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Phoneme Classification in High-Dimensional Linear Feature
Domains
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Abstract—Phoneme classification is investigated for linear feature
domains with the aim of improving robustness to additive nase. In
linear feature domains noise adaptation is exact, potentlly leading to
more accurate classification than representations involvig non-linear
processing and dimensionality reduction. A generative frenework is
developed for isolated phoneme classification using linedeatures. Initial
results are shown for representations consisting of concabhated frames
from the centre of the phoneme, each containing’ frames. As phonemes
have variable duration, no single f is optimal for all phonemes, therefore
an average is taken over models with a range of values of. Results
are further improved by including information from the enti re phoneme
and transitions. In the presence of additive noise, classifation in this
framework performs better than an analogous PLP classifier,adapted
to noise using cepstral mean and variance normalisation, bewv 18dB
SNR. Finally we propose classification using a combinationfcacoustic
waveform and PLP log-likelihoods. The combined classifier grforms
uniformly better than either of the individual classifiers across all noise
levels.

Index Terms—phoneme classification, speech recognition, robustness,

additive noise

I. INTRODUCTION

TUDIES have shown that automatic speech recognition (AS

ystems still lack performance when compared to humamegsse
in adverse conditions that involve additive noisé [1], [[&]. Such

Sheikhzadeh and Den@![7] apply hidden filter models direothy
acoustic waveforms, avoiding artificial frame boundaried #ere-
fore allowing better modelling of short duration eventseylconsider
consonant-vowel classification and illustrate the impuaréaof power
normalisation in the waveform domain, although a full inmpénta-
tion of the method and tests on benchmark tasks like TIMITaieno
be explored. Mesot and Barbéi [8] later proposed the use ibéEwg
linear dynamical systems (SLDS), again explicitly moaglspeech
as a time series. The SLDS approach exhibited significargly b
ter performance at recognising spoken digits in additiveisSen
noise when compared to standard hidden Markov models (HMMs)
however, it is computationally expensive even when appnate
inference techniques are used. Turner and Sahani propased u
modulation cascade processes to model natural sounddameatsly
on many time-scales [9], but the application of this appho&a
ASR remains to be explored. In this paper we do not directly us
the time series interpretation and impose no temporal w@ings on
the models. Instead, we investigate the effectivenesseohtioustic
waveform front-end for robust phoneme classification uskagissian
ﬁjixture models (GMMs), as those models are commonly used in
conjunction with HMMs for practical applications.

In Section[I] we show results of exploratory data analysisctvh

systems can improve performance in those conditions bygusiHrSt investigates non-linear structures in data sets fdrrbg re-

additional levels of language and context modelling. Hasvethis
contextual information will be most effective when the urigiag
phoneme sequence is sufficiently accurate. Hence, robustepie
recognition is a very important stage of ASR. Accordingliie t
front-end features must be selected carefully to ensuré tta

best phoneme sequence is predicted. In this paper we igaessti
the performance of front-end features, isolated from tHecefof

higher level context. Phoneme classification is commonkgdufer

this purpose.

We are particularly interested in linear feature domaies features
that are a linear function of the original acoustic wavefaignal.
In these domains, additive noise acts additively and caresgty
the noise adaptation for statistical models of speech date ke
performed exactly by a convolution of the densities. Thiseeat noise
adaptation in linear feature domains contrasts with theasin for
commonly used speech representations. For instance,retglehcy
cepstral coefficients (MFCC) and perceptual linear prémtictoeffi-
cients (PLP)[[4] both involve non-linear dimension redowtiwhich
makes exact noise adaptation very difficult in practice.rifeoto use
acoustic waveforms and realise the potential benefits oftexaise
adaptation, a modelling and classification framework isinegl, and
exploring the details of such a framework is one of the objestof
this paper.

Linear representations have been considered previouslgttogr
authors, including Poritz [ [5] and Ephraim and Roberts
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alisations of individual phonemes across many differergakprs.
Specifically we consider here phoneme segments of fixed idarat
The results suggest that the data may lie on non-linear widsif
of lower dimension than the linear dimension of the phoneme
segments. However, given that available training datanigtdid and
the estimated values of the non-linear dimension are stifitively
large, it is not possible to accurately characterise theifimids to the
point where they can be used to improve classification. Ifirpigary
experiments on a small subset of phonemes, we thereforeogmpl
standard GMM classifiers using full covariance matricesofoéd
by lower-rank approximations derived from probabilistiingipal
component analysis (PPCA) [10]. The latter can account ifear
manifold structures in the data. The results of these exyaris
show that acoustic waveforms have the potential to provateist
classification, but also that the high dimensional data @ dparse
even for mixtures of PPCA to be trained accurately.

Next, in SectionTll we develop these fixed duration segment
models using GMMs with diagonal covariance matrices. Tédkices
the number of parameters required to specify the modelfduyrt
beyond what can be achieved with PPCA. To make diagonal ieovar
ance matrices a good approximation requires a suitablegotial
transform of the acoustic waveforms. Among different tfamas
of this type that achieve an approximate decorrelation ofef@m
features we identify the discrete cosine transform (DCTthasmost

[GFffective. The exact noise adaptation method used in tHapnary

experiments extends immediately to the resulting DCT festuAs
there are no analogues of delta features for acoustic wamefove
instead consider longer duration segments so as to inchelsame
information used by the delta features. We find that the imiakry
conclusions about noise robustness of linear featuresimewzéid

for more realistic situations, including the standard TTMtest
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benchmark with additive pink noise.

In Sectio 1V we investigate the effect of the segment daratin
classification error. The findings show that no single sedrderation
is optimal for all phoneme classes, but by taking an average the
duration, the error rate can be significantly reduced. Tlstad issue

speakers, pronunciations, and instances. We want to detimSy,
can be modelled by a low-dimensional submanifoldi®f’?*, and if
such a submanifold could be characterised in a manner whichdw
facilitate accurate statistical modelling of the data. Wstfapplied a
number of intrinsic dimension estimation techniques toekiacted

of variable phoneme length is addressed by incorporatifogrimation setsSy. Principal component analysis (PCA) was the first method
from five sectors of the phoneme. When this frame averaginfj aconsidered, which assumes the data is contained in a linbapace.
sector sum are both implemented using a PARAA front-end, The dimension of the subspace can be estimated by requiratgtt
we obtain an error rate of 18.5% in quiet conditions, bettemt should contain most of the average phoneme energy and whiset t
any previously reported results using GMMs trained by maxim threshold at 90%. This PCA dimension estimate will be use@ as
likelihood. At all stages we consistently find that classifien using reference to compare with three methods for non-linear dgies
the PLPA+AA representation is most accurate in quiet conditiongstimation. In particular we investigate estimators dgved by Hein

with acoustic waveform being more robust to additive noiSe.
nally, we consider the combination of PLR+AA and acoustic
waveform classifiers to gain the benefit of both represemtatiThe
resulting combined classifier achieves excellent perfomaaslightly

et al. [17], Costa et all [18] and Takens [19] and applied therthe
phomeme class data.

Figure[d shows the result of dimension estimation for sixrgmes
from different consonant groups. The findings here agreé e

improving on the best PLRA+AA classifier to give 18.4% in quiet intuition that vowel-like phonemes should have a lower digien

conditions and being significantly more robust to additieésa than
existing methods.

Il. EXPLORATORY DATA ANALYSIS

Before constructing probabilistic models of high-dimemsil lin-
ear feature speech representations, let us first investigessible
lower dimensional structure in the phoneme classes. Supgpdsat
such structure exists and can be characterised then it beulded to
find better representations for speech, and to construat axmurate
probabilistic models. Many speech representations retheedimen-
sion of speech signals using non-linear processing, pr@miaxam-
ples being MFCC and PLP. Those methods do not directly irwatp
information about the structure of the phoneme class Higions
but instead model the properties of speech perception. lerare
initially interested in data-driven methods of dimensidgaeduction
as explored in[[11],[[12], including linear discriminantadysis [13]
(LDA), locally linear embedding[[14] (LLE) and Isomap_[13)ith
linear approaches like LDA, a projected feature space oficed

dimension could be defined that would preserve the benefita ol{

linear feature representation. However, LDA itself is neeful for
our case as the waveform distribution for each class hasmean
(see comments after equatidd (2)) so that LDA cannot disaeita
between classes. Non-linear methods are more powerfulf by

were used to reduce the dimension of the feature space theroth
linear mapping to the new features would make exact noisgtatilan
impossible (see Sectidn 1I-B3). Instead one would aim to fiod-

linear low dimensional structures in the phoneme distiing, and
exploit this information to build better models that remaiefined
in the original high dimensional space. This could includeu&sian
process latent variable modéls [16] (GP-LVM), which requas input
an estimate of the dimension of the non-linear feature spaed! be

shown below that although intrinsic dimension estimategest that
low dimensional structures exist in the phoneme distringj there

is insufficient data to adequately sample them in a mannectwhi

would be practical for automatic speech recognition pugpos

A. Finding Non-linear Structures

Starting with the acoustic waveform representation, wetwan
explore if the phoneme class distributions can be apprasichay
low dimension manifolds. In particular, given a phonemessla,

than the fricatives. A typical dimension for a semivowel onasal
phoneme, given these estimates, would be around 10; theofase
/m/ is shown in Figure(]l. For fricatives like /f/, the dimemsi
is much higher. Given that the non-linear dimension estsatre
mostly consistent and significantly lower than the PCA esten we
conclude that the phoneme distributions can be modelledvasri
dimensional non-linear manifolds.

