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Introduction





Document APC-1234 (“Support for DTMF Signaling in H.323 Systems”, Microsoft Corporation), which was presented at the Herzliya meeting, discussed the requirements for dual-tone multi-frequency (DTMF) signaling in H.323 systems and the various methods of carrying DTMF indications, and proposed changes to H.245 Version 3 to accommodate these requirements. Although the proposal was accepted in principle, there was considerable discussion amongst participants regarding the details. The contributor was asked by the rapporteur to solicit further input from participants, and to produce a contribution to the Sunriver meeting embodying whatever agreements could be reached. Further discussions have occurred at the VOIP Forum meeting in Portland, and on various email reflectors. This document, APC-1262 (Q11-B-08), represents the author’s best attempt at capturing the state of consensus that exists at this time.








Discussion





Signaling Protocol and Erasure





There is no consensus at this time on the handling of DTMF signaling, including erasure of DTMF from the audio path, in the H.323 gateway-to-gateway application. The VOIP Forum prefers the use of RTP signaling in this context, and there is also a proposal for a DTMF “codec” that would be used as a redundant codec to provide more reliable and compact signaling of in-band DTMF. In either case, there is no possibility of completing work on such a proposal in time to meet deadlines for decision of H.245 version 3 by January, 1998. Therefore, this document assumes that at least one of the participating endpoints is a computer or other terminal that can process H.245 directly; erasure is therefore not a concern. Gateways receiving a UserInputIndication alphanumeric or dtmfStart message or dtmfStart, dtmfUpdate, dtmfEnd message sequence (as defined below) shall inject DTMF into the outbound audio stream on the PSTN (or pass the message along to an H.324 endpoint), and gateways detecting DTMF shall generate a corresponding UserInputIndication alphanumeric or dtmfStart message in the H.245 channel without erasing audio. Talk-off might result in false H.245 messages, but no disruption in the audio path.





Capability Indication





Previous versions of H.245 have used UserInputSupportIndication to indicate user input transmission capabilities, but there has been no indication of user input reception capabilities. This document proposes a new UserInputCapability element in the Capability structure used in TerminalCapabilitySet during the capability exchange phase to indicate which UserInputIndication messages a terminal can process. This includes indication of support for the existing forms of UserInputIndication, as well as use of the new dtmfStart and hookflash indications.





Routing to Specific Destinations





Previous contributions (APC-1221, APC-1234) discussed the concept of specifying a destination for DTMF indications so that a specific endpoint could be designated to receive DTMF signals in a multiparty call. However, this would introduce the requirement for MCs to route messages to specific endpoints, with lots of complications when there are cascaded MCs, and significant problems when not all individual participants in the conference have unique IP addresses (for example, when the MCU is in the H.320 domain). Objections have been raised that adding this sort of functionality to H.245 will push us down a “slippery slope” to reproducing large portions of T.125 (Multipoint Communication Service) in H.245. The consensus seems to be that PSTN audio conferences do without directed DTMF now, and that the number of applications that would benefit from it is small; therefore, this document excludes the capability of specifying a destination for DTMF input. 


The MC in a multiparty conference will have to broadcast UserInputIndication messages in the same manner as ConferenceIndication or MiscellaneousIndication messages. A full-featured MC would also translate dtmfStart messages into alphanumeric messages for endpoints which have not indicated capability to receive dtmfStart; dtmfUpdate and dtmfEnd messages are ignored in these cases, since timing information is not supported by alphanumeric. MCs shall implement a mechanism to deal with overlapping simultaneous dtmfStart/dtmfUpdate/dtmfEnd sequences from multiple endpoints; this could involve discarding overlapping sequences, buffering overlapping sequences and sending them later, or other manufacturer-specific techniques.





Timestamps and Logical Channel Numbers





Consensus exists on the need for some coordination of timing between DTMF signals carried on H.245 and audio carried via RTP in H.323 systems. This proposal, therefore, includes the ability to specify two timestamps, a holdUntil time and a discardAfter time, as well as an indication of the associated audio logical channel. Times are indicated using the RTP timestamps of the associated audio channel. For H.324 applications, timing reference is considered to be unnecessary due to the relatively fixed delay and low jitter characteristics of H.223.





Speed Dials





It was suggested that multi-digit strings, which had been proposed in APC-1234, were an unnecessary complication, and that “speed dial” capability could be handled by an endpoint generating several single-digit messages in series. This appears to be the consensus, and support for multi-digit messages is excluded from this proposal. The endpoint requesting the generation of a series of tones would indicate spacing between tones by setting the holdUntil time appropriately.





