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ABSTRACT

Additive noise and channel distortion strongly degrade the performance of speaker verification systems, as it introduces distortion of the
features of speech. This distortion causes a mismatch between the training and recognition conditions such that acoustic models trained with
clean speech do not mode] noisy and channel distorted speech accurately. This paper presents a phase-related feature extraction method in
order to improve the robustness of the speaker verification systems. The instantaneous frequency is computed from the phase of speech signals
and features from the histogram of the instantaneous frequency are obtained. Experimental results show that the proposed technique offers
significant improvements over the standard techniques in both clean and adverse testing environments.
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Table 1. Speaker and speech database

g2 & 509 503 100

A A HAE
e 750 G E | 750 HE | 1500 GE
=)
A HAE
D |7,500 BHE | 15000 HE
SHAE 7,500 T {7,500 15,000

558 AA ,
Z# ¢ F7|+= 10ms°|™ Hamming #35& AHE-3F
il

F a9 OIAEZ"’" o= :IL J
227 0] £9) Aoz FHHEA 3
3o 3101 & A| A Hle) S-S vl W Eh)

°l

3248 4

BARIF okl A 7 de AHEE = e AR
1 EER(Equal Error Rate) 2 A 5 v w3t Yt} & 29|
49 Fa ¢ EﬂéE FA A AN F A 2H e
qE& RoFE EERE At 49 Zige
EER & Hlm}‘a,HIFcc%_— o] &3t 2N F A 2gl &
MFCCE A3t 31A11 %5 Al 4§ H. v} EERO| % 7}3}
o] o] o}, 12V MFCC S HIFCCE Z 3¢t
3} A F A2 "2 MFCC %= HIFCCHHS o] &3 3}
ARAF Al 2 BT} EERO| 743t Aol AME S
o4 Ak

A M EXI2lE EER H| 2

E 2 =83

Table 2. Comparison of EERs for speaker
versification systems in clean testing environments

MFCC 3.61% 4.48% 4.05%
HIFCC 4.16% 4.93% 4.55%
MFCC+HIFCC 2.88% 3.60% 3.24%
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Table 3, Comparison of EERs for speaker
versification systems in noisy testing environments
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I 4 Ao Ao SARIE EER HlX
Table 4. Comparison of EERs for speaker
versification systems in mismatched telephone
environments

MFCC 28.11% 29.07% 28.59%
L HIFCC 29.66% 30.63% 30.15%
L MEFCC+HIFCC 24.18% 25.30% 24.74%
v.Z E
2R e R AdAR B304 BAAF
A zgel gl & AN Astel 1 7 5
F 719e ALRT o PHe £4NEY dgoz
2 @A FASE ANR G2 4] Fo5E
BT 2ol TR 2EIPORTE BY ASE 3F
st

b

i
o’
°
M oox
e
}O‘l

o) 4] F3p7t g4
EFm Aok ALS ¥R,
P ws 3 Agd ] s
Fel3ha, o] 54 sheko]El & SAF A
stel dofar @314 4% AU ol Fn
LR EES R Ay
ANNE B21%F A

o R
A K

I e
il f“lft do

=
-
k)
u

i
>
Sz 2

r 2
)
dlo

ok gt

off o
[
o

xRt

o] 15%% ReRs7|eRe Yo 20079 E 8

KRF-2007-D00741  (100101)3}

5%03 ZHDF(NO 2009- 0073337)¢] X 45
:11

[ 1] J. Campbell, "Speaker Recognition: a Tutorial,” Proc.
IEEE, vol. 85, pp. 1437-1462, 1997.

[21IM.  Naik, Verification,”  IEEE
Communication Magazine, pp. 42-49, 1990.

[3] DA, Reynoldss and RC. Rose, “Robust
Text-independent  Speaker Identification  Using
Gaussian Mixture Speaker Models,” IEEE Trans.
Speech and Audio Processing, vol. 3,n0. 1, pp. 72-83,
1995.

[41 R.J. Mammone, X. Zhang and R.P. Ramachandran,

a Feature-based
Approach,” IEEE Signal Processing Magazine, pp.
58-70, 1996.

(51 Ortega-Garcia and J. Gonzalez-Rodriguez,
“Overview of Speech Enhancement Techniques for

“Speaker

“Robust Speaker Recognition :

Automatic Speaker Recognition,” IEEE Trans. Speech
and Audio Processing, pp. 929-932, 1996.

[61 L.R. Rabiner and RW, Schafer, Discrete-time Speech
Signal Processing, Principles and Practice, Prentice
Hall, NJ, 1978.

619



FFAGH RT3 =8A AW A3

{71 H. Pobloth and W.B. Kleijn, “On Phase Prception in
Speech,” Proc. ICASSP, pp. 29-32, 1999.

[8] D.S. Kim, "Perceptual Phase Redundancy in Speech,”
Proc. ICASSP, pp. 1383-1386, 2000.

[9] HA. Murthy and V. Gadde, “The Modified Group
Delay Function and its Application to Phoneme
Recognition,” Proc. ICASSP, pp. 68-71, 2003.

[10] P. Maragos, J.F. Kaiser and T.F. Quatieri, "Energy
Separation in Signal Modulations with Application to
Speech Analysis,” IEEE Trans. on Signal Processing,
vol. 41, pp. 3024-3051, 1993.

[11] D.A. Reynolds, T.F. Quatieri and R.B. Dunn, “Speaker
Verification Using Adapted Gaussian Mixture
Models,” Digital Signal Processing, vol. 10, pp. 19-41,
2000.

[12] Noisex-92, http:/fwww.speech.cs.cmu.edu/comp.
speech/Section1/Data/noisex.html.

KRN

H& Z(Chul-Hong Kwon)

19873 A g st A #}-3 8
(FAhH

1989 g5 7387]&4d
AA-E 3 (E A AL

1994 3534817 & 9 AR-E 83 AL

19979 ~EA AN L A ENFEH w

1999 ~20001d ¥] 5 BAT & 2P AT Y

20073 ~2008' 3F NSWH 3} A w4

# TRk A, S04, Buld FEH T

620



