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1 Introduction
This discussion paper intent is to provide the elements of reflexion that need to be clearly exposed to do the choice between different options of implementation and to agree on a functional description of ASR within the MRFC-MRFP in order to progress on TS 23.333 and 29.333.
The following figure depicts the overall architecture involving the MRFC and MRFP from TR 24.880 that is the reference for additional information on AS dialog with the MRFC over ISC and/or Sr/Cr interfaces.
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The grammar to be used for ASR is discussed in section 3 based on SRGS which is the standard promotes by the "Voice Browser" activity of W3C, this section is a first check of grammar and is more for information.
In section 4 the MRCPv2 protocol is presented as model for controlling an ASR function and may be the basis for defining the control of the ASR function over Mp, a first check is done for information but depend on section 5 agreement before deep investigation.
Section 5 presents two new architecture scenarios for the decomposition of the MRF both may involved a finest control of ASR (and TTS) with MRCP, one has impact on Mp the other will not have or very low impact, associated impact and recommendation are in this section that may be the most important section of this discussion
1.1 References

The W3C work is proposed as basis for investigating the implementation of ASR on Mp interface.
ASR is the process of using an automatic computation algorithm to analyze spoken utterances to determine what words and phrases or semantic information were present.

-------------- W3C stable recommendation -------------------------------------
[1] SRGS: Speech Recognition Grammar Specification (SRGS) Version 1 http://www.w3.org/TR/2004/REC-speech-grammar-20040316/ - stable version (candidate recommendation)
[2] SISR: Semantic Interpretation for Speech Recognition Version 1.0 http://www.w3.org/TR/2006/CR-semantic-interpretation-20060111/  - stable version (candidate recommendation)
[3] VoiceXML2.0 http://www.w3.org/TR/2004/REC-voicexml20-20040316/  - stable version (candidate recommendation)
[4] MRCPv2: draft-ietf-speechsc-mrcpv2-11.txt 

--------- W3C Working Draft ---------------------------------
[5] NLSML: Natural Language Semantic Markup Language (W3C Working Draft 20 Nov 2000) http://www.w3.org/TR/2000/WD-nl-spec-20001120/ - draft work in progress
[6] EMMA: Extensible MultiModal Annotation markup language  http://www.w3.org/TR/2005/WD-emma-20050916/ - draft work in progress
[7] PLS: Pronunciation Lexicon Specification http://www.w3.org/TR/2005/WD-pronunciation-lexicon-20050214/ - working draft
[8] N-Gram: Stochastic Language Models Specification http://www.w3.org/TR/2001/WD-ngram-spec-20010103/ - working draft

2 Discussion for ASR:
The following items of analysis are proposed as background analysis to CT4 for specifying the ASR function within the MRF. The analysis is based on the above references and focus on possible requirements for the Mp interface. 
3 SRGS analysis

3.1 Grammar usage and semantic interpretation
SRGS provides two modes: the voice mode and DTMF mode, only the voice mode of SRSG may be considered for ASR.
Two grammars form are provided in SRGS, the XML Form and ABNF Form.
3.1.1 Basic requirement of grammar
The speech recognizer shall use a grammar or multiple grammars as defined in SRGS. These grammars inform the recognizer of the words and patterns of words to listen for. 
Internally the recognizer compiles a model of recognition based on the received grammar(s). The grammar compilation is a text-to-phoneme conversion that require more or less time and processor resources depending on the size of the grammar. When this task is quite important it may be optimized by caching the result compilation to be re-used for the same grammar. In this case it promotes the usage of indicating the grammar by reference that the processor internally associates to the text-to-phoneme compiled file already done.

Give the grammar by reference is also an optimisation when the grammar used by the service is not user-specific of per call specific.

The compilation is a language-specific process that makes the requirement of indicating the language for accompanying the grammar and more precisely per legal rule expansion within the grammar.
3.1.2 Complete natural language recognition and semantic interpretation
This chapter discuss a speech to text function a little outside the usage of grammar for ASR.

The complete human language recognition requires at least that the complete language dictionary compilation is available for the ASR function. It is then proposed to not consider the downloading of a complete language dictionary over the Mp interface but either to rely on local provisioning of ASR engine if such functionality is retained. From the final application perspective it also means that the semantic interpretation of the raw text (generated by the speech-to-text function) requires an extraordinary complex task that should be done by an additional text post-processing function. In fact this domain may be related to stochastic language models which are used with open-ended prompts (e.g. "how can I help?") where context-free grammars would be unwieldy.

