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The objective of the project is to study and
implement the new audio standard.

There are mainly thirteen modules in
MPEG—AAC: (1) Gain Control, (2) Filterbank, (3)
Temporal noise shaping, (4) Intensity/Coupling, (5)
Prediction, (6) M/S adjustment, (7) Bit alocation,
(8) Perceptual Model, (9) Twin Vector
Quantization, (10) Bit-Sliced Arithmetic Coding,
(11) Perceptual Noise Subdtitution (12)
Frequency-Selective Switch Module, and (13)
Upsampling Filter Tools.

N X TR B

waﬁa'ﬂ@wﬂﬁﬁfﬁ Fﬁw%ﬁmﬁgr
~ o G R A

B IF fat fé&ﬂqﬁﬁ{* R

MPEG-4 £LA* 1999 ﬁ‘fﬂlii’?‘/ I%ﬁ{*ﬁuf{%@{
“{HEZI ?ﬁﬂx ;‘r[?v[ (LIJ;&?”[ LEVESHE o £ H"
T/F COdll’lgi_“—JE’*ﬂ{i‘?f@ [IFIEG ’E%{#?ﬁ
[PESHHEEL A FEE b e ’Eﬁ;@ifﬁﬁﬂ MPEG- H' o
Advanced Audio Coding (AAC) SN FEAIRIVES
AEFSFE AU AHIT ORI > 2T L“Iwabt
ILE’:IT"*

(=) [EjEpusiEE o (ErrorRobustness)

89/8/1 - 90/7/31

REAFFRA

%, 1
8 ?{5});

LS SE 4 5 1 i ?ﬁj‘?ﬂ% (Decoding
Scalability) °

(Z)

(=) FEsSisr I%PJ“’F’T (Random Access) °
(p4) o 5 il fay o ?ﬁfxgﬁjl% Transmission

Scalability) °

Bit-Allocation ;
i
Perceptual
1 Mode Twin-vQ '
Y e )
|
Intensity| \
Gam F|Iter

Bitstream Mulllplex J

L

[ 2 - [P RS AR S
MPEG4- T/F Coding JU:5% + AR fUFI %
ST o f IR AR i%??[%fm{“
I S Ay e TR
&Y MPEG4- T/F Coding léi‘\f%'—ru}%kﬁﬂlﬁﬁ\’ﬁg‘—r
AR i o

= PHEEESH
f[?*’g%ﬁ@{* MPEG-AAC FUESHE= fI &) 51
) M [J () VRO AHE S
(F11terbank) )i‘iﬁ/;ﬁ‘f?*ﬂ U(Temporal
Noise Shaping ° TNS) ) “[) I;Fa £
( Intensity/Coupling ) ol g {E[J

(Prediction) ° (*)ﬂ”ﬁ%}@%ﬁg(M/S) ’
() R 55fe (Bit-Allocation) (")
LIRS (Perceptual Model) []E
AlfIEE ™ (Twin VQ) > (H) '*W‘LEVE*EI
F}ﬁF(Blt -Sliced Arithmetic Coding ) > (H
- ) BP FEFIV Y (Perceptual Noise
Substitution ) (4 =) s E s
(Frequency Selective Switch Module) - #!
(4 =) JvAE - W a8 Upsampling Filter
Tool ) = 4 FFFUREM= = B I*%'FPU%F‘T
FEH AL -

A. ST
TEREZ L{ for s ?”[ FRIN53 58 AR fl |HP
FURVBRRIESI - TP o E TR R 7
VIl 'JHVEQ%#}‘}—T‘%['?EW ﬂﬁfﬂg‘s’ﬂ@
ﬁ&#ﬂﬁfﬂf”r (1 Preecho 2l &4 o M54 = RIEG
%EH gk HEH\IF_LWEIJEI (= ?;:{7"_£ 2
%E}' UE[| (AZERE G o PR Y SEIPFE



G- I
IF=FEE ﬂjrﬁfé{]: S ) PR *EJ}\”sr
SHET filterbank T3 > (2 ) I F R A
I 1) Preecho T &y - & F #E 5 S RHVHER
FEEGS 2 B AR i

