TILFATATEEVAT L
- No.7 BE [T #EHiiT -

pESUE T

TILFAT 4T EIEL AT L / Multimedia Distribution System




Multimedia Distribution System
- No.7 Audio Compression Technology -

Hiroshi Watanabe

TILFAT 4T EIEL AT L / Multimedia Distribution System




7FAJERE

— BEWE4kHz -> 3L T 102/ F 1IL8KkHZ sampling

FMZ 27

— RBR#FEI15kHz -> £ LT42%2)LE T NIEL30kHZ
sampling

A —T4A4CD

— RER#H1E22.05kHz, 16bit -> 44.1 kHz sampling
DVD #—7 4%

— RBIR#EE192kHz, 24bit QF v RILEEDH), 96kHzZ,
24bItRIVFF YU RIVATLA

TILFAT 4T EIEL AT L / Multimedia Distribution System




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
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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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B REETZILTOVX L

CCITT G.711 64 kbps ERRTEFIE
CCITT G.721 32 kbps ADPCM

CCITT G.722 64 kbps H#2J /> FADPCM
CCITT G.728 16 kbps IEEECELPFFS1t
ISO MPEG 32k-224kbps YT/ K+MDCT
ISO MPEG AAC  32k-128kbps MDCT+XTL A LI
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CCITT G.711

CCITT G.721
CCITT G.722
CCITT G.728

32k-128kbps

Non-linear
Quantization

ADPCM
Subband-ADPCM
Low-delay CELP

MDCT+Stereo
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Subband
Analysis

[

Scale
Factor
Selection

B MPEG-1 Layer I, Il Encoder Structure

Linear

Quantizer 3

Scale
Factor
Extraction

A

Bit
Compression
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B MPEG-1 Layer I, Il Decoder Structure

D_eMux Inverse Subband
Bit Quantizer S GESIE

Stream
AN A

Error
Detection

Bit
‘l, Allocatiomh Scale Factor

Decode
Side data
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MPEG Audio &

HEILR/IZBITAEENE
16bit PCM A 7
RYITT—XT4ILRINUH(512tap) 2L 332 5 E
BEFEBREIRAT VI ULANILGE
DIEEEETILIZEAEYREILT
TooT)T—2DAH
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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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y(i) =c()x()(i=01,..,511)
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Z(1) = Zi: y(64]+1)
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(2i +1)(k —16) 7
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Subband Analysis

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

y(i) =c(i)x(i)(i =01..,511)
Calculation of periodic added signal
7
Z(1) = Z y(64)+1)
j=0
Derive subband signal

(2i +1)(k —16) 7z
64

s(1) = _Giz(i)cos
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Align dynamic range of each subband

LANVITIEE/N\VR1I2Y T )ILE, RIESTIE384H 2T )L
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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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X(K)=X(k-1)BELUOX(K) 2 X(k+1)ZREFICHET HANY
MLSA %R

X(k)-X(k+j)>7 dBZEHR T HRARIMLSAUEER

BjDEIZL AV, LAVIIZRZNIIHL, BIESFEEI &I
BEz5n%

MERDCBEIETDIARINLSAODEEE, MERSDE
EIZhE
e X(K) <- X(K)+X(k-1)+X(k+1)
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Decision process for pure tone

Detect spectrum line that satisfies X(k)>X(k-1) and
X(k) 2 X(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 | and 11l

Add acoustic pressure of neighborhood spectrum to
the one of pure tone

e X(k) <- X(k)+X(k-1)+X(k+1)
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— Set values of all spectrum lines to O within the width
] 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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B BRTEZRITHEAMT, ARBOERFMEMREITEBILI-IELER
BE#MBBDRAT—IL
— 1 N—D3EEE R TIIIRO BRI FE(CHAEL, SiEE
BHTIEIEYLEWEREFRICHEST 5

— REO#EAEIE1H,524T, D24 (critical
band) 2L TULVS, mEIOERIZIEIZ. 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) TH 5.

