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中文摘要：

隨著網路語音系統(VoIP)與無線隨意網路的普及，在隨意網路上佈建並使用網路語音電話已日漸受到討論與發展。然而在現有之隨意網路語音系統上，無非是採用修改SIP標準協定或使用額外服務探索協定(SLP)等方式，但以上之解決方案，也造成無法與現有SIP UA相容，或造成額外的負擔等問題。因此，在本論文中，我們將透過使用標準協定，整合使用者探索機制與所提出之虛擬SIP伺服器之概念，相容與現有之SIP UA，同時亦可減低系統設計之複雜度與額外之負擔。透過實作虛擬SIP伺服器及一系列之量測與實驗，提出在隨意網路環境中，方便使用者使用之即時語音系統
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Abstract:

In the recent years, wireless network and IP Telephony have been widespread. How to deploy VoIP services over Ad hoc network is an important issue nowadays. However, to modify SIP protocol or use SLP could be an easy way that makes mobile devices communication over Ad hoc network, but it also cause incompatible with SIP UA. In this research, we implement pseudo SIP server mechanism over Ad hoc network. It base on SIP protocol and also integrated SIP presence to deal with SIP signaling over non-infrastructure network. It is also compatible with SIP UA.
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