2-1Q-18

HAE

X T 4 7 YHIHPSS & WK ERE Y A 71255 77 4 ¥ RERTHE
Yo KB —ER, JURRH (F)IIEE) , KEMHETE (RAEEA)

9

VEY
=

1 LI

774 Y FEIRTEE (blind source separation:
BSS) [1] &, <A 70k rRFHEONESEDHEA]
Bz AWz, BRoERMES LBAES»
5, RAMOBERESZHES 28 TtH 5. #Hl
F ¥ IIVEBDTEIFELL L L 72 2 BPVESRMTD BSS 12
&, LR 08T (independent component analysis:
ICA) 2] KED K FEBILSHWsATWS. filZ
X, HNZARZ R LT (independent vector analysis:
IVA) [3, 4] M OHAZAK S > 27475154 (independent
low-rank matrix analysis: ILRMA) [5, 6] F23{2%
INTWVWE. INHDOFETIE, BIREBICHETSE
AIEGEE (BIERET L) ICHESVWTR—I 27 —vay
M [7) 2L TWS., Zor &, HFEETANE
BHIOBREEICHEHE LTV A 0G0 THEEN LA
Thd. KO RVWERET LE BSSITEATENL,
XD EERTEES VPR ONZAREEDD 570,
4 DEIRET N2V BSS THREZ T 5 Z
EDHEETHS.

ZOHMIH L, BEVWEEE 7LV E RN
2% BSS 73V XA LT, RIEKRE~ R *
¥ T HD BEPRFE BSS (time-frequency-masking-
based determined BSS: TFMBSS) [8] 23R & i 7z.
TFMBSS (&, FEERE i~ 2 7 TREINZFHRET
NEHWT, BED (EADDREV) Z2F v ILE
EDBELRIRETH 5. XHR [9] TlE, FBATEZ 77
it (harmonic/percussive source separation: HPSS)
[10] W2 HED < R A~ A 27 % TFMBSS O & HE
TNE L THWEFEZHZIHREL, 2o
FE L. 261, Kk [11] T, RefEEEE~ X
7 DAERTIEICHRZMA, X DHHuyR (hEHz
WET 2 &k 57%) REERE~ R 7515605 0L
EHHNIEA L. 2 DFEE, HPSS I2HOL
BEETAZEHALTCWE 225, #EE TR
BEDZF v 2NVERDBHCHIARGETH D, HRES
Offtt (a—1F -« 72K - HREFOHEE) FIJJBHT
x5,

AT, BIRET/L%E plug-and-play TEETX
% TFMBSS OF| %G L, Bl E=E DHEF
HETH2 AT 47 2 HHPSS [12] 125 < TFMBSS
BRI ET S, X7 4 7 R HPSS X, KT
ML FEBT D ZNEUCRT 4 7V T 4 VR %
WHT 22T, ABITESTHELITOE ) LG
BEABEFIETH S, £, BEFECBVT 741
RY A XRRAL—T 2 TRT A= RITDOWTHERN
WIABELEET . 2L T, ko HPSS 12#-o<
TFMBSS & PERELLE LA LD BE 217 5.

2 ERFE

2.1 ERL

BB BHF > a2 ZER PN N M &
L, ZF v VEREE % STFT LTSN 2 R
EEBEOERES, BHES, RODBEES%2Zh

zh
8i5 = [Sij1, *** »Sijny v, SijN]T ecV (1)
— T M
Tij = [Tij1,  Tigm, s Tigm] €C (2)
Yij = [Vij1, - Yigns -5 yn] €CV o (3)
RT. ZIT, i=1,2,---,1, j=1,2,---,J, n=

1,2,---,N, RUm=1,2,--- , M 1 ZFNZNEPE
vy, KE7v—2a, R, ROEFr2LDAL VT
7 2A%RL, TI3HMEERT. £, HEEOHEE
ARZ varIu6% S, eC™ X, eC™ KU
Y, eCH 7.
BARDIERAZTH D, REEREGES DB
EWFEATRETE 3 IRET S &, BEEESLE
BIRESOMBREXATRITE 3.

xij = A;iSij

(4)
T, A; € CMXN IR BORAITIITH 5.
ZORBET M, FRERMDS STFT OEELD D
TG EE RN S 5. DR, TVERRSR
(M=N) #&z2%. A, PIEAITHIUZL, WiTH%
HWTHBES 2 XA THETZ 5.