TILFAT 4T EIEL AT L / Multimedia Distribution System




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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Psycho-Acoustic Analysis (4)

B 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(z()), av(z()), vi(z().z(1))
X(z(J)): J-th masker pressure
av(z(j)): masking indicator
vf(z(J),z(i)): masking function

B 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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Psycho-Acoustic Analysis (5)

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

B 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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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 gquantization step from the table

Subtract quantization bit from allocated bit, and
perform the bit allocation again
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B IINVRERT— LI 7O R TIERIEX(N)

— HINURZEIZE G TONF=EYMIIRIGLIZEAN),
B(N)IZEYAMX(N)+B(N)IZiE>TEF1k

— EFRINEYyrEFERYmZEAME YRS RER

LAY NTIEIHREDF=OIZ, EHiIT 53 P TILX,y,zIZx LT
EFERATYTHMNIS,5,9DZEDFFIL YT ILv,, Vs, V&
5Z%

— V3=9z+3y+X

— Vg=25z+3y+X

— Vg=81z+9y-+X
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B 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

B In Layer Il, for efficiency, give coding sample v, vz, Vvq
that are the case when quantization steps are 3,5,9 for
consecutive 3 samples x,y,z

— V53=9z+3y+X
— Vg=25z+5y+X
— Vg=81z+9y+X
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B Relation of technology elements between Layers

/  —_—

[ D
Subband Transform Coding
L Coding Adaptive Block Length

J

stic weighted

Bit allocation
\_ y,

( A
Psyco-acou [ Huffman ]

Coding

( R

Intensity MS Stereo MS: Middle Side
L Stereo

[Combined )
\ Stereo J/
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B LAVINTIINATIYRTAILZRIN Y% B
— 32PFBIZHNZTMDCT(LOT)
— 21*18=576%E (" H |
— MDCTIXZY) Ta—xfit, BRAIZ (18, 36)
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B Hybrid filter bank is adopted in Layer IlI
32PFB with MDCT(LOT)
21*18=576 subbands

MDCT can respond to pre-echo, variable window(18,
36)

Signal

YA
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B Process butterfly operation to MDCT output, boundary
8 sample, 8 steps
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B DI A RRTLARFEE
— AVTUVTAARTLA
e EAMFYRILDIMESTELEF2FvoRILELTNE
e BREERHMIEAMRIICFSIE
— MS(middle side)XTL#

e EAMFYRILDIEBLEEETZ2F o RILELTUNE
e XLAHEG2AEXREH
e MFYRILOMEENKEWNEIZZL, FMESLEEEETDIHBHR
ENRELLGY, REICEDIT—FEBHIENEFOND
— AVINAFRTLA
e FFTIZKYUBON=EEDARIMLEN, LEMELYZ
ERBICATUOVTARTLAEMSATLAZYIYEZ S
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Stereo Coding

B Joint Stereo Coding
— Intensity Stereo
e Sum of two channel and ratio Is processed
e Low frequency is independently coded
— MS(middle side) Stereo
e Sum and difference of two channel is processed
e Simplest two point orthogonal transform

e Compression efficiency can be obtained when
correlation of two channel is large because of
bias effect

— Combined Stereo

e Switch Intensity and MS stereo when spectrum
ratio between two channel obtained by FFT is
large
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New Technology at AA

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

Prediction

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

— 2nd grder lattice backward adaptive prediction
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B MPEG-4TEAINF=ARK

— Twin VQ (transform domain weighted interleave
vector quantization)

e MDCTTRIE#MEBIESICERLLPCHO T TIERIE
e N—YREMEBICEHRLTROHI-AEHKICKYIERIE

 ENTERELREHADFALE—)—TNJMLEFIE

— CELP# &1t
e LPCAMBREFILBRBEZHFTCLPCERI/ILIZERI—
Ko D HTERE)
e REAFANREZRSD, LPCERIAILZEANETDEM
BRI CR/IMESNAESTRI—FITVvIDHE NERER
e LPCEREHBMODEFILIINIMNLEFIL, FRIETILF/INILR
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B Coding method introduced in MPEG-4

— Twin VQ (transform domain weighted interleave vector
quantization)

e Normalize by LPC analysis to frequency domain signal
obtained by MDCT

e Normalize by envelope converted to Bark domain
e Weighted interleave VQ after normalize by power
— CELP Coding

e 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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— Harmonic Vector Excited Coding (HEVC)

e (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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