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大 綱：  

This presentation is divided into three parts. Firstly, we will discuss our recent advancements in neural speech enhancement (SE), a 

critical element in various speech-related applications. The primary objective of SE is to enhance speech signals by mitigating 

distortions caused by additive and convoluted noises, thereby improving human-human and human-machine communication efficacy. 

We'll delve into the system architecture and fundamental theories behind neural SE approaches, as well as explore important directions 

aimed at achieving better performance. Moving on to the second part, we will focus on our recent progress in neural speech assessment 

(SA), which aims to effectively evaluate the quality and intelligibility of spoken audio—a crucial aspect in numerous speech-related 

applications. Traditionally, the evaluation process often relies on listening tests involving human participants, which can be both 

resource-intensive and impractical due to the need for a large number of listeners. To address this challenge, neural SA metrics have 

garnered notable attention. We will discuss the fundamental systems of neural SA, highlight several factors influencing performance, 

and explore emerging trends in this domain. Finally, we will present some applications of neural SE and SA in assistive oral 

communication technologies. These applications include impaired speech transformation and noise reduction for assistive hearing and 

speaking devices. Through these discussions, our aim is to illustrate the potential impact of neural-based approaches in improving 

communication accessibility for individuals with oral communication disorders. 
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