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Abstract
Mathematical methods of speech recognition continue to be an important field with great
potential. The increase in computing speed has made it possible to use these methods widely.
Spectral analysis is one of the steps in the process of speech recognition, in particular, it means
representing the sound signal as a frequency spectrum and analyzing it based on the fast
Fourier transform (FFT). Despite the popularity of FFT, from the point of view of practical use,
its implementation is associated with large computing resources, especially when complex
numbers are involved in the operation. The master thesis compares the efficiency and
execution time of FFT and Chebyshev DCT transformation algorithms. In addition, an efficient
analysis of vowel and consonant sounds using 256 discrete orthonormal Chebyshev
polynomials is proposed. Based on a simple example, it was determined that with the help of
256 DCT, it is possible to convert an analog sound signal from the time domain to the frequency
domain, which is a necessary prerequisite in the process of speech recognition. Along with
this, using 256 DCT, we can get four formants F; , F, , F3, F, at the same time. Formant - the

concentration of acoustic energy in a speech wave around a specific frequency.
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