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Abstract

In this article, we describe a speaker adaptation method based on the probabilistic 2-mode analysis of training
models. Probabilistic 2-mode analysis is a probabilistic extension of multilinear analysis. We apply probabilistic 2-mode
analysis to speaker adaptation by representing each of the hidden Markov model mean vectors of training speakers as
a matrix, and derive the speaker adaptation equation in the maximum a posteriori (MAP) framework. The adaptation
equation becomes similar to the speaker adaptation equation using the MAP linear regression adaptation. In the
experiments, the adapted models based on probabilistic 2-mode analysis showed performance improvement over
the adapted models based on Tucker decomposition, which is a representative multilinear decomposition technique,
for small amounts of adaptation data while maintaining good performance for large amounts of adaptation data.
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1 Introduction

In automatic speech recognition (ASR) systems using hid-
den Markov models (HMMs) [1], mismatches between
the training and testing conditions lead to perfor-
mance degradation. One of such mismatches results
from speaker variation. Thus, speaker adaptation tech-
niques [2] are employed to transform a well-trained
canonical model (e.g., speaker-independent (SI) HMM)
to the target speaker. Speaker adaptation requires
fewer adaptation data than needed to build a speaker-
dependent (SD) model. Among speaker adaptation tech-
niques, eigenvoice (EV) [3] expresses the model of a
new speaker as a linear combination of basis vectors,
which are built from the principal component analysis
(PCA) of the HMM mean vectors of training speakers.

In a similar approach, speaker adaptation based
on tensor analysis using Tucker decomposition
[4] was investigated in [5], where bases were con-
structed from the multilinear decomposition of a
tensor that consisted of the HMM mean vectors of
training speakers. In the approach, all the training
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models were collectively arranged in a third-order tensor
(3-D array):

MRXDXS (1)

where the first, second, and third modes (dimensions)
were for the mixture component, dimension of the mean
vector, and training speaker. In [5], Tucker decomposition
was used to build bases and in the experiments, speaker
adaptation using Tucker decomposition showed better
performance than eigenvoice and maximum likelihood
linear regression (MLLR) adaptation [6]. The improve-
ment seemed to be attributable to the increased number
of adaptation parameters and compact bases. Also noticed
in [5] was that the increased number of adaptation param-
eters did not guarantee a good performance when the
amount of adaptation data was small (the determina-
tion of the proper number of adaptation parameters for
given adaptation data is a model-order selection problem).
Extending the tensor-based approach, in [7], the fourth
mode for noise was added (so, M became a 4-D array)
so that the training models of various speakers and noise
conditions were decomposed.

In this article, we describe a speaker adaptation method
using probabilistic 2-mode analysis, which is an appli-
cation of probabilistic tensor analysis (PTA) [8] to the
second-order tensor (i.e., matrix); PTA is an application
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of probabilistic PCA (PPCA) [9] to tensor objects. Using
probabilistic 2-mode analysis, we derive bases from train-
ing models in a probabilistic framework, and formulate
the speaker adaptation equation in the maximum a pos-
teriori (MAP) framework [10]. The speaker adaptation
equation based on the probabilistic approach becomes
similar to MAP linear regression (MAPLR) adaptation
[11] as shown below. The experiments showed that the
proposed method further improved the performance of
the speaker adaptation based on Tucker decomposition
for small amounts of adaptation data.

The rest of this article is organized as follows.
Section 2.1 explains some tensor algebra and tensor
decomposition. Section 2.3 explains the probabilistic 2-
mode analysis of a set of mean vectors of training HMMs.
In Section 2.5, the estimation of the prior distribution
of the adaptation parameter is described. Section 2.6
describes the speaker adaptation in the MAP framework
using the bases and the prior. Section 2.2 describes the
speaker adaptation using Tucker decomposition, which is
compared with the probabilistic 2-mode analysis-based
method. We explain the experiments in Section 3 and con-
clude the article in Section 4. Some of the notations used
in this article are summarized in Table 1.

2 Methods
2.1 Multilinear decomposition

Following the convention of multilinear algebra, we
denote vectors, matrices, and tensors by lowercase bold-
face letters (e.g., m), uppercase boldface letters (e.g., M),
and calligraphic letters (e.g., M), respectively, in this
article.

