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Abstract

The problem of building intelligent speech communication interface is very complex and there is a lot of ways to solve him. The first step in this process is to choose an architecture, which will relate the communication of all function blocks which are necessary. The main functions are Automatic Speech Recognition (ASR), Natural Language Understanding (NLU), Dialog Management (DM), Natural Language Generation (NLG), Text-toSpeech (TTS) and Audio Interface. Some of these blocks could be coupled together, but because of bigger efficiency some architecture spread them in a lot of independent parts. In this article a review of dialogue systems architectures and related problems are described and discussed.

1. Introduction

They are different requirements on automatic speech communication systems. First of all is quality of speech recognizing, then intelligent and quick dialog management and of course the speech synthesis. But next when we deal with these problems we find out that higher quality needs more computing time. So the next challenge is high performance of the whole system, and a possibility to distribute the modules on more computers. At the end we need to serve to more users, but every module need different types of resources, so we need to share the resources, and spread the high time-consuming modules on more computers.
To solve these problems we need to work on architecture of the whole automatic speech communication system and find out the best solutions for our requirements.

2. The  pipe-and-filter model
The pipe-and-filter model is a data-flow oriented model. Each component retrieves data from the input stream and produces results for the output stream. Unix commands and pipes are typical examples of this architectural style. Components are able to produce results incrementally, i.e. they can read part of the input stream and produce results from that, then read the next part of the input stream and so on, as we can see on Fig. 1. This property makes components act like filters. Filters are independent, in particular from the state of other components. In a strict sense, components are not supposed to know the identity of other components in the pipeline, and the correctness of their results should not depend on the execution order [1].
In speech systems the sequential nature of pipe-and-filter architectures compels a simple and rigid turn-based interaction model, because it does not support the exploration of more flexible interaction models needed in more natural speech communication. The pipe-and-filter model still has a lot to offer, because its principles can be applied to sequential subsystems within complex hybrid systems. For example, it can be used to organize language processing components.
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Figure 1. Pipelined architecture
3. Distributed (hub–server, client-server) model
The client-server model, or more generally the distributed processes model, has become extremely popular with the Internet and other distributed service systems. The focus is on services provided by servers and used by clients. In a way, the services represent shared data in a similar way as shared data storages in blackboard systems. There may be different topologies to arrange the network between components. Many systems have one central component (a broker, a facilitator, a hub) which guides the traffic between services. An example of speech systems is the Galaxy-II architecture, in which a hub controls the traffic between servers (see Fig. 2) [2]. Agent architectures also use similar models, for example the Open Agent Architecture has a facilitator which coordinates services and agents. The idea of having a central component is to reduce direct references between components. Resources can be also balanced more efficiently in this way.
Services are a useful way to represent distributed and shared resources. There exist mature, high-level protocols to exchange information between services. This makes the communication between components well-defined and the system can be extended by introducing new services and clients. In complicated and large systems it is important to share and distribute resources, such as speech recognizers, between multiple computers and dialogues to maximize computation resources.
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Figure 2. Galaxy II architecture
4. Agent-based model
Open Agent Architecture is not a speech-specific architecture, but a general purpose framework for the construction of agent-based systems. It has been used in many speech systems as a base infrastructure, which makes it especially interesting in this context. Here we introduce the main principles of OAA.

The heart of Open Agent Architecture is the Facilitator. This is similar to the HUB in the Galaxy-II architecture, and other central components in distributed systems. Although a system usually contains a single facilitator, OAA makes it possible to use multiple facilitator agents inside a single system. Other agents in an OAA system are meta agents, service agents and requesting agents.
Requesters specify goals to the Facilitator, also giving advice on how these goals should be achieved. Service providers offer services such as timetables or speech recognition capabilities for the Facilitator. They might be wrappers for underlying legacy components. Meta-agents contain domain or goal-specific information which is used by the Facilitator. The interaction between agents is coordinated by the Facilitator. It receives requests, finds suitable services and delivers results back to the requesters. It also provides functionality for broadcasting messages and establishing direct connections. This is called a delegation model. The Facilitator delegates requests for other agents, which in turn may present further requests in order to solve their tasks. The Facilitator is used as a coordinator, not a controller, as central components are viewed in many systems.
5. Blackboard (pool) model

