論文摘要

網際網路 (Internet) 將會成為一個提供整合性服務的平台，網際網路電信話務 (IP Telephony) 是未來在網際網路上的一個重要服務。網際網路電話泛指在二個 (單點直播) 或多個 (多點群播) 使用者透過網際網路傳遞即時聲音及影像等。由於網際網路先天設計的特性，它只提供Best-Effort服務，不能確保服務品質。因此我們需要一些控制的機制來確保服務品質 (Quality-of-Service)，以符合多媒體應用的需求。在這篇論文中，我們同時考慮以下二種機制來確保服務品質，一是路由指定 (Routing Assignment)；二是資源預留 (Resource Reservation)。使用了以上二種控制機制讓我們可以確保使用者所要求的延誤機率 (Overdue Probability)。延誤機率指的是任一個聲音或影像資料的封包，經過網路中間的元件，在終端 (Destination) 所要求最大的延遲 (Time Threshold) 之後到達使用者主機的機率。延誤機率是一個百分比型態(Percentile-Type)的端對端的函數。當給定端對端的延遲 (Delay)、延遲變異 (Delay Variance) 及使用者要求的延遲上限 (Time Threshold)，我們利用常態分配趨近法 (Normal Approximation) 來計算延誤機率。我們另外提出了一個基於Complete Decomposition的模式。

在本研究中針對網際網路電話系統的規劃及容量管理的二個問題，我們提出了三個數學模型。我們將這二個問題模型化成三個非線性非凸性組合性之整數規劃問題 (Nonlinear Nonconvex Combinatorial Integer Programming Problem)。第一個模型的目的是去最佳化網際網路電信話務系統的效能，在網路拓樸及容量限制之下，我們最小化服務全部使用者所需要的頻寬，且滿足使用者的服務品質要求；第二個模型是最小化網路規劃 (Network Planning) 或服務 (Network Servicing) 的成本，當滿足使用者服務品質的要求之下。在前二個模型中，我們使用常態分配趨近法來確保服務品質。第三個模型主要的功能在於處理常態分配趨近法的一個缺點。常態分配趨近法的缺點是無法百分之百保證服務品質，但是其可以提供十分接近的估計，這也是我們前二個模型採用常態分配趨近法的原因。第三個模型要處理的問題和第一個模型一樣，最大的不同點是我們採用一個十分保守的方法—Complete Decomposition，可以保證使用者所要求的服務品質。由於這二個問題的數學結構對於解題上十分困難，因此我們採用拉格蘭氏鬆弛法 (Lagrangean Relaxation) 為來解題而得到原先問題的下限 (Lower Bound)，再利用一些經驗法則 (Hueristic) 來得到原先問題的可行解 (Primal Feasible Solutions)。
在第一個模型的實驗中，我們得到十分優異的結果。我們以拉格蘭氏鬆弛法為基礎的解題程序在效能最佳化的模型下可以得到十分接近的上下限。而第二個模型下，我們的發展的演算法比起另外一個經驗法則 (G1) 最多可達到163%的改進，證明我們的演算法可以提供網路規劃及管理人員良好的決策。從第三個模型的結果中，我們發現第三個模型雖然可以保證服務品質，不過卻過於保守，因此會耗費過多的資源，尤其是在網路中的路徑較長的情況之下。
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It is generally accepted that the Internet will become the platform to provide integrated services. IP telephony is the most promising application to be appeared in the Internet. IP telephony is applied to the real-time voice and video communication sessions between two (unicast) or among more (multicast) users. However, the Internet could not provide satisfactory Quality-of-Service (QoS) due to its original best-effort services. In order to provide real-time multimedia services in the Internet e.g. IP telephony, we need control mechanisms to guarantee the QoS. We jointly consider two mechanisms to fulfill QoS requirements, which are routing assignment and resource reservation. By using the two control mechanisms, we could make sure that the overdue probability of each user group would not exceed the upper bound of their requirements. For a given time threshold, the probability that an arbitrary packet will not be delivered cross the network element within the time threshold, referred to as the overdue probability. The overdue probability is percentile type end-to-end delay objectives. We use normal approximation to calculate the percentile type end-to-end delay objectives given the end-to-end delay, the end-to-end delay variance, and the time threshold. We also propose a model based on complete decomposition.

In this thesis, we proposed three mathematical models for two problems of the capacity planning and management of IP telephony systems. We formulate the two problems as three nonlinear nonconvex combinatorial integer programming models. The first model is to optimize the performance in the IP telephony systems. We minimize the total bandwidth consumption under users’ QoS requirements, the network topology and the network capacity. The second model is to minimize the network planning or servicing cost. We minimize the total capacity augmented cost to serve all of the user groups’ requirements under the QoS constraints.  The third model is to deal with the disadvantage of normal approximation. Although normal approximation could not guarantee QoS, it can provide a close estimation on QoS. The third model is to deal the same problem as the first model and we adopt a conservative approach, which is complete decomposition to the allocation of end-to-end delay objectives. Complete decomposition can guarantee the QoS. The two problems are very difficult due to their mathematical structures. Therefore we adopt a power mathematical technique, Lagrangean relaxation, to solve the two problems. 
We use Lagrangean relaxation to solve the two complex problems. By using Lagrangean relaxation we can get a lower bound on the primal problems. Then we use the results of dual problems to develop heuristics to get primal feasible solutions.

The efficiency and effectiveness of the algorithms we developed to solve the two problems are evaluated by computational experiments. In the first model, the error differences are small. In the second model, our algorithm could achieve up to 163% improvement in the total cost over G1 heuristic. The G1 heuristic is another algorithm we develop to compare the effectiveness of our algorithm. The computational results show that our algorithm could provide good decision for network planners and managers. From the computational results in the third model, we can find that the third model is over-conservative, so it uses more resources than the first model, especially when the number of hops of the routing path is large.
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