A tensor is a multidimensional array, and an N-
dimensional array is called the Nth-order tensor (or N-
way array). The order of a tensor is the number of indices

Table 1 Notations used in the article

Notation Meaning

Index for the mixture component (1,..., R)
Index for the training speaker (1,. .., S)
Dimension of the acoustic feature vector
HMM mean vector

Matrix representation of HMM mean vector

igtDM*

Tensor representation of training models
Core tensor

Mode matrix, factor loading matrix
Weight vector

Weight matrix, latent matrix

covariance matrix

mASs s caQ

Error matrix

Page 2 of 11

for addressing the tensor; so the order of M/1x2xxIn
is N. Scalar, vector, and matrix are zeroth-, first-, and
second-order tensors, respectively. There are three indices
for addressing the array in a third-order tensor as depicted
in Figure 1.

Tensor algebra is performed in terms of matrix and
vector representations of tensors; the mode-# flattening
(matricization) of tensor M, which is denoted as My, is
obtained by reordering the elements as follows:

M(Vl) c Rlnx(llX"'X[(n—l)XI(nJrl)X"‘XIN)' (2)

That is, all the column vectors along the mode # are

arranged into a matrix. For example, a third-order tensor
MIPI*K can be flattened into an I x (JK), J x (KI), or K x
(I]) matrix as depicted in Figure 2; for a M2*2*2 tensor:

M = {M(,:, 1) M(,:, 2)} (3)
Mo 1) = [mlu mia1 ] MG52) = [nmz mi22 ]
ma11 M1 ma12 m22

the mode-# flattening is given as:
mii1 |m mi12|m
M - 111|121 112 | M122
m21 m312 | M222

m211
S Mg = |:m111 Miz1 M1 m122] @)

ma11 Ma21 Ma12 M22)
M — | mn miiy Mz
ma11 M221 212 M222
M, — | 7111 7112 7211 1212
2 =
| M121 M122 M221 M22) |

M — |:m111m121] [m112m122:|

ma1 | ma ma1a | ma

—

Moo — | 77111 7211 7121 M)
3) =

— .
| M112 212 M122 M22) |

The operation of the mode-# flattening will be denoted
as mat,( - ), i.e, mat, (M) = My,).

Figure 1 A third-order tensor.
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Figure 3 Tucker decomposition of a third-order tensor.

Figure 2 Mode-n flattening of a third-order tensor.

Multiplication of a tensor and a matrix is performed by
n-mode product; the n-mode product of a tensor WV with
a matrix U is denoted as

M=Wx,U (5)

and is carried out by matrix multiplication in terms of
flattened matrices:

M@ =UW (6)
or elementwise
Iy
WX U)o iy = Z Wiriy...in Wjin )
in=1

where w and u denote the elements of YV and U, respec-
tively. If W e ROXE2xxIN and UT e RE*Ir, then the
dimension of W x,, UT becomes I} x Iy x --- x I,_1 X
Ky x Iyy1 x -+ x In.

As an extension of singular value decomposition (SVD)
to tensor objects, Tucker decomposition decomposes a
tensor as follows [4]:

N
thlzx...xjN ~ WI<1><K2><--~><I<N 1_[ x Uy, (8)

n=1

where U, € RIn*Kn K, <, (n=1,...,N). The core ten-
sor W and mode matrices Uy,’s correspond to the matrices
of singular values and orthonormal basis vectors in matrix
SVD, respectively. An example of Tucker decomposition
of a third-order tensor is illustrated in Figure 3.

The core tensor VV and mode matrices U,’s in Tucker
decomposition can be computed such that they minimize

2

)

N
Error = H./\/l -W H X, Uy
n=1

where the norm of a tensor is defined as | X| =

I I IN 2 7
\/Zii:l Diomi - 2ine=1%ii,. iy A representative tech-
nique for Tucker decomposition is the alternating least

squares (ALS) [12]; the basic idea is to compute each mode
matrix U, alternatingly with other mode matrices fixed.
For more details on Tucker decomposition, refer to [4].
In the following section, we explain probabilistic 2-mode
analysis in the context of speaker adaptation.

2.2 Speaker adaptation using Tucker decomposition

The probabilistic 2-mode analysis based method is a prob-
abilistic extension of the Tucker decomposition based
method. Thus, we compare the probabilistic approach
with the Tucker decomposition based method in the
experiments. In this section, we explain the speaker adap-
tation based on the Tucker decomposition of training
models in [5]. In this article, speaker adaptation is per-
formed by updating the mean vectors of the output dis-
tribution of an HMM. The HMM mean vectors of each
training speaker are arranged in an R x D matrix:

T
M =1 Bgr---Msr] » s=1,...,5. (10)

Here, ps,r denotes the mean vector corresponding to mix-
ture r of the sth training speaker model.

