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Real-time implementation of the G.723.1 voice coder using DSP56362

ol A AT, & 477, F " T, A9 AT
Jae-Sik Lee™, Yong-Ki Son™, Tae-Gyu Chang”, Byoung-Ki Min™"

ABSTRACT

This paper describes the fixed-point DSP implementation of a CELP(code-excited
linear prediction)-based speech coder. The effective realization methodologies to maximize
the utilization of the DSP’s architectural features, specifically parallel movement and
pipelining are also presented together with the implementation results targeted for the
ITU-T standard G.723.1 using Motorola DSP56362. The operation of the implemented
speech coder is verified using the test vectors offered by the standard as well as
using the peripheral interface circuits designed for the coder’s real-time operation.
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¥ 19 DSPE Fd% SA3ve &4 &4 428 MIPS® memory &8 %8 aoFs)
9}, Pipeline stall® ZA71A 38 encoder’} 266 MIPSol® memory A28 %S ok 7
Kwordsoll @32 & 4 3ot Decodere MIPS A8 #o] 2o} encoderst 3 7% 308
MIPSel o]2% memory A2 %Fol= A9 W37 glck. MP-MLQ ¥4 ¢] 6.3 kbit/sec &
£89 A9 MIPS 48309 53 kbit/sec®] ACELP #2lo) H3] <k 0.9 MIPS7F o &
859 memory 28 %% ¢ 1 Kword © ¥R3ch

¥ 1. ACELPel &g &4 =] DSP 78 MIPS % wWxe] g% 29
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Encoder total 256 1.0 26.6 3,610 3,438
LPC analysis 09 0.01 091 200 -

LSP quantization 26 0.3 29 10 3,072
Pitch search 87 0.4 9.1 3,400 -
ACELP search 9.1 0.2 93 - 364
Decoder total 21 0.2 2.3 170 -
Data buffering 0.21 0.0 0.2 - -
Data I/O 1.7 0.0 1.7 - -

Total 29.61 12 30.80 3,780 3.438
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