Yij = Wiy, ()

ZIZT, Wi=[wy - win|? e CVM RGO
DEATHITHD, B3z I— MEBETHS. B
BN BSS TiE, R (5) MO BET W, & 2
Bii=1,--- 1) TBOWTHET 2 I L RENERHE
s, KX (5) TRXLZDHMES v, 1, BEES
xi WHFT 2B 74 02) 7 THh, BREDE
WERTEED FTRER R DD 5 .

2.2 HPSS

HPSS [10] i, #RIERR2Z b w27 F LD T5TA
K OTAFERST RO S SIS E, RS R OT
WEENEET 5. £/ SLVORARES, DEERNE
5, HTETREBOEREARS v ur I rkzhth
BeC™, HeC™, RUr PeC™ v &3 ¥, Uk
[10] ® HPSS Tl&, IRAES BH» o H & P 2HE
57012, XAOHWEEE H RO PIZBLT
BMES 5.

2
JH,P) =3 L (g = hig )
4,7
2
+p (|p(i+1)j|0'5 - |pij|0'5) } (6)
Z :VG, hij &U\pij Li%ﬂ%ﬂ H &U\ P @gif

HY, yu>0KLFvp >0 FEARKTHS. K (6)
DOE/MERER, XOFRIGAEIRE SN TV S.

|bij| = |hiz| + |pijl (7)

ZIZT, b i EBOERTHS. K (6) 2H/MLs 3
hij &U Dij Gi, %@&@E%ﬁiﬁ’dﬁ%f% % [10].

Yo (|ha+1);1%° + [hi—1);1%7) [bi; |5

|| > = (8)
(H) (P)
Cij Tt Cj
*Blind source separation based on time-frequency mask using median-type HPSS. By Soichiro OYABU,
Daichi KITAMURA (NIT Kagawa), and Kohei YATABE (Waseda Univ.).
S e -4l -
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Algorithm 1 TFMBSS

InI)Ut: Xa W[l]a y[1]7 M1, p2, @
Output: wlk+!
,K do

1: for k=1,---
2 W =Dprox, r [w[’“] — ,ulngHyM]
3 z= yll + X(2\’7v wlkl)

4: =z— /\/l(z)

5: y[’“'l] =ay+ (1 — a)yl¥
6 wiFtl = aw + (1 — a)wl
7: end for

05 _ TP (|pi(j+1)|0’5 + |pig— 1)|O‘5) |bi;]°-5
Ipij|”” = (m > 9)
+ C;j
H 2
C%) = vu” (|hiig1); 1 + h—1;1"°) (10)
P 2
C%) =9p° (i1 |°° + IPigi—)|*°) (11)

2.3 TFMBSS

TFMBSS (8] &i&, RMEEE~ R 7 TRH X
N2HRETNICED S BIRESRM BSS TH 5.
TFMBSS @703V X L% Algorithm 1 1Z7RS. Z
T, X I3Z2F v 2 LBHIEEOEEARY Fbr s
Fh(Xy,--, X)) ORI 175, wideH
BH D5 %ﬁﬂ(wm~,wq)%&7bwmbt§
B, 0 3ERBOEERT GHlRERIISUR 8] &
#) . Algorithm 1 D 44THD M(z) 3, TFMBSS T
Hwon 2R~ R 7 Th 5. HHEEH z 25|
e Unlie X 5 12T 2 X 5 R ERE~ 2
IERTEAB M E2HFEETLE LTEHT 3. 1o
T, TFMBSS T, M(z) ZHHICANEZ 2
T, FRABRBFEETVEZEA L BSS ER XN 5.
3 REFE
3.1 Ehig

SCHR [9, 11] TiE, MABES LR ESOEMER
BSS ZHM ¥ LT, TFMBSS D&~ 2~
M(z) 12, K (6) TERLX N2 HPSS [10] ZEA L
TFEERE L. ZOFEDTay 7% Fig. 11
RY. ARFIETIE, TFMBSS Ot cR o2 H
MAERD z 2 SFIEEE & FTRIE5 O R E I EUK
o (ZH G(CIXJ Jiq6) ZPECIXJ) EhH L HPSS %
HWHT 22T, #ESE OIS 2 HFHEE K
ﬁ?xﬁ(WMER“J&UAh£Rﬁf)%$WL
TW3. itymmmﬁ@rﬁm@ﬁiﬁ%mhé
B 27D, BEORHEERBR~AZ DAL=
YRR EA LTV