All the centered HMM mean vectors of training speak-
ers, {Ms — M}le where M = 1/§ > s My, are collectively

expressed as a third-order tensor M, and we decompose
the training tensor by Tucker decomposition as follows:

AARXDxS ~, ~KpxKpxK;
MEXEXS ~ GRRIEDXES 51 Upixture X2 Udim X3 Uspeaker (11)

KrxKp x K
= (g RXEDXES %3 Uspeaker) X1 Unmixture X2 Udim.

In the above equation, Upixture € REKR, Uy € RP*Kp,
and Ugpeaker € RS*Ks are basis matrices for the mixture
component, dimension of the mean vector, and training
speaker, respectively (Kg < R— 1, Kp < D — 1, and
Ks < S — 1); the core tensor G is common across the
mixture component, dimension of the mean vector, and
training speaker. In Equation (11), the sth row vector of
Uspeaker» Which is denoted as ugpeaker;s; corresponds to
the speaker weight of the sth speaker, thus the low-rank
approximation of the sth speaker model is given by

(K xKpxK. =
M ~ (g RXBDXES %3 uspeaker;s) X1 Unixture X2 Udim + M.
(12)
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If we define the augmented speaker weight WiexKp

GKr*KpxKs o Ugpeaker;s» Equation (12) becomes

M; >~ Wy X1 Unixture X2 Udim + M (13)
= UmixtureWsU(jj;m + M.
Thus, we express the model of a new speaker as
Mpew = Umixturewnengim + M. (14')

For the given adaptation data O = {01, ..., 07}, we derive
the equation for finding the speaker weight in a maximum
likelihood (ML) criterion:

-1 T T
Z Z Yr(£) €7 UdimW ey Wixture;» Wmixture;r (15)
t r M
E\Wnew,aug

= Z Z vr(£) C;l (ot - E;T)llmi)(tulre;r
t r

where y,(¢) denotes the occupation probability of being at
mixture r at ¢ given O, C, the covariance matrix of the rth
Gaussian component of an STHMM (in this article, a diag-
onal covariance matrix is used); Umixture;» and m, denote
the rth row vectors of Upixture and M, respectively. In the
above equation, Wpew, aug can be computed using a tech-
nique similar to MLLR adaptation and the weight of the
new speaker is obtained by

Wnew = Wnew, augUdim (16)

which is plugged into Equation (14) to produce the model
updated for the new speaker.

2.3 Probabilistic 2-mode analysis
The advantage of probabilistic 2-mode analysis over
Tucker decomposition is similar to that of PPCA over
standard PCA; probabilistic 2-mode analysis can deal with
missing entries in the data tensor (although this is not
the case in our experiments). In the modeling perspec-
tive, probabilistic 2-mode analysis assumes a distribution
of latent variables, thus it is suitable for a MAP framework.
In this section, the ensemble of training models is
expressed as

M= {M}S_,. 17)

Assuming the HMM mean vectors of training speakers
are drawn from the matrix-variate normal distribution
[13], we derive the adaptation equation based on the
probabilistic 2-mode analysis of training models. We use
probabilistic 2-mode analysis, the second-order case of
PTA [8], to decompose the training models expressed in
matrix form. The latent tensor model is expressed as

N
M=W l_[ XUy + Mmean + € (18)

n=1
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where )V denotes the latent tensor, U,,’s the factor loading
matrices, M pean the mean, and £ is the error/noise pro-
cess. The 2-mode case of the latent tensor model is given
by

M =W x1 U x3 Uy + Mpean + E (19)
which becomes, for the training models {My, ..., Mg},
M =W, x1 Uy X2 Uy + Mpean + Es (20)

= Unixture W Ugim + Mean + Es

where W, € RKRXKD denotes the latent matrix, Umixture €
RE*KR and Ugy, € RP*KD the factor loading matrices
(KR < R—1 and Kp < D — 1), Mjpean the mean, and
E; the error/noise process. (Mode matrices and dimen-
sions are defined as follows: U; = Upixtures U2 = Udim,
L =R, I, = D,K; = Kg, and K, = Kp.) The distribu-
tion of Wy is assumed to be a matrix-variate normal, i.e.,
W, ~ N(Okyxkp Ik ® Ik,) where ® denotes the Kro-
necker product, and independent of E; whose elements
follow N(0,02). Figure 4 shows the graphical model rep-
resenting the probabilistic 2-mode model.

