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Abstract This paper describes a multi-lingual spoken language communication platform. This platform enables easy 

assembly of speech communication experimental system from the corresponding software modules by simply modifying data 

flow definition (data flow definition between corresponding modules). This platform enables decreasing of system 

development cost, easy handling wireless communication infrastructure (e.g. wireless LAN, 3G mobile phone), simultaneous 

multi-language processing, real-time processing of speech / image data, that are necessary for developing speech 

communication system. We have developed a speech-to-speech translation system on this multi-lingual speech communication 

platform. Recent evaluation of the overall system is also described in this paper. 
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