S,
aff

WD -

{E5#5H / Signal Theory




Signal Theory
- No.12 Application to Speech/Audio Signal

Processing -

Hiroshi Watanabe
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sampling
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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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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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Subband
Analysis

B MPEG-1 Layer I, Il Encoder Structure

[

Linear Bit _ Create
Quantizer Compression Bit

Scale
Factor
Selection

Y} Stream

Add
Scale Side data CRC

Factor Coding Check
Extraction

Bit
stream
—>

|

Psycho-aco Dynamic
ustic model Bit Allocation
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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 2

HEILBICBTHAETENE
16bit PCM A A
R ITT—XT4)L3\2 9 (512tap) |2 &k 532
EFLEREYRTUILANIILEGE
DEEEETILICEBEVREINT
Tooo)T—2NDAH
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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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B ANES512580T—4X()IZLPFA /N LR G Zc()EM TS
y(i) =c()x()(i=01,..,511)
B FHNEESOHE

2() = (64 +i)

SNDEH

(2i +1)(k —16)7

5(i) = iZ:O:z(i)cos ”
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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
(12*32/32K)
LAVINTIXL152H 2 TILE, LAVIDIEDT—F=ELDS

=&, FITL Y (BDDNF—)E R

T A DDRT—ILIT7IRDENTETE
EDDEH/NFI—UD1bItD R — LI 7oA EIRIEHREL-
3bitDIEIE/NF—2THEIE
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- TAvYRIELAYVIT512, LAVIF1024
— RUITT—RTANENVIDEEEICHILERTE

BEEE
— FFT HBAEFFTHHD1 7Y IRNTERARELGDRT—ILIF7Y
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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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WERENE

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)

{E5#5H / Signal Theory




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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— R CTEZONSEHERNIZHEET AIX(KUNDARIRILZA
T ARTCEOIZHETE

— U LEDNEBTHONTF-FBELUNDARINILZA %, B
NTIRTMEL, EHEFRITDBEEELTES

— EMERTOETEEZ, fREBORMIIFHEMIEICBEE

B HIERSEFFMERSDESIE

— KROLNI=HMERSEFEMERTDI5, LELMEREDTD
[FZEH. =512, 0.5/ NV LINDIEREICE R DME DM
BIGEICIE, RRDHE 5 LU & FE

{E5#5H / Signal Theory




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

REOEHBEIILING24T, BRED24NDERF FE (critical
band) 2L TULVS, mEDESRLIEIZ, 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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B ARTRFUTLEVMEDETE
— BEREREFEFERELMEEIZEFEMR
— FLWH LTI RIC, MELEMETBRE
— MEBLVIEMS AL T LEMEDEH
- F(X(z(Q)), av(z(Q)), vi(z(1),z(1))

Xz@): jJBEEHDOYAN—FE
av(z(j)): YARAXU T IEH
vi(z(j),z(i)): YAX T B

B 2ARTRAZTUTILRILDRE
— EZAI3/N—, EERISIN—YLIRIZEENA M Z RIS EIE
MERDICEDITATUT LEWMEZINE
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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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B R/INIRFVJTULARNILDRE
— BYINUFISHET DERME EOHEERATR/IDERT
AEVJLEMEZHH

B EEXNTRILEDEE

— EBRTRILL(SMR)ZZE S ITNUEDBEEER/INVTRATUY
LARILDEELTEZS
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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 )
K Stereo J/
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INAT )R TAILRINY

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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FrfEfEis E FIE B
ETFLHEBZESREORESICKYER
FEILEFICMDCTRED —EEER T RIS
BT RARBERWN =S RN—H )LD JLRALIE
EERFICKER D)L NIE

ETEHBFXESRIBOKRSGEICEF
LESWMEZEBEAIGRICOAER
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_ EETAVIOERFET—4II&Y, BIOvIOBMERET
EESERENET R, TABEOHAEHEL
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New Technology at AA

