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of Audio Quality)[14]
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(SNR, Signal to Noise Ratio)
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SNR
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2.4.2

kbps/ch
10 bps
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22] MP3
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SNR(Signal to Noise Ratio) ( )

(echo hiding) 10ms
25] 24
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DFT (Discrete Fourier Transform)
DFT
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FSK(frequency shift keying)
PSK(Phase Shift Keying)
0 /2 00, 01, 11, 10

(patchwork)
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bitl
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(FFT  1024)

bitl = -1
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DFT
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(MP3 MPEG2 AAC )
[29]

DFT
DFT

+X dB X
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[32] 33]
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(QIM, quantization index modulation)
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2.6
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3.1

ITU-R BS.1116-1

PEAQ [14]

100
MP3
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3.2

HH(O0<t<T,) Hign (1)
n ham (£) homer (t)(m = 1,2, ..., n)
2
(31 )

Initial AM phase : r(m)+p(i)

Host i1 subband group

signal _
band-pass filter
H(t)

hom-1(t) I‘L

]

1
1
1
T
1

| modulation depth decision |:

band-pass filter

h2m (t)
/lﬂhigh—pass filter IHh 7
igh

3.1:

H(t)= Xn: (hom—1(t) + hom(t)) + Hpign(t), (3.1)

m=1

k(2 < k)

T (1)

() = hamoa(8) (14 A(m) sin(2r ft+r(m)+p(i))) +

hom (t) (1= A(m) sin(27 ft+r(m) +p(i))) (3.2)

r(m)+p(i) r(m)
p(i)(i=1,2,....k)
2 bit ( 1
10 2 ) (D; € 0,1,2,3)

i=2,..k (3.3)



v X(t)
T () Hyign(t)
X(1) = i_l on(t) + Higgn (1) (3.4)
D, T,
(k=1) T
( 35 )
r(m)
r(m)

10Hz

2M(k —1)/T, bps

3.3

3.2

T; DFT Ty /4 —
E(7) DFT(X () X(t),(0<t<Ty)
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phase delay defined by
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Di=|2p(i) +0.5
3.2:
DFT
E(7) = abs(DFT(X(t + 71 /4)), (0 <t < T}) (3.5)
T E(7) m
En(t)(m = 1,2,...,2n) 2m
ng(T)
Nop(T) m
AM,, (1) = A(m) sin(27 f7 + p(i) + r(m))
Eop (1) = (1 — AM,, (7)) S (T) + Nop(T) (3.6)
Gm(T)
Eop1(7)
Gn(t) = log——+—>
m—1(T)
Som_ 1+ AM,, () + F==1d
log 21T 1o Gy (.7
Som(T) 1 — AM (1) + g5
x =AM, (7) + Now (7)) /Som (T) lz] <1
2 log(1+x) ~x—x2/2
(3.7)
Som-1(7) Now(7)  Nom1(7)
Gm T ~ lo + (2 — - AMm T
)~ g gy T B )~ () A
Nopm-1(7)\2 Nom (7)1 2
o(Nam(rhye (33)
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3.4 1 log S;V;‘(li?
f A(m)
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M
(38) 1 3 4
2
VM
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3.1 0.316
4096
FFT FIR FFT
4096 1024 4 1
3.1:
Parameters Values
sampling freq. 44100 Hz
high-pass cutoff freq. (hc) 11025 Hz
bandwidth 43 Hz
subband pairs (n) 128
subband groups (k) 5
number of pairs per group 25 — 26
mod. frequencies (f) 2,3,5 Hz
frame period (7},) 5s
maximum AM depth per mod. freq. 0.316
total bit rate of hidden data 4.8 bps
3.4
m
Som—1(T
Gu(1) = log ;mzf_))
f Mo (m) Mo (m)
G (T) T, DFT
Moy(m) zo(m) 0dB
(2m —1) D 2m
a (1/1) (2m —1)
f
D — My(m) = log L= 70(m) (3.9)

1+ $0(m)
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D =loga

a(l+ xo(m))

D + My(m) = log T () (3.10)
xo(m)  My(m)
xo(m) = (exp(Mo(m)) — 1) /(exp(Mo(m)) + 1). (3.11)
m A(m) xo(m) dB
201og,, A0 0 dB (3.8)
OglO l‘o(m) .
1 f 2 AM,,(7)
3.3

Host w
signal hom-1(t) Eom-1(1)

band-pass envelope
H) filter extraction |

%}* og
band-pass |2 [envelope
filter extraction Eom(1) "Gm('[ )
W ......... DET
EMo(m)
xdm)= (exp(Mam))-1) | (exp(Mo (m))+ 1)<+
Gm(T)
3.3:
AL
AL 20dB 1 —0.2log(104£/20)
1+ 0.2 log(1045/20)
AL = 20dB
3 Hz
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2 (T, =2/f) 3 Hz

0
3.5
T = [4T,/Ty]
G'(7)
Ru
R, = {G'(u), G'u+1),... GY(u+T — 1)}
Ru u T
R, F(u) F(u)
AMP ¢ (F(u)) u
(34 ) 8
F(u) vmazr = 4 (3.14)
( )
F(u) = Umga: Ruy2or — vgj Rut@urnr
y = argmax AMP ¢ (F(u))
3.6
/[
%
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AMPr ‘F( 11)) power of mod. freq. component

max.

