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This thesis presents a study of speech enhancement using spectral subtraction technique.
An enhancement of speech signal algorithm is presented for reducing the spectral effects of
acoustically added noise in speech. The spectral subtraction technique is used to remove noise
components from noisy speech in order to improve the signal to noise ratio of the signal.
Suppression stationary noise from speech by subtracting the noise spectrum is obtained from the
signal measured during non-speech activity while the phase of noisy speech was kept. In this
algorithm, the implementation described is designed for an input sample rate of 8 kHz and the
background disturbance are modeled as additive white Gaussian noise. Speech, suitably low pass
filtered and digitized, is analyzed by windowing data from half-overlapped input data buffers.
The magnitude spectra of the windowed data are calculated 'ﬁsing discrete Founer transform and
the spectral noise bias is calculated during non-speech activity. Suppression noise by subtracting
the spectral noise from the spectral noisy. Resulting negative amplitudes are then zeroed out.
At last compute the inverse discrete Fourier transform. Performance assessment based on the

time waveform plots, objective measures and informal subjective listening tests all indicate that

our method gives consistently good results.





