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Abstract

In this paper, we described a design of the input
buffer system for efficiently dealing with MPEG
audio  bitstream to demux header and side
information, audio data. In order to overcome the
limitations of fixed-word manipulation in bitstream
demuxing, we proposed a new variable length bit
retrieval system with FSM sequencer supporting
MPEG audio frame format, and serial buffer
demuxing audio stream, FIFO circular buffer
including header and side information.
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Tab.2 Performance analysis

modules gate MHz | clock (ns)
S/P-port 18 125.0 8.0
Sync-detection 363 13.31 5.1
FIFO-register 114 125.0 8.0
fifo-memory 6218 26.95 37.1
FSM controller 916 20.16 496
o g ui 11.69° 85
Al 11l 14.08™ 71"
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