—HT, AF 4774 ARICESL HPSS [12] b
REINTEY, HBENDRVETERE TRV
bh3Z t#%%%ﬁﬁéhfhéﬂﬂ.$ﬁf@,
72 2 7 BEEREA B2 HES LT, Fig. 1 #® HPSS ®
Tay 7k XT 47 B HPSS ICAHE L7 BSS &
KL, PERTFIE[11] & EBRIC RS 5.

3.2 X574 7>E HPSS

HPSS %, K (6) DHRBITRBZN 28D, R
K7 Sy T s QR R O BEOT N S %
RO TRES 2 2 e TS L HTRES 2 HEE
$5. 1 (6) DF/MLEIZERR 25T, FROFEE
CHOWCRBHTRE D2 Z R L TR LT, X
74 7 YBRIHPSS [12] BMERE ATV S, AFER,
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HPSS-based mask-ge_ngr_a?ing function
in the fourth line of Algorithm 1

HPSS

Smoothed
mask

- Smoothing |-
| m
Smoothing |~ * B M-

HPSS

Time

Initialize H") and P") with Zp/2

Mask (old)

Back projection
Back projection <—‘

Sm———

+ Harmomc estimate

Back
prolectlon
Observed signal

Fig. 1 Block diagram of TFMBSS based on HPSS.

Inverse

— | STFT| STFT

TFMBSS

Percussive estimate

AR 17T s ORI CREEOT N Z
FRRT ATV I 4ANREFATE. XT4 7274
NRIX, 74 NREBERAT 25D R4 7RO
ZRRETZ 2720, B DI EE Lo S
N3, {€oT, RSN BB RDNESNHX %
WAL EERHTETZ A TE, FARESRY
TRESIELNS.

XT 4 7 HHPSS X, 74 VAP AL X2L4+1D
XTFA TV TANEEY T MELIATTLLARNOHE
T3, XF4 774 VEBHEATERZ P,
RARD LS WCREEE BOITROHIO—E e k5.

by = [1biG—r): 1bii- [bi+1)|] € REG

L+1)|a"' )

(12)
b = [1bi—ryjls [b—rn)sls - [basny;l] € REGH
(13)

INHDNRY MIRAT 4 7Y 74 NVREHATSZ
Z"C“, hij &(ﬁpij i)‘jﬁif% 5.

|hij| = medlan(bgj))
Ipi;| = median(b(s)

Z 2T, median(-) IZATENT=RT PV OHIED
AEAH T LTRTHETH 3.

3.3 XFq4 7B HPSS ICETJ< TFMBSS
ARNCBT 2IRETEIZ, Fig. 1 ® HPSS 7u v >
%,%%@X?47yﬂﬂm8k%%%zté®z
5. 22T, HHEE B, SRS RO
5% @X«?Fm77A®#4zk ﬁbt&ﬁ%
TN Zy RO Zp R LTV S, TERFIE (1]
D7NTY X L%ZHEL, TFMBSS O KIERHE L&
HTEONAZTRIZEE Zy R Zp D FRERITH
LT, M7 47 R HPSS ZEMAT 5. BB,
xf47/JH%Skiéaﬁ%ﬁ%74w&tL
TEZ, ﬁﬁﬁm ZH®¢k%m?5ﬂ% ﬁ”
, ﬂ%am Zp OHIZEREE T 2 S 5
D%<ﬁ@%&hﬁﬂ&ﬁvx7%%h%h$&b
TW53.