IR 2 4 I

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-4TEASNI=AK
— Twin VQ (transform domain weighted interleave
vector quantization)

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

e BATERILREADIFTA3—1)—TRIKLEFIE
— CELPfF&1k
e LPCHAMEBREFILBRBEFTCLPCERI(ILIZTIFEI—
KJwo 0 TERE)
REIFRREE KD, LPCERIILFAEADEBTDEDN
BRI CE/IMESN A EOBRI—FITVIDHE WEIER
LPCEREHMDEFLIIRNIFMILEFIE, BRIZTILF/INILA
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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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— IN—FZYIRIMILRIIRFS1E

LPCAHREFIESNTI=ZRHELPCHIILAIZHELHBLA
HEBDREREXKDD

FRFREEREMEB CTEYTF o XU aKE ot
EEEHTIIaRBEEEHFDITRINLEFIE
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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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M RH

 — v

ZAEL AR

— ERERBREESEBREEELEM (ITU-T, BICCITT)
BR BRIBIEZREILEE (ETSI)
EF 2 LHE (1SO)
KkEERBEIEXS (TIA)
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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)
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2= I NILAFFSZE R (ADPCM)
G.726: ERIZHREILSNT-EFILI/E{[FH
G.727: INTYLRyNTD—oF7 T ) r— 3 (2 L=2F1t
e f0 A A H
EwvkL—k: 16, 24, 32, 40, 60 kbit/s

FEHLE 32 kbit/s: 4.1
SEERIE: 2 MIPS

{E5#5H / Signal Theory




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 FRa—4

Eff R 24 B 24, EcFAlRa—4%
ADPCM EE:EFAI(LTP) & 615 H:EFAI(STP)
EwvkL—k: 9.6, 12.8 kbit/s
FESE 9.6 (12.8) kbit/s: 3.1 (3.4)
JEERIE: 10 MIPS
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B 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
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LPC-10¢) FS-1015

LPC-10(e) XKEEMR#£1015
KEEFHE 1976
MWEEBIEMNBEM
10RFRIZRZ=EA
EwkL—bk: 2.4 kbit/s
FERE 2.4 kbit/s: 2.3
EEHR: TMIPS
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LPC-10¢) FS-1015

LPC-10(e) federal standard 1015
USA Department of Defense in 1976
Secure communications
10t order predictor
Bitrate: 2.4 kbit/s
MOS for 2.4 kbit/s: 2.3
Complexity: 7MIPS
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MELP d—TFw%

B R FR(MELP)I—T YY)
KEBARF 1996
BRI ILLPC-10IZH HABEF LTS —
EE: 122.5 ms
EwkL—k: 2.4 kbit/s
FEHMSE 2.4 kbit/s: 3.2
SEEHE: 40 MIPS
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MELP codec

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.

B N EREEEELEEETSI) Z)LL—FAK GSM 6.10
PR EFREE CHOEETEMAEFIELAR
ZRIfR/ VL ARFE(RPE)IZ& A REFRE T AI(LTP)
e IXERDERR/ NILARINIZEKS
EwkL—k: 13.0 kbit/s

FESE 13.0 kbit/s: 3.5-3.9
SEEIHME: 5-6 MIPS

{E5#5H / Signal Theory




GSM 6.

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
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FS-1016

KEEFIZZE 1016
KEEFE (DoD)
EI3HAMWEERIEAX(STU-111)
ElfFE ENILIHZ KD E R R F
e R ERE 2 F B A X (CELP)
iﬂ%liﬁ,ﬁ.ﬂ%iﬂll&‘bh)btfﬁfﬁ?rﬂ@:n—lﬁ*yb@%ﬂ&ébﬁ(:
EwkL—Fk: 4.8 kbit/s
FESLE 4.8 kbit/s: 3.2
JEEEE: 16 MIPS
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FS-

Federal Standard 1016
USA Department of Defense (DoD)
3rd generation secure telephone unit (STU-III)
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

