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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
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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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FEMSIE

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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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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MPEG Audio EAR{ER MPEG Audio Basic Scheme
MPEG-1 Layer I, Il FS{L3R0OHERK m  MPEG-1 Layer I, Il Encoder Structure
F—T4% Audio
A2 Evk Evk Evk e Subband Linear it Create Bit
| BF it i AbY—4 [ 2Ry s Analysis 3| Quantizer| [Compression Bit ST
22 Stream 5
CRC Add
oy Eor Eca{le Side datal CRC
5 5 -actor
SRR kiacild i Selection Extractio e B
DERER B vk Psycho-aco [Dynamic
L =70 2 mysc FFT >ustic model ’BitAnoca(iarI
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MPEG-1 Layer I, Il 58 DO#E/K m  MPEG-1 Layer I, 1l Decoder Structure
F—FaA Audio
Evk N | dB Bit DeMux. Output
Evk = HITNUK Inverse Subband
BN ot 3 ﬁi?{tg 2 |—> stream | Bit Quantizet =4 syntesi
— o | stream
Error
Detection|
Rir—1 Allocatiof Scale Factor
2794
Decode
side data
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MPEG Audio EX#ERK (3)

HEER/B T EENE

— 16bit PCM A

— RYTz—XT4ILB\)(512tap)I&kBH32FEH 2Bl
— BFEBEIRFVILALGE

— DEBEEETIVICEIEVMEINT

— FTUII)T—EADHRAH
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MPEG Audio Basic Scheme (3)

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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HITINURD T

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

2(i) =Y. y(64]+i)
j=0

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

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

HINURESOEH Derive subband signal
s(i) = i 2(i) cos (2i+1)(k -16)7 (i) = i 2(i) cos (2i+1)(k —16) 7
i 64 i 64
{855 / Signal Theory 15 {855 / Signal Theory 16
RIF—ILIT7H43 Scale Factor

BYITNURDT(FIVILUDERIZD

— LAXITIEENAURLI2Y VT )L, RIESTIE384Y T IL
(12*32/32K)

— LAYNTIHLI1I52Y VT ILE, LAVIDMEDT—28ELD
t=, FITLvY (3D a—2)EHR

— BT ODORT—ILIFTIEDEREHE

— EHDEFH/NNE—2H1IbItD R — LI 7 HERIEREL-
3bitD{EiE/ F—2THE L
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Align dynamic range of each subband

— LAXITIEENAURLI2Y VT )L, RIESTIE384Y T IL
(12*32/32K)

— LAYNTIHLI1I52Y VT ILE, LAVIDMEDT—28ELD
t=, FITLvY (3D a—2)EHR

— BT ODORYT—ILIFTIEDEREHE

— EHDEFNNE—UH1IbItD R — LI 7 HERIEREL-
3bitD{EiE/ F—2THEE
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DEERST (1)

FFTH#T
— Ay RELAYITS12, LA¥I111E1024
— RYTZT—RTAIWANVIDEBERIZHDERE

BEHE
— FFT HALFFTAHD1TAVINTRRELDRT—ILI7H
8055, KEVADEEEELES

MERS EIFIEE RS DR

— TBEDORRIRLSAVEYKREL, ERYUTILENI-TART
DARGEZAVEKY, TABRELARIMLFAVEME RS
B
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Psycho-acoustic Analysis (1)

FFT Analysis
— Block length are 512 for Layer |, 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

{8533 / Signal Theory 20

DERERES (2)

WERELE

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

— X(K)-X(k+])>7 dBEBR T BRARIMLTAEEIR

— MRjOMEELAYI, LAY INZhTNITHL, BIREFEI LI
5z5n%

— MBERSISHETIARIMNSAVDEEE, HERIDOE
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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DERERES (3)

— B TERONBEEARICHEET DX UNDARILSAY
FTRTEOICHESRTE

- UEOREBTHEONMEUNDARIMSAV%, FiFE
RATEFNTMEL, FHERADEELLTER

- FMERSOETREE, EFEHEOPDLICHLEVVMIEICBRE
MERD EFMERS ORMBIE
— ROGNI-MERSEFMERSTDS5, LEWMERBED LD

[FZEH. E5IZ, 0.5N\—Y AN DRI SEBDME RS0 H
BIHEICE, RROMERS UNEEH

{855 / Signal Theory 23

Psycho-acoustic Analysis (3)

— Set values of all spectrum lines to O within the width
j 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

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

{855 / Signal Theory 24
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IN—5

BRAFEERTEMT, ABOBERESEMERESEMLT-ERR

BERBEBDORT—IL

— 1 NA—VFEEERRTIEIROERBFECALL, S8R
BB TEIYEVEREFECHETS

- REOHEREIF1IANS24T, EED24DBRAFE (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)
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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)

