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Tied Probabilistic Linear Discriminant Analysis
for Speech Recognition

Liang Lu and Steve Renals

Abstract—Acoustic models using probabilistic linear discrim- of linear discriminant analysis (LDA) [13], which has been
inart]t analysis (F;)LDA) Capt#feh tge cotrrelattilons with(ijntkf]eaMred Ivery well studied for speaker recognition in the joint facto
vectors using subspaces which do not vastly expand the mode ; .

This allows hi.gh dimens.ic.)nal and qorre!ated feature spaces 2?%'%\5:(:(5‘[]]';?2 %&e??fct:)xgggogic%%;]iCf:/aar:?zgl(i)t';ZSA
to be used, without requiring the estimation of multiple high . )

dimension covariance matrices. In this letter we extend the HMM state dependent variables which are expected to be
recently presented PLDA mixture model for speech recognitin  consistent across different acoustic conditions, and rohse
through a tied PLDA approach, which is better able to control ~ tion dependent variables which characterise per frame leve
the model size to avoid overflttln_g. We carried out experimets acoustic changeB[12]. Similarly to a subspace GMM (SGMM)
uisng the Switchboard corpus, with both mel frequency cepsal T .

coefficient features and bottleneck feature derived from a dep [18], the factqusatlon is based on the inference of sube.mac
neural network. Reductions in word error rate were obtained However, while the SGMM uses a set of full covariance
by using tied PLDA, compared with the PLDA mixture model, matrices to directly model the per frame acoustic varighili
subspace Gaussian mixture models, and deep neural networks the PLDA model introduces another set of projections to rhode

Index Terms—acoustic modelling, probabilistic linear discrim- ~ this variability in lower-dimension subspaces.
inant analysis, parameters tying We have previously investigated using a PLDA mixture
model for acoustic modelling [12], [19]. Though good result
have been obtained, this model has a large number of HMM
state dependent variables, and is thus prone to overfitting.

COUSTIC models for speech recognition have advancetls letter we mitigate the problem by tying the PLDA state
substantially over the past 25 years, but the front-endriables in PLDA, an approach analogous to the use of tied
feature processing has been largely unchanged, based on gtk vectors in SGMMs [18].
frequency cepstral coefficients (MFCC$) [1] and perceptual
linear prediction (PLP) feature§I[2]. To a large degree this
has been due to the use of acoustic models based on hid- Il. PLDA-BASED ACOUSTICMODEL
den Markov models (HMMs) with Gaussian mixture models
(GMMs) [3]-[5], which are well matched to feature represen- The PLDA-based acoustic model is a generative model in
tations which have decorrelated components and are raliativwhich the distribution over acoustic feature vectggse R?
low-dimensional. from the j-th HMM state at timet is expressed as:

Deep neeural network (DNN) acoustic modéls [6] address
these limitations and have achieved significant reductions ¥tlj = Uxji + Gz + b+, €: ~N(0,A). (1)
in word error rate (WER) across many speech recogniiton ) . )
datasets[[7]. Compared to the hybrid neural network / hiddén € R? is the state variable (equivalent to the between-
Markov model (HMM) architecture studied in the early 1990§'ass identity variable in JFA) shared by the whole set of
[8], [9], DNNss typically use more hidden layers and a wideRcOustic frames generated by théh state andx;, € R?
output layer. Moreover, DNNs can be also used as a good féathe frame variable (equivalent to the within-class clenn
ture extractor, for instance through the inference of bottk Variable in JFA) which explains the per-frame variability.
features which may append the features used in GMM-badégually, the dimensionality of these two latent variables i
speech recognition systeris [10], [11]. However, in order fnaller than that of the feature vectgy, ie. p,¢ < d.
be compatible with GMMs using diagonal covariances, sudk € R**” and G € R** are two low rank matrices which
augmented feature vectors must typically be relatively-low#Pan the subspaces to capture the major variations;foand
dimensional and decorrelated. z; respectively. They are analogous to the within-class and

