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Abstract - In this paper, the implementation of dual 2. 2 =2

rate ADPCM using G.723 16Kbps and 40Kbps speech
codec algorithm is handled.

For small signals, the low rate 16Kbps coding
algorithm shows the same SNR as the high rate
40Kbps coding algorithm, while the low rate 16Kbps
coding algorithm shows the lower SNR than the high
rate 40Kbps coding algorithm for large signal.

To obtain the good trade-off between the data rate
and synthesized speech quality, we applied low rate
16Kbps for the small signal and high rate 40Kbps for
the large signal. Various threshold values determining
the rate are tested for good trade off data rate and
speech quality.

Also the low pass filter effect of speech input and
output devices is simulated at several cut-off
frequencies. To simulation result shows the good
speech quality at a low rate comparing with 16Kbps
& 40Kbps.
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1RE step sizeE 2t+ PCMeolu DPCME A Sl
a2 dgel mAH 1Vl W} gYJEI & Fog
Halg AL A fFol A £ vk ol BA
He %A3} o= YHYE £Y F U=EE FH§ 4A
31719 A8 d&F718 AHEgezs stesith

ADPCM €nel&e SANEY AT FEZAl9]
A28AC grhe ol Vsl dEA5e A4 B
Aol M g) abolvtg <z} 3slnz ¥y W& A
Hog YEEZL ZaAME = Utk g3 A 44 Nz
EEF d& JNZFEEY Aol HA AFZZEERT
e BAg MAA 8 Aolx, AA HE ZEEE Y
213} sled o ¥E £ g4 o 3L ¥E
2 A E3) ¥ A 2 Aol

o7)e) AEEe FEERs I FAE Aol dev)
HEE A$sA gaAds £33 2523H 29 =
718 dold & e A% 3§ FA3 ] (feedback ada-
ptive quantizer)& ol &8} ¢ AMEALE VA §
BT} BAN &7 AFERE AN&EHoE ¥ike
AzY EPES 4537 989 FrIFez wsjor
ek 2o FES dEgg 47 A4F FEAdE5719 A
48 F37) 943 WYL BE covarance methodtt
autocorrelation method % o8 71A ¥hol glevt o
71M ¥ autocorrelation method® ©|-£3}7]2 3ok

PCM

ifiput g’“‘——m Inpit Difterence

: p signat signal Adaptive ! outpit
L e, e L
I B IR
Signal estimate ] R
) d signal /'\,4' .
" ! VE 9 L e
:mpm | N/ U nsuee
L] Gty
e Quantized ditference signal

(a) encoder
Quantosd tesmmtced v l
e | Gtternce ~ econstructed - : ; !
ignel - signal
- e LTor s (RN s kD
uanizey :]/ i adjustment

. Signai estimate
| adate
| Predictor r—'
(b) decoder

2¥1. ADPCM #3719 £35.7]19 block diagram

— 2480 ~



2.1.1 ADPCM encoder
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2.1.2 ADPCM decoder
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2.2 16Kbps, 40Kbps dual rate ADPCM
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