A number of techniques have recently been developed to fickl su
non-linear manifold structures in dafa [20]. After an esiga study
of the benefits and limitations of these methods, Isomap fif
LLE [14][21] were selected for application to the phonem¢adat.
They were considered especially suitable for the task Igasinc-
cessfully found low-dimensional structure in images of lannfiaces
and handwritten digits in other studies. As explained apaitbough
the methods can find structure, there is no straightforwaagt o
apply noise adaptation if we were to use non-linearly reddeature
sets. We would therefore seek to identify the non-lineaucstires,
and exploit them to constrain density models on the origlimear
eature space. As we now show, however, the dimensions afdhe
inear structures in our case are still too high for them tddzened
accurately with the available quantity of data.

Isomap is a method for finding a lower dimensional approxiomat
of a dataset using geodesic distance estimates. Our indtlaparison
with PCA output showed that for a given embedding dimenshan t
approximation provided by Isomap was better in terms of e

error [15] for our data. As in PCA we look for a step change in

the spectrum of an appropriate Gram matrix to find the dintensi
estimate. However, this was not possible for the phonema dst
the spectra of the Gram matrices were smooth for all phoneWes
found similar results for LLE and suspected that in both sabe
cause was undersampling of the manifold.

These findings motivated the study of an artificial problem, t
estimate how much data might be required to sufficiently samp
the phoneme manifolds. The simple example of uniform pribibab
distributions over hyperspheres with a given dimension was-
sidered. A smooth histogram of pairwise distances amonglegin
points, in accordance with the theoretically expected fothen
indicates a sufficient sampling of the uniform target disttion,
whereas strong peaks — resulting from the fact that randatore
in high dimensional spaces are typically orthogonal to eaitter
— suggest undersampling. Initially, when we set the dinmnsf

we form a set,Si, of fixed length-segments extracted from thehe hypersphere to be comparable to that of the phoneme sdiomen
centre of each realisation of the phoneme in a database ahetiscestimates, and used a similar number of data poiatd({00), such

to fixed vector norm. We us&024-sample segments, correspondingeaks in the distance histograms were indeed present. Wheen t
to 64ms at al6kHz sampling rate, from the TIMIT databas§, dimension of the hypersphere was reduced to five, the peaks we
thus captures all the variability of the phoneme due to cbfié smoothed out, suggesting that this five-dimensional mkhifeas
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Fig. 1. Intrinsic dimension estimates of example phoneme cla3s$eslegend
indicates the method of estimation. PCA estimates areedlaising the right
hand scale

sufficiently sampled with a number of data points similar be t
number of phoneme examples per class.

In summary, the findings of the experiments suggest thateiéclp
data manifolds exist in the acoustic waveform domain they tre
under-sampled because of their relatively high intrindimehsion.

The number of required data points, could be expected to vary

exponentially with the intrinsic dimensiong, i.e.n ~ a? for some
constantx. In the hypersphere experimenisvas approximately four,
consequently the estimated quantity of data required thcmirftly
sample a phoneme manifold with~ 10. .. 60 would be unrealistic,
particularly at the upper end of this range. Given that the-daiven
dimensionality reduction methods we have explored are raattigal
for the task considered, we now turn to more generic densigais
for the problem of phoneme classification in the presencalditiae
noise. In particular we will construct generative classifia the high-
dimensional space which do not attempt to exploit any sulifizidn
structure directly. We will see that approximations areuregfl, again
due to the sparseness of the data, but also because of coimpaita
constraints.

B. Generative Classification
Generative classifiers use probability density estimajgs;),

model. For the case af mixture components this function has the
form:

U e
= emE |z
wherew;, u; and X, are the weight, mean vector and covariance
matrix of the i*® mixture component respectively. In the case of
acoustic waveforms we additionally impose a zero mean rainst
for models as a waveform will be perceived the same asc. With
this constraint the corresponding models represent atirindtion
about the phoneme distributions in the covariance matried
component weights.

2) Probabilistic Principal Component Analysi$n the preliminary
experiments, we initially modelled the phoneme class diessiising
GMMs with full covariance matrices. However, it was not pbks
to accurately fit models with more than two components in tigh h
dimensional space of acoustic waveforms, whére 1024. Instead
we considered using density estimates derived from migtaf@rob-
abilistic principal component analysis (MPPCA)_[10]. Thethod
has a dimensionality reduction interpretation and progdac€aussian
mixture model where the covariance matrix of each compoi®nt
regularised by replacement with a raglkapproximation:

S =7 I+ WW7T

p[- 3@ —m) = -] @

@)

Here thei™ column of thed x ¢ matrix W is given asv/\;v;
corresponding to the*" eigenvalue,\;, and eigenvectorp;, of
the empirical covariance matrix, with the eigenvalues regea in
descending order. The regularisation parameteis then taken as
the mean of the remaining — ¢ eigenvalues:

h

(4)

3) Noise Adaptation:The primary concern of this paper is to
investigate the performance of the trained classifiers éenpilesence
of additive Gaussian noise. Generative classification isiqudarly
suited for robust classification as the estimated densitdatsocan
capture the distribution of the noise corrupted phonemegh@ noise
is additive in the acoustic waveform domain, signal andeaiwdels
can be specified separately and then combined exactly bykdion.

In the experiments of this section, phoneme data is norathbd the
phoneme segment level with the SNR being specified relativae
segment rather than the whole sentence. This is clearlyalistie as
the mean energy of phonemes differs significantly betweassels.
However, it does provide a situation where each phonemes clas

learned for each class of the training data. The predictedscl is affected by the same local SNR. We can also think of this
of a test point,z, is determined as the clags with the greatest geometrically: for each phoneme class, the class density is
likelihood evaluated at. Typically the log-likelihood is used for the blurred in the same way by convolution with an isotropic Gaars

calculation; we denote the log-likelihood ofby £(x) = log(p(z)).
Classification is performed using the following function:

Al (z) = arg , max L5 (z) + log(mk)

()

yeeey

where x can be predicted as belonging to one f classes. The
inclusion above ofry, the prior probability of clasg, means that
we are effectively maximising the log-posterior probdbilof class
k given x.

1) Gaussian Mixture ModelsWithout assuming any additional

prior knowledge about the phoneme distributions we use Sas

mixture models (GMMs) to model phoneme densities. The nsodel

are trained using the expectation maximisation (EM) atbari to
maximise the likelihood of the training data for the relevahoneme
class. The training algorithm determines suitable pararador the
probability density functionp : R¢ — R, of a Gaussian mixture

of variance set by the SNR. The effect of the noise on claasiiic
then indirectly provides information on how well separatkffierent
phoneme classes are in the space of acoustic waveforifise white
Gaussian noise model results in a covariance matrix thairaléple
of the identity matrix 21, wheres? is the noise variance. We assume
throughout that this is known, as it can be estimated rslidoking
periods without speech activity or using other techniq223.[Hence
the noise adaptation for the acoustic waveform repregentit given
by replacing each covariance matix with 3 (o2):

< 2 X400

X(07) = 15 % ®)
Speech waveforms are normalised to unit energy per sam@arlC
some normalisation of this type is needed to avoid adverfeetsf
of irrelevant differences in speaker volume on classificafperfor-
mance, an issue that has been carefully studied in previous [#].



The normalisation leads in the density models to covarianatices 90

3% with traced, the dimension of the data. Adding the noise as in the

numerator of the equation above would give an average erpEgy I 1

sample ofl +o2. We also normalise noisy speech to unit energy pe 70- |

sample, and hence rescale the adapted covariance matilixHoy?

as indicated above. 60 1
There is no exact method for combining models of the traigiaign

with noise models in the case of MFCC and PLP features, a® the & 50 1

representations involve non-linear transforms of the f@ve data. 8

Parallel model combination as proposed by Gales and YduBgig2 “ 40 |

an approximate approach for MFCC. A commonly used altereati 3| |

method for adapting probabilistic models to additive nésseepstral —O= Quiet

mean and variance normalisation (CMVN) [24], and we will sicler 20 i ggg 1

this method in subsequent sections. At this exploratorgestave —% —6dB

study instead the matched condition scenario, where tgiind 101 —A—-12dB )

testing noise conditions are the same and a separate @agsifi —v—-18dB] ‘ ‘

trained for each noise condition. In practice it would beficlifit -18 -12 -6 0 6 Quiet

Test SNR [dB]

and computationally expensive to have a distinct classifieevery

noise condition, in particular if noise of varying spectsilape is
included in the test conditions. Matched conditions areertéeless
useful in our exploratory classification experiments: bseatraining

data comes directly from the desired noisy speech distoibut
then assuming enough data is available to estimate classtiden
accurately this approach provides the optimal baselineafionoise

adaptation methods$ [23].[25].

C. Results of Exploratory Classification in PLP and Acoustiave-
form Domains

Fig. 2. Error of PLP classifiers as a function of test SNR. Each cubasvs
the error of the classifier trained at the SNR indicated bycthee marker. The
curves show the sensitivity of PLP classifiers when therenigsaatch between
training and testing noise conditions. In particular ttesslfiers trained at 0dB
and 6dB performs much worse when the test noise level is Idhen the
training level.

in R>2. The data was then standardised prior to training so thét eac
of the 52 features had zero mean and unit variance acrosstine e
training set that was considered. We discuss variants effdature

In the exploratory study we consider only realisations of sistandardisation in Secti¢n IM-A3.

phonemes (/b/, /I, Im/, Irl, It/, Iz/) that were extractezhf the TIMIT
database[[26]. This set includes examples from fricativesals,

The PLP phoneme distributions were modelled using a single
component PPCA mixture with a principal dimension of 40, i.e

semivowels and voiced and unvoiced stops. These classealgroc = 1 and ¢ = 40; we experimented with other values but these

pairwise discrimination tasks of a varying level of diffiul For
example /b/ vs. /t/ is a more challenging discriminationnthie/
vs. /z/. The phoneme examples are represented by the dehtre
segment of the acoustic waveform correspondingl@®4 samples

parameters gave the best results. Figure 2 shows the tedisrés
classifiers trained on data corrupted at the different nieigels. Each
of the curves thus represents a different training SNR. d¢taar that
PLP classifiers are highly sensitive to mismatch betweenitgand

at 16kHz. Additionally the stops, /b/ and /t/ are aligned at théesting noise conditions. For example, when conditionsnaatched

release point as prescribed by the given TIMIT segmentafidre
data vectors are then normalised to have squared norm emtiaé t
dimension of the segment corresponding to unit energy papkaas
explained above. These initial experiments focus only @ndintre
of the phonemes to investigate the effectiveness of noiaptation.
As is well known, discrimination can be improved by considgr
the information provided by the transitions from one phoasnto

at 6dB SNR, the error is very low at 2.8%. However, if the same
classifier is tested in quiet conditions this value increasgnificantly,
to 53.7%. The analogous plot for waveform classifiers is shaw
Figure[3, where the phoneme classes were modelled avitht and
q = 500.