We have addressed the limitations of GMMs through detween-class subspaces in the standard LDA formulatign, b
acoustic model based on probabilistic linear discriminaAfe estimated probabilistically € R? denotes the bias and
analysis (PLDA)[[12], which can employ higher dimensionaf;it € R? is the residual noise which is assumed to be Gaussian

correlated feature vectors. PLDA is a probabilistic exiems With zero mean and diagonal covariance. By marginalising
out the residual noise variablg,, we obtain the following
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|. INTRODUCTION

p(y|xjt.25,7) = N(y; Uxje + Gz; + b, A) @)
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A. PLDA Mixture Model where w denotes the weight projection matrix, and,,

A single PLDA has a limited modelling capacity sincélenotes itsm-th column. We do not use softmax weight
it only approximates a single Gaussian distribution. Ar  Normalisation in order to simplify the model training; empi
component PLDA mixture model[12] results in the fo||0WindC3.| findings (Sectioh 1Y) indicates that linear normalisat

component distribution: works well. Tied PLDA also differs from the SGMM by using
, another subspace projection (matfix,,) to model feature
yilim = UnXjmi + GmZjm + bm + €jmt, () correlations. It is more scalable to high dimensional featu
€imt ~ N(0,A,) (4) inputs than the direct feature covariance modelling used in

If ¢ to be the component indicator variable, then the pricﬁGMMs'

(weight) of each component B(c = m|j) = m;,,. Given the

latent variablest;,,; andz;,,, the state-level distribution over . MAXIMUM LIKELIHOOD TRAINING
features is: A. Likelihoods
plyilj) = Z?ij/\/(yt; Ui Xjmi + GmZjm + by A - For tied PLDA, the likelihood may be computed according
- to equation[(P) by make use of the MAP estimates of the latent

X jm¢ andz;,,, are point estimates of the latent variables. Sindgiablesx;., andz;y, referred to as the point estimate in
the projection matricedJ,, and G,, are globally shared, a [12]. However, this approach does not work well in practice

large number of components can be used to improve the moRgfause of the large uncertainty of the estimationgf..,

capacity, e.gM = 400 [12]. i.e. the large variance of its posterior distribution.
Another approach is to marginalise out the observation
B. Tied PLDA variablex;:, which is referred as thancertainty estimate

in [I2]. Using N(0,I) as a prior, which is the same prior

To avoid overfitting in the PLDA mixture model, those qi del training f ) ¢ oh(1
components which are responsible for a small number %lfe' In mode Fralmng or cons_|stency (cf. equation(18)k
elihood function can be obtained as

feature vectors may be deactivated. Alternatively, theesta{'
variablesz;,, may be tied across components, resulting i'fb(yth) _ Zw'km/p(Yt|x'kmt . k) P(X;emet ) A%t
the following component distribution: — ! ! ! !
Yt|j7 m= Umxjmt + szj + b + €jmt, (5) = Z 'LUjkmN (Yt§ szjk + b, UmUﬁ + Am)
€imt ™~ N(O, Am) . (6) mk
Tying the state variables may over-simplify the model. lis th

case, a “mixing-up” strategy can be used, analogous to SG
sub-state splitting [18]:

This method is similar to the channel integration evaluatio
thod used for JFA based speaker recognition [20], [21].
ote that the likelihood can be efficiently computed without
inverting matricesU,, UL + A,, directly, but by using the
yild, ks m = UpXjeme + Gm2Zjk +bm + €jxme,  (7)  Woodbury matrix inversion lemma as in_[20[, [22]:

€ikmt NN(OaAm)a (8) (UmUT + Am)fl
where £ denotes the sub-state index, amg, is the sub- = A AZIUL, I+ UTAZIU,) T UT AL (12)
state variable. This makes Tied PLDA model more scalable ATl L:T e e 13)

compared to PLDA mixture model as we can balance the
number of the sub-state variables according to the amountiere . = A 'U,,(I + UL A 'U,,)~"/2. This makes it
available training data. Tied PLDA is equivalent to SGMM ihomputationa”y feasible whey, is h|gh dimensional.
we remove the per-frame latent variabie.,.. and use full |t is also possible to marginalise out the state variae
covarianceA,, to model the residual noise. Given the latengjone or jointly withx jz.,: similar to the methods used in [21].
variables, the state-level likelihood function can be teritas However, we did not obtain a consistent improvement using
p(yilj) = Z Cik X TimN (¥e: UnZjmt + GmZjk + b, Am) this approach in our preliminary experiments. This may e th
case because the variance of the posterior distributias;of
is small owing to increased training data used for the pmster
estimation. This model-based uncertainty approach islaimi
to Bayesian predictive classification (BPC) for GMM-based
acoustic modeld 23], in contrast to feature space uncaytai
y proaches used for noise robust speech recogrition [2&]]-[