B. ifﬁdﬂ'ﬂ'*ffr LA
[FfgRE = IEIFIJFJ:I @.yfl[ﬁﬁf @@Eﬁ“
2 S HHJ‘”%?‘EL?‘ = ol EARTE AR
= g“jt(/p £ PIpu A &R PR ?ﬁu&:}{
- JQWFI frame ) U IHLE R g o ﬂ*ny (3]
H'%cw*l#ﬁﬂﬂ$fﬁ*iﬁﬁiﬁﬁﬁﬁﬁ
AL 9] g L - L R
I S b
EEIE
P AAC HL M| > 4 5 R 5 R 5
T i F@¢ﬁﬁﬁl§t wlE ﬁIFII[ 2Rk FEH‘.
I (7.9 W%uw&@

C By
IF“)E‘:“ 1= E,I FIHEr LT ;’%&‘]}‘3@ Al 'ﬁﬂjngﬂ%ﬁﬂ fit
FRPREP R (- ) 2 F VR
reducdancy #. [se (Z) PR -2 ’j@ﬁ/rﬁg@[j\
ﬂ]ﬁru Preecho DE'%J LI[ S E E| Fﬁﬁg"ﬂt]‘
(“ YerRlfHlZ [# reducdancy pJ FISE AR
BV () ) Preecho%;ﬂ%g AL(Z)
e PR BIHEE = TR

D. IR &
=gl 2 iIEIFIJEr FIH] ﬂ,ig F”ﬁ'l[ [ifl P
Tk A1 T i Y R BRTE] I#\TFI?EU[ E'
v s (= ) 3 E[RR| [ reducdancy 7 f‘? (# )
Eﬁ&. 'iELJIﬁZ%W#Hﬁf[J Preecho 1 54 - [Ff5t
A E = rﬁéﬁﬁi (- )E'WHF |7 [#% reducdancy
F”E ¥ EAIBRETY > () Y AR
Preecho 244 » A1 (=) i/['llﬂﬁfﬁﬁ?z%‘ﬁ
éj\% iy RN e e E’i‘%ﬁ]‘ B
g fl/‘%'];ruﬁiﬂjﬂd]‘glpj

E. g
ﬂidirgi,;gj; F;I FIFVELS & frame [ JEIJE%H;]T‘ET
T SEN R RPESEE Y o PR pJFﬁJ%E*J* :
<—>Wﬁ* P RO P
f“#ﬁz'” L () PR R A
jc'l*%fl J\}’J%‘E IF=RGE== AAC A

??54 Epﬂé»'F liT”#ﬁi}Hil— I e

._E@%&

[PARLRE = E'E' Ut“u}l‘—“ﬁ PRE g R =

f TEM#} E,I%JEE"EF (=)

IH %ﬁ‘;@&gﬁ ﬂ'(_ DRIUFSIEL I E AR g
=) f' BB o

G. 7 53

Hi;; ' R IORLRI T [erm[uﬁrgw R

BRI O I sﬁ I”“’P?d 5
ﬁlﬁc%;l[ﬁ;‘fﬁ'ﬂfwﬁﬁ” LIE&?ﬂ@L Hi
¥ TIF Codlng FL & B Nonuniform

Quantization #! HuffmanC Cod| ng > [N
@’r%pﬂrjxﬁjgciﬁjujrjﬁl’g{ Nz »J[M[P%F:ﬁ =
ARk =2 A N o (e pJFﬁ[}@‘rﬂﬁrﬂmﬁ
FIAb JJf[ijii apl %ﬁj

H. * = Bt
MPEG T/F Coding pu B8R ML A
MPEG-AAC f|1— f5&> = I EL U i D s
fﬂf’ T/F Coding pﬁ’ﬂ? £ i U

I G IE ™
EJL@:H ORIyl [ S

= o [FFEE ;‘%‘:’p £| Error Robu:stnesspu}fsr
o fH > »iazg,lprleiﬁgaj P L~ i R -
“Fﬁ”.fﬂﬁ B mi {Hliﬁ’ﬁfﬁfﬁ«]‘ D%‘ﬁ’&%’
- j,”sr} i} ﬁ'ﬁ?ﬁmi
-ﬁw“ﬁﬁrﬂﬁ
IFAAE 2 oLk 2 FOREFRT) BIT 72055
T 7 I ﬁﬁﬁwffﬁ* s FER R
H Eﬂﬁ%% ;i}% O ﬂiﬂjﬁ‘j‘uj\ [ﬂ&’]ﬁ ..PJZiLI'
T %¢f¢wwwmw%ﬁﬁ
ﬁéjﬂlfgf,’ 3 Al PR SRR %f
‘[‘i‘fflfifj‘ii’ﬁgﬁ‘ﬂ?
K. BTV fL
IPABURE = Rl B | P S fj B “i’ﬁ
ELR Y P ’J} » R AC-3 Ut
A RLER (E’lﬁ«?ﬁl)ﬂ E%ffl[ip E“n_%'
IFL%FEL“' BN Bﬂi » SRR R
A
M. BRG] 3% 3%
IPRRE B A RV £ ) VR
ik T R O R A
ErHES ) };KFI]‘ o

