conection Point and configure Remote Resources,



Detect_IMS_RTP_Tel_Event











Stop_IMS_RTP_Tel_Event











Send_IMS_RTP_Tel_Event











Send_IMS_RTP_Tel_Event
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13. BICC APM (ActInd=Start signal ack)







12. BICC APM (ActInd= Start signal notify, signal-type, duration)







11. H.248 Notify.resp[Context ID = C1, Termination ID = T1]







5. H.248 Notify.resp[Context ID = C1, Termination ID = T1]







MGCF







IM-MGW







2. H.248 Add/Mod.resp [Context ID = C1, Termination ID =T1]







1. H.248 Add/Mod.req



              [Context ID = C1, Termination ID = T1,



               Codec = “telephone event, AMR”,�               Notify IMS RTP Tel Event (”End tone detected”)  ]                                                     







9. RTP encoded continued DTMF event



                (tone-event, end=1, duration)











8. RTP encoded new DTMF event



             (tone-event, end=0, duration)







3. RTP encoded new DTMF event



            (tone-event, end=1, duration)







Digit 2







Digit 1







10. H.248 Notify.ind 



 [Context ID = C1, Termination ID = T1, Tone-ID,



  Event=”End tone detected”, Duration]























7. BICC APM (ActInd=Start signal ack)







6. BICC APM(ActInd=Start signal notify, signal-type, duration)







4. H.248 Notify.ind



 [Context ID = C1, Termination ID = T1, Tone-Id,



Event= ”End tone detected”, Duration]







Configure IMS Resources



or



Reserve IMS Conection Point and configure Remote Resources,



Detect_IMS_RTP_Tel_Event











Notify_IMS_RTP_Tel_Event







IM-MGW waits until end bit is set and checks if duration complies with TS 23.014 











Notify_IMS_RTP_Tel_Event
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14. BICC APM (ActInd=Stop signal ack)







13. BICC APM (ActInd=Stop signal notify)







16. H.248 Mod.resp[Context ID = C1, Termination ID = T1]







6. H.248 Mod.resp[Context ID = C1, Termination ID = T1]







MGCF







IM-MGW







2. H.248 Add/Mod.resp [Context ID = C1, Termination ID =T1]







1. H.248 Add/Mod.req



              [Context ID = C1, Termination ID = T1,



               Codec = “telephone event, AMR”,�               Notify IMS RTP Tel Event (”Start tone detected”,



                                                          ”End tone detected”)  ]







17. RTP encoded continued DTMF event



                (tone-event, end=1, duration)











12. RTP encoded new DTMF event



             (tone-event, end=0, duration)







7. RTP encoded new DTMF event



            (tone-event, end=1, duration)







Digit 2







Digit 1







15. H.248 Mod.ind 



 [Context ID = C1, Termination ID = T1, Tone-ID,



  Duration]







10. H.248  Mod.ind 



               [ Context ID = C1, Termination ID = T1, Tone_ID,



 Duration]







9. BICC APM (ActInd=Start signal ack)







8. BICC APM (ActInd=Start signal notify, signal-type)







11. H.248 Mod.resp[Context ID = C1, Termination ID = T1]







4. BICC APM (ActInd=Start signal ack)







3. BICC APM(ActInd=Start signal notify, signal-type, duration)







5. H.248 Mod.ind



 [Context ID = C1, Termination ID = T1, Tone-Id,



  Duration]







Configure IMS Resources



or



Reserve IMS Conection Point and configure Remote Resources,



Detect_IMS_RTP_Tel_Event











Stop_IMS_RTP_Tel_Event











Send_IMS_RTP_Tel_Event











Send_IMS_RTP_Tel_Event
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2. H.248 Add/Mod.resp [Context ID = C1, Termination ID = T1]
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IM-MGW







1. H.248 Add/Mod.req 



[Context ID = C1, Termination ID = T1,�Codec = “telephone event, AMR”,]







Configure IMS Resources



Or



Reserve IMS Conection Point and configure Remote Resources