mk
= Z wjkmN(yt; Umijmkt + szjk + bma Am) (9)
mk

where ¢;;, is the sub-state weightr;,, is the component
weight which is shared for all the sub-state models, a
Wikm = Cjk X Tjm. This is different to an SGMM in which
a weight projection matrix is used to derive the component-
dependent weights: B. Model update

. _ We used the Variational Bayesian inference to train the

P (yeld) = chk ZﬂjkmN(Yt;Gijk’zm) (10) model wherex;y.,, and z;, are assumed to be condition-
F " ally independent. A joint model training algorithm could be

= (11) obtained without making use of this assumption: however, it
> €XP W, Zjk may be computationally infeasible in practicel[19]. Simiia

Tg.
SGMM __ EXPpW,,Zjk
7T-jkm -



the PLDA mixture model([12], the EM auxiliary function to b,, = ijt Vikmt (Yt = UmXjkmt — GmZjk)

21
updateU,, in tied PLDA is ijt Yjikmt 1)
(U, = /P ik, mly) P(Xikme|Yes Zik, J, k,m _
( ) % (] |Yt) ( i t|Yt ik J ) A di ijt Yikmt (yjkmty;rkmt +Ume1U%)
m = diag
X 1ng(yt|xjkmtazjk7ja kvm)dxt Z]kt Vikmt
1 (22)
= dmtE | — =xT UL AU, Xikm
jzkt:%k ' 2" Jkmt =m Jhmt where we have defined
ikmt =Yt — UnXjkmt — GmZr — b, 23
+ X 1t U A (ve — GnZji — by | + const Yikmt = ¥t *gkmt “ik (23)
The sub-state and component weights can be updated as
_ 1 . _
= Yjkmt Tr <Am1(_ iUmE[xjkmtxfkmt]Uﬁ Cik = M7 Tim = Dt Vikmt_ (24)
jkt > kemt Vikmt > ket Yikmt

When using a large number of components, af= 400 in
+ (vt — GmZjm — bm)ET[Xjkmt]Uﬁ)> +const  this work, the weight should be floored by a small value for
numerical stability. For computational efficiency, a backgd
where-y;x,,: denotes the component posterior probability asnodel based on a mixtures of factor analysers is used totselec
a small subset of the components for each frame for training

jkmt — P 'a ka . . . . . .
Tgkm G kymlye) and decoding, which is described in more detaillin [12].

_ P(]|Yt) wjkmp(yt|zjk7ja kvm)
>k WikmP(Yt|Zjk, 5, k,m) IV. EXPERIMENTS

P(jly:) is the HMM state posterior which can be obtained We performed experiments using the Switchboard c@rpus
using the forward-backward algorithfi[-] is the expectation [27]. The Hub-5 Eval 2000 data [28] is used as the test set
operation over the posterior distribution Bfn.: which contains the Switchboard (SWB) and CallHome (CHM)
P(Xjkmt |y, Zjk, j, b, m) evaluation subsets. The experiments were performed uséng t
B P e|Xikmts Zjis G ks ) P(Xjkme) 15 Kgldl speech recog.nltlon toolﬁt[@], which we gxtended
T TP elKimts Zys Js K 1) P (8j0me )Xot (15)  with an implementation of the PLDA-based acoustic model. In
_ SRR SR Ty T T AR ~ the following experiments, we have used maximum likelihood
Using (0, I) as the prior distribution fox;x,,, we can obtain estimation without speaker adaptation or adaptive trginin
P(Xikmt V02 Zik 3 ks ) = N (Kigmmt: Vo Pirmmt, Vot We used the pronunciation lexicon that was supplied by the
(hme [yt 2k J ) (jimt; Vim Pt m()16) Mississippi State transcriptions [30] and a trigram larggia
S model was used for decoding.
V,,=1+U_ A U, a7)