Furthermore, the speech application that interacts with the end user is able to dictate to the user a precise question that the user has to answer with limited and predictable choice e.g. Yes/No, 1/2/3, ketchup/harissa/mayonnaise. The ASR may also listen for parallel grammar recognition when the user is able to interact on several domain depending on his choice of navigation.
In conclusion a semantic interpretation provided by SISR is restricted to narrow domain of input voice where the grammar is used in a very specific context (e.g. composition of a pizza).
The intention of SRGS is to indicate precisely what to listen for and not to indicate a complete unlimited speech language to convert into text. 

So the natural language to text conversion function may be dissociated of the grammar usage.
3.2 Language
Extract from SRGS:
The Speech Recognition Grammar Specification permits one grammar to collect input from more than one language. The specification also permits multiple grammars each with a separate single language to be used in parallel. The specification also permits a single input utterance to contain more than one language. Finally, the specification permits any combination of the above: for example, parallel grammars each with multi-lingual capability.

This due to the fact that a language identifier may be attached to any token, sequence or set of alternatives in a grammar.

3.3 ABNF format of grammar document
A stand alone grammar document has the following structure:

Header declaration:
· Language
# required for Mp also
· Mode 

# not needed for Mp (only voice supported)

· Root rule
# also needed for Mp
· Tag format
# default value may be implicit for Mp

· Base URI
# if grammar by reference is supported

· Pronunciation lexicon (any number) #may be supported for Mp
· Meta and http-equiv (any number)   #not needed for Mp
· Tag (any number)
#required for Mp also
From SRGS: ABNF comments may appear between the declarations in the ABNF header after the ABNF self-identifying header. 
It proposed to remove the comment for encoding between the MRFC and MRFP.
The header declarations are followed by the rule definitions of the grammar.
3.4 Conclusion on SRGS

It is proposed to re-use SRGS as basis for the definition of ASR function.

4 MRCPv2 overview (section 9, "Speech Recognizer Resources")
MRCPv2 is defined to be able to control the following media processing resources:

· Basic synthesizer (announcement from voice clips)
· Speech Synthesizer (TTS)
· Recorder
· DTMF Recognizer

· Speech recognizer (ASR)
· Speaker verifier (identify the speaker from his voice)
The Speech recognizer is studied for ASR in this document.

MRCPv2 defines a complete model of command between a client and a speech recognizer server; this model may be directly applied in scenario 5.3 between the MRFC (client of ASR) and the MRFP (ASR server) or similar H.248 signal and parameter may be defined for Mp.
4.1 Grammar in MRCPv2

MRCP recommends the support of the two following grammars:

· W3C's Speech Recognition Grammar Specification Version 1 (SRGS)

· Sun's Java Speech Grammar Format

All MRCPv2 servers MUST support the XML form (MIME-type application/srgs+xml) of SRGS and SHOULD support the ABNF form (MIME-type application/srgs).

Comment: in the context of H.248 where ASN.1 binary encoding and ABNF text encoding are used it seems appropriated to only support the ABNF form but it should decided by members of CT4.
4.2 Resource types
Two resources are addressed by MRCP: the speech and DTMF recognition.

The DTMF recognition is already covered by the Mp profile and package, nevertheless for combination with ASR function it may be needed to study the interest of supporting this function with SRGS.

4.3 Capabilities of the recognition resource addressed by MRCPv2
The following capabilities are considered by MRCPv2:
1. Normal Mode Recognition: this mode tries to match ALL of the speech against a grammar and returns a no-match status if the input fails to match or the method times out.
2. Hotword Mode Recognition: this mode is where the recognizer looks for a match against specific speech grammar and ignores speech that does not match. The recognition completes only for a successful match of grammar or if the client cancels the request or if there is a non-input or recognition timeout.
3. Voice Enrolled Grammars: with this functionality, enrolment is performed using a person's voice. For example, a list of contacts can be created and maintained by recording the person's names using the caller's voice. This technique is sometimes also called speaker-dependent recognition. This mode has the concept of an enrolment session. A session to add a new phrase to a personnal grammar involves the initial enrolment followed by repeat of enough utterances before committing the new phrase to the personal grammar. Each time an utterance is recorded, it is compared for similarity with the other samples and a clash test is performed against other entries in the personal grammar to ensure there are no similar and confusable entries.

