Digitisation
¢ Conversion of a continuous electrical
signal to a digitally sampled signal
Analog-to-Digital Converter (ADC)
« Sampling rate/frequency, e.g. 10 kHz
« Degree of quantisation, e.g. PCM 8 bit
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Clipping: occurs when recording level too high

Nyquist’'s Sampling Theorem

« “If highest frequency component in a
signal is f,, then the sampling frequency
must be at least twice this value”

(Owens,93) to be able to reconstruct the
signal.
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— Aliasing occurs
— Reconstructed signal is distorted




How do we choose F.?
We would like to keep F, as low as
possible. Why?

What frequency band contains most of
the information of interest?

Filter outside band of interest

Sample at rate > highest frequency in

band of interest

Why are CDs sampled at 44kHz?

Analog telephone bandlimited:
300--3.3kHz ,

Preprocessing for Speech

MMFWNW From microphone

Low-pass filter] Cutoff below Nyquist freq.

MFCC or
PLP

Parametrisation

to ASR