Pjkmt = UL AL (e — GmZjr — bm) (18) A MFCC features

NOte that Using/\/(o,l) as a prior iS reasonable Since, after The ﬁrst set Of experiments used me' frequency Cep_
convergence, a nonzero mean can be accounted fds,hy stral coefficients (MFCCs) as features. We used the stan-
and the variance can be modified by rotating and scaling thgrd 39-dimensional MFCCs with first and second derivatives
matrix U,,. A similar form of posterior distribution can be(MFCC_0_A_AA). To take advantage of longer context in-

(14)

obtained forz;. formation, for the GMM and SGMM systems we have also
By settingdQ(U,,)/0U,, = 0 we obtain performed experiments using spliced MFQ@XCof differing
context window size, followed by a global LDA transformatio

U,, = Z%kmt(yt — Gzt — bu)ET [Xjkme] to rgd_uce the fgature dimensional_ity to be 40, and a global

Tt semi-tied covariance (STC) matrix transform |[31] to de-
1 correlate the features. The PLDA systems directly used the

. concatenated MFCCs with various size of context window,

X zk:%'kmtE [ kmt X jkmi] (19)  without de-correlation and dimensionality reduction.
gkt

Table[] shows the results of using a 33 hour subset of the
Similarly, the update for other parameters are as followstraining data, and the number of active model paranﬁatms
this case, there are about 2,400 clustered triphone statbs i
_ - GMM systems, corresponding to about 30,000 Gaussians. The
jzk;%’“ iyt gkmt JE 2] PLDA and SGMM systems have a similar number of clustered
-1 Ihttps:/icatalog.ldc.upenn.edu

T Zhttp://kaldi.sourceforge.net
X et E | Zin25 20 P 9
_Z Vikmt [ Ik Jk] ( ) SFor PLDA systems, a component is considered active if itgjltes above
gkt a threshold (0.01 in this work).
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TABLE |
WER (%)USING 33 HOURS SWITCHBOARD TRAINING DATA, WITH DIFFERENT FEATURE DIMENSIONS AND DIFFERENT NUMBER OF BTIVE MODEL

PARAMETERS
System Feature Feature dim  #State-dependent parameters  #Sdaefdent parameters CHM SWB  Avg
GMM MFCC_0+A+AA 39 2.40 x 10° - 540 36.6 454
GMM MFCC_0(+2)+LDA_STC 40 2.43 x 10 - 54.4 344 437
GMM MFCC_0(+3)+LDA_STC 40 2.43 x 10 - 50.6 335 422
GMM MFCC_0(4)+LDA_STC 40 2.43 x 108 - 50.7 333 421
GMM MFCC_0(+5)+LDA_STC 40 2.43 x 108 - 509 341 424
SGMM MFCC_0+A+AA 39 0.8 x 10° 0.97 x 10° 485 314 401
SGMM MFCC_0(+2)+LDA_STC 40 0.8 x 106 0.99 x 10° 457  30.0 380
SGMM MFCC_0(+3)+LDA_STC 40 0.8 x 106 0.99 x 10° 451 297 375
SGMM MFCC_0(4)+LDA_STC 40 0.8 x 106 0.99 x 10° 451 293 374
SGMM MFCC_0(+5)+LDA_STC 40 0.8 x 109 0.99 x 10° 457 295 377
mix-PLDA | MFCC_0 (£2) 65 2.34 x 10° 2.11 x 10° 51.4 331 423
mix-PLDA | MFCC_0 (£3) 91 2.22 x 108 2.94 x 108 49.5 324 411
mix-PLDA | MFCC_0 (+4) 117 2.16 x 10 3.78 x 10° 49.3 315 406
mix-PLDA | MFCC_0 (4+5) 143 2.12 x 108 4.61 x 10° 49.7 332 416
tied-PLDA | MFCC_0 (£2) 65 0.86 x 10° 2.11 x 10° 48.6 319 404
tied-PLDA | MFCC_0 (£3) 91 0.86 x 10° 2.94 x 108 47.9 31.0 395
tied-PLDA | MFCC_0 (+4) 117 0.86 x 10° 3.78 x 10° 47.5 312 394
tied-PLDA | MFCC_0 (£5) 143 0.86 x 10° 4.61 x 10° 48.7 322 406
tied-PLDA | MFCC_0(+3)+LDA_STC 40 0.85 x 10° 1.61 x 10 457 295 377

