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Foreword

This Technical Specification has been produced by the 3GPP.

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of this TR, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the specification.

Introduction

Forecasts show that speech-driven services will play an important role on the 3G market. People want the ability to access information while on the move and the small portable mobile devices that will be used to access this information need improved user interfaces using speech input. At present, however, the complexity of medium and large vocabulary speech recognition systems are beyond the memory and computational resources of such devices.

Server-side processing of the speech input and output, can overcome these constraints by taking full advantage of memory and processing power as well as specialized speech engines and data files. However, the distortions introduced by the encoding used to send the audio between the client and the server as well as additional network errors can significantly degrade the performance of the speech engines; therefore also limiting the achievable speech functionalities. 

In this document, Distributed Speech Recognition (DSR), is a generic framework to distribute the audio sub-system and the speech services by streaming encoded speech between the client and the server. Instead using a speech channel as in today’s server-based speech services, an error-protected data channel will be used to transport the speech code from the front-end (terminal client ) to the speech engine (on server). The additional use of appropriate DSR codecs optimized for speech recognition overcomes the problems identified above. 

DSR will provide 3G users with a high performance distributed speech interface to server based automatic services for communication, information or transactional purposes. 

The types of user interfaces include those that are voice only, for example, automatic speech access to information, such as a voice portal described in this section, as well as combined speech / dtmf input. In the future, a new range of multi-modal applications is also envisaged incorporating different modes of input (e.g. speech, keyboard, pen) and speech and visual output.

ETSI STQ Aurora has developed on possible a DSR framework that attempts to minimize the negative effect of encoding and network losses on the speech engine performance. This includes:

· transport protocols (IETF AVT DSR), codec negotiation / switch and meta-information exchanges. 

· a DSR optimised codec (ETSI ES 201 108 [4]) and studied the performance improvements that it provides over other (e.g. AMR) codecs. This encoding scheme is supported by major speech recognition and handset manufacturers. 

 This framework and the DSR optimised codecs can be taken as starting points. A noise-robust front-end is currently under development.
1.
Scope

This Technical Specification defines the stage one description of the Distributed Speech Recognition Based Automated Voice Service. Stage one is the set of requirements for data seen primarily from the subscriber’s and service providers’ points of view.

This TS includes information applicable to network operators, service providers, terminal and network manufacturers.

This TS contains the core requirements for the Distributed Speech Recognition Based Automated Voice Service.
***  From my experience, the following requirements are missing and should be added:
- upload possibility of new / updated codecs -> chapter 6.1
- how to handle a call transfer to a human speaker like a help operator or a voice-dialled B-party?
***
*** 
Advantage : DSR minimises performance loss due to coding and transmission.
Disadvantage : Coding schemes (speech features) limited to one all-round (or a few) schemes. Therefore appl-dependent acoustic modelling using different feature-sets will not be possible. Additionally, elaborated techniques for noise reduction / echo cancelling / end-point detection cannot be used anymore. 
( Risk! – because degree of effects unknown 
***
2.
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies.

-
A non-specific reference to an ETS shall also be taken to refer to later versions published as an EN with the same number.

[1]
3G TS 21.133: "3G Security; Security Threats and Requirements"

[2]
3G TS 21.905: “Vocabulary for 3GPP Specifications”

[3]
3G TR 22.941: " IP Based Multimedia Services Framework"

[4]
ETSI ES 201 108 v1.1.2 Distributed Speech Recognition: Front-end Feature Extraction Algorithm; Compression Algorithm”, April 2000.
3.
Definitions and abbreviations

Definitions and abbreviations used in the present document are listed in TR 21.905 [2]. For the purposes of this document the following definitions and abbreviations apply:

3.1
Definitions

Automated Voice Services: ???
Distributed Speech Recognition: ???

Distributed Speech Recognition Based Automated Voice Service: ???
Distributed speech recognition codec: ???
3.2
Abbreviations

For the purposes of this document the following abbreviations apply:


DSR – Distributed Speech Recognition.

