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n 7Oy EE
— BE®HE4KHz -> 1L T1P2E T IIE8kHZ sampling
n FMSUF
— BIRE#HBE15kHZ -> 3L 7402 T N IE30kHzZ
sampling
B F—T44CD
— FEiK##1822.05kHz, 16bit -> 44.1 kHz sampling
® DVD A—F4%
— AE#HFTE192kHz, 24bit RF v RILEEDHA), 96kHzZ,
24bitYIVFF YU RIVATLA

Audio Signal Formats

Analog telephone

— Speech bandwidth 4kHz -> If digitized, 8kHz
sampling

FM radio

— Bandwidth 15kHz -> If digitized, 30kHz sampling

Audio CD

— Bandwidth 22.05kHz, 16bit -> 44.1 kHz sampling

DVD audio

— Bandwidth 192kHz. 24bit (2 channel), 96kHz, 24bit
multi-channel stereo

m {EE kL —k(<32kbps)
— LPC(#& TR SIL)Ra—4
— RILFIRRABEHRHFSIE
— CELP(FFERbiR#RM T A1)

m vkl —k(32kbps-64kbps)
— ADPCMQEGES/SILAFBZER)
— HJ/AURADPCM

B FEvykL—k(>64kbps)
— YINURHESE
— ATCGERBERFMS)+LEBEEEHDFEVMEIYAT
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Xz Y8R e t . 0
= E25F=1 Audio Coding

Low bitrate (<32kbps)

— LPC(Linear Predictive Coding) Vocoder
— Multipass Linear Predictive Coding

— CELP(Code Exited Linear Prediction)

Middle bitrate (32kbps-64kbps)
— ADPCM(Adaptive Differential Pulse Coded Modulation)
— Subband ADPCM

High bitrate (>64kbps)

— Subband Coding

— MDCT(Modified DCT)+Psycho-acoustic weighted bit
allocation
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= 0 <
FELEE Standard
n FRETILTIX L m  Standard and Algorithm
1972 | CCITT G.711 64 kbps iR EFIL 1972 | CCITT G.711 64 kbps Non-linear
1984 |CCITT G.721 |32 kbps ADPCM Ofianization
S 1984 | CCITT G.721 32 kbps ADPCM
1986 | CCITT G.722 64 kbps #J/\FADPCM
. yo 1986 |CCITT G.722 64 kbps Subband-ADPCM
1991 | CCITT G.728 16 kbps {EEECELPRS1E
TS 1991 | CCITT G.728 16 kbps Low-delay CELP
1993 1SO MPEG 32k-224kbps | 47 /A K+MDCT
— 1993 ISO MPEG 32k-224kbps | Subband+MDCT
1997 1SO MPEG AAC | 32k-128kbps | MDCT+RFL 74 LE
1997 1ISO MPEG AAC | 32k-128kbps | MDCT+Stereo
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MPEG Audio E AL

m  MPEG-1 Layer I, Il HE{t3BDHER

— Evk Euk Euk
3] iwﬁig RM—h | ZRy—s
TRk >
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SR Fryy
i acald i
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MPEG Audio Basic Scheme

B MPEG-1 Layer I, Il Encoder Structure
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psycho-aco
FFT l—)|usuc model

Dynamic
Bit Allocatio
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MPEG Audio EX#ERK (2)

MPEG-1 Layer I, |1l {858 DHERK

F—FaA
Evk 8 ] P
EvkZ = BT IRUF
Rby—s T 3 Eﬁ-?ﬂzgéﬁ' - l—)

MPEG Audio Basic Sheme (2)

®  MPEG-1 Layer I, Il Decoder Structure

Audio
Bit DeMux Inverse Subband S
Stream | it Quantizer| Synthesi
Stream

—> S
b Error
18y
i Detection|
A=) Allocatiofy | Scale Factor
2794
Decode
Side data
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MPEG Audio EA&#ERL (3)