Acoustic waveform classifiers are less sensitive to mismate-
tween the assumed noise level to which they were adapted (B)n

the next. We will explore this in Sectidn 1V and see that it sloeand the true testing conditions. Taking the classifier ssthjpd 6dB

indeed significantly help classification.

Each phoneme class consists of approximaf&l§0 representa-
tives, of which 80% were used for training and 20% for testifige
classification error bars, where indicated, were deriveddmsidering
five different such splits and give an indication of the siigaince of
any differences in the accuracy of classifiers. A range of SM&s
chosen to explore classification errors all the way to chdacel,
i.e. 83.3% in the case of six classes. In total this gave sitirig and
training conditions;—18dB, —12dB, —6dB, 0dB, 6dB and quiet.
At this exploratory stage only white Gaussian noise is atersid.

SNR as an example, we see that if assumed and true testinijicnad
are matched the error is 5.1% and when testing in quiet, itiesn
as low as 8.4%. Although the error for matched conditionsigbér
than that of PLP at this noise level, the increase due to mdma
drastically reduced.

We next consider the scenario where the true testing conditi
are matched to those the models were trained in (PLP) or ediapt
to (waveforms). This is equivalent to taking the lower eopels of
Figures[2 and]3. In this case PLP gives a lower error rate than
waveforms above 0dB SNR, while the opposite is true below thi

We use the same number of examples from each class, thusithe pralue. These results suggest that we should seek to combae t
probabilitiesr;, are all equal td /6 and have no effect on predictionsclassification strengths of each representation, spdbffittee high

according to[{lL).

accuracy of PLP classifiers at high SNRs and the robustness of

For comparison the default ¥2order PLP cepstra were computedacoustic waveform classifiers at all noise levels. ldeatiis twill
for the 64ms segments. A sliding 25ms Hamming window was useelsult in a single combined classifier that only needs to amed

with an overlap of 15ms leading to four frames of 13 coeffitsda7].

in quiet conditions and can be easily adapted to a range @&fenoi

These four frames were concatenated to give a PLP représentaconditions. To investigate this concept we consider théofohg
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Fig. 3. Error of acoustic waveform classifiers as a function of t#¢RSThe Fig. 4. Performance of the combined classifier when PLP modelsiainder

curve marker indicates the assumed SNR to which the clasgifie adapted matched conditions are used. The combined classifier ioumly at least as

using [(3). The error rate is less sensitive to mismatch betviiee assumed and accurate as those it is derived from and gives significantangment around

the true SNR when compared to the curves in Figlire 2. —6dB SNR. Inset: Comparison with the combined classifier &aionly in
quiet conditions.

convex combination of the two log-likelihoods with eachntelbeing - )
normalised by the relevant representation dimension. £, (z) classifier has uniformly lower error rate across the full garof
and Lyave(z) be the log-likelinoods of a phoneme class, then thise conditions. In particular, around6dB SNR the combination

combined log-likelinoodC., () parameterised by is given as: performs significantly better than either of the underlyatassifiers.
This is interesting because it means that the combinatitieees
1-aw) !

Lao(z) = Low(@) + r (@) ©) more than a hard switch between PLP and waveform classifieitd.c
YT oy plp dyave V¢ The inset shows a comparison of combined classifiers imgl#ALP
where dpy, = 52 and duave = 1024 are the dimensions of the trained in matched conditions and PLP trained in quiet araptsdl

PLP and acoustic waveform representations, respectiwaywould using CMVN respectively. These two approaches to PLP ngini

expecta to be almost zero for high SNRs and close to one for Ioﬁhohmfj represent th(;e extre(;nehs ofg&r{;)’\rlmance, V\('j'th nlt_)la!atatjdon
SNRs in order to give the desired improvement in accuraay, use techniques more advanced than expected to lie in betwee

this information to fit a combination function,(c?). A suitable range Encograglngly,. the inset to Flgu@ 4 shows that by an apptepr
of possible values ofy was identified at each noise level from thecomblnatlon with waveform.clas:f,lflers. the perfprmance gawben
condition that the error rate is no more than 2% above the éoro _havmg only PLP _mOdd.s‘ trained n quiet conditions and ttasieed
the besta. This range is broad, so the particular form of the fitted" matched conditions is dramatically reduced.
combination function is not critical [28]. We choose theldaling
sigmoid function with two parameters? and j: D. Conclusions of Exploratory Data Analysis
The exploratory data analysis shows that acoustic wavefteissi-
(7) fiers, which can be exactly adapted to noise when the noisditamms
are known, are also more robust to mismatch between assunded a
A fit through the numerically determined suitable rangesxahen true testing conditions. The combined classifier retaimsabcuracy
givesog = 11dB, 8 = 0.3. We also consider combinations involvingof PLP in quiet conditions whilst simultaneously providirtge
PLP classifiers trained in quiet conditions and adapted tgenasing robustness of acoustic waveforms in the presence of naiserder
CMVN, where a similar fit givesrZ = 11dB, 8 = 0.7. to confirm these conclusions a more realistic test is reduifes
The above combination inJ(6) is equivalent to using multiplelescribed above, we also found that the best model fits weeénell
streams of features, one consisting of the waveform andttrer of with only a small number of mixture components, whether gisin
the PLP features derived from the same waveform segmend fdat full covariance matrices or more restricted density modelghe
sion at the feature level that concatenates the vectorsabirfes from form of MPPCA. In both cases too many model parameters are
each source would be an alternative method of combining wee trequired to specify each mixture component, meaning thatumas
representations. However, such a method would not be gifiatthe  with many components cannot be learned reliably from lichideta.
combination of PLP and acoustic waveforms, predominarglyabbse In the next section, the issue of parameter count reductitinbes
the contribution to the resulting likelihood from each megentation even more acute as many of the phoneme classes have even fewer
is approximately proportional to the feature space dineemdHence examples than those considered so far. The problem will deeaded
the likelihood contribution from the acoustic waveform toam of the by using diagonal covariance matrices in the GMMs, with th&ad
fused vector would dominate. appropriately rotated into a basis which approximatelyodetates
Figure[4 shows the result of the combination, when the aousthe data. Additionally the SNRs will be specified at sentelevel
waveform classifiers are trained in quiet conditions anad th@apted which can cause local SNR mismatch and will provide a more
to noise according td_[5), while the PLP classifiers are éhinnder challenging test of the robustness of the classifiers. Wé aldio
matched conditions. We see in the main plot that the combin@westigate the length of the segments used to represephtiremes.

1

2
e



This is particularly relevant when comparing the acoustawveform effectively a mixture of mixtured [30]. We start from a seilen of
classifiers to those of PLRA+AA as the deltas use informationmodels parameterised by the number of componentahich takes
from neighbouring frames. It will be shown that by optimiithe values inC = {1, 2,4, 8, 16, 32, 64, 128} or subsets of it. The entries
numbers of frames for each representation we get a simifeefibdor  in this set are uniformly distributed on a log scale to giveoadjrange
phoneme classification as when using deltas. Finally we stilw of model complexity without including too many of the comple
the effect of including information from the whole phonenaher models. We compute the model average log-likelihdetix) as:

than just the frames from the centre.
M(z) =log( > ucexp(Le(z))) ©)

Il1. FIXED DURATION REPRESENTATION WITHREFINED MODELS cec

In this section we consider how to enhance the generativeelodwith the model weightsic = ; and L. (x) being the log-likelihood
so that they can deal with more realistic classification sagkll of = given thec-component model.
previous experiments are now repeated on the standard TIMITAlternatively the mixture weights allocated to each modedild
benchmark [[29] with noise added so that the SNR is specified k@ determined from the posterior densities of the models on a
sentence level. This means that the local SNR of the phoneigvelopment set to give a class dependent weighting, i.e.
segments can differ significantly from the sentence levielezarhere
: o : 2zep P(Le(2))
is a large variation in the size of the phoneme classes hémse t Ue =
relative frequencies have a greater effect as the priofJ)n \(de 2iace Laep XP(La(@))
also consider model averaging, which removes the need &mtsewhere D is a development set. Preliminary experiments suggested

(10)

the number of components in mixture models. that using those posterior weights only gives a slight inapnoent
over [9). We therefore adopt those uniform weighis & ﬁ) for
A. Model Refinements all results shown in this paper.

