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Abstract
During the last decade, high quality digital audio

Ertropy
Coding

has essentially replaced analog audio. During this
period, digital audio have applied many application
areas of the info-industry.

These applications have created a demand for
high quality digital audio.

In audio compression, the methods using human
auditory nervous properties are used and introduced
from psychoacoustical model utilized perceptual audio
coding unable to code above the limitation of human
perception. The discussion concentrates on architect-
ures and applications of those techniques which
utilize psychoacoustical models to exploit efficiently
masking characteristics of the human receiver.

In this paper, the designed MDCT/IMDCT as a
standard of current MPEG is implemented onto
FPGA.
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