Psycho-Acoustic Analysis (4)

B Calculation of threshold of individual masking value

n ERRRFUTLEMEDGE
- BERERHIFERELMEIEEER — Large sub-sampling applied to high frequency
— HLLWYUTILAEIC, MELEMEEERSE — Replace pure/non-pure tone to new samples
— MESLUVIEMBIIRF I LEVNMEDEH — Derive thresholds for pure/non-pure tone masking
= F(X(z(@)). av(z()). vf(z().z(1)) = F(X(z(@)). av(z()). vf(z().z(1))
X(z()): jBEEODIRh—EE X(z(@j)): j-th masker pressure
av(z()): YR¥FU T ek av(z(j)): masking indicator
vi(z(§),z(i)): YRFU T vf(z(j),z(i)): masking function
B R2ERIRFUITULRNILDORE ®  Decide overall masking level
— EFRI3N—Y, EERIBN—ILRICEFENIMER S EE — Add masking threshold of pure/non-pure tone
MERSICEDIRFUTLEMEEZME contained in 3 bark for low frequency side and 8
bark for high frequency side
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DEER ST (5) Psycho-Acoustic Analysis (5)
B RINYRFVILANILDRE m  Decide the minimum masking level
— HHINURICHET ZER S EDHEERNTR/IDLET — Extract overall masking threshold in each subband
RAFUTLEWNMEE T
B Calculation of signal to mask ratio
B EERVRAILOHE — Signal to mask ratio (SMR) is given by the ratio of

— EERNTRIL(SMR)ZEH I NURDFEERNIRFUY
LANLDLELTERZS
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acoustic pressure and the minimum masking level
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EvhEIST

B SMRICEDEEHTNURADEVIEILTRE

— BEYNEABAYE, CRCFIVY, TUISUT—4%ELEK

— BINRRIAMELL(MNR)EZEE T 39T NURERER

— BAYINUFOBRTFIERTYTELIRNET S

— FHLLBFERTYTIHET HIES T L(SMR)EZR D
SERLFT=EMNRER O S

— BSTEVMIN LB FIEEVMEEZELSIE, BEEVMEIST
EHRYIRY
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Bit Allocation

m 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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EF{LanE

B BYITNURERS—ILI7IATERIEX(N)
— HINRURTEIZESTON=E MR S LI=BA(N),
B(N)IZ&YA(MX(N)+B()IZHiE>TEFIE
— LERENEVFERYRLEME YA RER

B LAVITIEHELEDLHIC, EfET D3P TIbx,y,zIZ/ LT
EFERTYTENI,5,90HEDHEILT LTIy, vg, vo#F
5z2%

— V3=9z+3y+X
— V5=25z+5y+Xx
— Vo=81z+9y+x
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Quantization Process

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

m In Layer Il, for efficiency, give coding sample v, Vg, 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+x
— Vo=81z+9y+x
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S LR (2)

B LAVROEREMORBER

HINUR RS
St BEIOVIE
/5
=)

Eal
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Compression Technology (2)

B Relation of technology elements between Layers

/-

Subband Transform Coding
Coding Adaptive Block Length

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

B LAYINTENATVIR I Y% RA
— 32PFBIZHZX TMDCT(LOT)
— 21*18=576#EZHE|
— MDCTIZZY) Ta—%tis, BREAZE(18, 36)

—"%JV"W
(VYA oo

i
Jo
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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)
—b%%—* Signal
(VAN e
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FYURLERRE

. MDCTHAITHL THEBERITENSY LT IL, 8EIThz>TR
b
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Aliasing Noise Removal

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

B UafURTFLAHS
— AVTFUVTARTLL
o EAmMFrrILOFERLLLFELZ2FvoRILELTOE
- EEEARRITEABILICHFSL
— MS(middle side)XFL#
o EAmMFYRILOHMIEBLEETE2FrURILELTRE
- RLBHEA2EEREHR
e WMFrRIILOEBEMNKENEICIE, MESLEESOHER
ENKELY, REICKDTAEBIRLNEOND
— AVINAURRTLA
o FFTIZKYBONIEEAEDARIMLEN, LEWMELYE
EB/BITAUTUVTARTLAEMSRTLAEVEZ 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
{855 / Signal Theory 42
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AACHFF 1L TO FT X filT

n EREEEE T EMEER
- BFHEEESRBEORESICLIYER
— HS{LEHIMDCTRE O —EERE TR
— BT AFREERW NS RN—Y LT )L 203
— ESEICKEE D L A0E
— EFLHEFTHESRIBEOKRESLGEI KD
— LEMEZBABEICOHEA