4. Interpretation: a recognition resource may be employed strictly for its natural language interpretation capabilities by supplying it with a text string as input instead of speech. In this mode the resource takes text as input and produces an "interpretation" of the input according to the supplied grammar. 

For the concern of ASR within MRFP controlled by the Mp interface it is recommended to start by considering the "normal mode recognition" and "hotword mode recognition".
4.4 Result of the recognition

MRCPv2 uses the Natural language Semantic Markup Language (NLSML) as result format from the sever.

It might be noted that NLSML as the status of early draft in W3C and will be replace by the Extensible MultiModal Annotation.
4.5 Protocol design of MRCPv2

MRCPv2 defines methods and header fields. Before analysing in detail those methods of control and information elements it is proposed to discuss and agree on options of section 5 for the decomposition of the MRF which will determined the impact on Mp implementation for ASR (and TTS) functions.
5 Architecture decomposition of the MRF related to Mp interface

It is proposed to CT4 WG, responsible for protocol design to consider to following sub-sections for the decomposition of the MRF. This discussion is more or less an architecture consideration that CT4 is not responsible for (in theory) but since it is related to the protocol for controlling the ASR function it might be interesting the collect some feedback from CT4.

5.1 Decomposition of the MRF with MRFC and MRFP

The current decomposition of the MRF stated in the 3GPP standard involves the MRFC and MRFP entities with the Mp H.248 based interface.
5.1.1 Impact on Mp specification

With the current decomposition of the MRF with MRFC and MRFP the following impacts should be foreseen for implementing the ASR function.

Only the Mp interface exists for controlling the ASR function which means:
The voiceXML script is received (or fetch) by the MRFC.
The MRFC will have to parse (for validation) and interpret the script (voiceXML interpreter) in order to apply the corresponding command of the MRFP. It is not recommended to transparently download the script to the MRFP or to pass the reference of the script to the MRFP for the following reasons:

· It will require a strong coupling between the AS and the MRFP 

· Important applicative intelligence will be required in the MRFP which contradict the master/slave model of MRFC-MRFP with H248; the MRFP became a voiceXML processor

· It may be not possible in the majority of the case were not only ASR related function are described in the voiceXML script

· All script error will be handled in the MRFP

In fact the voiceXML script will have some high level description of the ASR usage i.e. the grammar (SRGS) and possibly semantic interpretation (SISR) will be present but the voiceXML will not define finely how to control and interact with the processor (e.g. error handling, reason/cause of completion, response timeout, protocol capability discovery..). Consequently the Mp interface will implement a detailed protocol control of the ASR function within the MRFP.
5.1.2 Conclusion and recommendation
If only the current decomposition of MRFC and MRFP is retained by CT4 for implementing the ASR function then it is proposed to investigate more deeply the functional option for designing the level of desired control between the MRFC and MRFP.
It may be recommended:

· To use the stable standard SRGS [1] and SISR [2] and to decide and the format to use between ABNF and XML. 
· To double check the full SRGS support (e.g. considered mixed language, weights for alternatives, headers ref. §3.3)
· To consider usage of PLS [7] or similar capability
· To make decision on ASR capabilities referring to section 4.3
· To make a decision on the format of the recognition result (e.g. NLSML [5] or EMMA [6])
· To consider the speech-to-text function

· To clarify the combination or interaction with DTMF detection
· To consider the combination or interaction with recording function (for submitting to recognition at later time)
The MRFC behaviour related to VoiceXML script validation, interpretation and adaptation to Mp interface (not only for ASR) may be a topic of CT1 or may be considered as an implementation issue that do not need any guideline from the standard.

5.2 Decomposition of the MRFP 

In this architecture the MRFP is decomposed in two functional entities as shown in the figure below.
With this decomposition of the MRFP two cases maybe considered, the case where this decomposition is something internal to the MRFP and the other case where both entity are separated by and external interface which then requires the interoperability between equipment of several vendors.
Conceptually the case where the decomposition is internal bring near the current architecture of §5.1, it is important to note that in this case it may be possible to consider at H.248 level that only one termination per context with the property of being an ASR termination is used and is interpreted as to internally connect the termination to the ASR server i.e. no need for T2 termination. Nevertheless this one ASR-termination per context solution is not recommended because two terminations (T1 and T2) are required when transcoding is needed and it may be not compatible with the second scenario where the MRFP and the ASR server are separated with an external interface. 
The second case where both entities of MRFP are considered separated is analysed in the discussion below.
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Figure 5.2‑1: Decomposition of the MRFP