HEERBITHEENE
— 16bit PCM A

— RYTz—XT4ILB\U7(512tap)l&kB32HEH N E]
— EFEBEIRFUILANLGE

— DEREETIVICEIEVNEINT

— TULSUT—ADMRAH
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MPEG Audio Basic Scheme (3)

B Main Processes at an encoder
— Input: 16bit PCM
— Subband Analysis (32 bands) by Polyphase Filter
Bank (512tap)
— Calculation of masking level for quantization error
— Bit allocation based on psycho-acoustic model
— Embed ancillary data
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YIRS

ANEBB12EDT—4x(0)IZLPFA 2/ UL RIS E ()& T3
y(i) =c(i)x(i)(i=041,.,511)
AMMEESOHE

2(i) =) y(64j+i)
j=0

Subband Analysis

B Multiply LPF impulse response c(i) to input 512 point
data x(i)

y(i) =c(i)x(i)(i=01,.,511)
B Calculation of periodic added signal
7
2(i) =" y(64j+i)
=0

®  Derive subband signal

HINURESOEE
& i - 63 i _
S(i) = 3 26y cos (2i +1)(k ~16)7 Sty = 3 2y cos (2i +1)(k -16)7
e 64 i 64
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RF—ILI7H4

BEYINUFDEAFIVILUDERIZD

— LAXITIEENRURL2Y VT )L, BIESTIE3849 T IL
(12*32/32K)

— LAYNTIHLI1I52Y VT ILE, LAVIDIMEDT—28ELED
128, M)TLwY BN/ E—) &R

- BETIODRT—IITIADEDEHE

— EHOER/NE—UHR1bItD Ry — LI 7 I HBIREREL-
3bitD{EE/ F—2 THEL
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Scale Factor

Align dynamic range of each subband

— LAXITIEENAURL2Y VT )L, BRIESTIE3849 T IL
(12*32/32K)

— LAYNTIHLI152Y VT ILE, LAVIDIMEDT—28ELED
1=8, )Ty BN/ E—) &R

- BETIDODRT—ILITIADEDEHE

— EHNOER/E—UHRIbItD Ry — LI 7 7B IREREL-
3bitD IRz F— THBIE
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DEREES (1)

FFTH 47
— Ay RIELAYIT512, LA4¥I111£1024
— RYIFz—RXTAIWEBNVIDEBREIZHIDER

BEHE
— FFT HALFFTAH D10V IR TRAELRDRT—ILI7Y
AD5L, RKEVADELZERELESR

E RS EIEIES R DR

— FEBDOARIMSAVEYKREL, ERjYUTILEENI-TRT
DARGRLFAUEY, TABREBLRARYIMLSA U EME RS
I )

RNVFATAFERIEY AT L / Multimedia Distribution System 21

Psycho-acoustic Analysis (1)

FFT Analysis
— Block length are 512 for Layer I, 1024 for Layer Il
— Set center to the delay of polyphase filter bank

Calculation of acoustic pressure

— Define acoustic pressure as the larger one either
FFT output or the maximum scale factor in one
block of FFT analysis

Selection of pure tone and non-pure tone

— Set pure tone that is 7 dB larger than spectrum
lines far from j-sample as well as larger than the
neighborhood spectrum lines
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DERERES (2)

WERELE

— X(K)>X(K-1)BLUX(K) ZX(k+1)EFBFISHER T HRARY
MLSAU %R

— X(K)-X(k+])>7 dBEBRT BRARIMLTAUEER

— MRjOMEELAYI, LAY INZhTNITHL, BIREFEI LI
5z5n%

— MBERSITHETIARINMSAVDEEE, HERIDOS
EIcmE
o X(K) <- X(K)*+X(k-1)+X(k+1)
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Psycho-acoustic Analysis (2)