RNYEILFIRNE R 2 F BI(VSELP)
— HACIHBDEFTEE CEEASILIEELLTHER

e TIA 1S-54 (HAEILX)

— BATIX19904FIZPDCIILL—FA K (ARIBIEZ#STD-24, BF
6.7 kbit/s, #&R&ET—% 4.5kbit/s)

e ETSI 6.20 GSM /N\—2JL—k (ErH)

SEICEEtESINF-0—FTY)

- EEHREHIR

e FyR)LI>—Mi45# L
EwkL—bk: 5-6 kbit/s

FESE 6.3 (8.0) kbit/s: 3.4 (3.5)
EEMK: 14 MIPS
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VSELP

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

e TIA IS-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)

e ETSI 6.20 GSM half-rate (EU)

Highly structured codebooks

e Reduces computational complexity

e 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

B ITU G.728 {EEIECELP
BIL—L, STV, EEETRI(STP)

FEILEFSE: G.728>G.726
EwkL—Fk: 16 kbit/s

FEHSE 16 kbit/s: 3.4

SEEHIE: 30 MIPS
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ITU G.728

B 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

KEEBERBEEIESTIA IS-96IF, EFEFARD—DOTHS
FEnE|ZTiEHE(CDMA)TEHNS
CELP&RERFREFRI(STP)ZE A
BT RANSGA—FI~ADEYREIY S TEHIEHT S &I2KYT
TFE YL —FEER
EvkL—k: 1.2, 2.4, 4.8, 9.6 kbit/s
FEHAE 9.6 kbit/s: 3.3
JEEEE: 15 MIPS
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1S-96

TIA 15-96 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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B |TU G.729, G729A CS-ACELP
— RIFATATRYNT—0F7T)r— 30 F
— HR#&EEENHCELP
e {KEIE: 15 ms
e JL—LHYA4X: 10 ms

e O—KJvY2{&E

G.729 AnneXx [T&YIEEETHENZDET
F7ILOYX LIZH % fE R

EwkL—k: 8 kbit/s

FEME 8 kbit/s: 4 (G.729), 3.8(G.729A)
EEHE: 20 MIPS (G.729), 11 MIPS (G.729A)
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ITU G.729, G729A CS-ACELP

Designed for wireless and multimedia network
applications

Conjugate Structure Algebraic CELP
e Low-delay: 15 ms

e Frame size: 10 ms

e 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

B ITU G.723.1 MP-MLQ/ACELP
NETMEEHIZBTATLEREATLDEODEE B
Z2HS1EAR
TLESE I AT LIEETHAITU H.323, 3240 —&R
VoIP7 U —SavizBlTdT474ILEA

ZODEEEIZKSAR

e ZE/NILARLEFIE (6.3 kbit/s)
e ACELP (5.3 kbit/s)

FEME 5.3 (6.3) kbit/s: 3.7 (4.0)
EEFE: 16 MIPS
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ITU G.723.1

B 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

e Multipulse maximum likelihood quantization for
6.3 kbit/s

e ACELP for 5.3 kbit/s
MOS for 5.3 (6.3) kbit/s: 3.7 (4.0)
Complexity: 16 MIPS

{E5#5H / Signal Theory




ITU G.722

B ITU G.722 I N\URFS1E
— ISDNIZBITATLESEHR
— HINUERREEEVREIYET
o {RIZEIKEN: 48 kbit/s ZEIYHT
e EEEKRS: 16 kbit/s ZE|YLT

EwkL—k: 64 kbit/s
FEHSE 64 kbit/s: 4.1
SEEHIE: 5 MIPS
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ITU G.722

B ITU G.722 subband coder
— Targeted for ISDN video conferencing
— Subband splitting and bit allocation
e Low frequency: 48 kbit/s allocated
e High frequency: 16 kbit/s allocated

Bitrate: 64 kbit/s
MOS for 64 kbit/s: 4.1
Complexity: 5 MIPS
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