3) Noise adaptation for sentence-normalised da#ow we con-
sider the more realistic case where the SNR is only known at
sentence-level. All sentences will therefore be norméltsehave unit
energy per sample in quiet and noisy conditions. Differdminemes
within these sentences can have higher or lower energiesflasted
in the density models by covarian& with trace above or below,
whered is the dimension of the feature vectors. The relative energy
of each phoneme class, which we had discarded in Sdciiohdac
thus be used during classification. The adaptation to ncisethe
same form as in({5):

1) Diagonal Covariance MatricesiWe observed in the preliminary
exploration that even PPCA requires an excessive numbearafip
eters compared to the quantity of available data. Hence, GMfth
diagonal covariance matrices are used for all followingegipents.
This is a common modelling approximation when training data
sparse. Diagonal covariances matrices will be a good appetion
provided the data is presented in a basis where correlatietvgeen
features are weak. For the acoustic waveform represenjdtics is
clearly not the case on account of the strong temporal atioels in
speech waveforms. We therefore systematically investibeandidate
low-correlation bases derived from PCA, wavelet transforamnd - D + 02N
DCTs. Although the optimal basis for decorrelation on trening D(o%) = 1402

set is indeed formed by the phoneme-specific principal corents, where N is the covariance matrix of the noise transformed @y

we found that the lowest test error is in fact achieved W'th QTD normalised to have traaé For white noiseN is the identity matrix,
basis. The densnlty model used for the phoneme classes icdbstic otherwise it is estimated empirically from noise samplaggéneral a
waveform domain now becomes: full covariance matrix will be required to specify the nosteucture.
However, with a suitable choice & the resultingN will be close
to diagonal, and indeed whdt is a segmented DCT we find this to
be true in our experiments with pink noise. To avoid the digant
(8) computational overheads of introducing non-diagonal itedr we

where w;, u; and D; are the weight, mean vector and diagonalherefore retain only the diagonal elementsNf The normalisation
covariance matrix of the*® mixture component respectivelfC is by 1+c? arises as before: on average, a clean sentence to which noise
an orthogonal transformation selected to decorrelate #te @t least has been added has energy- o2 per sample and the normalisation
approximately. In the case of acoustic waveforms we ch@se be to unit energy of both clean and noisy data requires dividatig
a DCT matrix, as explained above. Preliminary experimehtsved covariances by this factor. In contrast to our exploratoydsg in
that, instead of performing a single DCT on an entire phonen&ection[ll, and because of the varying local SNR, the tra¢eB o
segment, it is advantageous to separate DCTs in non-opantppub- andD are then no longer necessarily equal.
segments of length 10ms, mirroring (except for the lack artaps) We now consider noise compensation techniques for MFCC and
the frame decomposition of MFCC and PLP. For a sampling rafLP features. As mentioned above, cepstral mean and varizore
of 16kHz as in our data, the transformation mati€ixis then block malisation (CMVN)[24] is an approach commonly used in pcEcto
diagonal consisting 060 x 160 DCT blocks. For the MFCC and compensate noise corrupted features. This method recpstesates
PLP representations we choo€tto be the identity matrix as they of the mean and variance of the features, usually calcukgatence-
already involve some form of DCT and the features are appratély wise on the test data or with a moving average over a simitae ti
decorrelated. window. We take this to be a realistic baseline. Alterndyivihe

2) Model Averagein general, more variability of the training datarequired statistics can be estimated from a training sethths been
can be captured with an increased number of mixture compenercorrupted by the same type and level of noise as used in gestin
however, if too many components are used over-fitting wikuwc (For large data sets, these statistics should be essgntiallsame
The best compromise is usually located by cross validatisingu as on the noisy test set, barring systematic effects fromdéffgrent
the classification error on a development set. The resultdggle training and test speakers.) Clearly both approaches havi. iRor
value for the number of components required. We use an atteen example, sentence level CMVN requires no direct knowledgie
approach and take the model average over the number of cemison test conditions, and can remove speaker specific variatmm the

(11)
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Fig. 5. Comparison of sentence level cepstral mean and varianoeafieation
(dashed) and training set (solid) standardisation for RidPRLP-A+AA.

data. The estimates will be less accurate and as a conseqgitéac
difficult to standardise all components in long feature eexbbtained
by concatenating frames; instead, we standardise framedmef
Using a noisy training set for CMVN requires that the testditions
are known so that either data can be collected or generatégfioing
under the same conditions. The feature means and variamces
be obtained accurately, and in particular we can standaidisger
feature vectors. However, as the same standardisatioreds fos all
sentences, any variation due to individual speakers witsipe

65 :

O Wavefc‘er

X MFCC

O PLP

+ MFCC+A+AA

O PLP+A+AA

— Individual models

- - Component average

Vi
25 L L L L L L Q
1 2 4 8 16 32 64
Number of Components
Fig. 6. Model averaging for acoustic waveforms, MFCC and PLP models

all trained and tested in quiet conditions. Solid: GMMs witbhmber of
components shown; dashed: average over models up to nufntmmponents
shown. The model average reduces the error rate in all cases.

overlap of 15ms. We also include now in our comparisons MFCC
features. Standard implementations|[27] of MFCC and PLPh wit
default parameter values are used to produce a 13-dimethseaiure
yector from each time frame. The inclusion &f + AA increases
the dimension to 39.

Our exploratory results in Sectiéd Il gave successful diassion
for acoustic waveforms using a 64ms window. For the MFCC and

A comparison of the two standardisation techniques is shimvn PLP representations, we therefore consider the five frartusest

Figure[®. Curves are displayed for both methods, using Phfuirfes

to the centre of each phoneme, covering 65ms, and concatenat

with and without A+AA. Standardisation on the noisy training setheir feature vectors. Results are shown for the represiensawith

gives lower error rates both in quiet conditions and in nofsnce
all results for CMVN given below use this method.

B. Experimental setup

and those withoutA + AA , giving feature vector dimensions of
5x 39 = 195 and5 x 13 = 65, respectively. The acoustic waveform
representation is obtained by dividing each sentence irgeqaence
of 10ms non-overlapping frames, and then taking the sewemds
(70ms) closest to the centre of each phoneme, resulting ib28-1

Realisations of phonemes were extracted from the Sl and Snensional feature vector. Each frame is individually gessed
sentences of the TIMIT[[26] database. The training set st&siusing the 160-point DCT. We present results for white and pinise
of 3,696 sentences sampled at 16kHz. Noisy data is genebgtedand will see that the approximation using diagonal covagsai in
applying additive Gaussian noise at nine SNRs. Recall that tthe DCT basis is sufficient to give good performance. The thpa
SNRs were set at the sentence level, therefore the local SNRop the number of frames included in the MFCC, PLP and acoustic

the individual phonemes may differ significantly from the galue,
causing mismatch in the classifiers. In total ten testing taaithing
conditions were run—18dB to 30dB in 6dB increments and quiet
(Q). Following the extraction of the phonemes there are al toft
140,225 phoneme realisations. The glottal closures arewethand
the remaining classes are then combined into 48 groups ordaxece
with [29], [31]. Even after this combination some of the iitsg
groups have too few realisations. The smallest groups vethef
than 1,500 realisations were increased in size by the addibf
temporally shifted versions of the data. i.eziis an example in one
of the small training classes then the phoneme segmentactedr
from positions shifted byk —100, —75, =50, ..., 75, 100
samples were also included for training. This increase & size
of the smaller training classes ensures that the trainiogguiure is
stable. For the purposes of calculating error rates, somesmmilar
phoneme groups are further regarded as identical, reguitin39
groups of effectively distinguishable phonemes [29]. Pe&dires are
obtained in the standard manner from frames of width 25mt ai
shift of 10ms between neighbouring frames and correspghdian

waveform representations is investigated in the next @ecti

C. Results

Gaussian mixture models were trained with up to 64 compo-
nents for all representations. We comment briefly on the ltesu
for individual mixtures, i.e. with a fixed number of compoten
Typically performance on quiet data improved with the numbe
components, although this has significant cost for bothnitmgi and
testing. The optimal number of components for MFCC and PLP
models in quiet conditions was 64, the maximum considered. he
However, in the presence of noise the lowest error rates algened
with few components; typically there was no improvementdely
four components.

As explained in Section II[-A2, rather than working with nedsl
with fixed numbers of components, we average over models, i.e
over the number of mixture components, in all the resultonepl
below. Figurd b shows that the improvement obtained by thiguiet
conditions is approximately 2% for both acoustic wavefoemd PLP



100

with a small improvement seen for MFCC also. The model awerag
similarly improved results in noise and this will be disceggurther @\
in the next section. 90r
80
One set of key results comparing the error rates in noise fc
phoneme classification in the three domains is shown in Eiglr 70k
The MFCC and PLP classifiers are adapted to noise using CMVI‘O\?
This method is comparable with the adapted waveform models i'J" go-
it only relies on the models trained in quiet conditions. Theve 5
for acoustic waveforms is for models trained in quiet candié and 501
then adapted to the appropriate noise level using (11). @omp
waveforms first to MFCC and PLP withouk+AA, we see that in 401 “©—Waveform
quiet conditions the PLP representation gives the lowastr.efhe —=MFCC
error rates for MFCC and PLP are significantly worse in thesg@nee 30H ill\j/III_ZPCC+ A+OA
of noise, however, with acoustic waveforms giving an akisolu —O- PLP+A+AA
reduction in error at 0dB SNR of 40.6% and 41.9% compared t 05 % 0 e 12 18 2 a0 Q

MFCC and PLP respectively. These results strengthen the tbas
the adaptability of acoustic waveform models gives them finite

Test SNR [dB]

advantage in the presence of noise with the crossover poiuirong  Fig. 7. Comparison of adapted acoustic waveform classifiers witiCRagnd
above 30dB SNR. Curves are also shown for MEQGAA and PLP classifiers trained in quiet conditions adapted by feattandardisation.

. . . Il classifiers use the model average of mixtures up to 64 emapts. Dotted
PLP+A+AA. Again the same trend holds; performance is goo e indicates chance level at 93.5%. When the SNR is les2#@B, acoustic

in quiet conditions but quickly deteriorates as the SNR €&§es. waveforms are the significantly better representationh ait error rate below
The crossover point is around 24dB for both representati®he chance even at-18dB SNR. Dashed curves show results of eeHietining for
chance-level error rate of 93.5% can be seen below 0dB SNEéor corresponding MFCC and PLP representations.

