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There are mainly eight modules in MPEG—AAC:

(1) Gain Control, (2) Filterbank, (3) Temporal noise
shaping, (4) Intensity/Coupling, (5) Prediction, (6)
M/S adjsutment, (7) Bit allocation, (8) Perceptual
Model.  This project will study the theoretical
analysis and the associated real-time
implementation system.
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