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	摘要(中)	在語音辨識系統中，梅爾倒頻譜係數(Mel frequency cepstral coefficients, MFCCs)為常用的特徵值參數，然而隨著MFCC被廣泛地應用，許多研究MFCC改良的方法也被提出，本論文針對三角帶通濾波器能量組進行權重調整，以粒子群演算法尋找濾波器組的最佳權重，演算法中以語料能量統計曲線與濾波器組包絡線曲線之差作為適應函數，使濾波器組更能符合人耳感受度，以提升辨識效果。由實驗結果得知，改良後的MFCC的辨識效果優於傳統MFCC，且其抗高頻雜訊能力也優於傳統MFCC。
	摘要(英)	In the speech recognition system, Mel frequency cepstral coefficients (MFCCs) are the feature parameters that are used widely. Because of the wide applications of MFCC in the audio signal processing, lots of studies on the improvement of MFCCs were presented. In this study, we use particle swarm optimization algorithm to optimize the weight of MFCC filter bank. We utilize the difference between voice training database’s energy statistical curve and MFCC filter bank’s envelope as fitness function. Experimental results show that the proposed MFCCs method improves the recognition rate. In noisy environment experiments, the presented MFCCs method also improves the recognition performance.
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