MFCC and PLP representations without deltas and below 6dB SN

when deltas are included, whereas the acoustic waveforssifitx

performs significantly better than chance with an error of7%6 IV. SEGMENT DURATION, VARIABLE DURATION PHONEME
even at—18dB SNR. The dashed curves in Figlife 7 represent the MAPPING AND CLASSIFIER COMBINATION

error rates obtained for classifiers trained in matched itiond with A, Segment Duration

and withoutA+AA. The results show that the waveform classifier
compares favourably to MFCC and PLP below 24dB SNR when
deltas are appended. Includin§y+AA does reduce the error rates
significantly and the crossover then occurs between 0dB a3 6
SNR. It is these observations that mainly motivate our rthodels
development below: clearly we should aim to include infdiiora
similar to deltas in the waveform representation.

Ideally all relevant information should be retained by ohopeme
presentation, but as it is difficult to determine exactlyich infor-
mation is relevant we initially choose to talfeconsecutive frames
closest to the centre of each phoneme and concatenate thkitst W
the precise number of frames required for accurate classdit
could in principle be inferred from the statistics of the pbme
segment durations, we see in Table | that those durationomigt
vary significantly between classes but also that the standiariation

The same experiment was repeated using pink noise extriotad
the NOISEX-92 databask [32]. The results for both noisesypere
similar for the waveforms classifiers. For PLR+AA, adapted to
noise using CMVN, there is a larger difference between tlertaise

within each class is at least 24ms. Therefore no single hecan be
suitable for all classes. The determination of an optighdtom the
data statistics would be even more more complicated wherh A

are included, because these incorporate additional irgftbom about

types, with pink noise leading to lower errors. Nevertheléise better the dynamics of the signal outside tlfieframes.
performance is achieved by acoustic waveforms below 18dBR.SN Assuming that no single value gfwill be optimal for all phoneme
Results for GMM classification on the TIMIT benchmark in duieclasses we instead consider the sum of the mixture loghitetls

conditions have previously been reported[in| [31].] [33] véthors of A1, as defined in[{9) but now indexed by the number of frames
25.9% and 26.3% respectively. To ensure that our baselvadidwe used. The sum is taken over the sEtwhich contains the values

compared our experiment in quiet conditions for PPHAA and
obtained a comparable error rate of 26.3% as indicated ibattem
right corner of Figuré]7.

Following these encouraging results we seek to explore ffieete
of optimising the number of frames and the inclusion of infation
from the entire phoneme. The expectation is that includingrem
frames in the concatenation for acoustic waveforms will ehav
similar effect to addingA+AA for MFCC and PLP. A direct

of f with the lowest corresponding error rate, for examgle=
{7,9,11,13,15} for PLP:

R(z) =) Mi(a')

fer

(12)

wherez = {zf|f € F}, with z/ being the vector withf frames.
Note that we are adding the log-likelihoods for differeft which
amounts to assuming independence between the differerin z.
Clearly this an imperfect model, as e.qg. all components’adre also

analogue of deltas is unlikely to be useful for waveforms: ®@F contained inz'' and so are fully correlated, but our experiments show
and PLP are based on log magnitude spectra that change lithat it is useful in practice. We also implemented the akltve of
during stationary phonemes, so that local averaging oeriffcing concatenating the’ into one longer feature vector and then training

is meaningful. For waveforms, where we effectively retaot just
Fourier component amplitudes but also phases, these pbasdsne
essentially randomly during averaging or differencingydering the
resulting delta-like features useless.

a joint model on this, but the potential benefits of accountior
correlations are far outweighed by the disadvantages oinbato
fit density models in higher dimensional spaces. Consistétht the
independence assumption [n}12), in noise we adapt the madel



le—d0ms le—20ms_, wherez, = {z!|f € F} with 2! being the vector withf frames
30% 40% 30% centred on sectof, andz gathers allz,. Given the functions derived
‘ above, the class of a test point can be predicted using onbeof t
0l | ‘ layl Ifi -
H“ T T T | following:
I m‘m‘mh“wﬂdwyw‘u“\\\ I A, Jﬂj‘ M b b e ol
T T (I *M‘UW"\\HI“,HH ‘H“H‘IU‘ U\‘h’w“tww “,L’ U"\L‘\‘ IR AN R T T T T T \" M (k)
| L | e time Ay (v) = arg k_r{laxK/\/lf (x) + log(mx) (15)
15% 35% 35% 15% S
A B c D E Al (z) = arg k_r{laxKR(k)(:E) + log(mx) (16)
f frames f frames f frames o
Sa k) /A
A fframes Xe f frames XEI Aj (2) = arg k:r{laXKS; )(CC) + log(mk) 17)
X xR
B D
AT (%) = arg _maXK'T(k)(i") + log(mx) (18)

Fig. 8. Comparison of phoneme representations. Top: Diisionrdet 7777
in [33] resulting in five sectors, three covering the dumatif the phoneme wherer, is the prior probability of predicting clags as in [1).
and two of 40ms duration around the transitions. Bottgnframes closest to
the five points A, B, C, D and E (which correspond to the ceriféke regions
above) are selected to map the phoneme segment to five feeiesz 5, C- Results
¢p, tc, Tp andep. Figure[® shows the impact of the number of frames concaténate
from each sector on the classification error, focusing oetqeondi-
tions. We see that the best results for acoustic waveforssifiers
are achieved around 9 frames, and around 11 frames for Plouwtit
deltas. The PLPA+AA features are less sensitive to the number of

TABLE | frames with little difference in error from 1 to 13 frames. Wen
Duration statistics [ms] of the training data grouped byaarphonetic class. NOW also assess quantitatively the performance benefitatfidmg

the deltas. If we consider the best results obtained for PitRowt

separately and then combine them as above. The same aptles t
further combinations discussed next.

Group Min | Meand std. Max deltas, 22.4% using 11 frames, with the best for PARA A, 21.8%
Vowels 22| 86.0+ 46.7 438.6 with 7 frames, then the performance gap of 0.6% is much smalle
Nasals 76 | 545+ 256 | 2606 than if we were to compare error rates where both classifieesl u
Strong Fricatives| 14.9 | 99.5+ 38.9 381.2 the same number of frames. Clearly it is not surprising tleatef

PLP+A+AA frames are required for the same level of performance
as the deltas are a direct function of the neighbouring PaPés.
Stops 2.9 | 39.34+24.0 193.8 L . . .
- It is still worth noting that in terms of the ultimate perfoamce on
Silence 20 | 94.94 1075 | 2396.6 this classification task the error rates with and withouttatelare
All | 2.0 ] 79.4+ 634 | 2396.6 similar. The results discussed above are directly compmnaith the
GMM baseline results from other studies, shown in Tdble The
error rates obtained using thfeaverage over the five best values of
f are 32.1%, 21.4% and 18.5% for acoustic waveforms, PLP and
B. Sector sum PLP+A+AA respectively.
Table[Tl shows the absolute percentage error reduction dch e
the four classifiers[{15)=(18) in quiet conditions, comngghto
GMM with the single best number of mixture components and

Weak Fricatives 45 | 68.24+ 37.3 310.0

Although phonemes vary in duration, GMMs require data th%tf
has a consistent dimension. We next establish a method totimeap the

variable length phoneme segments to a fixed length repedimnt number of framesf. The relative benefits of th¢-average and the

for classification. In the previous subsection only framesnf the - . ;
sector sum are clear. The sector sum gives the bigger impeEvies
centre of the phoneme segments were used to represent anmpghone

. . . on its own in all cases compared to only tlieaverage, but the
We extend that centre-only concatenation to use informafiom - . .
) . . combination of the two methods is better still throughoute Bame
the entire segment by taking frames with centres closest to each_ .. . - .
. . o qualitative trend holds true in noise.
of the time instants A,B,C,D and E that are distributed alding . ) . .
- A . Figure[I0 compares the performance of the final classifiers, i
duration of the phoneme as shown in Figlife 8. In this manner th,
. . . cluding both thef-average and the sector sum, on data corrupted
representation consists of five sequencey dfames per phoneme.

L by pink noise. The solid curves give the results for the atious
Those sets of frames are then concatenated to give five sector e . .
- aveform classifier adapted to noise usigl (11), and for the P
zB, rc, xp and zg. We train five models on those sectors an

then combine the information they provide about each seatgain Classifier with and withoutA+AA trained in quiet conditions and

S . . adapted to noise by CMVN. The errors are generally signifigan
tahs;usrgggr;r.wdependence by taking the sum of the log-liketiscof lower than in Figur€]7, showing the benefits f6iveraging and the
’ sector sum. PLPA+AA remains the better representation for very
low noise, but waveforms give lower errors beyond a crosspot
S(2) = Z M (ws) (13)  petween 12dB and 18dB SNR, depending on whether we compare
s€{A,B,0,D,E} to PLP with or withoutA+AA. As before, they also perform better
than chance down te-18dB SNR.
The dashed lines in Figufe]10 show for comparison the perfor-
mance of PLP classifiers trained in matched conditions. Ata@ed,
the CMVN and matched curves for PLP provide the extremes
between which we would expect a PLP classifier to perform if
T(Z) = Z Rs(Es) (14) model adaption analogous to that used with the acoustic favane
s€{A,B,C,D,E} was possible, or some other method to improve robustness was

wherez = {za,zB,zc,zp,zr} and M, denotes the model for
sectors, using some fixed number of framgs Both improvements
can be combined by taking the sum of theveraged log-likelihoods,
Rs(Zs), over the five sectors:
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60 ‘ ‘ ‘ TABLE Il
O  Waveform EXxisting error rates obtained in other studies for a rangdassification
551 O PLP 1 methods on the TIMIT core test set. Results in this paper ast btomparable
PLP+A+AA to the GMM baselines.
€]
ol S - - - - Model avg. 1
5 S a B Sector sum Method Error [%)]
L RN | HMM (Minimum Classification Error)[[35 31.4
45 3 N 0
o \‘13——_\8‘\@\ @_,,—G)"’ GMM baseline [[38] 26.3
X 40r ' N A 1 GMM baseline [36] 24.1
S sl O O AN o o o GMM baseline [[37] 23.4
w Sof . ey ) 1
© @ -l 8_ GMM ( f-average + sector sum) PLPA+AA 18.5
30F G .o g ‘ B = R a | SVM, 5th order polynomial kernel [33] 22.4
| - T AL i Large Margin GMM (LMGMM) [31 21.1
25 _@ R 3 o - -
o ' ) ' N _8 Regularized least squares [37] 20.9
201 & O : 1 Hidden conditional random field5 [B8] 20.8
OO
15 ‘ ‘ ‘ ‘ ‘ ‘ ‘ ‘ Hierarchical LMGMM H(2,4) [36] 18.7
1 3 5 7 9 11 13 15 Optimum-transformed HMM with context (THMM)[_[35] 17.8
Number of frames Committee hierarchical LMGMM H(2,4) [36] 16.7