BARIZIX, Fig. 1 12R T & 512, TFMBSS T
SNBHMEER Zy R Zp ZXRAD X S122D5D
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MWL AT 4 7 B HPSS OBHNES ¢ § 5.

|BZm)| =|Zy| (16)
|BZ)| = |Zp| (17)

22T, BZn) e K/ BZr) e C I3FAIE
RO R T E R D X F 4 7 2 HPSS OB
BETH5. £, THNHT 2HE |- | 3EEED
HooHELEE 2R, |BZH)| ko | BEr) | icxzhzh
X747 VB HPSS 2T %79, Zy POFHKEE
By |H Zm)| e TRE K5 |PZ0)| R Zp FOH
WS | HZP) | e i TR.E W |PZr)| ofG 4 1
HORBEWETS I RE. 22T, Zyg FOIT
BERS |PZ0)| v Zp ROFRE RS |HZP)| B
SR DORAEEICBI 2BRER IS T 5. %
LT, BonflilEmn e fTRERD DT — R
R7 T Iah5, KRARD Wiener 7 4 /LR wREER
L, ZHEH-2RERERE~2 255,

|h(_ZH) |2

2
_ J
My = <|h§fﬂ>|2 + |p<~ZH>2> "

)

e '
[MPL" = - (19)
J |h§jzp)‘2 + ‘pz('jZP)P

22T, B pZ nED | kP ideneh
HZw) pZn) HZr) Gk PZr) OBERTH 5.
X5, My RO Mp xZn2ho#EE+H D%
o ZMES 2 REEBE~ X7 TH D, M]; &
SRR MD i BEERT. 2D, PHBRYRER
JEHE e~ 2 7 2R L, TFMBSS % RIEHREL S %
TNLITYZXLERoTWVWAS.

TFMBSS T, FRREERE~ R 27 M BRIEHBIZ
RELEHT 2856, BELLEFERIMSTERN
BEnd s, ZOMBISHLT 272012, v R 7 %E
B3 5EIZ, XRAT1REFOYRT Mgq £ DA
IS YVE S R

M = MP © Mg (20)

ZZT, BRY Bog BENFNAL—-Y VY TEHGN
BFRETBNRIRX=RTHY, B+ Boa = 1 &7
T. R (20) DUERE My BT Mp D ZHEIUCNE
9. IR EEE~ A 7 £ LT TFMBSS
IR E 4, Algorithm 1 @ 4fTHE LT, HHZEH z
ORI E T L FTRERTICENEEH S 5.
7238, TFMBSS % IVA ®° ILRMA ¥ FfICHEHES
DA — L EHEETER WS, TFMBSS 225 X 7 4
7 VBRI HPSS WA E 5| 2T 24 I 7T, il
Q%ZZH&UZP L coraevaryar sy 7k
[14) ZHEA L, BERBORA7r—VE2HIELTW5.

4 B

4.1 HEREM%
REFEROBMMEEHERT 272012, B EEHD
7 a2 ORIEE OB R HEERZ1T o 72.
AFEETIX, SiSEC2016 [15] ® DSD100 7 — &+ v
O R Z AR (drums) & ZOMMDEPE (other)
Z20  HEA. INHDRIAL Y —R%, K [16]
WCELER D~ 4 2 [EFE 5.66 cm K O FHET N 50°&130°
D E2A A4 Y oOLRIGE [17) GREE 300 ms) TEA

S i SR
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Table 1 Experimental conditions
Window function in STFT

Hann window

Window length in STFT 128 ms
Shift length in STFT 64 ms
. a=0.25
Parameters in TFMBSS
M1 =2 = 10
Number of iterations in BSS 500

Table 2 Average SDR improvements of proposed
method with various filter sizes

Filter size Average SDR improvement [dB]

3 7.28

5 10.33
7 11.44
9 11.67
11 11.80
13 11.97
15 11.96
17 12.04
19 12.02
21 12.00

AA, Z2F x FNVREESEIEKR L. FHEfEEIC
1F, HFENZEALL (source-to-distortion ratio: SDR)
18] DGR E W2, Z O FERZ M % Table 1
IZRT.

4.2 XFaT72 T2 1 XI5 T 3D ZEL

REFIETIE, ATFTATYT74NROYA R 20+1
PRELTHOLMHEERITD. ZOLEDT 4 LY A
A%ZEEEBZ LIk % SDRUEROBLEHFAE
L7-.

