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1.Voice Conversion (VC) 
2. Gaussian Mixture Model (GMM) 
3. Speaker Transformation 
4. Vector Quantization 
5. Linear Multivariate Regression 
6. Dynamic Time Warping (DTW) 
7. Spectral Transformation 
8 Speech Recognition Systems 
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9. Text to Speech 
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1. Dubbing 
2. Prosodic 
3. Correspondence Transform Function 
4. Correspondence Codebooks 
5. Signal Frames 
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6. Artifact 
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1. Mapping Codebook 
2. Pitch Frequency 
3. Energy 
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1. Maximum Likelihood 
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1. Expectation Maximization  
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1. Smoothing 
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1. Phoneme Transcription 
2. Viterbi Algorithm 
3. State 
4. Number of Mixture   
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1. on-line 
2. Batch 
3. Optimal Temporal Similarity 
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1. Sinusoidal Model 
2. Frame Concatenation 
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3  Linear Predictive Coding 
4. Harmonic Plus Noise Model   
5  Objective Test 
6. Subjective Test 
7. Mean Opinion Score   
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1. Communication Quality 
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