B

4 FHH 5 MPEG4 T/F Coding o = M-

P2

(=) *@Tﬁﬂ'ﬂ

(Z) T ‘5% (Filterbank) -

=) W %‘b;‘ JU ( Temporal Noise
Shaping * TNS)

(P %iﬁféﬂ%ﬁ (Intensity/Couping)

(Zr) ¥ (Prediction) >

() S REFE (M/S) o

(=) A (Bit-Allocation) °

N EVETEASL Y (Perceptual Model) ©

JEEFIW'JEE{ [* (Twin VQ) >

i Bl = 1”’?[7} fil5 (Bit-Sliced



(-9
(412

Arithmetic Coding )’

WP FEFV IV Y (Perceptual Noise
Substitution )’

Bk E B 1 @B ( Frequency
Selective Switch Module) » #I

(=) VEF-HARWIE  (Upsampling
Filter Tool ) °

iy R A

1. CM. Liuand J.C. Liu, "A new intensity stereo

10.

11.

coding scheme for MPEG1 Audio encoder--
Layer I & 11, IEEE Trans. on Consumer
Electronics, Aug., val. 42, no. 3, pp.535-539,
1996.

C.M. Liu and W.J. Lee, "The design of hybrid
filter bank for the psychoacoustic models in
ISO/ MPEG Phases | and I1," IEEE Trans. on
Consumer Electronics, Aug., vol. 43, no. 3, pp.
586-592, 1997.

CM Liu, SW Lee, and W.C Leg
“Downmixing methods in DCT domain for
Dolby AC-3 Decoder,” under revision in
IEEE Trans. on Audio and Speech
Processing, 1998.

C.M. Liu, SW. Lee, and W.C. Lee, “Bit
alocation method for Dolby AC-3 encoder,”
IEEE Trans. on Consumer Electronics, Aug.,
vol. 44, no. 3, pp. 883-887, 1998.

C.M. Liu, W.C. Leeand S.Y. Juang, “Design of
the coupling schemes for the Dolby AC-3 coder
in stereo coding,” IEEE Trans. on Consumer
Electronics, Aug., vol. 44, no. 3, pp. 878-882,
1998.

CM. Liu and W.J Lee, “A unified fast
algorithm for the current audio coding
standards,” Journal of Audio Engineering
Systems, Dec., 1999.

CM. Liu and W.J Lee, “A unified fast
algorithm for the current audio coding
standards,” AES Conference, 1998.

C.M. Liu, C.C. Chen, W.C. Lee, and SW.
Lee, “ A Fast Bit Allocation Method for
MPEG Layer 111,” IEEE Trans. on Consumer
Electronics, 1999.

C.M Liuand SW Leg, “Transformation from
512-point transform coefficients in log
domain into short domain in Dolby AC-3,”
Electronics Letter, 1999.

C.M. Liu and W.H.Chang, “Audio Coding
Standards,” A chapter for the book
“Handbook of Multimedia Communication,”
Scheduled to published in Academic Press,
2000.

C.M. Liu, W.J. Lee, R. S. Hong, “A new
critirion and associated bit allocation
method for current audio coding
standards,” Proc. of the 5th Int. Conf. o-
n Digital Audio Effects, Hamburg,

12.

13.

14.

Germany, Sep. 26-28, 2002.
Lsp T 87 BT S G i
fl1> MPEG-2 AAC 1 TNS W Isiss 1§
=f o

%ﬂ"\? 88 FHF YT FEA S A
55> MPEG-4 ¥ VRS Twi nV(S v };@{ °
LR 88 HEF BT S Gy ZJ‘:'@E}

B> MPEG- 4 [ SR A3 et
Lo