Tones and Pauses





Consensus was reached on supporting all sixteen DTMF tones defined in Recommendation Q.23 (“0123456789#*ABCD”), as well as the optional ability to indicate a hookflash (needed is some private networking signaling scenarios, such as for invoking supplementary services or switching between active and held calls). The proposal in APC-1234 to use a comma to indicate a pause in the midst of a multi-digit string is not needed, since multi-digit strings are not supported and interdigit time can be controlled by the holdUntil time. Other common dialing controls, proposed in APC-1234, that would require monitoring for tones on the reverse channel (for example, “W”, “@”, and “$”) are controversial, not easily implemented, and not proposed in this document.








Specific Text Changes to H.245 Version 3





It should be noted here that in the opinion of the contributor there is no need to change any of the references to DTMF or UserInputIndication in Recommendation H.323 Version 2 (sections 6.2.8, 6.3, 8.1.7.1, 9.1, and 9.2) to accommodate the proposed changes in H.245. The references in H.323 are sufficiently abstract and generic as to require no updating.





Changes to H.245 ASN.1 Coding





Add userInputCapability to the Capability element as follows:





Capability		::=CHOICE


{


	nonStandard	NonStandardParameter,





	receiveVideoCapability	VideoCapability,


	transmitVideoCapability	VideoCapability,


	receiveAndTransmitVideoCapability	VideoCapability,





	receiveAudioCapability	AudioCapability,


	transmitAudioCapability	AudioCapability,


	receiveAndTransmitAudioCapability	AudioCapability,





	receiveDataApplicationCapability	DataApplicationCapability,


	transmitDataApplicationCapability	DataApplicationCapability,


	receiveAndTransmitDataApplicationCapability	DataApplicationCapability,





	h233EncryptionTransmitCapability	BOOLEAN,


	h233EncryptionReceiveCapability	SEQUENCE


	{


		h233IVResponseTime	INTEGER (0..255),	-- units milliseconds	


		...


	},


	...,


	conferenceCapability	ConferenceCapability,





	receive UserInputCapability	UserInputCapability,


	transmitUserInputCapability	UserInputCapability,


	receiveAndTransmitUserInputCapability	UserInputCapability





}





Add the UserInputCapability type as follows:





-- ================================================================================


-- Capability Exchange Definitions: UserInput


-- ================================================================================


UserInputCapability	::= CHOICE


{


	nonStandard	SEQUENCE OF NonStandardParameter OPTIONAL,


	basicString	NULL,  -- alphanumeric


	iA5String	NULL,  -- alphanumeric


	generalString	NULL,  -- alphanumeric


	dtmf		NULL,  -- dtmfStart, dtmfUpdate, dtmfEnd


	hookflash	NULL,  -- hookflash


	...


}





Add the dtmfStart, dtmfUpdate, dtmfEnd, and hookflash elements to UserInputIndication as follows:





-- ================================================================================


-- Indication Message : user input


-- ================================================================================





UserInputIndication	::=CHOICE


{


	nonStandard	NonStandardParameter,


	alphanumeric	GeneralString,


	...,


	userInputSupportIndication	CHOICE


	{


		nonStandard 	NonStandardParameter,


		basicString	NULL,


		iA5String	NULL,


		generalString	NULL,


		...


	},


	dtmfStart		SEQUENCE


	{


		tone		IA5String SIZE (1) FROM (“0123456789#*ABCD”),


		duration	INTEGER (40..65535),  -- milliseconds


		reference	CHOICE OPTIONAL


		{


			rtp		SEQUENCE


			{


				holdUntil	INTEGER (0..4294967295) OPTIONAL,


				discardAfter	INTEGER (0..4294967295) OPTIONAL,


				logicalChannelNumber	LogicalChannelNumber,


				…


			},


			…


		},


		…


	},


	dtmfUpdate		SEQUENCE


	{


		duration	INTEGER (40..65535),  -- milliseconds


		…


	},


	dtmfEnd		SEQUENCE


	{


		duration	INTEGER (40..65535),  -- milliseconds


		…


	},


	hookflash		SEQUENCE


	{


		reference	CHOICE OPTIONAL


		{


			rtp		SEQUENCE


			{


				holdUntil	INTEGER (0..4294967295) OPTIONAL,


				discardAfter	INTEGER (0..4294967295) OPTIONAL,


				logicalChannelNumber	LogicalChannelNumber,


				…


			},


			…


		},


		…


	},


	…


}








Changes to H.245 Semantic Definitions





Modify the semantic definitions in Section 7/H.245 as follows.





7.2.2.3	Capability


The choices receiveVideoCapability, receiveAudioCapability and, receiveDataApplicationCapability and receiveUserInputCapability indicate the capability to receive according to the respective VideoCapability, AudioCapability and, DataApplicationCapability, and UserInputCapability.


The choices transmitVideoCapability, transmitAudioCapability and, transmitDataApplicationCapability and transmitUserInputCapability indicate the capability to transmit according to the respective VideoCapability, AudioCapability and, DataApplicationCapability, and UserInputCapability.