The first entity on the left has the following functions:

· it supports the Mp interface with the following requirements:
· be able to detect DTMF (and to interrupt the ASR if requested from MRFC) – not purely related to ASR
· control of the bearer context and terminations by H.248 (termination from left are connected the user, termination from the right are connected to the ASR server) – the T2 termination is ASR specific (need to be associated with the MRCP client)
· may need to transcode the voice to adapt to the supported codec of the ASR server (e.g. basic G711) – not really specific to ASR
· creation of the MRCP client on request for a ASR termination (T2) and association of this client to the termination T2 (internal association); initiate the SIP invite for opening the MRCP session control and the media path between the ASR termination T2 and the ASR server; the Mp signal associated to the termination T2 are mapped to the MRCP signalling session, the MRCP event received from the SIP/MRCP signalling are mapped and associated to the termination T2 for the Mp event sent to the MRFC.
· mapping of event from the ASR server (MRCP events) to Mp-H.248 event and mapping of Mp signal to MRCP method.

The following steps illustrate the MRFP-left-part procedure that may be foreseen:
1. context creation, add the classical IP termination T1

2. Add the ASR termination T2 (e.g. IP/ASR/$) and pending of step 3 to 7 before ack this termination creation
3. creation of the ASR client and association to the termination T2
4. opening the SIP/MRCP signalling session control with the ASR server

5. creation of the media path between T2 and the ASR server (step 4 and 5 may be combined in the same INVITE with two media lines)

6. 200 OK response is received from the ASR server

7. response to the creation of T2 in case of success of above steps

The second entity on the right is dedicated to ASR (and TTS for example) function. This ASR server is controlled by a SIP based MRCP interface and received the RTP stream for processing the input voice and do the recognition from a grammar. The ASR server received some MRCP methods, process the voice input, do the recognition and report by MRCP event and result.
5.2.1 Impact on Mp specification
In this model of MRF decomposition, the specialized ASR resource is distinguished from the MRFP-left-part function that is under the control of MRFC by the Mp interface. This specialized ASR resource may be physically a distinguished card with SIP-MRCP interface for signalling and RTP bearer for the audio media.
Related to ASR function the Mp interface is used for:

1. creating a h248 context and add the classical IP termination T1 of the end user.

2. creation of ASR termination T2 (the termination name (e.g. ip/asr) and/or the ASR package identifies that ASR function is requested); this will trigger the MRFC session with the ASR server and the binding between the MRCP client signalling and the termination T2 for signalling over Mp.

3. H.248 signal indicates the grammar applying to the termination (or local reference may be used if the same grammar is used for all user and is provisioned in MRFP-left-part or ASR server)

4. H.248 event are used to report the result of the ASR function to the MRFC
The specification of ASR for Mp should then be:
· The definition of the ASR package and the H.248 profile
· The definition of table mapping between MRCP command/event with the ASR package signal/event. The ASR package may be a subset that the MRCP protocol in term of functionality and information elements.

· Some procedure description for handling the Mp signalling interaction with the MRCP signalling may be described in TS 23.333.
5.3 Orthogonal decomposition of the MRF to the Mp interface
With this architecture the SIP/MRCP command of the ASR function is done between the MRFC and the ASR server. The MRFC controls the ASR servers with the MRCP interface and controls the MRFP-MG by H.248 over Mp. The MRFC procedure coordinates the relation between those two interfaces of control.
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Figure 5.3‑1: orthogonal decomposition of the MRF to the Mp interface
5.3.1 Impact on Mp specification

In this scenario the impact on Mp is very low or may be null.
Two cases are distinguished, the case 1 where the ASR server is an internal function of the MRFP (i.e. the MRFP support both Mp and MRCP interfaces). In this case as described in section 5.2 an only one termination per context may be used. With this one-termination design the termination has got an ASR property (e.g. from the name IP/ASR/$ or the package information) that the MRFP understands to be internally connected to the ASR server unit, the MRFC has to do the association between this termination and the MRCP control session. As for discussion in 5.2 this one-termination per context design is may be not recommended for the following reason:

1. two terminations are required when transcoding is needed

2. this is only applicable when the ASR processor is an internal function of the MRFP

3. it may impact the Mp interface (to identify a ASR Termination that need to be internally through-connected to the ASR server).
The separation between the MRFP and the ASR resource processor (case 2) is considered for the sake of clarity and to guarantee a better future-proof design of the MRFP.
Impact Mp interface:

So for this scenario at the MRFP it does not seem (for the editor) that there is a ASR-specific impact on the Mp interface (29.333), since the context are created with two classical IP termination and no ASR specific information are carry over Mp. Nevertheless, it is proposed to CT4 expert of H.248 to give their opinion on possible impact or not on the Mp profile.
Impact on procedure description:
The Mp related impact of this MRF decomposition is on the MRFC procedure, for example the following sequential action may constituted the MRFC procedure:

1. T1 termination (mode receive-only) is created on reception of the SIP INVITE from the AS 
2. MRCP session control and media path are initiated by a SIP INVITE from the MRFC to the MRCP server; 
3. when the MRCP session is successful (on receipt of 200 OK) the MRFC add the termination T2 (mode send-only) and through-connect the terminations (T1, T2, oneway). 

5.4 Conclusion and proposal

It is proposed to CT4 to consider the three architecture decompositions of the MRF presented in section 5.1, 5.2 and 5.3. and to try to sort out an order of interest for a possible impact on Mp related specification (TS 23.333 and 29.333).
Considering the timeframe of release 7 it may be judicious to decide which scenarios to document for which release (e.g. scenario 5.3 for Release 7, Scenario 5.1 or 5.2 postponed to release 8).

6 Annex

6.1.1 MRCP SIP session requirements

The following SIP requirements for establishing the MRCP session control are extracted from [4]:

MRCPv2 uses SIP to setup and tear down media and control sessions with the server. 

   The session management protocol (SIP) uses SDP with the offer/answer model described in RFC3264 [7] to set up the MRCPv2 control channels and describe their characteristics.

A separate MRCPv2 session is needed to control each of the media processing resources associated with the SIP dialog between the client and server.

  The session management protocol (SIP) also establishes the media sessions between the client (or other source/sink of media) and the MRCPv2 server using SDP m-lines. 

   MRCPv2 requires a connection-oriented transport layer protocol such as TCP or SCTP to guarantee reliable sequencing and delivery of MRCPv2 control messages between the client and the server.

 The SDP offer/answer exchange model over SIP is used to establish a resource control channel for each resource.  The SDP offer/answer exchange is also used to establish media sessions between the server and the source or sink of audio.

 The client needs a separate MRCPv2 resource control channel to control each media processing resource under the SIP dialog.

 When the client wants to add a media processing resource to the session, it issues a SIP re-INVITE transaction.  The SDP offer/answer exchange carried by this SIP transaction contains one or more additional control m-lines for the new resources to be allocated to the session.

Since a synthesizer also generates an audio stream, this interaction also creates a receive-only RTP media session for the server to send audio to.


m=application 9 TCP/MRCPv2

          a=setup:active

          a=connection:new

          a=resource:speechsynth

          a=cmid:1

          m=audio 49170 RTP/AVP 0 96

          a=rtpmap:0 pcmu/8000

          a=recvonly

          a=mid:1

 When a server receives media (e.g. audio) on a media session that is associated with more than one media processing resource, it is the responsibility of the server to receive and fork it to the resources that need to consume it.  If multiple resources in an MRCPv2 session are generating audio (or other media) to be sent on a single associated media session, it is the responsibility of the server to either multiplex the multiple streams onto the single RTP session or contain an embedded RTP mixer (see RFC3550 [2]) to combine the multiple streams into one. 







�Understand the point but think this needs expanding on a bit.





Note, I believe the current H.248 specifications indicate files fetched via URL’s but not from where? AS/MRFC/Contents server etc. – this should probably cleaned up.


�Don’t see how intelligence contradicts master/slave can you give a concrete example?





What is the concrete  problem with implementing a H.248 package or packages that performs VoiceXML dialog execution?





Having intelligence in the network elements has a number of advantages (see delegation model descriptions in 24.880).








�What additional functionality is being refered to here, please expand and give a valid example.


�Don’t understand this one? Did you mean MRFC. The script error would be indicated by the VoiceXML interpreter – wherever that is. The handling of the error would be done at the application server as is likely to be application specific.


�Document seem to make the conclusion that VoiceXML execution is not part of the MRFP, see comments above on this. Might be cleaner to cover just ASR  and not VoiceXML in this discussion paper or if the implementation choice for VoiceXML has an impact on ASR implementation choice to expand on this futher in a separate section.
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