In Equation (20), it is computationally intractable to cal-
culate U,’s simultaneously. So, the following decoupled
predictive density is defined:

N
P (M|Mmeanv {Un};\[:p(jZ) (0.8 lzllp(M;(nU;{ﬁ:m 0'3)
(21)
5

an

Figure 4 Graphical model representation of the probabilistic
2-mode model.
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where t, € R»*! and 03 denote the mean vector and
noise variance, respectively, for mode 7; Mx , Ul = M x
UlT e X1 UZ_l X 41 U£+1 e XN U{[, i.e., the prod-
uct of M with all the mode matrices except mode #, which

is called the contracted n-mode product [14]. That is, the
nth probabilistic function is defined as the projected M by
all Uj’s expect Uy,. Given observed data M, the decoupled
posterior probabilistic function is defined as

N

P(Munean, (Ui, 02 (M) o [ | (6 Uns 02, M (UL, )
n=1

(22)

By Bayes’ theorem, the nth posterior distribution can be
expressed in terms of the decoupled likelihood function
and the decoupled prior distribution:

P(Em Un; Uy%) M: {U]}}]\il,}?&n) X
p(M, {Uj}j]\il#nﬁm Uy, 072) p(ts, Up, 02).
Therefore, the decoupled predictive density is given by

(23)

P (MIM) o (MIMyews (U1, 0%)
X p(Mmean; {U”}{q\[:lf (72 |M>

N
=T1I» (M>‘<nU5|En,o,3>

n=1

(24)

% p (M AU 2l Un )
(p(f,,, U, (7,%) is dropped out for a fixed Uy,). This is the 2-
mode case of the PTA in [8]. In our case, Equation (24) is
given by
P MIM) ¢ p (UfiM” [Emitares Oiture )
xXp (M » Udim |Emixture: Unmixtures 0, r%lixture)
T T 2
xXp (UmixtureM|tdim’ Udim)

< 2
X P(M » Umixture| tdim» Udim> O'dim) .

(25)

Now, U,/’s are obtained by maximizing the following pos-
terior distribution:
N
PR IM) ~ [] p(UM%,U7)

n=1

where  p(U,|Mx,UL) = Hle M, x,UL.  The
expectation-maximization (EM) algorithm [15] is applied
to compute U,,’s. The application of the EM algorithm to
construct probabilistic 2-mode model is explained in the
next section.

(26)

2.4 Construction of probabilistic 2-mode model for
speaker adaptation

In Equation (20), for the given training models, the maxi-

mum likelihood (ML) estimate of Myean is given as M =

1/8) Y M and {U,, 03} can be estimated as follows.
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First, let us define the followings: Let t,;; € R*1 be the
jth column vector of

T(s) = mat,(Mx,U}) (27)

forl <j<I,S(, = ]_[jl\il,j#n I;) and x,,; € RX1 be the
jth column vector of

N
X(n) = mat, (M l_[ X,,,UZ).

n=1

(28)

Let us suppose t,|x, ~ N(U,x, + t,,021;) and
Xy ~ N(0k, x1,1k,). Then, by integrating out X, t, ~
N (&, Gy) where t, = 1/(1,8) Y1) tu7and G, = U, UJ +
o21;,. Consequently,

Xulty ~ N (H,'UL(t, — t,),02H, ") (29)

where H, = UI'U, + 02Ig,. The right-hand side
of Equation (26) becomes

- 1,8
logp(U,,|Mx,,U,{) 1% —%(Iog |Gy + tr[G;lsn])

(30)
7 1,8 - -\T
where S, = 1/(,S — 1) ijl (tnj — €)(tyj — &) and
tr[ - ] denotes the trace of a matrix. Summing up for all the
modes, we obtain the following log-likelihood function of
the posterior distribution:

L=> "logp(Us|Mx,U,)

-y {I”Zs(log|en| +tr[Gnlsn])}~ (31)

The graphical model representation of the decoupled
probabilistic model is shown in Figure 5.

