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GMMs as our kemel. We have demonstrated the importance of addressing channel effects in 

both kemels, by applying the NAP algorithm m GMM space. We have also proved the use­

fulness of model normalization in the case of the Gaussian kemel. The performance obtained 

with the Gaussian kemel are equivalent to those obtained with the linear kemel. 

In the second part of this thesis, we proposed testing a new approach for modeling long-term 

cepstral and prosodic information. This approach is based on the use of Legendre poly­

nomials to approximate the spectral and prosodic contours as units that can be viewed as 

pseudo-syllables. These entities are segmented using the energy contour only. The advantage 

of this modeling is that it requires no phonetic nor word alignment, in contrast to most other 

approaches. The coefficients of the Legendre polynomials are then modeled with a Gaussian 

mixture model and joint factor analysis is applied to model the intersession and inter-speaker 

variabilities. The advantage of using JFA to model these new features is that we deal with a 

limited set of vectors for each speech recording (400 on the average) to adapt the universal 

background model to the target speaker data. It is important to note that in classical MAP 

adaptation, only the observed Gaussians are updated. However, in the eigenvoice adaptation 

used by joint factor analysis, the Gaussians which are not observed are also adapted using the 

statistical correlations with other Gaussians. The performance obtained with the joint factor 

analysis applied in the prosodic features has become the state of the art in this field. The ad­

vantage of these new prosodic features compared to other proposed features in the literature 

is that we do not require a speech recognizer in order to carry out the speech segmentation. 

The score fusion between the long-term speaker feature systems and the classical short-term 

JFA system produced satisfactory results, especially in male trials. However, the new system 

that we propose based on the combination of SVM and JFA produces better results than the 

fusion of long- and short-term JFA systems. 

Future work 

In this thesis, we proposed a new speaker venfication architecture based on the combination 

of support vector machines and joint factor analysis models. In this novel combination, we 
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used total factor vectors as input for SVM. In future work, it will be interesting to study the 

effect of combining total factor information as well as common factors, as was already done in 

Chapter 5. The new joint factor analysis configuration is based on two matrix representations: 

the first matrix is the total variability matrix T  and the second is the diagonal matrix D.  The 

experiments that we carried out using the SVM-JFA are based on telephone speech data. It 

would be interesting to extend this approach to the microphone and interview data that is 

currently available from the NIST 2008 speaker recognition evaluation. Using the SVM-JFA 

system, we achieved better results for male trials as compared to female trials. This indicates 

that the cosine kemel may not be appropriate for the female total variability space. More 

kemels need to be designed and investigated in this space. 

Regarding long-term speaker characteristics, our proposed approach does not model the evo­

lution of features between successive pseudo-syllables. Modeling these dynamics will better 

capture the speaker's style of speech. One possible avenue for modeling thes dynamics are 

the use of Hidden Markov Models instead of a Gaussian Mixture Models, since it is already 

known that hidden Markov models have the advantage of taking into account the temporal 

aspect of pseudo-syllable sequences. These models have been successfully applied to similar 

prosodic features for language identification. 



APPENDIX A 

Posterior distribution of the Joint factor analysis latent variables 

Enrolling the target speaker in the case of joint factor analysis is based on the computation of 
the posterior distribution of the speaker supervector s  given the Baum-Welch statistics. This 
distribution is related to the evaluation of the posterior distribution of the hidden variables. 
Let X be composed of the latent variables x,y and z 

X = 

/ x ^ 

y (A.l) 

the posterior distribution of X is a Gaussian distribution described in Proposition 2 of (Kenny 
et al., 2005a). Let define the matrices B  and L as: 

(A.2) 

(A.3) 

B =  i^U  V  D 

L =  I  +  B'T.-^NB 

the covariance matrix and mean vector of the posterior distribution of X is given respectively 
by L~^  and L"^ B^ S~^ {F  —  N  m).  The inverse of the matrix L  is evaluated as follows: 

where 

/ 

v 

a b  c 

b^ I  +  V'E-^NV V^T.-^ND^ 

c* DT.-^NV  I  +  ^-^ND^ 

a =  I  +  U'J:-^NU 
b =  U'T.-^NV 
c =  U'^-^ND 

\ 

(A.4) 