The choices receiveAndTransmitVideoCapability, receiveAndTransmitAudioCapability and, receiveAndTransmitDataApplicationCapability and receiveAndTransmitUserInputCapability indicate the capability to receive and transmit according to the respective VideoCapability, AudioCapability and, DataApplicationCapability and UserInputCapability. These code points may be useful for indicating that the receive and transmit capabilities are not independent.


The boolean h233EncryptionTransmitCapability, when true, indicates that the terminal supports encryption according to H.233 and H.234.


h233IVResponseTime is measured in units of milliseconds, and indicates the minimum time the receiver requires the transmitter to wait after the completion of transmission of an IV message before starting to use the new IV. The means of transmitting the IV is not defined in this Recommendation.


ConferenceCapability indicates conference capabilities such as the ability to support Chair Control as described in H.243.








7.13.6�seq sub_sub_sub_section \r 0 \h�	User Input


This is used for User Input messages.


alphanumeric is a string of characters coded according to T.51. This could be used for key-pad input, an equivalent to DTMF.


userInputSupportIndication: indicates to the remote terminal which GENERALSTRING types the terminal supports.


Note. It is expected that most implementations of PER decoders will not be capable of decoding other strings than IA5. This indication should be used to "warn" the remote terminal not to attempt fancy variable length coding schemes.


nonStandard is a NonStandardParameter indicating a non-standard use of the UserInput indication message.


The boolean basicString, when true, indicates that the characters 0-9, * and # are supported.


The boolean iA5String, when true, indicates that the complete IA5String character set is supported.


The boolean generalString, when true, indicates that the complete GeneralString character set is supported.


Note. Any data that is carried in H.245, including user input messages, will not be encrypted.


The dtmfStart, dtmfUpdate, and dtmfEnd indications may be used when more precise control is desired over the alignment of DTMF with audio in the associated logical channel and when control or indication of the duration of DTMF is needed. 


dtmfStart indicates the DTMF tone to be produced when sent to a PSTN gateway, that was detected in the audio stream when sent from a PSTN gateway, or to be signaled between other endpoint combinations. The duration element indicates the duration of the tone if known, or an initial estimate of the tone duration if the tone continues to be in progress at the time dtmfStart is transmitted. 


dtmfUpdate revises the estimate of the total duration of the tone being detected when the tone continues to be in progress. It should be transmitted so as to arrive well before the estimate that was previously sent in dtmfStart or dtmfUpdate expires; otherwise the revised duration will be ignored as the tone will have already been terminated by the receiver.


dtmfEnd indicates the final measured duration of a tone which was previously indicated by a dtmfStart and possibly dtmfUpdates and has now ended. It should be transmitted so as to arrive well before the estimate that was previously sent in dtmfStart or dtmfUpdate expires; otherwise the revised duration will be ignored as the tone will have already been terminated by the receiver. Note that it is not necessary to send dtmfUpdate or dtmfEnd messages if the full duration is known and can be indicated in dtmfStart.


hookflash is used to indicate the detection by or desire to generate in a PSTN gateway a momentary on-hook condition. Hookflash is used in many telephone switches as part of the process of invoking supplementary services, such as swapping between the active call and a call on hold, or placing a call on hold so that DTMF signaling can be used to invoke a call transfer or other service. The duration of the on-hook condition is a matter for local configuration in the gateway but is typically one-half second.


reference contains parameters needed to align the tone or hookflash with audio in an associated audio channel.


rtp contains parameters needed to align the tone or hookflash with an RTP/UDP stream (H.323).


holdUntil specifies the time, in terms of the RTP timestamp of the associated audio channel, before which the tone or hookflash should not be generated. Endpoints receiving an indication prior to the holdUntil time on the associated channel shall queue the DTMF request until the “Hold Until” time arrives. If a holdUntil time is not specified, then the tone or hookflash shall be generated as soon as the message is received (provided the discardAfter time, if specified, has not already passed). The sender of an indication shall not set holdUntil to a time that is “in the future”; holdUntil is normally set to the timestamp of audio currently being sent or most recently sent on the associated audio channel.


discardAfter specifies the time, in terms of the RTP timestamp of the associated audio channel, after which the tone or hookflash shall be considered “stale” and discarded by the receiver. Endpoints that receive an indication and are unable to act on it before the discardAfter time on the associated channel shall discard the request. If a discardAfter time is not specified, then the message shall not be considered stale by source request, but may nevertheless be discarded as a result of local configuration of the recipient. 


logicalChannelNumber shall specify the LogicalChannelNumber of the associated audio channel, the context in which the timestamps in holdUntil and discardAfter are meaningful.


An MC shall convert the timestamps and logical channel number from the received indication into the correct logical channel number and timestamps for each output channel when it forwards the indication to each receiving endpoint (the timestamps might change if the audio is being transcoded or mixed in an MP). An MC receiving an indication after the discardAfter time may discard the message immediately without forwarding it; otherwise, the MC shall forward all requests immediately without waiting for the holdUntil time.
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