The blackboard model is a special case of the repository model. The central aspect of these systems is centralized data storage. Other components in the system, which may be called knowledge sources, agents and so on, operate on the basis of this data storage. The variation in repository systems comes from their control mechanisms: operations can be driven by the shared data or other system components. In the latter case the system is more like a database than a blackboard.
Modules are realized as independent processes that interact by publishing and subscribing data to and from global data stores (so-called pool or blackboard). This makes arbitrary communication paths in a dynamic community of distributed processes possible because data producers and data consumers are decoupled. The architecture does not only consist of the necessary infrastructure for inter-process communications. It also contains several kinds of helpful tools for integrators as well as for module developers [3].

The blackboard model is especially suitable for artificial intelligence and signal processing applications. An agent-based system can also benefit from this kind of shared information.
6. W3C browser – dialog manager oriented model

W3C Voice Browser Activity and Voice Browser Working Group was established in 1999 to develop standards for so called "Voice browsers", i.e. applications using phone and voice for accessing Web based services in the same way as graphical Web browsers do today using keyboard, mouse and screen [4].
Let us briefly describe the main parts of the system. 
The dialog manager (DM) interprets mainly VoiceXML documents and fully controls the other components. The philosophy is to concentrate as many tasks as possible within the DM to allow other components to be as simple as possible. 

I/O manager is the part responsible for controlling input and output. Besides the activation/deactivation of input/output, this part is also responsible for timeout and barge-in management, event queue management, and filtering I/O related information that are not useful for currently used input/output component. 

Input component is responsible for collecting user input. The input can be not only a voice stream delivered by the telephony component, but various other input devices can be also used. One can use e.g. microphone, but there is no requirement that the devices should support voice input. It is possible to use e.g. keyboard for simulating speech, but more "exotic" devices can be considered as well, e.g. stylus and handwriting recognition, touch screens for visually impaired or other modalities. It is also possible to use a combination of the input devices and create a dialog application with multimodal input.
Grammars have two purposes in the system. First, they can describe set of utterances that the user is expected to say. It can be used by a speech recognizer to restrict the recognition domain in order to improve the recognition quality. This is often called speech recognition with restricted domain, speech recognition with restricted language or simply restricted speech recognition. 

The second task of grammars is to describe semantics of utterances. Grammars, semantic representations and speech recognizers are often bound together, it is not always possible to use any grammar format together with any speech recognizer. 

Output component is responsible for presenting output to the user. The output is represented mainly in VoiceXML documents by prompts. DM preprocesses the prompts and then sends them to the output component. The output component can synthesize a voice stream and send it to the telephony component, but the voice can be sent also to a local sound system or the output can be presented using other modalities, e.g. it can be written as text to a console, formatted for small displays of handheld computers, etc. 

Telephony component implements service layer upon a telephony board and provides telephony call control. Dialog can be started by the telephony component and this component can send besides voice stream also some telephony related events that influence the dialog flow.

6. Conclusion

The quality of the interactive voice response systems (IVR) depends on architecture as well as on the quality of the components. The best solution for platform independent distributed services is blackboard (pool) model, but easier to understand and better for development is simple hub server model, which can be upgraded in agent-based model if necessary [5]. W3C model is a standard in web technologies and understand the IVR system as a web browser (for VoiceXML documents) with voice input and output capabilities and telephony support. These features make W3C Browser very interesting and useful standard for using VoiceXML documents, which are very popular as XML documents at all.
If we need to increase the compute efficiency of our resources, the agent-based model could solve mostly all our special requirements.
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