Decision process for pure tone

— Detect spectrum line that satisfies X(k)>X(k-1) and
X(k)ZX(k+1) simultaneously

— Select spectrum line that satisfies X(k)-X(k+j)>7 dB

— Width value j is given depends on each subband for
Layer I and Il

— Add acoustic pressure of neighborhood spectrum to
the one of pure tone
o X(k) <- X(k)+X(k-1)+X(k+1)
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IDEEERE ST (3)

— B TERONDHEARNICHFLET IX(K)UNDRARILSAY
ZIRTCEOICERTE

— UEDRETHLNIMEUNDARINSA V%, ZHE
AT RTMEL, FHERSDEEELTER

- EAERADEEE, FHFHEOROICHLEVNEICHEE
MERS EFMERS ORBIE
— ROGMIMERSEFMERSDS5, LEWMERBEDLD

[FZH. E5IZ, 0.5\—V AN DR ISR DI T LA W H
BB EITIE, RADWERS LS EEA
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Psycho-acoustic Analysis (3)

— Set values of all spectrum lines to O within the width
Jj except for X(k)

— Add all non-pure tone spectrum lines obtained the
above process within each subband, and define it as
a non-pure tone pressure

— Replace non-pure tone pressure to the center of
each subband

B Sub-sampling of pure tone and non-pure tone
— For the obtained pure and non-pure tone, reject the
one less than a threshold. Further, only the
maximum pure tone is kept if there are several pure
tones in the distance of 0.5 bark
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IN—2

BRRGHEERTEMT, AMOEREMEMERISEML-IERT

BRBEBRDORT—IL

— 1 A—VIHESE R TIEFEOERBFGICESL, S8E
R TIERYEVE R HEIHELTS

- REOCHEEIF1IAS24T, BED24DBAFE (critical
band) IZxELTLVS, #HEOFERILIEIZ, 20, 100, 200,
300. 400, 510. 630, 770. 920, 1080, 1270, 1480,
1720, 2000. 2320, 2700. 3150. 3700. 4400, 5300,
6400, 7700, 9500, 12000, 15500 (Hz) T#H 3.

RNVFATAFERIEY AT L / Multimedia Distribution System 27

Bark

B A unit to specify critical bandwidth. It is a scale of
nonlinear frequency mapping that approximates human
acoustic characteristics
— 1 bark corresponds narrow frequency band at low

frequency range, and wider frequency band at high
frequency range

— Range of measure is from 1 to 24, corresponding 24
critical bands for psycho-acoustics. Borders are 20,
100, 200, 300, 400, 510, 630, 770, 920, 1080,
1270, 1480, 1720, 2000, 2320, 2700, 3150, 3700,
4400, 5300, 6400, 7700, 9500, 12000, 15500 (Hz)
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DEREREST (4)

BERTREFLTLEMEDEH

- BHEARBIFEFERELMGIEEER

— HLWSUT LA, MELEMSEERE

— HEBLUEMETRFUTLEIMEDEH

= F(X(z()). av(z()). vf(z().z(1))

X(z()): jBEEODIRA—EE
av(z()): YRFU T ek
vi(z(j),z(i)): YRAFUTEH

LERIZFVITURILDRE

— EFRI3N—Y, SERIBN—VLRICEFNAMER T EE
MERDICKDIIRXUTLEMEEME
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Psycho-Acoustic Analysis (4)

®  Calculation of threshold of individual masking value
— Large sub-sampling applied to high frequency
— Replace pure/non-pure tone to new samples
— Derive thresholds for pure/non-pure tone masking
- F(X@(G)). av(z()). vi(z().z(0))
X(z(j)): j-th masker pressure
av(z(j)): masking indicator
vf(z(j),z(i)): masking function

®  Decide overall masking level

— Add masking threshold of pure/non-pure tone
contained in 3 bark for low frequency side and 8
bark for high frequency side
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DEER ST (5)