We seek to find U,’s that maximize the log-likelihood
function alternatingly. Mode matrices U; and Uy are ini-
tialized with the results from the Tucker decomposition
which minimizes the reconstruction error:

Error = Z

s

2

M; — (W, x1 Up X Up + M) (32)

With the initial U; and Uy, the following procedure is
performed for each mode (1 = 1,2).

Each training model is projected into mode matrices
except mode # and expressed in a mode-# matrix:

Ts,(n) = mat, (M; X, UL). (33)

All the column vectors of {Tj, ) }le constitute the train-
ing data set:

{tn;j}x

Then, with an initial estimate of o2 (e.g., 0.005 was used in
the experiments), the EM algorithm is iterated as follows
until U, and o2 converge.

1<j<I,S. (34)
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E-step: From Equation (31), the expectation of
the log-likelihood function of complete data w.rt.
p(xn;j|t,,;j, t., U, a,%) is given as

(L) =) > E[logp(M, W [{UYY, .,)] (35)

1S

=YY E[log p(tuj, Xui UYL, ;2,)]

n o j=1
where

logp(tn;j: xn;j|{U}/’Ai1,j¢n) = logp(xn;j) + logp(tn;j|xn;j)
(36)

I
o — [y lI* — 5” log(c2)

1 T2
- ﬁ”tn;j - Unxn;j -t
Oy

So,

1,8
(L) oc—D > {tr[<xn;jx,£,>]

n o j=1

1 _ _
+ T(tn;j - tn)T(tn;j —ty) (37)
On

I 1
+ En log(a,%) + ptr[U,{U,, (x,,;jx,{;j)]

n

2 _
= —5 (%) Uy (i — tn>}

n

DICHEICHT

Figure 5 Graphical model representation of the decoupled
probabilistic model.

Page 6 of 11

with the sufficient statistics are given as follows from
Equation (29):

(Xuy) = H, 'UL (5 — t)

(XujXr) = 00 Hy 4 (%) (%)

(38)

M-step: Model parameters are updated by maximizing
(L¢) wort. Uy, and o 2. Setting 3y, (L) = 0 produces

1,S 1,S -1
Un = [Z (t”?l' - E")<x";/>T] |: <xn;sz;;j>i| (39)
j=1 j=1

Next, setting 9,2 (Lc) = 0 produces

s
1 _ _
ol =— {ntn;j — tall® — 20x5) TUL (b4 — t5)
IS 1
+ tr[ (XX L) Up Uy | }
(40)

Essentially, the procedure applies PPCA to the data set
{t,;j} for each mode.

2.5 Estimation of prior distﬂbution
Given model parameters {M, U,,,a,%}, the weight matrix
for the training speaker model M is obtained by

W, = (M; — M) ﬁ x(H,, ' UL)

n=1

(41)

— (Hl_l UT

mixture (MS - M)(Hz_l Ugm)T‘

From the set of weight matrices {Ws}le, the distribu-
tion of the weight is estimated. In deriving the adaptation
equation in the MAP framework, the parameters for the
prior distribution can be obtained in closed-form solu-
tions if p(W) follows a conjugate distribution. Hence,
we assume the prior distribution of the weight to be a
matrix-variate normal:

1
pW) 1% (K072 | W|Ke/2
1 Ts—1 -1
exp _Etr[(w_wmean) 2T (W—Wmean)¥ ] .
(42)

Furthermore, the hyperparameters of p(W) can easily

be estimated in an ML criterion if ¥ is known [16]. So,
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¥ is assumed to be the identity matrix [17], and the
hyperparameters are estimated as:

<)

1
mean — g ZWS = OKRXKD

™)

N
1 T
=g VW
S

2.6 Speaker adaptation in the MAP framework
Based on Equation (20), we express the model of a new
speaker as

Mpew = Umixturewnech{im + M. (44)

For the given adaptation data O = {oj,...,0r}, we
estimate the adaptation parameter in a MAP criterion:

Anmap = arg max p(A|O) (45)
A
o arg max p(O[A) p(A)
A

o arg max logp(O|A) + logp(A)
A
where A = {W ey} denotes the model parameter.
Using the EM algorithm, we obtain the following auxil-

iary Q-function to be optimized (discarding the terms that
are independent of the model parameter):

A 1
QA A =—> ; Z yr(®) trf (0, —mye,, )T C (0 —mye,,,) ]

(46)