IMS – IP Multimedia Subsystem

4.
Requirements

The following list gives the high level requirements for the Distributed Speech Recognition Based Automated Voice Service:

Subscribers to the Distributed Speech Recognition Based Automated Voice Service shall be able to setup voice communication, access information or conduct transactions by voice commands using distributed speech recognition (DSR).  Example Automated  Voice Services include:

· communication assistance (Name dialing, Service Portal, Directory assistance)

· Information retrieval (e.g., obtaining stock-quotes, checking local weather reports, flight schedules, movie/concert show times and locations)

· M-Commerce and other transactions (e.g., buying movie/concert tickets, stock trades, banking transactions)

· Personal Information Manager (PIM) functions (e.g., making/checking appointments, managing contacts list, address book, etc.)

· Messaging (IM, unified messaging, etc…)

· Information capture (e.g. dictation of short memos)

For the sake of brevity, these services will be referred to as ‘DSR-based Automated Voice Service’ in the rest of this section.

The DSR-based Automated Voice service will be offered by the network operators and will bring value to the network operator by the ability to charge for the automated voice services.

This service shall be offered over the IMS. The protocols used for the uplink streaming of DSR front-end parameters (from terminal to server) and associated control and application specific information will be based on those in IMS.
4.1
Initiation

It shall be possible for a user to initiate a connection to the DSR-based Automatic Voice Service, for example, by entering the identity of the service. The identity used will depend on the scheme of the service provider but could include a phone number or even a URL.

4.2
Information during the call

At initiation and potentially during the call it will be possible to select the uplink and downlink codecs. The terminal shall support a standard DSR optimized codec as default uplink codec. When supported by the terminal and the automated voice service, another uplink codec can be selected. This may be motivated by the expected or observed acoustic environment, the service package purchased by the user, the user profile (e.g. hands-free as default) or service need. The downlink codec shall be negotiated as conventionally done within 3GPP.

The user speaks to the service and receives output back from the automated voice service provider as audio (recorded ‘natural’ speech or generated ‘synthetic’ speech). Additional control and application specific information shall be exchanged during the call between the client and the service.  Accordingly some terminals shall support sending additional data to the service (e.g. keypad information and other terminal events) and receiving data feedback that shall be displayed on the terminal screen. 
4.3
Control

Users shall access and navigate within and between the various  automated speech services by spoken commands or pressed keypads. To allow barge-in, a simultanous uplink / downlink transfer has to be supported. 
It shall be possible for network operators to control access to services based on subscription profile of the callers (e.g., persons should be 18 years or older in order to make purchase transactions.)
4.4
User Perspective (User Interface)

The user’s interface to this service shall be via the terminal equipment. User can interact by spoken and keypad inputs. The terminal equipment can have a visual display capability. When supported by the terminal, the server-based application can display visual information (e.g., stock quote figures, flight gates and times) in addition to audio playback (via recorded speech or text-to-speech synthesis) of the information. 



5.
Service Specific Considerations

In a generic DSR framework architecture, the front-end is located in the terminal and is connected over a data network to an automated voice service (see Figure 1). The uplink codec digitizes speech into streamed audio on the terminal. Additional application and session control meta-information is also sent to the automated voice service. Speech output is similarly streamed (downlink) back the terminal using a conventional codec.

With optimized DSR codecs, the input audio sub-system consists of an acoustic front-end (FE) (front-end of speech recognition engines). It is located in the terminal and is connected over a data network to a remote back-end (BE) recognition engine service (see Figure 1). The FE transforms digitized speech into a stream of acoustic feature vectors. These vectors are then sent as an uplink stream to the BE of a data transport which could be wireless or wireline. The recognition engine of the BE matches the sequence of input feature vectors with references and generates a recognition result. This results in higher recognition accuracy compared to the use of a voice channel by minimising the degradation caused by codec and channel transmission errors. The envisaged DSR-based services also require a conventional downlink stream for audio prompts. *** transfer to human needs switch data -> speech stream ***
5.1
Authorization

Authorization for use of this service shall be under the control of the network operator.

5.2
Deauthorization

Deauthorization for use of this service shall be under the control of the network operator.

5.3
Registration

Connection to the IMS with terminal equipment containing the requirement capabilities to allow the use of the DSR-based Automated Voice  service shall be possible.

5.4
Deregistration

Disconnection from the IMS shall prevent the use of the DSR-based Automated Voice service.