BRINTREVTLRILDRTE
— BYITNURICHRIET P EKREE L DOHEEARNTRNDOEHET
XU LEMEZHH

ESHAIRILEDEHE

— ESHIRIVLL(SMR)ZR YT NURDFREER/NIRAFLY
LRLDLELTERS
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Psycho-Acoustic Analysis (5)

Decide the minimum masking level
— Extract overall masking threshold in each subband

Calculation of signal to mask ratio
— Signal to mask ratio (SMR) is given by the ratio of
acoustic pressure and the minimum masking level
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EvhE|IZHT

SMRIZEDEE YT NUFADE VRIS TRE

— BEYMEABAYE, CRCFIVY, TUISUT—4%ELEIK

— BRINVRIAMEFLMNR)EZET BTN REFER

— BREYINUFOBFIERTYIELENSKT S

— HLLWEBFERTYTICHET BIEEXEE LL(SMR)ERH
SERLFT=LEMNRER DD

— BLTEVMEINSEFILEVREZELSIE, BEEVMEILNT
ERYERT
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Bit Allocation

Decide bit allocation to each subband based on SMR

— Subtract bits of header, CRC check and ancillary
data from total bits<

— Search subband having the minimum mask to noise
ratio (MNR)

— Decrease quantization step of the above subband

— Obtain new MNR by selecting SMR that corresponds
to the new quantization step from the table

— Subtract quantization bit from allocated bit, and
perform the bit allocation again
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EFLanE

BEHYINURERT—ILI7HIATERIEX(N)

— YITNURTEIZEIATONE NS H G L= EA(N),
B(N)IZ&YA(MX(N)+B()IZHiE>TEFIE

— LERENEVrFERYRLEME YA RER

LAY NTIEHEIED=HIZ, EifET D3 TIbx,y,zIZR LT
EFERTYTHENI,5,90HEDH BT LTIy, vg, vo#F
5z2%

— V3=9z+3y+X

— V5=25z+5y+Xx

— Vg=81z+9y+x
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Quantization Process

Normalize each subband by scale factor

— To each subband, A(n), B(n) that correspond to
allocated bits, quantize using A(n)X(n)+B(n)

— Take upper N bit, MSB is reversed

In Layer I, for efficiency, give coding sample v, Vs, Vg
that are the case when quantization steps are 3,5,9 for
consecutive 3 samples x,y,z

— V3=9z+3y+X
— V5=25z+5y+Xx
— Vo=81z+9y+x
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FEIEE (2)

B LA YROBERRTORER

R E]RFSL
BHEIOVIE

JNVFATFERIEY AT L / Multimedia Distribution System 37

Compression Technology (2)

B Relation of technology elements between Layers

I~

Subband Transform Coding
CDding Adaptive Block Length

Psyco-acou Huffman
stic weighted Codin
Bit allocation
Intensity MS Stereo
Stereo
Combined
& Stereo
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MS: Middle Side

INATYIR DL ILBRIND Y

B LAXINTENATVIR I AN %RA
— 32PFBIZHNZ TMDCT(LOT)
— 21*18=576#EZHE|
— MDCTIZZY Ta—x*tis, BREAZE(18, 36)

A,%JVWW
(VYA o

i
Jio
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Hybrid Filter Bank

m  Hybrid filter bank is adopted in Layer 111
— 32PFB with MDCT(LOT)
— 21*18=576 subbands
— MDCT can respond to pre-echo, variable window(18,

36)
Aﬁ—%‘lvwwﬂ Signal
(VI e
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YURLERE
. MDCTHAITHLTHEBERIENSY U TIL, 8EIThz->TR
b

1 c

s= a=
Vi+c? V1+c?

