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A hardware and software configuration is being developed to support research and development in speech recognition(SR)  as applied to the interactive control of devices. A research goal is to investigate new signal processing techniques and parametric representations such as those used in  speech coding to improve communication effectiveness for person-to-person communications[1,2], and to apply similar types of processing to improve  the performance of machine recognition.

SR systems are often developed and trained using prerecorded databases, which often do not capture the range of variation that can be expected in reality. For example, words spoken while reading or in casual conversation sound substantially different in  live environments including noise, vibration, distractions, or emotional stress. A live system is desired to set up games or other situations which introduce excitement and competition, with the resulting changes in vocal characteristics.

Therefore, the testbed includes high quality recognition software and allows a high degree of interactivity.  It is intended to support testing and improvement of speech recognition algorithms and software in a realistic environment. It should be suitable for research (improved audio feature extraction algorithms, model adaptation, etc), engineering (reliable data acquisition front ends), and human factors evaluation.

The paper discusses the motivation, chosen software and hardware approach, and some results. I plan to demonstrate the robot responding to various navigation commands using either a conventional microphone or a modified throat microphone.

SOFTWARE AND HARDWARE

The chosen approach uses open source components (HTK, ISIP, Sphinx[3]) to implement the speech recognition function.  These packages provide near state of the art features for feature extraction, speech model training, and online recognition. While commercial systems provide more user-friendly interfaces and many other features, the openness of the selected packages has allowed a deeper level of development, including changes at the front end (to test alternate signal processing techniques and input devices) and internally (to implement and evaluate new speaker normalization and noise mitigation techniques). It also allows the system vocabulary and operation to be tailored for the specific task.

The test platform currently uses a low-cost embedded PC board as the computing platform, with the CMU Sphinx recognition engine. A compact Finite State grammar is tailored to the specific task.

Phone and word models have been designed using both the Sphinx and ISIP Hidden Markov Model (HMM) training software. Specific model sets are based on conventional microphones as well as throat microphones for noise robust operation and unobtrusiveness; other input modalities are being investigated as well.

The recognition outputs are communicated to a simple 2-wheel mobile robot. Platforms in use include configurations constructed of LEGO motors and other components, as well as custom hardware. Applications could include control of toy vehicles, exploring confined spaces, and similar applications.
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