1 ra-1
- 2 tr [ (WhewUdim)™ Z  (Whew Udim)]

where A and A denote the current and updated

model parameters, respectively, and mpey; =
umixture;rWneWUZl;m + m,. In finding the speaker weight,

we compute Whew,aug = WhnewUdim, from which Wyey

is obtained. Solving in this way, we can use the row-

by-row technique in MLLR adaptation [6]. Setting

0w, Q(A, A)=0 yields the following equation:

ZZ Vr(t)c;l Udimwr{ew uz;lixture;rumixture;r “FUdimWr{ew E_l
——— —————

t r T
=Whew, aug

(47)

—wT
=Whew, aug

= Z Z yr(0) C;l (ot - ﬁ?)“mixture;r
t r
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The above equation can be solved for Wiy, aug in a
similar way to MLLR adaptation in [6]: we define the
followings:

Vo= y@®C! (48)
t

T
D, = Wpixture;Wmixture;r

Gy =Y (i, D,
r
Z= Z Z y’(t) Cr_1 (0[ - ﬁZw)umixture;r
t r

1
Yo=g_7 ;Ws;iWsT;i

where v, (i, i) denotes the (i, i) element of V, and wg; the
ith column vector of Wy aug = WUgim. Then, the speaker
weight can be computed:

-1
wl [G(i)+)3_l] zh, i=1,...,D

new, aug, (i) — O]

(49)

where Wnew, aug, () denotes the ith row of Whew, aug and
z(;) the ith row vector of Z. The method becomes similar
to MAPLR adaptation in [11]. Finally, the speaker weight
is obtained as

A

Whew = Whew, augUIim (50)
where [ -]* denotes the pseudoinverse of a matrix. The
weight is plugged into Equation (44) to produce the model
adapted to the new speaker.

2.7 Speaker adaptation techniques compared in the
experiments

In this section, we briefly review the speaker adapta-
tion techniques compared with the probabilistic 2-mode
analysis based method: eigenvoice adaptation [3], MLLR
adaptation [6], and MAPLR adaptation [11].

In eigenvoice adaptation, the collection of HMM mean
vectors of speaker s is arranged in an (RD) x 1 vector:

Hs;1

Ms;2
Hs = . (51)
Ms;R

Then, the set of S supervectors, {i1,...,us}, is decom-
posed by PCA to produce the adaptation model

Hnew = P Wpew + [ (52)

where ® = [ 1.. .(bK], the basis matrix consisting of the
K dominant eigenvectors from PCA, and it = 1/S)_ 5.



Jeong EURASIP Journal on Audio, Speech, and Music Processing 2013, 2013:7 Page 8 of 11

http://asmp.eurasipjournals.com/content/2013/1/7

Table 2 Word recognition accuracy (%) of the Tucker 3-mode and probabilistic 2-mode based methods

Number of Number of adaptation sentences

Method (Kg, Kp) free parameters 1 2 3 4 5

Tucker 3-mode (20, 35) 700 91.84 92.98 93.07 92.99 93.11
(20, 38) 760 91.82 92.83 93.11 93.01 93.01
(30, 35) 1050 90.77 92.99 93.18 93.09 92.94
(30,38) 1140 90.77 92.86 93.18 93.01 92.86
(40, 35) 1400 89.39 92.85 93.11 93.24 93.03
(40, 38) 1520 89.16 92.77 93.20 93.14 92.98
(50, 35) 1750 87.95 92.34 93.24 93.26 93.13
(50, 38) 1900 87.75 9247 93.27 93.31 93.16

Probabilistic 2-mode (20, 35) 700 93.07 93.18 93.26 93.27 93.16
(20, 38) 760 92.96 93.07 93.03 93.24 93.13
(30, 35) 1050 92.98 93.20 93.24 93.24 93.31
(30,38) 1140 92.94 93.33 9333 93.27 93.31
(40, 35) 1400 93.13 93.20 93.39 93.24 93.01
(40, 38) 1520 93.14 93.22 93.33 93.20 93.24
(50, 35) 1750 93.26 93.35 93.37 93.29 93.29
(50, 38) 1900 93.37 93.44 9342 93.31 93.39

The number of mixture components R = 3472 - 8 and the dimension of acoustic feature vector D = 39. The number of free parameters is Kz x Kp.