RNVFATAFERIEY AT L / Multimedia Distribution System 41

Aliasing Noise Removal

B Process butterfly operation to MDCT output, boundary
8 sample, 8 steps
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ATLAFEEL

B CIAVRRTLAHEL
— AVTUVTARTLA
o EABMFYRILOMESLLEELZ2FYURIILELTRE
- BERRRIEARIICHSIE
— MS(middle side) R F7L#
o EABMFrRILDOFERLERETE2F v RILELTRE
e RLBHL2EEREHR
o MFrRILOBEANKREVEICE, MESLEESOER
ENKELY, REICKDT—E2EBHRENELND
— AVNRAURRTLE
o FFTIZRYBONFEEEDARIMLEN, LEWMELYS
ERBITAUTUVTARATLUAEMSATLAZYYEZ S
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Stereo Coding

®  Joint Stereo Coding
— Intensity Stereo
« Sum of two channel and ratio is processed
= Low frequency is independently coded
— MS(middle side) Stereo
= Sum and difference of two channel is processed
= Simplest two point orthogonal transform
= Compression efficiency can be obtained when
correlation of two channel is large because of
bias effect
— Combined Stereo
= Switch Intensity and MS stereo when spectrum
ratio between two channel obtained by FFT is
large
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AACHFF S 1L TO FTExfilT

n BREEE T EER
- BEFEHEBEESRBOKREIICIYER
— FELBICMDCTRE D —EE R F RIS 47
— BEFAREERANINS U RN—Y LT, )L 203
— BEERICKEER I ILANE
- BFLHEFTIESRIEOKRESLGESIZES
— LEMEZBAIBAICOHER

Pl
— BERITOVIOBFIET—AIZEY, BIOVHDEREEEF
EERBENEZTH, TRREOHEHSL
— BARGIVIZHLT2RD T RAE /w97 —R#iGF 8l
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New Technology at AAC

m  Temporal Noise Shaping

— Quantization noise shaping based on signal
amplitude

— Linear prediction for MDCT coefficients at encoder
— Transversal filtering using linear prediction

— Feedback filtering employed at decoder

— Quantization noise concentrates to large amplitude
— Threshold control

m  Prediction

— Current TNS output is predicted by the previous
one, and only the difference is coded

— 2nd order lattice backward adaptive prediction
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fth D FF 5L XM

B MPEG-4TEAZhI=AH

— Twin VQ (transform domain weighted interleave
vector quantization)

 MDCTTRIK#MEIBESICEHRLLPCHM TERIL
o N—YUREBEBICEHRLTROI-BRICKYERIE
o BATERILEBEEADTALE2——TRIMLEFIE

— CELP#HB1t
* LPCAOMEEFILBRBER/TLPCAR I ILIEERI—
FIvo D N TEES)

o REIFTAREERD, LPCARTAILAEANEBTDEN
BEREMICRMESNBLSBRI—FITVIDHNERR
* LPCHHEDEFILIENVMLEFE, BRIETILF/NLR
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Other Technologies

B Coding method introduced in MPEG-4
— Twin VQ (transform domain weighted interleave vector
quantization)
= Normalize by LPC analysis to frequency domain signal
obtained by MDCT
= Normalize by envelope converted to Bark domain
= Weighted interleave VQ after normalize by power
— CELP Coding
= Excite LPC analysis filter by source codebook output
after LPC analysis
= Long term prediction coefficient is obtained, search
codebook to minimize input and LPC analysis output
= LPC coefficient is vector quantized, source is multi-
pulse
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fthDFF SR (2)

— N—FEZVIRINURIRFSE
* LPCHMEEFILSNIREELPCHEIILAITHIBLA
HESDHREERDD
o FHREZEARKBEHECEVFAMBLVERRINT
- HEFEEHTIIERREEHADTAIMNLEFL
- EEEMTIERMRENIML ORI —TERERT
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Other Technologies (2)

— Harmonic Vector Excited Coding (HEVC)
= Calculate difference between input and inverse
LPC filter after performing LPC analysis and
quantization

= Prediction error is fed into pitch analysis and
envelope analysis in frequency domain
= In voice part, envelope is weighted vector

quantized
= Otherwise, excited vector’s closed loop search is
performed
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