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cepstrum coefficients, DCC)[11, 12] c0, c1, c2, …, c40

41 c1, c2, …, c40

DCC DCC
[11, 12]

(harmonic plus noise model, HNM) [12, 13]
 [12, 13]  
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(DTW) ( ) ( )

N : S1, S2, , SN N
: T1, T2, , TN d×1 DCC Tk DTW DCC

Sk S = [S1, S2, , SN] T = [T1, T2, , TN]
S T d×N d×d LMR

M  

 M S = T  . (1) 

N d M
E d×N  

 E = M S  T . (2) 

M E
E d×N M d×d LMS

ε : 

 t t = ( )( ) , t : transpose.E E M S T M S Tε ⋅ = ⋅ − ⋅ −   (3) 

ε (trace) 1,1 2,2 ,tr( ) ... d dε ε ε ε= + + + M
0  [11, 12]  

 ( ) ttr( )
2( ) 0 ,M S T S

M
ε∂

= ⋅ − ⋅ =
∂

  (4) 

( )tr( ) / Mε∂ ∂ ( ) ,tr( ) / i jMε∂ ∂ j=1, 2, …, d i=1, 2, …, d
M i j ,i jM tr( )ε (4)

M  

 t t =  ,M S S T S⋅ ⋅ ⋅   (5) 

 t t 1( ) .M T S S S −= ⋅ ⋅ ⋅   (6) 
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( 350 ) HTK (HMM tool kit)
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WaveSurfer  

( )
57 (21 36 )
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(joint vector, 80) K-means L DCC
L DCC LMR
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5.1

375 350 LMR
DCC DCC ( 350 )

( 25 209 ) R = R1, R2, , RN

DCC T = T1, T2, , TN R DCC
, 

1

1
( , ) ,avg k kN

k N
D dist R T

≤ ≤
= �   (9) 

(9) dist( )  

LMR
(LMR_F) (LMR_B)

( 1.6% 1.7%)
VQ LMR

(LMR_FC) 0.4956
0.4672 5.7% 0.5382 0.5493

2.1% LMR_FC 0.4672
0.5

LMR_B 0.5038 LMR_B
0.5  

    GMM
DCC GMM [4]

GMM (Segmental GMM) [5] GMM 128
GMM 8

GMM

GMM
GMM
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LMR (LMR_F) LMR_F
LMR_F

7.1%( GMM ) 4.5%( GMM )
1.5% 0.7% LMR

 

LMR  
 LMR_B LMR_F LMR_FC 

M_1=> M_2 0.4890 0.4794 0.4475 
M_1=> F_1 0.4782 0.4705 0.4451 
F_1 => M_1 0.4967 0.4881 0.4612 
F_1 => F_2 0.5514 0.5443 0.5149 

 

 0.5038 0.4956 0.4672 
M_1=> M_2 0.5467 0.5331 0.5398 
M_1=> F_1 0.5174 0.5106 0.5188 
F_1 => M_1 0.5388 0.5307 0.5413 
F_1 => F_2 0.5867 0.5782 0.5973 

 

 0.5474 0.5382 0.5493 
 
 

GMM  
 GMM (128 mix.) Segmental GMM (8 mix.)

M_1=> M_2 0.5058 0.5096 
M_1=> F_1 0.5012 0.4910 
F_1 => M_1 0.5412 0.5095 
F_1 => F_2 0.5853 0.5673 

 

 0.5334 0.5194 
M_1=> M_2 0.5346 0.5403 
M_1=> F_1 0.5147 0.5146 
F_1 => M_1 0.5551 0.5361 
F_1 => F_2 0.5806 0.5766 

 

 0.5463 0.5419 

 

5.2

6
X1 X2 Y1 Y2 Z1 Z2 X1 X2 GMM

[4] Y1 Y2 LMR_F Z1 Z2
LMR_FC X1 Y1 Z1 1

M_1 M_2 X2 Y2 Z2 2
M_1 F_1 6

: http://guhy.csie.ntust.edu.tw/VCLMR/LMR.html  
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A B X2 Y2 A

B Y2 Z2 A B
15

2 (-2) B (A)
A (B) 1 (-1) B (A) A (B)

0 A B  

    
( 0.867 0.467) GMM

LMR_F
( 0.267 0.000) LMR_F LMR_FC

LMR_FC
LMR_F  

 
 GMM (128mix.) vs LMR_F LMR_F vs LMR_FC 

M_1 => M_2 AVG 
(STD) 0.867 (0.640) 0.267 (0.915) 

M_1 => F_1 AVG 
(STD) 0.467 (0.704) 0.000 (0.378) 

 

    (spectrogram)
GMM (“

”) (a) LMR_FC
(b) (a) (b) (b)

(formant) (a) “ ”
(b) ( ) (a)

(b) (a)  

 

 
(a) GMM  
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LMR_F GMM  
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LMR_FC LMR_FC

LMR_FC LMR_F
LMR_F

LMR_FC  
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