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Block diagram of predictive coding
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Slope overload distortion
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Phono-code specifications

Segment rate: 12 segments/s
Phono-code: 10 bits
Segment length: 5 bits
Source signal: 4 bits

Total bit rate: 228 bits/s
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Conceptual block diagram of the peripheral auditory system
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—— Mechanism of pitch paradox, “endless scale”
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Mechanism of pitch paradox, “endless scale”
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