(W —

- |
2Ru+2v+1)T
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data frame lIIIIIlIIIIIizII»

3.4:

RWC [41]
100 3.7
3.1
0dB, -5dB 1
( 44.1 kHz 16 bit)

3.6.1

RealAudio8 (44.1, 32, 21 kbps/ch) MP3 (64, 48, 32 kbps/ch)
RealAudio8 21 kbps 22.05kHz
MP3 48 kbps 32 kbps 32 kHz
RealAudio8
RealProducer Plus 11.1 (Linux ) Music
MP3 “ 7 ver.2.39 (Linux )
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0.25, 05,1, 1.5
4
3.5
1 L . ) -
0 b Rev. Time : 0.25 s
_1 I _
05s |
(]
o
..3 -
= )
£ 1.0s
155 |
0 0.2 04 06 0.8 1 1.2 1.4
Time [s]
3.5:
1 40, -30, -20
dB (SNR) 40, 30, 20 dB
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4072 8 4120
+0.6 0.6 %
3.6.2
3.1
100%
30 60 72bit
15 63bit 36bit
4.8 bps
(0, m/2, 7, 37m/2)
[45]
85%
3.6 MP3
100

35

15
ID

4%  +4%

4096

DFT

2 12bit

[42, 43]

obit

0 dB
10

BCH

-5 dB

FFT

[44]



A 0dB e 5dB = 90 v

3.7 RealAudio8 RealAudio8 MP3
21 kbps/ch 0dB
3.8 0dB SNR 30
dB -5 dB SNR 40 dB
3.9 0dB
1.5
1 T,
3.10 0 dB
+3% 90%
+4% 3.4
+7%
3
3.11 0 dB
+0.4%
DA AD
DA AD
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[46]
0.1%

0.8 r

Detection rate

0.6

0.5 : : :
32 48 64
MP3 bit rate [kbps/ch]
3.6: MP3 ] -5 dB
0dB v 90 A 10

100

09 r 1

0.8 r ,

0.7 1

Detection rate

0.6 r A 1

0.5 . ‘ :
21 32 44
RealAudio8 bit rate [kbps/ch]

3.7: RealAudio8

3.7
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Detection rate

3.8:

Detection rate

Detection rate

0.9

0.8

0.7

0.6

0.5

0.9

0.8

0.7

0.6

0.5

3.9:

20

30

SNR [dB]

15

1

Reverberation time [s]

09

0.8

0.7 +
-5dB
90%
0.6
10% A
0dB @
05 L L L L L L L L
-4 -3 -2 -1 0 1 2 3 4
Time scale change [%)]
3.10:
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0.9 rodB

0.8

Detection rate

0.7

0.6

05 L L L L L
-06 -04 -02 0 02 04 06

Pitch change [%]

3.11:
3.7.2
RWC-MDB-G-2001 10 dB
5( ) 11( ) 66( ) 84 ( );
86( ) 5 3 No.6( ) 31( )2
2 ) 0dB 10 dB
0 dB
RWC-MDB-G-2001 100 0dB
No.45( ), 69 (
), 87( )
3.7.1 AXB
3 ) 2-down,1-up UDTR
AXB (STAX Lambda-Nova Classic)
70.7%
3 (X)
(A) (B)
X A
B
2 4 dB 1 4 dB
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4 2dB bt

8 (dB) 1
45, 69, 87 78 dB, 76 dB, 71 dB
4 20 22 4
10 dB
4 +1 3.12
10 dB
5

Sbj. HW
Shj. HY
0 Shj.KH
Sbj. SS

oF3 |n
—

Intensity of watermarking [dB]
an
|—E—|
#
——

ol b
-15 r
20 L— - -
No.45 No.69 No.87
RWC-MDB-G2001
3.12: +1
3.7.2
3.6 RWC-MDB-G-2001 100
0dB
(MP3 / 32kbps, RealAudio8 / 21 kbps)
(SNR 20 dB) (1.5s) 90% 90%
-5dB
44 kbps/ch  SNR 40 dB 0.5s
AXB
-5 dB
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BS.1116-1