. Fifl
— BERITAYIOEFET—2IZLY, RIOV/DOBREEHEF
LHBTEREHZTA, FTRAREOHEZREILL
— BARIMIZHLT2ROTTARE 0D T —F @G F 8

&S5 / Signal Theory 43

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

{8533 / Signal Theory 44

fth D FF 5L XM

B MPEG-4TEAZhIzAH

— Twin VQ (transform domain weighted interleave
vector quantization)

 MDCTTRIK#MEIBESICEHRLLPCAOM TERIL
o N—YUREBEBICEHRLTROI-BRICKYERE
e BATERILEBEEADTALE2——TRIMLEFIE

— CELPHB1E
* LPCHOMZEFILBRBER/TLPCAR I ILIEERI—
FIvo D N TEES)

o REIFTAREERD, LPCARIAILAEANEBTDEN
BEREMICRMESNELSBRI—FITVIDHNERR
* LPCHHEDEFILIENIMLEFE, 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

{855 / Signal Theory 46

fthDFF SR (2)

— N—EZVIRIMLIIRFSE
o LPCAMBREFILSNI-FREELPCHIILAIHIELA
HEBEDEREERDD
o FPRARELZARKBECEYFAMBLVERRIN
- AEENTHARBREEHDIRIMNLEFE
- BEEHTIIBIRAIMLOFIIN—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

{855 / Signal Theory 48
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SAELHRR

AR
- EREREEESERBERELIM (TU-T, BICCITT)
— BRMEKEERELHE (ETSI)
— EREZE#E (1S0)
- KEBRBEIZER (TIA)

— http://www.tml.tkk.fi/Opinnot/Tik-
111.590/2002/chapter3.pdf
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Standardization Organization

Standardization Organization

— International Telecommunication Union —
Telecommunication Standardization Sector (ITU-T,
former CCITT)

— European Telecommunication Standards Institute
(ETSI)

— International Standards Organization (1SO)
— Telecommunication Industry Association (TIA)

— http://www.tml.tkk.fi/Opinnot/Tik-
111.590/2002/chapter3.pdf
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ITU G.726, G727

n BEES/NLRAFSER (ADPCM)
— G.726: HRIZRELSN-2FILEEFER
— G.727: 1M ybRINT—HF7 T r—2avIZiE LB FiE
F/EAAH A
— EwvkL—b: 16, 24, 32, 40, 60 kbit/s
— FHHHE 32 kbit/s: 4.1
— EHERE: 2 MIPS
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ITU G.726, G727

ADPCM
— G.726: individually optimized quantizers

— G.727: embedded quantizers developed for packet
network applications

— Bitrate: 16, 24, 32, 40, 60 kbit/s
— MOS for 32 kbit/s: 4.1
— Complexity: 2 MIPS
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ALY yk-B ARa—4

n EREEHRE B 2%, EFARI—S
— ADPCM EBREFRI(LTP) & 6R5EH M F:HI(STP)
— EvkL—h: 9.6, 12.8 kbit/s
— E#HHAE 9.6 (12.8) kbit/s: 3.1 (3.4)
— EHERE: 10 MIPS

{855 / Signal Theory 53

Inmarsat-B Vocoder

The International Mobile Satellite B standard using
adaptive predictive vocoder

— ADPCM with Long Time Prediction (LTP) and 6t
order Short Time Prediction (STP)

— Bitrate: 9.6, 12.8 kbit/s
— Mos for 9.6 (12.8) kbit/s: 3.1 (3.4)
— Complexity: 10 MIPS

{855 / Signal Theory 54
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LPC-10¢) FS-1015

B LPC-10(e) KEEFRIZEAEL015
— XEEE 1976
— HWEBENBM
— 10RFAIBEFER
— EwbkL—b: 2.4 kbit/s
— EH&RE 2.4 kbit/s: 2.3
— EERE: TMIPS

LPC-10¢) FS-1015

LPC-10(e) federal standard 1015

— USA Department of Defense in 1976
— Secure communications

— 10 order predictor

— Bitrate: 2.4 kbit/s

— MOS for 2.4 kbit/s: 2.3

— Complexity: 7MIPS

{8533 / Signal Theory 55 {8533 / Signal Theory 56
MELP 3—Fv% MELP codec

n REREREFR(MELP)I—T vy
— XEBAF 1996
— BAEEMIILPC-10I12H115BEITS—
— BJ¥E: 122.5ms
— EvkL—b: 2.4 kbit/s
— IHRE 2.4 kbit/s: 3.2
— REE: 40 MIPS
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Mixed Excitation Linear Prediction (MELP) codec
— US government in 1996

