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This thesis proposes an approachto reduce noise from environment, coming along with
laryngectomees’ voices. Although the laryngectomees can speak with a help of new technology,
instead of using their larynx, their voice quality is lower than normal human voices and much lower
in noisy environment. This could make trouble for the patients in having conversation. Therefore,
this research focuses on reducing the noises especially for esophageal speakeré. Adaptive filter and
blind source separation algorithms were employed. In our experiments, recorded voice signals from
various noisy surroundings were fed to the algorithms. Experimental results were evaluated in two
ways: Objective and Subjective Quality Assessments. " The expen’mentai result shows that

performance of our proposed algorithm is more accurate than those of individual algorithms.