20

EBU( )
RWC-MDB-G-2001

3.6
BS.1116-1
5( ) A
) 1( ) 0.1
3.13
AXB 3
3.6
1 (No.99: )
4
MP3 (128, 96kbps)

1
(DENON AVC-1890)
AXB

41

ITU-R BS.1116-1

2.3

128 kbps MP3

SQAM (Sound Quality Assessment Material)

0dB, 5dB 2
0dB, +10dB 2

-5 dB

(M-AUDIO Delta 1010)
(STAX Lambda Nova Classic)



3.13: Ref
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1 1
No. 45, 69, 87, 99 79 dB, 76 dB, 77 dB, 76 dB

SDG SDG
MP3 128 kbps t SDG
5% 0
MP3 128 kbps

MP3 128 kbps
47, 48]
314  SDG +
No. 45, 69,87 3
2
(F(3,48) = 11.28) (p < 0.001)

(F(2,48) = 0.47) (F(6,48) = 0.53)
5% SDG -5 dB
MP3 128 kbps 0 dB MP3 96 kbps
-5 dB MP3 128 kbps
No. 99 0 dB
-5 dB

No. 99

3.8
MP3
ITU-R BS.1387 PEAQ [49, 47, 19]
( )
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g ]
S HNo.45
e 0 BINo.69
o -1 + ENo.87
2 = DNo.99
0 -2 E
2 =
= =
o = | N7
WM WM WM MP3 MP3
-5 dB 0dB +10dB 128 kbps 96 kbps
Degradation
3.14: ITU-R BS.1116-1 (Subjective Dif-
ference Grade)
(MOV)
(SDG) ODG MOV
PEAQ [14]
ODG ITU-R BS.1116-1 SDG
3.15 ) SDG ODG 3.7
MP3 (O) (o) SDG
ODG MP3 R = 0.779(p = 0.011)
R = 0.627(p = 0.048) SDG  ODG
MP3 SDG = 1.25 x ODG + 0.059
SDG = 0.51 x ODG - 0.57 3.15
MP3 PEAQ
PEAQ
PEAQ ODG
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©
©
o 057 P
(¢}
e -1t ]
o
£ -15 ¢ l
&)
g 2 :
O
QL 25 F _
Q0
>
n -3 - _
-3 -25 -2 -15 -1 -05 O
Objective Difference Grade
MP3 [ ]
MP3 regres. line ———
Watermarking O
Watermarking regres. line -----------
3.15: SDG  ODG o
O MP3
SDG PEAQ
(MOV )
ODG SDG
3.9
3.9.1
3.4
3.6
(No. 99)
MPEG
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MPEG

[53]

Dau 53]

100 ms

Dau

24, 28, 26

(MDI, Modulation Detection Interference) [54]

46

0dB

Dau

Dau



[55, 56, 57]

3.9.2

3.6

(CMR, Comodulation Masking Release)

47

CMR

MDI

CMR



-5 dB
0dB

3.10

RWC

100

48

+5 dB



4.8 bps
32 kbps/ch

-5 dB
0.5 SNR 40 dB

90%

RWC

-5 dB

ODG

0 dB 21
1.5 SNR 20 dB + 2%
90% 90%
32 48 kbps/ch
+ 1% 90%
4
10 dB MP3 128 khps
5
MP3 128 kbps 0 dB MP3 96 kbps
PEAQ PEAQ
SDG SDG  ODG
SDG SDG ODG
PEAQ
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4.1

CM

[59]

PDA

PDA

20

[12]

[58]

PDA



MPEG2AAC )

100 ms

[11]

Multiplexing;

MP3

(MP3

[39]

[26]

[60]
OFDM(Orthogonal Frequency-Division

)[61] 1 kbps
(100 ms )
100 ms 1
[17]
[11] 60, 12]

o1



[62]

6
VCV ITU-T
P.862 PESQ (Perceptual Evaluation of Speech Quality)
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Audio signal
with hidden data

¥ Background @ :
g \

noise

= Audio signal is encoded
)| by speech codec (-

i| Extracted messages
are sent by E-mai

_/ Decoding
_ "~ and extraction
W of hidden data

Reflections an
reverberations

4.1:
4.2
4.2.1
Vol. 1
16 kHz 22.05 kHz
36 22 ( 10 12 )
0.3 0.7 0.1
6034Hz
3 64 bps 4 48 bps
4.1
RWCP
[63] 1.3
: ir130.dat) 4.2

23



4.1:

Parameters Values
bit rate 64 bps 48 bps

sampl. freq. 22050 Hz —
freq. region < 6034 Hz —
bandwidth 21.5 Hz —
subband pairs 140 —
subband groups 25 —
pairs per group 5—6 —
frame period 3s 4s

mod. freq. [Hz] 1,1.67,2.33,3 1,1.5,2,25

128
4.3
[64] 5dB  -25dB 3
1.1
4 (
) ( 500 Hz -9 dB/oct. :
)
4 TARGET ENTERTAINMENT
(http://listen.jp/store/) 44.1 kHz
/128 kbps  MP3 WAV
22.05 kHz 5

(SNR) 10dB  20dB 2
22.05 kHz 5
4.4

o4



0.25
0.2
0.15
) 0.1
E
£ 0057
2 F
< ot
-0.05 ¢
-0.1
-0.15 — : : : : : : :
0 02 04 06 038 1 1.2 14
Time [s]
4.2: RWCP
(ir130.dat)
10
. ™
g ] /N
@ P J J \M
5 |
o
® -0 [ Un.
T 15
-20
100 1000 10000
Frequency [Hz]
4.3:
22 5) 110 5)
2 2
4.2.2
4.5 SNR
110 10 90
0.4 48 bps 90%
84%

25



-20
= -30
S e
g 3
3 -40
o
(]
=
< -50
()
x Airport Lounge ]
Intersection =======- B
-60 Underground Corridor +rssse
Platform of Station
20 . Lowpass 500 Hz, -9 dBlloct. --------- :
100 1000 lOwOOO
Frequency [Hz]
4.4: 5
1 . . . . .
0.95 r ]
q) i -
§ 0.9
[
S 085¢ |
[&]
)
s o8t ]
64 bps, SNR=10dB —H—
0.75 r 64 bps, SNR =20dB -l )
48 bps, SNR=10dB - O
07 L 48 bps, SNR = 20 dB @
" 03 04 05 06 07
AM(m): AM depth
4.5: . 110 10 90

o6



4.3 VCV

4.3.1
4.1
VCV
VCV a,i,u,e,o b} 25 (b, bY7 Ch7 d7 g, &Y, h7 hYa ja k7
ky, m, my, n, ny, p, py, I, Iy, s, sy, t, W, ¥, 2) a 125
0.4
0.6 4.2
SNR 10 dB 10 dB
5 ( 72 dB)
SNR
1 2
4.3.2
4.6
0.6
83%
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% no additional noise ——

£ SNR 10 dB @

c 1r

je)

IS

(&)

= 0095 |

[

()

=

5 09 r

o

o)

o 0.85

[

IS

()

= gl : :
0.6 0.4 0

A(m) : AM depth
4.6: 125 VCV . 5

4.4

4.4.1

3GPP(3rd Generation Partnership Project)
CELP(Code-Excited Linear Prediction, )
AMR(Advanced Multi-Rate) [65]

( ) ( )
AMR

LSP(Line Spectral Pair)

o8



AMR
A-law
0.02 )

4.4.2

AMR

4.3

12 )

J-law

8000 Hz
)
4.75 12.2 kbps
4 kHz
8 bps
VCV
1 36
RWC
100
44.1 kHz

29

13 bit (8bit
(160

4.2
0.4
4.5
AMR
AMR
PCM

Vol. 1
22 ( 10
16 kHz 8 kHz
RWC-MDB-G-2001 [41]
60
4.2
8 kHz



4.2:

Parameters Values
AM depth 0.4
bit rate 8 bps

embedding region below 4000 Hz

bandwidth 31.3 Hz
subband pairs 63
subband groups 7
pairs per group 9
frame period 6s

mod. freq. [Hz] 1.17, 1.67, 2.17, 2.67

4.2
RWCP [63] 1.3
( : ir130.dat)
8 kHz
Hoth [66] SNR 10, 20, 30 dB
AMR 3GPP TS 26.073 [67] ANSI-
C AMR
4.75 12.2 kbps 2 28 (0.56 )
6.7 kbps 12.2 kbps 3
AMR 410m?
12 m 1m 1m
12 cm (Panasonic WS-X66)
SNR Hoth 5.4
m 1.3m (Panasonic Mobile Communication 820P)
(AMR 12.2 kbps)
65 dB
55dB 2 Hoth 45 dB 31dB
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Volume: approx. 410 m3

H J —
{12 m
12m
@ rerrerern e Feersenensnsbaneliignaeiio i s i Toe e sl it i e >
i frontal
i -direction ..Cellular phone
: 1.3 m height

i Microphane for 54m
i PCM recording .,
iora sound level meter ™.,

1m heightaa}

Room height: 3 m

1 v f

4.7
(audio-technica
ATS410) USB (EDIROL UA-5) 48 kHz, 16-bit
Log-TSP
[64] 1.0
4.7
4.4.3
4.8
22 22 10 90
4.9 100
100 10 90
4.8 SNR 20 dB 6.7 kbps
AMR 80 %
6.7 kbps  AMR 80%
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4.8: 22