— Motivated by voicing errors in LPC-10

— Delay: 122.5 ms

— Bitrate: 2.4 kbit/s

— MOS for 2.4 kbit/s: 3.2

— Complexity: 40 MIPS
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GSM 6.10

 FONERBEEECHEEETSI) ZILL—hAH GSM 6.10
— FMEHEETOEEEEHSLAR
— R/ LREIR(RPE)IZLZRERFRI(LTP)
— BREEROEER ILARIIIZLS
— EwkL—Fh: 13.0 kbit/s
— F¥#SE 13.0 kbit/s: 3.5-3.9
— HEE: 5-6 MIPS
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GSM 6.10

ETSI full-Rate GSM 6.10

— EU digital cellular standard

— Regular-Pulse Excitation (PRE) with Long Term
Prediction (LTP)

— Excitation is a sequence of multiple uniformly
spaced pulses

— Bitrate: 13.0 kbit/s

— MOS for 13.0 kbit/s: 3.5-3.9

— Complexity: 5-6 MIPS

{855 / Signal Theory 60
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FS-1016

KEERIFZLE 1016

— XEER#E (DoD)

— FEIHARIWEEBIEAX(STU-1)

— BEFEENIVRIZ& D ERBSR

— FSmEE#RR T RH X (CELP)

- JZJ%I:tE,HJi%;‘Eu&‘bHl,t.%ﬁﬁq:l—Pj‘ww%ﬁﬁﬁfot‘(:

— EwklL—F: 4.8 kbit/s

— FHRE 4.8 kbit/s: 3.2
— EHERE: 16 MIPS
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FS-1016

Federal Standard 1016

— USA Department of Defense (DoD)

— 3rd generation secure telephone unit (STU-111)

— Jointly developed by DoD and Bell Lab.

— CELP

— Excitation is formed by combining vectors from long
time prediction (LTP) and stochastic codebook

— Bitrate: 4.8 kbit/s
— MOS for 4.8 kbit/s: 3.2
— Complexity: 16 MIPS
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VSELP

RV R F R (VSELP)
— EHACIHEBOETEECTERASLEELLTEA

* TIA 1S-54 (BAREILXK)
— BATIF19904(PDCTILL—FA XK (ARIBIZHESTD-24, EFE
6.7 kbit/s, H#&T—4 4.5kbit/s)

« ETSI 6.20 GSM /\—7L—k (ER)
- BECEEEINza—FITvs

- EEBIERIR

o FrRILIS—mHERIE
— EvkL—h: 5-6 kbit/s
— I#SE 6.3 (8.0) kbit/s: 3.4 (3.5)
— EHERE: 14 MIPS
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VSELP

Vector Sum Excited LP (VSELP) Standards
— Algorithm embedded to 3 digital cellular standards

= TIA 1S-54 (Japan and North America)
— Full rate algorithm in PDC in 1990 (ARIB
recommendation STD-24, speech 6.7 kbit/s, ECC
4.5kbit/s)

= ETSI 6.20 GSM half-rate (EU)
— Highly structured codebooks
= Reduces computational complexity
« Increases robustness to channel errors
— Bitrate: 5-6 kbit/s
— MOS for 6.3 (8.0) kbit/s: 3.4 (3.5)
— Complexity: 14 MIPS
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ITU G.728

ITU G.728 {KiEHECELP

— \IL—L, ERENIIL, EEETRI(STP)
- HELLEERE: G.728>G.726

— EvkL—h: 16 kbit/s

— FHSRHY 16 kbit/s: 3.4

— REE: 30 MIPS
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ITU G.728

ITU G.728 Low Delay CELP

— Short frames, short excitation vectors, short term
prediction (STP)

— Speech quality: G.728>G.726

— Bitrate: 16 kbit/s

— MOS for 16 kbit/s: 3.4

— Complexity: 30 MIPS
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1S-96

KEETEEILERTIA IS-96(F, EHEZARD—DOTHS

HEPEL THER(COMA)TEDNLD

— CELP&LIEREREFRI(STP)ZEHA

— BRFRANSA—EADEVFEIY L TERET HIEICKYT
FEYRL—hEER

— EvkL—b: 1.2, 2.4, 4.8, 9.6 kbit/s

— IHRHE 9.6 kbit/s: 3.3

— HEME: 15 MIPS
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1S-96

TIA 1S-96 used in Code Division Multiple Access

(CDMA) for cellular communications

— CELP with Short Term Prediction (STP)