TABLE Il . . . . . .
WER (%) USING 33 AND 109 HOURS SWITCHBOARD TRAINING DATA feature input — while reducing the size of the fifth hidden

layer to be 26. Using a larger bottleneck layer was not
found to be helpful[[I9]. We concatenated the bottleneck and

System Feature 33 hours 109 hours 1
CHM SwB CcHM swB MFCC_0+A+AA coefficients (referred as BMFCC), and
EE'Nh hg’bdfid m"zgg-gﬁﬁﬁ Eig 2‘31-3 gg-g ggf; 35? then used them to retrain our GMM and PLDA systems. We
ybri > 0+A+ . . . . . . .

N MECC 0+ATAA 70 366 289 310 Used LDA to reduce the dimensionality of the concatenated
GMM MFCC_0(+3)+LDA_STC 50.6 335 449 280 featuresfrom 65 to be 40 followed by STC to de-correlate the
gmm SH_MEgS LA STC i‘ég 3(;-3 gg-; ggi features for GMM and SGMM systems. Without the front-end

- + . . . . . .
SGMM BN_MFCC + LDA STC 417 267 362 217 feature transforms, the PLDA_ systems were aple to achieve
mix-PLDA | BN_MFCC 226 271 359 216 comparable or higher recognition accuracy by directly gapt
tied-PLDA | BN_MFCC 417 268 351 214 ing the correlations between MFCCs and bottleneck features

in subspaces. Again, the results demonstrate the fleyiloifit

PLDA acoustic models in terms of using input feature vectors
triphone states, and a 400-component background modebfsyarying dimension.

used for each. The state vector of SGMMs and latent variables
of PLDA are all 40-dimensional. We used 20,000 sub-state V. CONCLUSIONS
vectors and state variables in the SGMM and tied PLDA Byilding upon our previous work on acoustic modelling

systems, respectively. These results demonstrate theifigxi ysing the PLDA mixture model, we have presented a tied
of PLDA systems in using different dimensional acoustip| DA based acoustic model, which is more scalable to the
features, i.e. the spliced MFCG without any frontend feature agmount of training data. Experiments show that this model
transformations. Tied PLDA systems also offer consisyenttan achieve higher recognition accuracy while still emayi
lower WERs than their counterparts based on the PLDAe flexibility of using acoustic features of various dimiens
mixture model. Using the same low dimensional features g§ the PLDA mixture model. Other types of acoustic fea-
MFCC_0(+3)+LDA_STC, the tied PLDA system achievedyre representations can be more freely explored using this
comparable recognition accuracy to SGMMs. This system dgoustic model. Along this line, we have demonstrated that
better thantied PLDA systems using spliced MFCQ of the bottleneck feature from a DNN can used without any
various context windows, which means that removing the nofiont-end feature transformation for dimensionality retion
discriminative dimensions in feature space is still benm@fto  gnd de-correlation. Future works include speaker adaptati

tied PLDAs. and discriminative training for this model, and moreovee, w
are also interested in learning speech representations in a
B. Bottleneck features unsupervised fashion using a deep auto-encoder for thigimod

Table[l shows the WERs of DNN and bottleneck systemEhe source code and recipe used in this work are available
using 33 hours and 109 hours of training data, respectivelfem [http://homepages.inf.ed.ac.uk/llu/code/pldatya..
The DNN system has six hidden layers, each with 1024 hidden
units when using 33 hours of training data. The number of
hidden units is increased to be 1200 when the amount &f Steven Davis and Paul Mermelstein, “Comparison of patim rep-
training data is 109 hours.The bottleneck DNN system (BN resentations for monosyllabic word recognition in continsly spoken

: o ) sentences,Acoustics, Speech and Signal Processing, | EEE Transactions
hybrid) used the same training data and the same kind of on, vol. 28, no. 4, pp. 357-366, 1980.
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