90

dB

85%
90%

Detection rate

0.8 |

0.7 +

09 |

Simulated condition AMR 12.2 kbps =@
4.75-12.2 kbps B

6.7 kbps ——

Actual condition 12.2 kbps -«

Actual condition PC‘I\/I

0.6

SNR:10dB20dB 30dB 10dB 20dB 30dB No

with Reverberation No Reverberation Noise

90%
AMR

Disturbance conditions

10
122 kbps  AMR 90%
4.9
5
SNR  20dB 80%
AMR 12.2 kbps
0.06
PCM SNR 10
87%
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Bitrate of AMR 12.2 kbps .
4.75-12.2 kbps -l
1 6.7 kbps ——
i 1 i - @
‘e R S b
[ N ® o O — :
S 09 ................
c e Al Alse
RS !
o 0.8 il
o
0.7 i
0.6 - ‘ ‘ ‘ ‘ w ‘
SNR:10dB 20dB 30dB 10dB 20dB 30dB No

Reverberation 1.3 [s] No Reverberation Noise
Disturbance conditions

4.9: RWC-MDB-G-2001 100
100 10 90

4.5

4.5.1 PESQ

ITU-T P.862 PESQ

[68] PESQ
4.10
P.862 Figure 1 PESQ PESQ
MOS-LQO (Mean Opinion Score, Listening Quality Objective)
MOS (Mean Opinion Score)
MOS-LQO 1.02 4.56 1: Bad
( ) 2: Poor( ) 3: Fair( ) 4: Good( )
4.2
16kHz Wideband PESQ
ITU-T P.862.2 ITU-T Wideband
PESQ 16 bit 0 dB
dBov —26 dBov
Vol. 1 22 50 1100 2
550 8
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original degraded
input : output
Device o
under test
SUBJECT MODEL
original
input )
Perceptual Internal representation
model of original
Time Ditference in internal .. quality
. L : . Cognitive
alignment representation determines i —
the audible difference
T1212870-00
delay estimates d; T
L 4
Perceptual Internal representation
moilel | of degraded
degraded
output

NOTE — A computer model of the subject. consisting of a perceptual and a cognitive model. is used to
compare the output of the device under test with the imput. using alignment information as derived from
the time signals in the time alignment module.

4.10: PESQ

ITU-T P.862 Figure 1
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4.2

AMR
AMR-WB
0.4
CELP

VCV
93%

16 kHz
4.11 CELP
kHz )
MOS-LQO
4.3
SNR 10 dB
4

35
)
S

S L5l
]
o
-

0\ 2r
@)
=

15

AM-based data hiding —ll—
AMR wideband —@—

0.3 04 05
AM depth

4.11: Wideband PESQ
+1
AMR-WB

4.5.2 PESQ

4.4
ITU-T

1100 2

8.85 12.65
AMR bit-rate [kbps]

0.66.6

(MOS-LQO).
AMR
(8 kHz )
PESQ
Vol. 1 929
550 8
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48 bps

0.4)

550

16 kHz



Good: 4
o) ; H
=t Fair: 3 i
%
o
=  Ppoor:2 t
Bad: 1 : ‘
Data hiding AMR AMR AMR
8 bps 4.75 kbps 6.7 kbps  12.2 kbps
Degradation
4.12: AMR
+1
8 kHz
4.2 AMR
—26 dBov
4.12 AMR
4.75 6.7 12.2 kbps
MOS-LQO
4.5.3 PEAQ
Kabal[14] PEAQ 4.4
RWC-MDB-G-2001 100
1
44.1 kHz 4 kHz
4.2
4.13 MP3 48 kbps/ch (96

kbps) 64 kbps/ch (128 kbps)

+1]

MP3
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48 kbps/ch (96 kbps)



Imperceptible: 0 r : .
3
g :
0} Perceptible, | ; ]
g butnotannoying:-1 | @ b
c
;Z‘j sighty | _
5 annoying: -
g f
3 Annoying: -3 |
2
o]
(@]

Very annoying: -4

Data Hiding MP3 MP3
8 bps 48 kbps/ch 64 kbps/ch
Degradation
4.13: PEAQ +1
4.6
4.6.1
Octave
AD/DA
PA
BGM
4.1 2048 FFT FIR
100 ms 4.2 1024 FFT
FIR 128 ms
PA
1GHz
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FFT
(

Comb)

4.6.2

AMR

AMR

4.6.3

4.4

PXA270 Processor 520MHz)

3%

(20 ms)