The K x 1 weight vector can be obtained by maximizing The above equation can be solved for Wiey:

the likelihood of the adaptation data, which is given by

Wiew® =G 2 i=1...,D (56)

-1
Whew = [ Z Z v, () <I>rTcr1<I>r]

t r
x [Z D r® @ C o~ ﬂ,)] (53)
t r

where @, and 1, denote the D x K submatrix and D x 1
subvector corresponding to the rth mixture of ® and f,
respectively.

In MLLR adaptation, the updated model for a new
speaker is obtained by linearly transforming the SI model
(assuming a global regression matrix):

w
Hnew,r = Whew &, & = |: ] (54)
HSL,r

where pgy » denotes the mean vector of the STHMM cor-
responding to mixture r and w is the bias offset term: w =
1 to include the term and w = 0 otherwise (w = 1 in our
experiments). The D x (D + 1) transformation matrix can
be obtained in an ML criterion, which yields the following
equation:

Y Y w0 CloEl
t r

= Z Z vr(£) C;I\Vnew Ersf
t r

(55)

where Wrey, (;) and z(;) denote the ith row vectors of Wnew
and Z, respectively; G(; and Z are defined as:

V.= %@®C! (57)
t

Dr = gr";:rT
G = Zvr(i, i) D,

2= n®Clotf
t r

where v, (i, i) denotes the (i, i) element of V..

In MAPLR adaptation, the prior for the transformation
matrix is used in the MLLR framework. The parameters
for the prior are obtained from the MLLR transformation
matrices of training speakers {W1, ..., Wg}:

_ 1
W = ¢ Y W
S

1 _ i}
i = 1 > (wso — W) (Ws, ) — W)
S

(58)

where wy (;) denotes the ith row vector of Wy. Then, the
transformation matrix for a new speaker is obtained in a
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Table 3 p-values from the matched-pair ¢-test
Methods Number of adaptation sentences

1 2 3 4 5
Prob. 2-mode and Tucker 3-mode < 0.01 0.22 0.08 003 0.34
Prob. 2-mode and MAPLR 0.10 < 0.01 < 0.01 0.01 0.02
Prob. 2-mode and MLLR, block-diagonal < 0.01 0.01 0.04 < 0.01 0.05
Prob. 2-mode and EV <001
Tucker 3-mode and MLLR, block-diagonal 043 0.18 0.63 0.17 0.22
Tucker 3-mode and EV 0.94 < 001 <001 < 001 <001

For the probabilistic 2-mode and Tucker 3-mode based models, Kz = 20 and Kp = 35.

MAP criterion. Deriving the equation in the same way as
above, we can obtain the following:

. T 177t st
Whew, (i) = [Go‘) +X ] [Z(n +wWiE ] (59)
3 Experiments

We carried out the large-vocabulary continuous-speech
recognition (LVCSR) experiments using the Wall Street
Journal corpus WSJO [18]. In building the SI model, we
used 12754 utterances of 101 speakers from the corpus.
As the acoustic feature vector, we used the 39-dimensional
vector consisting of 13-dimensional mel-frequency cep-
stral coefficients (MFCCs) including the Oth cepstral coef-
ficient, their derivative coefficients, and their acceleration
coefficients. The feature vector was extracted with the 20-
ms Hamming window with the frame sliding of 10 ms.
Using the HMM toolkit (HTK) [19], we built a tied-state
triphone model (word-internal triphones) with 3472 tied
states and 8-mixture Gaussian.

To build training models for constructing bases, we
transformed the SI model by MLLR adaptation [6] using
32 regression classes followed by maximum a posteriori
(MAP) adaptation [10]. We used the 101 adapted mod-
els to build the Tucker decomposition and probabilistic
tensor based models as well as eigenvoice.

For adaptation and recognition test, we used Nov’92
5K non-verbalized adaptation and test sets. The num-
ber of testing speakers was 8; adaptation set was used
for adaptation and testing set of 330 sentences was used
for recognition test (the number of testing utterances per
speaker was about 40). The length of an adaptation sen-
tence was about 6 s and the adaptation was performed
in supervised mode. In recognition test, we used WSJ 5K
non-verbalized 5k closed-vocabulary set and WSJ stan-
dard 5K non-verbalized closed bigram.