— Variable bitrate by controlling bit allocation to LP
parameters

— Bitrate: 1.2, 2.4, 4.8, 9.6 kbit/s

— MOS for 9.6 kbit/s: 3.3

— Complexity: 15 MIPS
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ITU G.729, G.729A

ITU G.729, G729A CS-ACELP
— RIFATATRINI—OFT)r—>avH
— HEEERBCELP
e {EEME: 15 ms
e JL—LYAX: 10 ms
e a—KJyy2{@
— G.729 Annex [FEVEBETHEMNSDET
— FILIYXLIZEBREEER
— EwkL—b: 8 kbit/s
— FHSRE 8 kbit/s: 4 (G.729), 3.8(G.729A)
— GEERE: 20 MIPS (G.729), 11 MIPS (G.729A)
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ITU G.729, G.729A

ITU G.729, G729A CS-ACELP
— Designed for wireless and multimedia network
applications
— Conjugate Structure Algebraic CELP
= Low-delay: 15 ms
« Frame size: 10 ms
= 2 codebooks
— G.729 Annex has lower complexity and quality
— Algorithm interoperable
— Bitrate: 8 kbit/s
— MOS for 8 kbit/s: 4 (G.729), 3.8(G.729A)
— Complexity: 20 MIPS (G.729), 11 MIPS (G.729A)
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ITU G.723.1

ITU G.723.1 MP-MLQ/ACELP
— ARTMETFRICETETLESEVRATLDEODOEE -5
285EtAK
— FLERBURATLIZETHADITU H.323, 3240 —E
— VOIP7FUr—2avIzB B T4I4ILEAR
— ZOOmEEEICKIARK
- ZE/NILRAREEFE (6.3 kbit/s)
- ACELP (5.3 kbit/s)
— E#ME 5.3 (6.3) kbit/s: 3.7 (4.0)
— EEHE: 16 MIPS
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ITU G.723.1

ITU G.723.1 MP-MLQ/ACELP

— Speech coder for audio and videoconferencing over
public switched telephone network (PSTN)

— Part of ITU H.323, 324 standards
— Default audio codec for VolP
— Dual rate with 2 excitation schemes
= Multipulse maximum likelihood quantization for
6.3 kbit/s
= ACELP for 5.3 kbit/s
— MOS for 5.3 (6.3) kbit/s: 3.7 (4.0)
— Complexity: 16 MIPS
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B ITU G.722 T N\URHS1E
— ISDNIZH1T5TLEREA
— HINURDBIEEVREIYHT
- {EiERER: 48 kbit/s #E|YHT
- SEEKE: 16 kbit/s ZFUHT
— EwbkL—F: 64 kbit/s
— FHMAE 64 kbit/s: 4.1
— EHERE: 5 MIPS

ITU G.722

ITU G.722

B |TU G.722 subband coder

— Targeted for ISDN video conferencing
— Subband splitting and bit allocation
= Low frequency: 48 kbit/s allocated
= High frequency: 16 kbit/s allocated
— Bitrate: 64 kbit/s
— MOS for 64 kbit/s: 4.1
— Complexity: 5 MIPS
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. L . .
AR Algorithm Comparison
G.711 PCM 64 43 0.01 0 G.711 PCM 64 43 0.01 0
G.726 ADPCM 32 41 2 0.125 G.726 ADPCM 32 a1 2 0.125
G.722 SBC 48/56/64 41 5 0.125 G.722 SBC 48/56/64 41 5 0.125
G.728 LD-CELP 16 4.0 30 0.625 G.728 LD-CELP 16 4.0 30 0.625
G.729 (-A) CS-ACELP 8 4.0 (3.8) 20 (11) 10 G.729 (-A) CS-ACELP 8 4.0 (3.8) 20 (11) 10
G.723.1 MPC-MLQ 6.3/5.3 4.0/3.7 11 10 G.723.1 MPC-MLQ 6.3/5.3 4.0/3.7 11 10
GSM HR VSELP 6.3 3.4 14 20 GSM HR VSELP 6.3 3.4 14 20
1S-54 VSELP 8 35 14 20 1S-54 VSELP 8 35 14 20
15-96 QCELP 1.2/2.4/4.8/ |33 15 20 15-96 QCELP 1.2/2.4/4.8/ |33 15 20
9.6 9.6
Inmarsat-B APC 9.6/12.8 3.1/3.4 10 20 Inmarsat-B APC 9.6/12.8 3.1/3.4 10 20
US MELP MELP. 2.4 3.2 40 225 US MELP MELP. 2.4 3.2 40 225
FS 1016 CELP a8 3.2 16 30 FS 1016 CELP a8 3.2 16 30
{855 / Signal Theory 75 {&S 1 / Signal Theory 76
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