Fig. 9.  Error rates of the different representations in quiet ctiowg, as
a function of f, the number of frames considered. Dashed: prediclioh (15)

using only the central sector. Dotted: predictibnl (16) gsine sum over all of oo = 0.003. When noise is present the combined classifier is at
five sectors, leading to a clear improvement in all cases. least as accurate as the acoustic waveform classifier, gnificantly
better around 18dB SNR. The combined classifier does imprpua
LP+A+AA classifiers trained in matched conditions at very low
R and narrows the performance gap to the order of no more tha
9% throughout, rather than 22% when comparing to PARPAA
adapted by CMVN.

employed such as the ETSI advanced front-end (AFE) [34].
expected, the matched conditions PIRHAA classifier has the best
performance for all SNR. However, in noise the adapted dimous
waveform classifier is significantly closer to matched PANAHAA

than PLPA+AA with CMVN.
V. CONCLUSION& DISCUSSION

TABLE Il
Absolute reduction in percentage error for each of the iflass[15)-[I8) in In this paper we have studied some of the potential benefits of
quiet conditions. phoneme classification in linear feature domains direahated to
the acoustic waveform, with the aim of implementing exacis@o
Model Waveform | PLP | PLP+A+AA adaptation of the resulting density models. In Sedfibn Iloudined
Model average A) 16| 28 4.4 the results of our exploratory data analysis, where we fantrthsic
f-average AR) 56 | 6.0 6.3 nonlinear dimension estimates lower than linear dimens&irmates
Sector sum 4%) 6.7 | 84 8.7 from PCA. That observation suggested that it should be plgssi
f-average + sector sunA) 9.9 | 100 104 to construct low dimensional embeddings to be used lateh wit

generative classifiers. However, existing techniquesedaifo find
enough structure in the phoneme dataset as it is too sparse to
accurately define the embeddings. Consequently we used GMMs
D. Combination of PLP and Acoustic Waveform Classifiers to model the phoneme distributions in acoustic waveform Bh&

We see from the results shown so far that, as in the prelipinadomains. Additionally, a combined classifier was used torporate
experiments, PLP performs best in quiet conditions withuatio the performance of PLP in quiet conditions with the noiseustibess
waveforms being more robust to additive noise. To gain theefiis  of acoustic waveforms.
of both representations, we propose to merge them via arlineaGiven the encouraging results from these experiments onadl sm
combination of the corresponding log-likelihoods, parterieed by set of phonemes we progressed to a more realistic task aedded
a coefficienta: the classification problem to include all phonemes from theIT

database. This gave results that could be directly compereate
To(z) = (1 — a)Tpip(z) + aTwave () 19 existing results in TablETll, classifiers representingrent progress
where Tpip(z) and Twave(x) are the log-likelihoods of a point. onthe TIMIT benchmark. All of the entries show the error feolated
Ta(z) is then used in place of (x) in (18) to predict the class. phoneme classification except for the optimum-transforrhiédiv
The combination differs from[{6) as the effect of the prioasd (THMM) [B5] that uses context information derived from ciontous
probabilities is more relevant now and the absolute logliloods speech. The inclusion of context for the HMM classifiers mduthe
must be used rather than the scaled quantities. This is agaiwalent error rate from 31.4% to 17.8%. This dramatic reduction sstg
to a multistream model, where each sector and valug’ @ an that if the other classifiers were also developed to diréntigrporate
independent stream. A noise-depender{o®) is determined as contextual information, significant improvements couldexgected.
explained in Sectiof II-C, giving parameter values’ (= 17dB, We used the standard approximation of diagonal covariange m
B =0.3) in (@). trices to reduce the number of parameters required to gpéuif

The error of the combined classifier using models trained BMMs. The issue of selecting the number of components in the
quiet conditions is shown as the dash-dotted curve in Fiffilte mixture models was approached by taking the model average wi
In quiet conditions the combined classifier is slightly maczurate respect to the number of components for a sufficiently large s
(18.4%) than PLPA+AA alone, corresponding to a small valueof values. The results supported our earlier conclusions, atso
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Fig. 10. Performance of the classifiers in pink noise. Curves are sHow
the best representation from Fig. 9 using both fhaverage and sector sum.
Dash-dotted line: Combined waveform and PIXPHAA classifier, with the

latter adapted to noise by feature standarisation using SMV

illustrated that waveforms are potentially lacking the nffigant

(8]

El

[10]

[11]

[12]
[13]
[14]

[15]

[16]

[17]

(18]

[19]

benefits obtained bA+AA features. This motivated us to further

improve the classifiers by using multiple segment duratians
then taking the sum of the log-likelihoods. Information rfrathe
whole phoneme was included by repeating the process ceattfed

points in the phoneme. The best practical classifiers in phiser
were obtained using the combination of acoustic waveforrith w

PLP+A+AA.

We expect that the results can be further improved by inolydi

techniques considered by other authors, in particular, ncitiee

classifiers and the use of a hierarchy to reduce broad phookse

confusions [[36]l[30]. The models could be developed to ieiyl
model correlations between feature vectors obtained féierdint

[20]
[21]

[22]

[23]

[24]

number of frameg and also between feature vectors from differe 5]

sectors, provided sufficient data was available. Additignaveight-

ing the sector sum and frame average or allowing the number of

frames to be different for each sector could be investigated
Finally, given the qualitative similarity between featsirérom
different sectors, and features as they would be emittedifigreht

states in HMMs, it would also be of interest to explore theedin

feature sets used here in the context of continuous speecfrigion.
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Speech Recognition Front End Without Information
Loss

Matthew Ager, Zoran CvetkoviSenior Member, IEEEand Peter Sollich

Abstract—Speech representation and modelling in high-
dimensional spaces of acoustic waveforms, or a linear trafa-
mation thereof, is investigated with the aim of improving the
robustness of automatic speech recognition to additive neé.
The motivation behind this approach is twofold: (i) the infor-
mation in acoustic waveforms that is usually removed in the
process of extracting low-dimensional features might aid abust
recognition by virtue of structured redundancy analogous b
channel coding, (ii) linear feature domains allow for exactnoise
adaptation, as opposed to representations that involve nelinear
processing which makes noise adaptation challenging. Thusve
develop a generative framework for phoneme modelling in hig-
dimensional linear feature domains, and use it in phoneme ab-
sification and recognition tasks. Results show that classifation
and recognition in this framework perform better than analogous
PLP and MFCC classifiers below 18dB SNR. A combination
of the high-dimensional and MFCC features at the likelihood
level performs uniformly better than either of the individu al
representations across all noise levels.

Index Terms—phoneme classification, speech recognition, ro-

bustness, noise.

I. INTRODUCTION

major problem faced by state-of-the-art automati§,ced in the 1970¢

[6], [7]. No automatic speech classifier is able to achieve
performance close to that of the human auditory system in
recognising such isolated words or phonemes under severe
noise conditions[[8]. ASR systems deliver top performance
owing to sophisticated language models, combined with hid-
den Markov model (HMM) advanceis![9]. However, the prob-
lem of robustness of ASR, or the lack thereof, still persists
and the underlying concern of robustly recognising isalate
phonetic units remains an important unresolved issuescéjen
in this study we explore a novel approach to representing
and modelling speech and investigate its effectiveneskan t
context of phoneme classification and recognition.

While there are many reasons for the lack of robustness
in ASR, one of the major factors could be the excessive
nonlinear compression that takes place in the front-end of
ASR systems. As the first step in all speech recognition algo-
rithms, consecutive speech segments are represented by low
dimensional feature vectors, most commoogpstrafeatures
such as Mel-Frequency Cepstral Coefficients (MFCC) [10] or
Perceptual Linear Prediction (PLP) coefficients![11]. dsin
low-dimensional features was unavoidable when initiailya-
$ [12], as it removes non-lexical varighbili

/ \ speech recognition (ASR) systems is a lack of robustnegse|evant to recognition, and enables learning of statibt
manifested as a substantial performance degradation dugq94els from limited data and using very limited computadion

common environmental distortions, due to a discrepancy he

sources. However, this paradigm, which resulted in a majo

tween training and run-time conditions, or due to Spontaﬂeoperformance boost a few decades ago, might be a bottle-

conversational pronunciation![2].][3]. It was long belidve
that context and language modelling would provide ASR with

neck towards achieving robustness nowadays, when massive
mounts of training data are available and computers am®rd

the level of robustness inherent to human speech recognitigs magnitude more powerful.

hence substantial research efforts have been investe@se th

In the process of discarding components of the speech signal

higher levels of speech recognition systems. At the same tin 4t are considered unnecessary for recognition, someniao
the importance of robust recognition of isolated phonemegg,, {hat makes speech such a robust message representation

syllables and nonsense words has not been fully invest:lgatﬁ]ight be lost.

