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	摘要(中)	本論文主要是研究基於神經網路之高品質口述系統的技術，並延伸相關的設計與應用，與以往最大不同的是，現今我們擁有更多的訓練資料、更快速的硬體設備、以及更多樣可搭配在語音合成的其他增強技術，讓合成語音的品質更加貼近真人聲音。要使這項技術能應用於生活上，需要設計具彈性且支援多方技術的工具來供實作，本系統主要是用Python語言開發，安裝在Linux作業系統上，需要一個可支援外部前端功能的工具，前端輸出的格式必須為狀態層次校準(state-level alignment)的HTS標籤，目前支援兩個語音編碼器(vocoder)：STRAIGHT和WORLD，在訓練神經網絡之前，對語言特徵使用min-max正規化，而輸出聲學特徵則是採用mean-variance正規化。至於聲學建模(Acoustic Modelling)的原理，則是採用前饋神經網路(Feedforward Neural Network)和基於遞歸神經網路之長短期記憶(Long Short-Term Memory based RNN)於系統中實現。另外，就本系統的特色與長處，分別介紹三種相關的應用。最後，也期待這系統，除了不斷地在品質及效能上精進之外，也能推展到台灣各個有需要的地方。
	摘要(英)	This paper focuses on the technology of high quality dictation system based on neural network and extends the related design and application. The biggest difference is that we have more training materials, faster hardware and more Variety can be used in the voice synthesis of other enhanced technology, so that the quality of synthetic speech more close to the real voice. To make this technology can be applied to life, the need to design flexible and support multi-technology tools for implementation, the system is mainly developed in Python language, installed on the Linux operating system, you need a support for external front-end features Tools, the front-end output format must be state-level alignment of the HTS tag, currently supports two voice coder (vocoder): STRAIGHT and WORLD, before training the neural network, the language features using min-max regular And the output acoustic feature is normalized with mean-variance. As for the principle of Acoustic Modeling, the Feedforward Neural Network and Long Short-Term Memory based (RNN) are implemented in the system. In addition, the characteristics and strengths of the system, respectively, introduced three related applications. Finally, it is also looking forward to this system, in addition to constantly in the quality and efficiency on the sophisticated, but also to promote the various needs of Taiwan.
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