FFT
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6.2.2

PDA

2
CIC(Cascaded Integrated
(3.13)
(3.14)
FFT
AMR
1 2%
8 bps



8 (64bit) BCH(63,36,5) [45]

9bit 86%
36bit 4.5 bps
4.8 90%
86% SNR 20 dB 12.2 kbps
6.7 kbps AMR 90%
80%
2 3 bps
0.4 0.6
5 6 MOS-LQO
2.88 2.15 0.6
SNR 10 dB 86%
4.7
22
48 64 bps
48 bps 0.4
90% 84%
PESQ 0.4
“ Poor ( )’ VCV
SNR 10 dB 95 %
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6.7 kbps

AMR

8kHz
PEAQ

8 bps
AMR

AMR 80%
12.2 kbps  AMR

PESQ
(fair)

(slightly annoying)
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80%



5.1

5.2
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(Pseudo



random Number : PN)

do

PN
[15]
PN
5.2.1
L +1 PN  P(n)
k(n)
k(n) = d(n) + aP(n — d0)
Q PN n
2 2.5
r(n) = s(n) * k(n)
[25] do F
d0 27
1 J d0
d0
[15] P(n) k(n)  s(n)
1 k(n)( o(n) ) 0
1
d(n) k(n) P(n) (cyclic shifting)

P'(n) PN

72

[15]



log,(L+1) 1

Pin+L—-m) (1<n<m)
P'(n) = {
P(n—m) (m+1<n<L) (5.3)
PN o
PN ( ) g
> = a’L (5.4)
L Y @ g>1
P(n)
6(n)
5.2.2
(5.2) (DFT) DFT
DFT DFT  DFT IDFT #(n) = IDFT(log(DFT(r(n))))
(5.2)
7(n) = 3(n) + k(n) (5.5)
7(n)  P(n)
(xcorr) 5(n)
k(n) P(n)
x(n) (5.3) m
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5.2.3

5.2.4

x(n) = xcorr(7(n), P(n))

[15, 26, 70]
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3.6

4.8 bps 4.2
48 bps
L 4.8 bps 48 bps
DFT L 2
11025 Hz
11025 Hz
16 kHz
8000 Hz
0.1
target Music Speech
bit rate [bps] 4.79 47.4
sampling freq. [Hz| 44100 22050
embedding region below 11025 Hz below 8000 Hz
delay time (d0) 100 samples (2.3 ms) 50 samples (2.3 ms)
length of PN series (L) 1023 2047
number of embedding bits per frame 10 11
frame length (F) 92160 samples (2.09 s) 5120 samples (0.23 s)
5.3
3.6
RWC [41] 100
1 3.6

4.2
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5.3.1

0.03

ABX

PEAQ

PEAQ
G-2001 100

3.6

a=0.008 0dB

[26]

ODG

ODG

a = 0.006

ODG

76

4.2

[26] a = 0.005

PEAQ
RWC-MDB-
ODG
5.1

ODG

-5 dB

PN



S|dread echo N
AM ]

o5 |® + .

0]
a
o 4l
-15 ¢
2 L s s s s s
0.006  0.008 0.01 0.012 -5dB 0dB
a intensity
0.1 ODG +1 RWC-MDB-G-2001 100
1
a =0.008,0.01 2 PN g =
0.256, 0.320
PESQ
PESQ
ITU-T P.862
a=0203 2 g = 0.640, 0.960
g 1
5.3.2
3.6
RealAudio8 (44.1, 32, 21 kbps/ch)
MP3 (64, 48, 32 kbps/ch) RealAudio8 21 kbps 22.05
kHz MP3 48 32 kbps 32 kHz

0.25, 0.5, 1, 1.5

7



1 -40, -30, —20 dB (SNR 40,

30, 20 dB)
1
40, 30, 20 dB (SNR)
40, 30, 20 dB
(Random Cropping)
1
1
250, 333, 500, 1000
-04%  4+0.4% 3.6
5.3.3
4.2
Vol. 1
1 36 22 (10
12 )
4.2 RWCP
1.3
(  ir130.dat)
4.2 4 (
) ( 500Hz - 9dB/oct.)
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22.05 kHz

22
2
5.4
5.4.1
5.2
v 9 A
5.3
5.4
5.9
5.11
3.6
a=0.008 0dB  a=0.01
10

(SNR)

5.6
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10dB  20dB 2

110 2
RealAudio8
100
RealAudio8
MP3
5.5
5.7
5.8
5.10
5.10
-5 dB



Detection rate

10

Detection rate

0.9
0.8
0.7
0.6

0.5

5.2:

0.9
0.8
0.7
0.6

0.5

5.4:

-5dB —l—
0% v
10% A
‘ ‘ 0dB - ‘ -----
21 32 44
RealAudio bitrate [kbps/ch]
RealAudio8
90 A

