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中文摘要：

當前網路電話的應用已經日益普及，但是，現有系統不是所費不貲讓人望而卻步；不然就是系統封閉而毫無延展性與擴充性。本文提出了一個整合式的網路電話服務架構，包含 (1)Web-Based SIP soft-phone：具備撥打與接聽網路電話、紀錄通聯記錄、讀取語音信箱留言與維護個人「行動電話簿」等基本功能；(2)支援DTMF的網路語音信箱服務：提供如一般傳統電話的語音留言功能，可以搭配簡訊通知，讓重要資訊不漏接；操作過程可以利用DTMF以選擇聽取的語音內容；(3)整合Asterisk與OpenSer 提供一個無縫式的辦公室網路電話環境，節省辦公室的電話環境建置成本，可成為行動辦公室的關鍵基礎架構。整個系統均利用開放式源碼之成果，並搭配自行開發的模組所完成，具有高度的可擴充性與移植性；可以彈性地擴充各種加值服務。
Abstract:

Nowadays, applications of voice over IP (VoIP) have been very popular. However, the existing systems either astonish customers with costly tariffs, or are closed and lack of extensibility and scalability. This paper proposes an integrated VoIP architecture, containing (1) An Web-based SIP soft-phone with basic functions to make and receive calls, record call logs, read voice messages, and maintain personal mobile phone-books; (2) An DTMF-supported VoIP voice mailbox service which provides the same functionality as legacy ones, cooperates with short-message notifications, and allows users using DTMF to access their voice messages; (3) Integration of Asterisk and Openser brings a seamless office VoIP environment, saves the cost of building an office telephone system, and becomes the foundation for mobile offices. The entire system is accomplished by utilizing open source software and combining with self-developed modules. Hence, it is highly scalable, portable, and adaptable for a variety of value-added services.
