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Investigation of integer–based phase information extraction for
automatic speaker verification

Nakano Shiori1,a) Shiota Sataka1 Kiya Hitoshi1

Abstract: Almost all automatic speaker verification (ASV) systems are based on statistical approaches (e.g.,
GMM, SVM, i–vector). These systems are traditionally assumed that input feature vectors are calculated
from mel–frequency cepstral coefficients (MFCCs), which are extracted from a short-time magnitude spec-
trum. Recently, it has been reported that phase related features perform well in various research topics.
However, the phase information changes considerably according to the frame position in an input speech.
In addintion, the phase jump is sometimes occurred depended on some calculation methods. It is necessary
to normalize the phase response with respect to the frame position. Therefore, this paper investigates the
effectiveness of an integer phase extraction and a phase simplification method. The experimental results
show that the system combinations of the magnitude spectrum and the phase spectrum are improved the
performance than the conventional methods.
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Fig. 1 Speech waveform and phase spectrogram

(b)Relative phase spectrogram, (c)Round relative phase

spectrogram
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Fig. 2 Simplification of phase information
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Table 1 Experimental conditions for UBM–GMM and i–vector

based speaker verification systems

VLD ( )

70 17

1190

30 17

510

UBM JNAS( )

UBM 23657

GMM 1024

i–vector 400

16 kHz

/ 25 msec / 10 msec

MFCC 19 + Δ + ΔΔ

2 GMM

Table 2 Experimental conditions for phase feature extraction

and GMM modeling

VLD

70 17

1190

30 17

510

GMM 1

16 kHz

60–700Hz

3 msec

Table 3 Frame length and frame shift used for phase feature

extraction(msec)

frameleg0 12.5 5

frameleg1 50 25

frameleg2 75 37.5

frameleg3 100 50

frameleg4 500 100

UBM–GMM i–vector

1 GMM

2 3 Relative

phase information(enph), Relative phase

information((R)enph), Rel-

ative phase information((R)sep4–enph) 3

5

15

3 2

( 4 ) original

1

short MFCC

a original

b short

3 EER(UBM–GMM )

Fig. 3 EERs of integrated systems (UBM–GMM and phase)

4.2 MFCC UBM–GMM
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, EER

(R)enph (R)sep4–enph 4.1

α 0.25 0.1
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a original

b short

4 EER(i–vector )

Fig. 4 EERs of integrated systems (i–vector and phase)

4 EER(%)

Table 4 Minimum EER for each phase feature extraction

method(%)

a UBM–GMM

A

original short

MFCC 0.26 0.59

MFCC+enph 0.18 0.59

A MFCC+(R)enph 0.25 0.45

MFCC+(R)sep4–enph 0.26 0.56

b i-vector

A

original short

MFCC 0.98 1.30

MFCC+enph 0.98 1.30

A MFCC+(R)enph 0.86 1.27

MFCC+(R)sep4–enph 0.91 1.30

β 0.0001 ∼ 0.001 0.0001

4 3 4 MFCC

EER MFCC

EER

MFCC MFCC

4 a

b UBM–GMM i–vector MFCC

EER

original 4 a UBM–GMM

5 EER(%)

Table 5 Minimum EER for each frame length(%)

a A-A

A

EER

MFCC – 0.26

frameleg0 enph 0.18

A frameleg1 enph 0.18

frameleg2 enph 0.21

frameleg3 enph 0.23

(R)enph 0.23

frameleg4 enph 0.23

(R)sep4–enph 0.23

(R)sep4–enph 0.23

b A-B

B

EER

MFCC – 1.37

frameleg0 enph 1.27

A frameleg1 (R)enph 1.31

frameleg2 (R)enph 1.31

frameleg3 (R)enph 1.24

frameleg4 (R)enph 1.31

enph EER 4 b

i–vector (R)enph EER

enph short

4 a (b) (R)enph EER

EER

6.2

UBM–

GMM 15 (3
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UBM–GMM

GMM

EER 5

β 0.1 ∼ 0.9 0.1

5 a A

A 5 b A

B EER

MFCC UBM–GMM EER
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MFCC MFCC

c© 2012 Information Processing Society of Japan 5



IPSJ SIG Technical Report

5 a b MFCC

EER

5 a (b) EER

EER

frameleg4

4 EER

5 a

enph EER

frameleg3 frameleg4

((R)enph (R)sep4–enph) EER

(R)enph (R)sep4–enph enph

5 a

frameleg0 frameleg1

EER 5 b

frameleg3 EER

EER

5 a
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