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SUMMARY

This tutorial will cover topics in automatic speech recognition (ASR) that are specific to the implementation of
ASR systems on wireless mobile devices. Emphasis will be placed on algorithms and architectures that relate
to ASR in the context of the mobile devices themselves, the environments they are used in, the networks they
are connected to, and the target applications that they support. The tutorial will have two major parts. The first
part will consist of a survey of existing mobile ASR applications, architecures, and supporting technology. The
second part will present algorithms that have been developed to make ASR systems more robust, more efficient,
and more flexible for mobile applications.
The first part of the tutorial is meant to provide a broad background and to motivate the techniques presented in
part two. No background in signal processing, statististics, or speech recognition technology is assumed for this
portion of the tutorial. The survey will begin with a discussion of ASR based applications using mobile devices
along with a discussion of the issues affecting ASR performance that are specific to mobile applications. Ex-
amples of issues that are specific to mobile ASR include rapidly varying acoustic environments, bursty wireless
channels with a variety of coding and compression algorithms, and interaction of voice input with other interface
modalities. A range of system architectures will be described along with examples of how different levels of
ASR functionality can be implemented in different parts of the network. A survey of supporting technology
including specialized transducers, specialized devices,and language resources for mobile applications will also
be presented.
The second part of the tutorial covers topics from the speech recognition literature that relate to performance
and implementation of ASR for mobile device applications. Some background in signal processing, statistical
modeling, and ASR is assumed for this part of the tutorial. There are three major technology areas that will be
covered. First, robust ASR techniques are described. This will include a brief background of robust acoustic
modeling techniques, a description of particular sources of distortion that are characteristic of mobile acoustic
environments and channels, and discussion of robust algorithms that have been proposed in the literature for
mobile applications. Second, techniques for efficient ASR implementation will be described. These include
techniques for reducing size and increasing speed for acoustic models and recognition networks. Finally, the last
technology area is related to the use of word lattices generated by the speech recognizer for applying additional
knowledge sources available from the task domain. These techniques include concatenating and re-scoring
lattices obtained from multiple utterances in system initiated interactions. They also include techniques for
decomposing word lattices so that portions of a continuous utterance can be isolated, weighted, and associated
with individual fields in an interactive scenario.

SYLLABUS

I. Survey of existing applications, architectures, and supporting technology

1. ASR applications on handheld, mobile devices

Portable Devices processing power and user interfaces

Network Connectivity protocols, bandwidth, and voice/data channels

Potential Applications data entry, information retrieval, command-and-control, and dictation

2. Architectures for Implementing ASR Services on Mobile Devices



Distributed Functionality ASR engine, feature analysis, dialog, and applications databases

System Requirements distributed vs. embedded implementations, computational complexity, la-
tency, security and consistency of application databases

3. ASR issues unique to mobile applications

Device Related Issues microphone characteristics and interaction of voice with other input modalities

Channel Issues channel fading and error characteristics, speech coding and compression algo-
rithms, network delays

Environment Issues background noise and effect on speaking style

4. Supporting Technology: Transducers and Specialized Devices

II. Algorithms for Robust, efficient, flexible ASR Applications

1. Fundamentals of ASR and Acoustic Modeling

ASR Algorithms HMM-based speech recognition

Robust Acoustic Modeling discriminative feature space transformations and feature space normaliza-
tion; model adaptation; combination of speech and background models;
recovery of missing features

2. Robust Algorithms Applied to Mobile Applications

Adaptation exploiting side information such as speaker identity and transducer/device type

Background Modeling nonstationary models, estimation algorithms, speech detection

Multi-Modal Input joint decoding of pen and speech input

3. Efficient ASR Implementations

Computation fixed-point arithmetic, VQ, tied-distributions, Gaussian selection

Memory small memory footprint, optimized decoder networks

4. Lattice Based Constraint Modeling

Language Constraints combination of multiple word lattices; dynamic language model gener-
ation

Salient Information Extraction confidence-based lattice segmentation; extraction of salient fragments
of the utterance

5. Survey of current projects involving ASR on mobile devices

Research projects information access using speech and pen on a PDA (MiPad, MATCH); interaction
with a formsinterface on a PDA using speech

Commercial embedded ASR engines

Commercial special purpose devices with multimodal interfaces
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