(A.5) 

(A.6) 

(A.7) 

The inverse of matrix L  can be evaluated using the following step 

(A.8) 
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where 

C =  a-P^-'P' (A.9 ) 

a = { I  (A . 10) 
b' I  +  V'i:-'^NV 

P = \ " " I  (A. l l ) 
V'J:ND 

7 = I  +  E-^ND^ (A.12) 



APPENDIX B 

The results for long- and short-term speaker feature systems 

We present in this appendix the results of each individual long- and short-term feature system 
used in score fusion. 

Table B.l 

The results are given on EER and MinDCF on the male part of the core condition of the 
NIST 2006 SRE 

JFA: s = m  +  Vy +  Dz 

SVM-JFA: (LDA+WCCN) 

SVM-GMM: Gaussian kernel 

Pitch + energy + duration 

Long-term MFCC + energy+duration 

Long-term MFCC + pitch + energy + duration 

English trials 

EER 

1.19% 

1.59% 

4.65% 

11.02% 

5.11% 

4.53% 

MmDCF 

0.0058 

0.0102 

0.0243 

0.0557 

0.0241 

0.0213 

All trials 

EER 

2.76% 

2.63% 

6.08% 

13.14% 

7.65% 

6.91% 

MinDCF 

0.0136 

0.0143 

0.0300 

0.0638 

0.0375 

0.0331 

Table B.2 

The results are given on EER and MinDCF on the female part of the core condition of the 
NIST 2006 SRE 

JFA: s = m +  Vy +  Dz 

SVM-JFA: (LDA + WCCN) 

SVM-GMM: Gaussian kernel 

Pitch + energy + duration 

Long-term MFCC + energy + duration 

Long-term MFCC + pitch + energy + duration 

English trials 

EER 

1.64% 

1.55% 

4.75% 

10.60% 

5.39% 

4.47% 

MinDCF 

0.0120 

0.0095 

0.0238 

0.0589 

0.0270 

0.0239 

All trials 

EER 

3.11% 

2.42% 

6.92% 

13.90% 

8.50% 

7.91% 

MinDCF 

0.0189 

0.0142 

0.0366 

0.0697 

0.0436 

0.0434 
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Table B.3 

The results are given on EER and MinDCF on the male part of the core condition of the 
NIST 2008 SRE 

JFA: s =  m +  Vy  +  Dz 

SVM-JFA: (LDA + WCCN) 

SVM-GMM: Gaussian kernel 

Pitch + energy + duration 

Long-term MFCC + energy + duration 

Long-term MFCC + pitch + energy + duration 

English trials 

EER 

2.63% 

1.28% 

4.82% 

13.04% 

6.17% 

4.39% 

MinDCF 

0.0112 

0.0095 

0.0289 

0.0618 

0.0287 

0.0220 

All trials 

EER 

5.26% 

4.57% 

8.46% 

13.85% 

9.76% 

8.47% 

MinDCF 

0.0272 

0.0238 

0.0446 

0.0754 

0.0450 

0.0398 

Table B.4 

The results are given on EER and MinDCF on the female part of the core condition of the 
NIST 2008 SRE 

English trials 

EER MinDCF 

All trials 

EER MinDCF 

JFA: s =  m +  Vy +  Dz 

SVM-JFA: (LDA + WCCN) 

3.15% 0.0150 6.15% 

3.68% 0.0150 6.04% 

0.0315 

0.0322 

SVM-GMM: Gaussian kernel 

Pitch + energy + duration 

Long-term MFCC + energy + duration 

7.10% 0.0238 10.64% 

12.81% 0.0638 15.44% 

6.63% 0.0385 11.16% 

0.0540 

0.0799 

0.0528 

Long-term MFCC + pitch + energy + duration 6.36% 0,0316 10.43% 0.0532 
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