MP3 bitrate [kbps/ch]

MP3
5.2

80

Detection rate

Detection rate

0.9
0.8
0.7
0.6

0.5

5.3:

0.9
0.8
0.7
0.6

0.5

5.5:

alpha=0.008 —jl—
0% W
10% A
0=0.01 @
21 32 44
RealAudio8 bit rate [kbps/ch]
RealAudio8
5.2

0=0.008 —Jll—
0% W
10% A
0=0.01 @
32 48 64

MP3 bit rate [kbps/ch]

MP3
5.2




Detection rate

Detection rate

0.8 r

0.7

0.6 1

0.5

5.6:

5.2

SNR [dB]

09 r

0.8 r

0.7

0.6 r

0.5

5.8:

5.2

15

1 0.5
Reverberation time [s]
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Detection rate

Detection rate

0.9
0.8
0.7
0.6

0.5

5.7:

0.9
0.8
0.7
0.6

0.5

5.9:

Reverberation time [s]

5.2

a=0.008 —ll—

| 920% W

10% A
a=0.01 @

20 30 40

SNR [dB]
5.2

a=0.008 —ll—

| 920% W

10% A
a=0.01 @
15 1 0.5 0.25




Detection rate

1t . =md-E—ED - ]
09 1
0.8 ]
0.7 1
-5dB
90%
06 1 100/2 A
0 5 L L L L L de . ’ ----- L
"~ .04-03-02-01 0 0.1 02 0.3 0.4
Time scale change [%]
5.10:
5.2
(1 )
2
1.0
+ 02 %
MP3

Detection rate

82

l L
0.9
08| o . & BB
0.7
0.6
05 | a=0.008 _._
0% W
10% A
a=0.01 @
-04 -03 -02 -01 O 01 02 03 04
Time scale change [%]
5.11:

5.2

[71]

85%



DA/AD

10

5.4.2

5.12

dB

83

5.13

0.4

«

0.1%

SNR 10 dB

90%

90 %

100

a =0.03 SNR 20



1 | 4
—
o 09| 1 @ |
©
§ o8y |
5
o 07r¢ |
° SNR=20dB —ll—
06| 0% v |
| 10% A
SNR=10dB @
0.5 \ ‘
04 0.6
AM depth
5.12:
110
10 90
5.2

5.5

84

Detection rate

5.13:

5.12

0.9

0.8

0.7

0.6

0.5

4

SNR=20dB
90%
10%
SNR=10dB

3

_._

v
A

0.02

Amplitude of echos a




4.2

5.6

4.8 bps

PEAQ

(

5.4

9.3.3

100ms

)
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4.1

3.6



3.6 RWC
100

100 10

4.2 48 bps

90%
90%
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6.1
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6.1:

6.2

Windows OS
16bit

6.2.1

BCH

21

bit

PDA
44.1 kHz
127 63
BCH(127,29,21) 127
29
6.1
BCH 1
6.4
6 bit
3> 26 = 192
2
3
3+24=0.19
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AD (
4096 )

6.2.2
FFT
6.4
4096 FFT 3/4
4096
128 FFT 129
PDA
22.05 kHz
FFT 1/2
FFT
Windows Mobile OS PDA 2
FFT

FFT

6.3

89



6.2:

Parameters Normal Robust
sampl. freq. 44100 Hz —
embedding freq. region < 11025 Hz < 22050 Hz
bandwidth —
subband pairs 127
subband groups 9
pilot subbands 12 pairs 36 pairs
pairs per group 3—4 11— 12
frame period —
mod. freq. [Hz] 1.67, 2.0, 2.33, 3.0 —
intensity +12 dB +15 dB
payload [bits/frame] 64

error correction

BCH(127,29,21)  BCH(63,18,10)

bit rate [bps] 6
Kabal[14] PEAQ
(RWC-
MDB-P-2001)[72] 100 60
6.2 2 Normal
Robust
6.2 mod. freq. 4
6.1 2
ODG +1

(slightly annoying)



-;-: Very annoying: -4 T T T T
o
g Annoying: -3 b
5 slighty | i |
?OE annoying: -2
0 Perceptible, | I ]
g but not annoying: -1 I
Q | ‘
e} Imperceptible: 0 : :
Robust Normal MP3 MP3
+15 dB +12 dB 48 kbps/ch 64 kbps/ch
Degradation
6.1: PEAQ (ODG) + 1
RWC-MDB-P-2001 100
MP3 48 kbps/ch 64 kbps/ch
6.4
6.2 Normal
6.4.1
RWC-MDB-P-2001 100 60
4.2 RWCP [63]
1.3 ( : ir130.dat)
4.2
128
-0.4 dB
4.3
6.2 110
4.2 4 (
) (
500 Hz -9 dB/oct. : )
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= -10 |

