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ABSTRACT

3GPP and ETSI adopted AMR(Adaptive Multi-Rate)

as a standard for next generation IMT-2000 service. In
this paper, we analyzed algorithm about AMR and
opt imized ANSI C source on the C complier and assembly
language of Texas Instrument. The implemented AMR
speech codec requires 28.2MIPS of complexity for
encoder and 5.95MIPS for decoder. we performed
real-time implementation of AMR speech codec using 82%
of TMS320C5402 with 40 MIPS specification. We give
proof that the output speech of the implemented speech
codec on DSP board is identical with result of C source
program simulation. Also the reconstructed speech is
verified

in the real-time environment consisted of microphone
and speaker.
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TABLE 1. comparison of optimized result and soruce code
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Algeds. ¥ 6.2
8% 279 =5 vz .

source code optimization
code
vocoder AMR coder AMR coder
(Adapt ive (Adaptive
Muti-Rate) Mut i-Rate)
chip TMS320C542 EVM | TMS320C542 EVM
BOARD BOARD
program 55.35 kWords 25.75kWord
memory
data RAM 25.42kWords 10.75kWord
+stack
data ROM 24 .02kWords 18.45kWords
+heap
MIPS 992, 4MIPS 33.7MIPS
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FIG 3. optimized signal
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