RBEFIEICBT 52420 D5 SDR iEE % Ta-
ble 2 \Z/RS. 2 2T, KEAME BRBARD 7 4
NEZY A4 REFE—ICEE L. F2, KEBRICBIT 2
AD—=I 2T NRTG X =R L Bog = 0.75 U B =0.25
THY, ZHUIT LTV X LDLEENEE DEEERED N
IV RAEERLUI-RELREBETH S (REOFEEE
RUcHES <) . Table 2 DFER & D, REBSMTIE,
TANEYA X 1T BB TH S Z e PR S h
Joo RAL—V VT NRIXA—RBPEHELIEE, R
EXEET 2 Z & bEBINCHEREL TV B, BBX
Z 17 HEAOETH 7=, LIBEOEBRTIX, Zok
Hickox, HEFEOT4NRY VI A X% 1T
HYRET 3.

4.3 RAL=SVITNFTA—=RICHTBHEEROEL

Rz, BEFIECBIZRAL—D Y ZOFMERH
AET 5. EFEICBOVT, Bou KU BDAEELE
B5EDREHED SDR iEED—F (song no. 20)
% Fig. 213, HL, HiZBua+B8=1TH3. &
5, IRETFIECBIT 2220104 SDR XERZ
Table 3 &:ﬂf\‘?— Fig. 2D ﬂold =0 Z Bold =0.5 @Ji
SIEL FHET B &, Wz BEEREDS T 2 2 BRI A
FiA TIHEET 5. o T, KBS EOMRED
W T o T LE S HREMDRH 2. —FH, Boa B&
SBELEEES (RA—D v 75 LIHE), SDR
WERBDMRIIRET 2D, NHEENEL 237
», IhZBOKERELOPERXNS. £7=, ICER
®D SDR HEEHD Boq = 0.75 Dl & LLEE§ 2 L K
TLTWRZehahd. EXD, &I RINRE
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AA

=]

AR R A

A
=

14
| AT w R :

12 e P MIKELS 2 o i am WA
om Al = N\ | { |
Z,
=10
5

s L
5.

6 LI
8 — Bola =0
—
: Shanes |
> 2 Bola = i
[a) — Boa = 0.875
n 0 m

— Bola = 0.9375
2 ;
0 100 400 500

200 300,
Number of iterations
Fig. 2 Example of convergence behaviors of pro-
posed method with various .4 and 3 (song no. 20).

Table 3 Average SDR improvements of proposed
method with various smoothing parameters 8 and

ﬁ old

8 Boia  Average SDR improvement [dB]
1 0 11.58
0.5 0.5 11.77
0.25 0.75 12.04
0.125  0.875 11.73
0.0625 0.9375 10.94

)

® >
o
e

.

x Conventonal method

?: « Proposed method
ok I I
0 20 40 60 80 100 120
Elapsed time [s]
Fig. 3 Average convergence behaviors of SDR im-
provements in conventional and proposed methods

in terms of elapsed time.

Average SDR improvement [dB]
o

140

YEEBED L —FATREET DL, Boa = 0.75

B B=02DRETHD B2, INLbHD
fEmAE, ERFE (1) eAETH D, HFEET NI

BHAFE LW e DR S .

4.4 RERFELDMBELLE

BIZIC, PERTIE 1) ¥ IREFIEOMRELLR 21T
5. HL, PERFIED T X — XIS [11] TOEER
ERICBIAREA ST A—2EHAVS. UL,
FHEORENRT A —R e 2L A—T»3%. Fig. 313,
FHEICET RIS 3 5, =&ty b 20
2TV SDR KEROHETH 3. ZORERED,
REFRIIERFIE L D doEtkser = TR Ly, o
BECE T 2N E AT TH 5 2 L AR I /2.
Xo TS L ITRED BB OWTHERFIELD
b EEN O EMRERZ F ¥ 2L BSS TH % Z & HifE
RTE5.

5 FL&

AFETIE, HzX T4 7 R HPSS OEFRET
MZFEDNT, w227 %A T % TFMBSS #1241

T SR
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72, IBHIRETFERICBITIEZ I A—XOKEE L
T, ZANERIAL RARIRRATZ DAL= Y THEE
WIZBWTHERER 2TV, HREOZ(L 2R L 7-.
REFIERIZ, kD HPSS 12k < TFMBSS &b 3
HRERE O EHE( LB ERTE L I BRI,

WEE  AZEO—ENE JSPS BHifE 19K20306 DB
EZI2bDTH 5,

BE Xk
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