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AD/DA CONVERSION

NYQUIST SAMPLING
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OVERSAMPLING TECHNIQUES
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OVERSAMPLING TECHNIQUES

a) Nyquist sampling
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OVERSAMPLING TECHNIQUES

OVERSAMPLING AD CONVERTER
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OVERSAMPLING TECHNIQUES

OVERSAMPLING DA CONVERTER
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DELTA-SIGMA CONVERSION
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DELTA MODULATION
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DELTA-SIGMA MODULATION

Continuous-time
delta-sigma modulator
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DELTA-SIGMA MODULATION - SIGNALS
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DELTA-SIGMA CONVERSION

FIRST-ORDER DSM
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FIRST-ORDER DSM
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SECOND-ORDER DSM
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SECOND-ORDER DSM
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THIRD-ORDER DSM - MULTI-STAGE MODULATOR
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SNR GAIN OF DELTA-SIGMA CONVERSION
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DELTA-SIGMA AD CONVERTER
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« inputis 1 bit signal (Os and 1s)

« delay elements of the FIR filter are 0 and 1

« low-pass with coefficients of wordlength w bit

 sum of products (sum of coefficients) leads to w wordlength
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DELTA-SIGMA DA CONVERTER
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