It is commonly believed that speech repre-

while it is well known that humans attain & major portion ofgntations that are used for compression also provide good
their robustness in speech recognition early on in the B®Ceeatyre vectors for speech recognition. The rationale a, th

before and independently of context effects [4], [5]. Morep
for language and context modelling to work optimally,

since speech can be reconstructed from its compressed form

_ ( pt eleme 1o sound like natural speech that the human auditory system
tary speech units need to be recognised sufficiently aclyrat

can recognise quite reliably, then no relevant informai®n

In recognising syllables or isolated words, the human auglit |, e to the compression. Speech production/recognitio

system performs above chance level already 88 dB SNR
(signal-to-noise ratio) and significantly above it-2@ dB SNR

[4], [5]. Recent more detailed studies show that human $pegfiase two are fundamentally different.

recognition remains unaffected by noise down-® dB SNR

This work was done while M. Ager was with the Department of iahat-
ics, King's College London. P. Sollich is with the DepartrhehMathematics
and Z. Cvetkovit is with the Department of Informatics, &m College
London, Strand, London WC2R 2LS, UK.

This project was supported by EPSRC Grant EP/D053005/1.

This work was presented in part at ISIT 2011 [1].

is, however, analogous to a channel coding/decoding pmoble
while speech compression is a source coding problem, and
In particular, sjee
production embeds redundancy in speech waveforms in a
highly structured manner, and distributions of differehbp
netic units can withstand a significant amount of additive
noise and distortion before they overlap significantly. &je
compression and standard ASR front-ends, on the other hand,
remove most of this redundancy in a manner that is optimal
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from a source coding perspective, and represent speech iwith PLP features in a phoneme classification task that uses
space of a relatively low dimension where different speedhformation from entire phonemes. Finally in Sectlod IV we
units, although separated, may not be sufficiently far apaxnsider phoneme recognition from continuous speech in the
from each other; they may then overlap considerably alreastgndard HMM-GMM framework. In all scenarios that we
at lower noise levels than in the original domain of acoustiovestigate we find that PLP and MFCC features excel in low-
waveforms. Human speech perception studies have shomaise conditions while high-dimensional linear repreatoh
explicitly that the information reduction that takes place achieve better results at higher noise levels, startirgndly at
the conventional front-ends leads to a severe degradationaround 18dB SNR. We then demonstrate that a combination of
human speech recognition performance and, furthermaaé, thigh-dimensional linear and cepstral features achievéterhe
in noisy environments there is a high correlation betweeasults than either of the individual representations ssial
human and machine errors in recognition of speech wittoise levels. Recently Power Normalised Cepstral Coeffisie
distortions introduced by typical ASR front-end procegsin(PNCC) featured [22] were proposed for robust speech recog-
[13], [14], [15], [16]. Hence, in this paper we study models onition, but we became aware of these features at the time
speech in the high-dimensional domain of acoustic wavedorraf the submission of this paper, hence these features are not
or some linear transform thereof. An additional benefit frommonsidered in this study.
considering uncompressed waveforms is that modelling of
noisy data, given models in quiet, is straightforward. This|| M opELS OFFIXED-LENGTH SEGMENTS OFSPEECH
is in contrast with cepstral representations where, dudeo t i . . , ,
nonlinearities involved, distributions change consiérdoth Generative classifiers use prOba_t"','ty density esumgtes,
with noise type and level. This then makes efficient adagion?(%), 1€arned for each class of the training data. The predicted
speech models to different noise conditions very chalieggi ¢/asS Of @ test point, is determined as the classwith the
Linear representations have been considered previously gatest likelihood evaluated at Typically the log-likelihood,
other authors. Sheikhzadeh and Deing [17] apply hidden filte x) = log(p(z)), is used for the calculation. A test poinis
models directly to acoustic waveforms, avoiding artificiatF1us assigned to one &f classes using the following function:
frame boundaries and therefore allowing better modellihg o AL(z) = arg max L") (z) + log(m) . (1)
short duration events. They consider consonant-vowesifilas k=1,...K
cation and illustrate the importance of power normalisatio The inclusion above o, the prior probability of class,
the waveform domain, although a full implementation of thgieans that we are effectively maximising the log-posterior
method and tests on benchmark tasks remain to be explofggbability of classk givenz. In this section we build proba-
Poritz [18], and later Ephraim and Roberts |[19], considgjilistic models of fixed-length segments of acoustic wawef®
modelling speech explicitly as a time series using autorgf phoneme classes. Each waveform segmésthus a vector

gressive hidden Markov models. Their work inspired mofig R?, whered is the number of time samples in the segment.
recent advances in that direction by Mesot and Barber [20]

who develop a switching linear dynamical systems (SLDS
framework. The SLDS approach exhibited significantly bett
performance at recognising spoken digits in additive Ganss Towards constructing probabilistic models of high-
noise when compared to standard hidden Markov modelBnensional speech representations in the acoustic wamefo
(HMMs) used in combination with cepstral features; howgvedomain, it is of interest to investigate possible lower
it is computationally very expensive even when approximatémensional structures in the phoneme classes. Supposing
inference techniques are used. Turner and Sahani propotted such structure exists and can be characterised then
using modulation cascade processes to model natural souihdsould be used to find better representations for speech,
simultaneously on many time-scalés|[21], but the applicatiand to construct more accurate probabilistic models. We
of this approach to ASR remains to be explored. In thihus initially deployed data-driven methods for learning
paper we do not directly use the time series interpretatipossible low-dimensional manifolds, as explored.in [223H][
and impose no temporal constraints on the models. Insteadtluding locally linear embedding [25] and Isomap [[26].
we investigate the effectiveness of the acoustic wavefoany speech representations, typically some variant of RIFC
front-end for robust phoneme classification and recogmitimr PLP, reduce the dimension of speech signals using non-
using Gaussian mixture models (GMMs), as those moddisear processing. Those methods do not directly incotgora
are commonly used in conjunction with HMMs in practicainformation about the structure of the phoneme class
systems. distributions, but model the properties of speech peroapti

To assess the merits of representing speech without infornfde involved non-linear processing, however, makes exact
tion loss and non-linear transformation, without the poédly noise adaptation very challenging (see Sedifionl|l-D).dadt
interfering effects of segmentation, in Sectibm 1l we firsbne would aim to find non-linear low-dimensional structures
develop Gaussian mixture models for fixed-length segmdntsio the phoneme distributions, and exploit this information
speech and use them for phoneme classification in the presetoc build better models that remain defined in the original
of additive noise. Next in Sectidn ]Il we investigate theeeff high-dimensional space. This could include Gaussian gmce
of the segment duration on classification error. In the sarfegent variable models[ [27] (GP-LVM), which require as
section we compare the new high-dimensional representatinput an estimate of the dimension of the non-linear feature

. Exploratory Data Analysis



space. However, while we found that intrinsic dimensiowhere C is an orthogonal transformation selected to decor-
estimates suggest the existence of low dimensional narlineelate the data at least approximately, whilg, 1; and D;
structures in the phoneme distributions, our investigati@re the weight, mean vector and diagonal covariance matrix
also showed that these structures still had sufficiently ynaof the i*® mixture component, respectively. We systematically
dimensions to make it impractical to sample them adequaté@hyestigated candidate decorrelating bases derived frGe, P
for ASR purposed ]1]. Hence we turn to more generic densityavelet transforms and DCTs. Although the optimal basis
models. In particular we will construct generative model®r decorrelation on the training set is indeed formed by the
in the high-dimensional space which do not attempt tohoneme-specific principal components, we found that the
exploit any submanifold structure directly. We will see tthdowest test error is achieved with a DCT basis. Preliminary
approximations are still required, again due to the spasenexperiments with acoustic waveforms showed that, instéad o
of the data and because of computational constraints. performing a DCT on an entire phoneme segment, it is advan-
tageous to separate DCTSs into non-overlapping sub-segment
We systematically investigated different block lengthed a
found that best classification results were obtained with 10

Without assuming any additional prior knowledge aboyhs piocks, mirroring (except for the lack of overlaps) the
the phoneme distributions, we use Gaussian mixture modglgye decomposition of MFCC and PLP. For a sampling rate
(GMMs) to model phoneme densities. For the casecof of 16 kHz, the transformation matrig is then block diagonal

B. Gaussian Mixture Models

mixture components this function has the form: consisting 0f160 x 160 DCT blocks.
c w; 1 While the DCT in the density modelling in](3) was mo-
K T —1 .
p(z) = E 7(2 L exp _E(I_,ui) 3 (SC—M)} (2) tivated by the need to decorrelate the data, and thus make
i=1 \#T) 22442