5.5
Activation

Activation shall be as for IMS Basic Voice Service [3].

5.6
Deactivation

Deactivation shall be as for IMS Basic Voice Service [3].

6.
Service Provisioning 

The DSR-based Automated Voice Service will be able to be provisioned by either the network operator or by a 3rd party service provider.
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Figure 1: DSR Architecture

6.1
Distribution, downloading, terminal capabilities

In addition to the basic capabilities for voice (such as the default voice codec that will be used for the downlink DSR audio prompt stream), the terminal device will require the following DSR-specific capabilities:

· A  standard default uplink optimised DSR codec. A candidate optimised DSR codec is the ETSI ES 201 108 [4].

· Upload possibility of new clients (front-ends)
· A downlink conventional codec (simultanous with uplink)
· DSR session control using SIP 

· DSR transport using RTP

· The capability to transmit keypad information from the client to the server (e.g., either DTMF or the keypad string)

· Application specific information exchanges shall be supported between the client and the server (client events, display information etc…).

In addition to the default DSR front-end, the terminal may have additional DSR front-ends that can be selected by the service provider or the network operator, depending on factors such as the noise environment, service package purchased by the user, and the Automated Voice Service that is being accessed.
6.2
Service Provisioning Requirements

In addition to the requirements for the Basic Voice service, the following capabilities shall be provided for this service:
*** some issues are duplicated from 6.1 ***
· The network shall support the IETF packet protocols such as RTP, SDP and SIP.

· The terminal equipment shall have the capability to transmit keypad information to the server (e.g., either DTMF or the keypad string)

· Application specific information exchanges shall be supported between the client and the server (client events, display information etc…)

· The terminal equipment shall have at least a standardized default uplink DSR codec.  

· The network shall have uplink streaming capability to enable transmission of audio input  from the terminal to the automated voice service on the server.
· IMS shall support network QoS (Quality of Service) for conversational class services. For example, 150 msec expected and 400 msec maximum for end-to-end one-way delay.
7.
Security 

The “Security Threats and Requirements” specified in 21.133 [1] shall not be compromised.

It shall be possible to deny unauthorized access to the 3GPP Distributed Speech Recognition Based automated Voice Service. An authorization may be based on the following,

· identity of the accessing user agent, server or device 

· the destination user, device or user agent

Third parties must have authorization from the User and PLMN Operators in order to access the 3GPP Distributed Speech Recognition Based automated Voice Service.
8.
Privacy

It shall be possible for the user to express privacy requirements for the Distributed Speech Recognition Based automated Voice  Service that can be used to determine access rights.

9.
Charging

The user can be charged for sessions with the DSR-based automated Voice Service in a variety of ways. The following shall be possible:
a) By duration of call (including “one-off” charge/flat rate)

b) By data volume transferred (number of packets)

c) By subscription fees for the service (unlimited usage or unlimited usage up to a point and then per-use fees)

d) Free (with the service being subsidised by advertising revenue from advertisement spots)
The advertisement spots may be inserted either at session start-up or close, or designed in such that system delay time is masked (e.g., while the user is waiting for the flight schedules to be returned, or a purchase transaction to be completed).

The network operator will receive revenue from subscribers directly as well as from the content and service providers who want their sites to be accessible via the automated voice service, and from advertisers. Advertising spots can be inserted at appropriate points during the session (e.g., at the beginning of the session, while the user is waiting for a system response, or at the end of a session).
10.
Roaming

The subscriber shall be able to utilize the DSR-based automated Voice Service when roaming in any IMS compatible mobile network, where there is an appropriate roaming agreement established. The DSR parameters could be routed back to the home network, if delays are appropriately managed. However, network latencies introduced by traversal over multiple networks might necessitate (seamless) switchover to a closer service provider. For this reason, the capabilities of the DSR-based automated Voice Service shall be available in the roamed-to network in the same manner as in the home network; within the limitation of the capabilities of the serving network.

11.
Interworking

It shall be possible for the DSR-based automated Voice Service to be combined with the Basic Voice service. This way, all users of the DSR-based automated Voice Service should be able to use automated voice services on any telecommunications network.  ** not clear to me ***
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