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ABSTRACT

The main purpose of speaker verification is to identify the speaker according to the related information of voice signals, and it

requires a lot of steps to catch the differences between these signals by computers. In this thesis, Mel-Frequency Cepstrum

Coefficients, MFCCs, are used as voice characteristic coefficients to match the characteristics of human pronunciation and hearing.

Gaussian mixture model is widely used in the field of text independent speaker verification. However, differences of various apeakers

’ voice are not only caused by different oral cavity shapes and vocal cords, but also the articulation speed. Because Gaussian

mixture model does not consider the difference of articulation speed, high-order ergodic Gaussian model is adopted in this thesis to

implement the text independent speaker verification system. These two models are tested under the same condition, and the results

show that high-order ergodic Gaussian model can improve the performance. Equal Error Rate reduces 3.8 percentages.
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