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	摘要(中)	現今，市面上有許多企業已推出多人會議即時對談應用，例如Skype、LINE、Web Real-Time Communication ( WebRTC ) 等。在這些應用中，架構可分為集中式與去中心化兩種。

目前主流是雲端技術，為集中式架構，使用多台伺服器進行影像、語音的轉送。在這樣的架構下，雖然可以降低每一位會議的參與者使用之頻寬與運算需求，且藉由伺服器強大的運算能力，能夠支援大量的會議參與者，但伺服器的建置與維護需大量開銷。

反之，在去中心化架構下，每一位會議參與者之間直接交換影像、語音資料，無需透過額外的伺服器。雖然避免了維護伺服器的成本，但隨著與會者的增加，頻寬也逐漸不敷使用，因此無法同時有大量的參與者。若每一與會者的裝置運算能力不高時，與會者的數量將變得更稀少。

在這篇論文中，我們比較、分析主流的集中式與去中心化架構，將集中式架構套用於去中心化架構之中，並結合了聲音的混合 ( Mix ) 與解混合 ( Demix )，提出新的網路拓樸應用於普及的行動裝置之上，設計與實作出純行動裝置之間直接進行多人會議系統。
	摘要(英)	Nowadays, many enterprises have already published the multiparty conference real-time applications such as Skype, LINE, ZOOM, and Web Real-Time Communication (WebRTC). Among these multiparty conference applications, there are two kinds of architectures: centralized and decentralized architectures.

    Currently, the popular technology is cloud computing, which is centralized architecture. It uses servers to relay the video and audio data among devices. Such architecture can reduce the bandwidth and CPU loading of each participant in the conference, and support large amount of participants in a conference by powerful servers. As the number of participants increases, the server also requires more computing power.

In contrast, with decentralized architecture, each participant in conference directly exchanges the data of video and audio with each other without the assistance from server. Although it does not need the cost of maintaining server, the bandwidth and computation power required increases as the number of participants increases. Consequently, the number of participants is limited by the resource limitation. 

    In this thesis, we compare and analyze the centralized and decentralized architectures, integrate the advantages of centralized and decentralized architectures, and utilize the mixing and demixing technologies for audio traffic. More specifically, this thesis proposes a new network topology for mobile devices to support multiparty conference.
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