=

= -20

(5}

3 -30 |

g 0|

S 50t

o -60 |

70 L : : : : : :
0 0.1 0.2 0.3 0.4 0.5 0.6 0.7
Duration [s]
6.2:
)
(SNR) 15dB
100 ms
dB, 0.49 dB
0.125
) SNR

100 5

6.4.2
3
0 128 21
6.3 6.4
(Correct Detection Rate)
(Frame Number)
5 (15 ) 90%
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4.6 dB, 1.9 dB, 3.3 dB, 4.0

30 dB

500

(+18 dB



6.3:

6.4:

6.5

Correct detection rate

Correct detection rate

0.95
09
0.85 |
0.8
0.75 |
0.7 : ' '

5 10 15
Frame number [T] (T =35s)

500

20

1 =
0.95 W
09 r
0.85

08 f
0.75 r

07 Il Il Il
5 10 15
Frame number [T] (T=35s)

500

93
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6.3:

3 bit 4 bit 2 bit 4 bit

5 bit

Octave-3.0
MATLAB R2008

ToolBox, Signal Processing ToolBox, Communication ToolBox

Windows

6.5

Data Acquisition

Windows

6.5: Windows
6.5.1
6.2 Robust 63
18
6.3
24
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10
6.3

0.19



20 ' ' ' Lyriés can not be disblayea —
3
@
L
0 6 12 18 24 30 36 42 48 54 60
When the first lyric is played [s]
6.6: RWC-MDB-P-2001 100
( 160 8 ) 3>22=12
25 = 32
6.5.2
1
3
2 6 ) 3
3
6.6 RWC-MDB-P-2001
100
(Frequency) 1
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6.5.3

RWC-
MDB-P-2001 100 MIDI MIDI (timidity+-+)
60
RWCP
 ir130.dat)
VOCALOID2
( ) SNR -5, 0, +5dB 3
SNR A (signal) A
(noise) 100 ms
SNR(dB)
3 1
0 64 10
1369
(Correct detection ratio for singing
frames) 0.05
(Cummulative frequency of tunes) 6.8 1
20 (Correct detection ratio for all
frames)

6.7 SNR -5dB
0.7

6.8

96

100 12

SNR -5 dB 0.7



Cumulative frequency of tunes

0.4 0.5 0.6 0.7 0.8 0.9 1
Correct detection ratio for singing frames

6.7:

Cumulative frequency of tunes

0.4 0.5 0.6 0.7 0.8 0.9 1
Correct detection ratio for all frames

6.8:
(Mean
deviation from the correct frame boundary) SNR -5 dB
6.9
4 ( 12 ) 0.1

0.1
0.19

6.6
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6.9:

1

pPC

Mean deviation from
the correct frame boundary [s]

0.3

0.2 r
0.1r

-0.1
-0.2
-0.3

5 10 15 20
Frame number T (T = 3 [s])

6.5.3

1
(1—(1—2)™)"+n(l—(1—2)")"(1—z)r+m
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6.7

PEAQ
MP3 48 kbps/ch 64 kbps/ch

SNR 0 dB 90%
90%
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(PEAQ)

100



RWC [13]
100
4.8 bps 0dB 21
32 kbps/ch 1.5 SNR 20 dB + 2%
90% 90%
-5 dB 32 48 kbps/ch
0.5 SNR 40 dB + 1% 90%
90%
RWC
4
-10dB
MP3 128 kbps
5 ITU-R BS.1116-1
(SDG) -5 dB MP3 128
kbps 0 dB MP3 96 kbps
-5dB “ K
PEAQ PEAQ ODG
SDG SDG  ODG
SDG SDG ODG
PEAQ
4
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48 64 bps
48 bps 0.4 SNR 10 dB
90% 84%
PESQ 0.4
“Poor ( ) VCV
SNR 10 dB 95 %
100
8 bps
8kHz PESQ
PEAQ
SNR 20 dB
6.7 kbps AMR 90% 80%
12.2 kbps  AMR
90% 85%
4kHz )
(fair)
(slightly annoying)
AMR
)
[15]
4.8 bps PEAQ

102

22



RWC

100

48 bps

SNR 0 dB

10

90%

MP3 48 kbps/ch

103

90%

PEAQ
64 kbps/ch

3.6
100

90%
90%



PDA

7,4, 73, 6]

BGM

104

[74]



2007 5 1
IBM

NTT
PDA

105

2006

11



Windows Windows

Mobile
20 22 C
(20560365) 21 22
19 20
17
18 12 19 11 NEC
C&C
19 20 21
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