The word recognition accuracy of the SI model is
91.54%. Table 2 shows the results of the Tucker decom-
position and probabilistic 2-mode based methods (Ks =
100 in the Tucker decomposition based model). In the
table, the probabilistic 2-mode based method shows
improved performance over the Tucker decomposition

based method for small amounts of adaptation data,
which can be evidently seen in Figure 6 for the Tucker
decomposition and probabilistic 2-mode based models
with (Kp = 20,Kp = 35). The results of MAPLR [11]
are also shown in the figure. The use of MAP framework
contributes to improved performance for small amounts
of adaptation data. The number of free parameters of
each method is given as follows: 20 - 35 for the Tucker 3-
mode and probabilistic 2-mode based models, and 39 - 40
for MAPLR adaptation. In Figure 7, the Tucker decom-
position based method is compared with MLLR and
eigenvoice adaptation techniques. The figure shows that
the Tucker decomposition based method outperforms
MLLR and eigenvoice adaptation techniques for adapta-
tion sentences > 1. It can be inferred from the figure that
eigenvoice adaptation will outperform the Tucker decom-
position based method or MLLR for sparse adaptation
data. The p-values from the matched-pair ¢-test are shown
in Table 3; although the values are not always small, the
performance improvement of the probabilistic 2-mode
based method seems meaningful. Additionally, Figure 8
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Figure 6 Word recognition accuracy of the probabilistic 2-mode
based model, Tucker 3-mode based model, and MAPLR

adaptation.
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Figure 7 Word recognition accuracy of the Tucker 3-mode based
model, MLLR, and eigenvoice adaptation.

shows the performance of the probabilistic 2-mode based
model with (Kg = 20, Kp = 35), MLLR adaptation with a
full regression matrix, and MAPLR adaptation for adapta-
tion data of about 6—240 s; for adaptation sentences > 10
(about 60 s), the probabilistic 2-mode based model shows
the comparable performance with MLLR adaptation and
MAPLR adaptation. In Figure 8, the p-values are given
as: p < 0.01 for 1-5 adaptation sentences between the
probabilistic 2-mode based model and MLLR adaptation,
p < 0.05 for 2—5 adaptation sentences between the proba-
bilistic 2-mode based model and MAPLR adaptation. The
number of free parameters of each method is summarized
in Table 4.

We think that the performance improvement of the pro-
posed method over MLLR or MAPLR adaptation comes

94r

Word recognition accuracy (%)

—@— Prob. 2-mode, (Kx =20,Kp =35)
—A—MLLR, full
I P =115 V7X:S S|
12345 10 15 20 25 30 35 40

Number of adaptation sentences

Figure 8 Word recognition accuracy of the probabilistic 2-mode
based model, MLLR, and MAPLR adaptation.
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Table 4 Number of free parameters of adaptation
techniques

Method Number of free parameters
Probabilistic 2-mode based model 20 - 35 (Kg - Kp)

Tucker 3-mode based model 20 - 35 (Kg - Kp)

MLLR, 3-block-diagonal regression matrix 13 - 40

MLLR, full regression matrix 39-40

MAPLR adaptation 39-40

Eigenvoice 50

from the use of basis vectors and speaker weight of large
dimension. Additionally, we think that the performance
improvement of the probabilistic 2-mode based method
in the MAP framework over the Tucker decomposition
based method in the ML framework for small amounts
of adaptation data (e.g., 1 adaptation sentence) is due to
its constraint on the weight. If the amount of adaptation
data is small (e.g., 1 adaptation sentence), the weight can-
not be reliably estimated in the ML framework where the
weight is estimated using only adaptation data without
constraint, as done in the Tucker decomposition based
method. The results confirm that constraint on the weight
in the MAP framework can produce better model when
the amount of adaptation data is small.

The selection of appropriate dimensions of model
parameters (e.g., Kz and Kp) in the probabilistic 2-mode
analysis depends on the training models and also available
adaptation data. The selection of model parameters affects
the performance of the system, but how to choose the
optimum model parameters is not obvious, which needs a
further study.

4 Conclusions

In this article, we applied probabilistic tensor analysis to
the adaptation of HMM mean vectors to a new speaker.
The training models consisted of the mean vectors of
HMMs expressed in matrix form and the training set was
decomposed by probabilistic 2-mode analysis. The prior
distribution of the adaptation parameter was estimated
from the training models. Then, the speaker adaptation
equation was derived in the MAP framework. Compared
with the speaker adaptation method based on Tucker
3-mode decomposition in the ML framework, the pro-
posed method further improved the performance for
small amounts of adaptation data.
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