the approximation of covariance matrices by diagonal ones
where w;, p; and X; are the weight, mean vector andnore accurate, one may view the end result as a representatio
covariance matrix of thet" mixture component respectively.of speech waveforms via some form of short-time spectra,
We additionally impose a zero mean constraint for models @agalogous to what is done towards extracting cepstral fesitu
a waveformz will be perceived the same asz. With this There is however a fundamental difference between the block
constraint, the corresponding models represent all indtion DCT transform in [(B) and the short-time magnitude spectra
about the phoneme distributions via the covariance matridésed to derive PLP and MFCC features: the former is an
and component weights. orthonormal transform, that is, just a rotation of the camatk
Reliable estimation of full covariance matrices is chajlen System that preserves all the information, whereas ther latt
ing even in the case of standard low-dimensional featuragion-linear transform that incurs a dramatic informatiuss|
when the number of components in the mixture becom#s particular, while the discrete Fourier transform is atso
large. The problem is even more pronounced in the case@thogonal transform, retaining only its magnitude — as PLP
high-dimensional waveform features, where at 16kHz ayyeadnd MFCC do — is equivalent to mapping at each discrete
with 70ms segments the dimension of the feature spai¢equency a whole circle ifR?* to just the value of its radius.
becomesd = 1020. We therefore considered using density GMMs as given in[(B) are also used for the MFCC and PLP
estimates derived from mixtures of probabilistic prin¢igem- features, except that component means are not constrained t
ponent analysis (MPPCA] [28]l [29]. This method producdse zero, andC is chosen to be the identity matrix, since
a Gaussian mixture model where the covariance matrix dfese features already involve some form of DCT and are
each component is regularised by replacement with a raré@proximately decorrelated.
q approximation, wherg < d. However, even PPCA requires
an excessive number of parameters compared to the typical
amount of available data [29]. Finally GMMs with diagonaf:::?1 Model Average
covariance matrices were investigated, a common modellingn general, more variability of the training data can be
approximation when training data is sparse, used also Gaptured with an increased number of mixture components;
state-of-the-art ASR systems for modelling distributiasfs however, if too many components are used over-fitting will
cepstral features. This modelling approach achieved lbwé&scur. The best compromise is usually located by cross vali-
classification error, so in all experiments reported in freiper dation using the classification error on a development det. T
GMMs with diagonal covariance matrices are used. result is a single value for the number of components reduire
Diagonal covariance matrices will be a good approximatidiowever, we observed that the optimal number of components
provided the data is presented in a basis where correlatiéigsreases with SNR, hence we use an alternative approach
between features are weak. For the acoustic waveform repd take the model average over the number of components,
sentation, this is clearly not the case on account of thengtroeffectively a mixture of mixtures.[30]; this gave considten
tempora| correlations in Speech waveforms. The densityeho@lassmcation improvements over individual mixtures asro

used for the phoneme classes thus becomes: all noise levels. Thus, we start from a selection of models
. parameterised by the number of componentsyhich takes
() = Z EUZ _exp _l(z_‘ui)TCTD.—IC(x_Mi)} values inC = {1,2,4, 8,16, 32,64, 128} or subsets of it. The
= (2m)2|Dy|= 2 ! entries in this set are uniformly distributed on a log scale t

(3) give a good range of model complexity without including too



many of the complex models. We compute the model averaghite noise,N is the identity matrix, otherwise it is estimated

log-likelihood M(x) as: empirically from noise samples. In general a full covaranc
matrix will be required to specify the noise structure. Hoare
M(z) = 1Og(Z“CeXp(£C(I))) (4) with a suitable choice ofC the resultingN will be close

e to diagonal, and indeed whe@ is a segmented DCT we

with the model weights.. = \TII and L.(z) being the log- find this to be true in our experiments with pink noise. To

likelihood of = given the c-component model. Alternatively avoid the significant computational overheads of introdgci
the mixture weights:. could be determined from the posteriohon-diagonal matrices, we therefore retain only the diatjon
densities of the models on a development set to give a clatements ofN.
dependent weighting, i.e. The normalisation byl + o2 arises as follows. Considering
Y epexp(Le() . that sentence_s are normalised to unit energy per sample, a
Y oxp(La(7)) (5) vectorz containingd samples.from the sentence h_as squared

d€C £uz€D norm d. A vector n of d noise samples, of variance?,
whereD is a development set. Preliminary experiments sugsll have average squared nori(||n|?) = do2. Because
gested that using those posterior weights only gives atslighe noise is assumed Gaussian, it can be shown that the
improvement over. = ;. We therefore adopt those uniformfuctuations of |n> away from its average are small, of
weights for all results shown in this paper. relative orderl /v/d, or orderv/d overall [34]. The cross-term

in the squared norm of the noisy sentence vector,

Ue

D. Noise adaptation

The primary concern of this paper is to investigate the

performance of the trained classifiers in the presence igfeasily shown to be also of ordér(v/d) [34]. Thus alto-
additive noise. Throughout this study, when noise is presejethery||> = d+do?+0(v/d), so that the energy per sample
in testing, it is assumed that it can be modelled by a Gaussjgn

distribution and that the covariance matrix is known exactl lly||? 5

or as an estimate. This assumption may not be valid for a 1+o7+0 (ﬁ) :

real world scenarios but is a good approximation, providin

the noise is stationary at the phoneme level. In practice th8" 1arge,d as in our case, normalising to unit ener29y
noise variance would have to be estimated from the inpRe’ Sample is therefore equivalent to rescalingl py’1 + o.

signal and there are many methods available that provide gdynen this rescaling is applied to the noisy phoneme models,

estimates of the SNR[31], [32]. Two noise types are studieli:gives precisely the normalisation factor [d (6).

white Gaussian noise, where the variance is known exactly, Néreé is no exact method for combining models of the
and pink noise extracted from NOISEX-92[33] data bastraining data with noise model_s in t_he case of MFCC and PLP
which is not Gaussian and therefore tests the robustnesd&ttures, as these representations involve non-linezsfoems
the system in the case where the Gaussian noise assumpBbH'€ waveforms. Cepstral mean and variance normalisation
does not hold. The distribution of the noise is then estichatéCMVN) [85] is an approach commonly used in practice to
via a Gaussian model that is later used for noise adaptatiGRMPensate noise corrupted features. This method requires
Generative classification is particularly suited for achig estimates of the mean and variance of the features, usually

robustness as the estimated density models can capture Ggulated sentence-wise on the test data or with a moving
distribution of the noise corrupted phonemes. As the naisedverage over a similar time window. We take this to be a
additive in the acoustic waveform domain, signal and noi§galistic baseline. Alternatively the required statsstzan be
models can be specified separately and then combined exagfijjmated from a training set that has been corrupted by the
by convolution. same type and level of noise as used in testing. Clearly both
We consider the case where the SNR is set at sentence-ledBproaches have merit. For example, sentence level CMVN
All sentences will therefore be normalised to have unit gpereauires no direct knowledge of the test conditions, and can
per sample in quiet and noisy conditions. Different phonemEemove speaker specific variation from the data. The estgnat

within these sentences can have higher or lower energies4ls P€ 1ess accurate and as a consequence it is difficult to
reflected in the density models by covariarPewith trace standardise all components in long feature vectors oldaine

above or belowd, whered is the dimension of the featurePY concatenating frames; instead, we considered starsitagdi

vectors. The relative energy of each phoneme class is tf{&Me by frame. Using a noisy training set for CMVN requires
implicitly used during classification. that the test conditions are known so that data can be either
The adaptation to noise of phonetic classes in the acoudftlected or generated for training under the same conmitio

waveform domain is performed by replacing each covariant8€ feature means and variances can be obtained accurately,
matrix D with ]5(02): and in particular we can standardise longer feature vectors

However, as the same standardisation is used for all sezgenc
6) any variation due to individual speakers will persist. Warfd
1402 that standardisation on the noisy training set gives loweare
whereNN is the covariance matrix of the noise transformed ates both in quiet conditions and in noise |[34], hence all
C, normalised to have traek ando? is the noise variance. For results for CMVN given below use this method.

lyl* = llz +nl* = ll2ll* + 2270 + ||

~ 2
D(02)2D+U N



At this exploratory stage, we study also the matched 65 :

. . .. . . . . O Wavefc‘)rm
condition scenario, where training and testing noise dah X MECC
are the same and a separate classifier is trained for es eor O PLP I
noise condition. While in practice it would be impossible to <‘; l“j"LFFiCA:A:AM I
have a distinct classifier for every noise condition, matche 7 individual models
conditions are nevertheless useful in our exploratorystfias 500 >~ - - Component average |

cation experiments: because training data comes directiy f
the desired noisy speech distribution, then assuming énou 5
data is available to estimate class densities accuratédy tr o
approach provides the optimal baseline for all noise adiapta 40

methods|([36],[3]7].
35

E. Classification Results 30

For all experiments reported in this paper realisations ¢ 5L ‘ ‘ ‘ ‘
phonemes were extracted from the Sl and SX sentences of 1 1 2 £umber of %Omponerlfs 32 64
TIMIT database. The training set consists of 3,696 sengence
Sampled at 16 kHz. NOiSy data is generated by applyi%. 1. Model averaging for acoustic waveforms, MFCC and PLP models
additive noise at nine SNRs. Recall that the SNRs were setatitirained and tested in quiet conditions. Solid: GMMs withmber of
the sentence level, therefore the local SNR of the indi\lidu%mponemS shown; dashed: average over models up to nuitmmponents

. . . shown. The model average reduces the error rate in all cases.

phonemes may differ significantly from the set value, cagisin
mismatch in the classifiers. In total ten testing and trajnin
conditions were run=18dB to 30dB in 6dB increments and _ ) )
quiet (Q). Following the extraction of the phonemes thege afumber of frames included in the MFCC, PLP and acoustic
a total of 140,225 phoneme realisations. The glottal clesurvaveform representations is investigated in the next secti
are removed and the remaining classes are then combine/e comment briefly on the results for individual mixtures,
into 48 groups in accordance with [38], [39]. Even afteke. with a fixed number of components. Gaussian mixture
this combination some of the resulting groups have too féWwodels were trained with up to 64 components for all rep-
realisations. To ensure that the training procedure islestabesentations. Typically performance on quiet data impdove
the smallest groups with fewer than 1,500 realisations wetéth the number of components, although this has significant
increased in size by the addition of temporally shifted imrs cost for both training and testing. The optimal number of
of the dataj.e.if « is an example in one of the small trainingcomponents for MFCC and PLP models in quiet conditions
classes then the phoneme segments extracted from positivas 64, the maximum considered here. However, in the
shifted byk = —100, —75, —50, ..., 75, 100 samples were presence of noise the lowest error rates were obtained exith f
also included for training. For the purposes of calculatingemponents; typically there was no improvement beyond four
error rates, some very similar phoneme groups are furttegimponents. As explained in Sectlon I-C, rather than wagki
regarded as identical, resulting in 39 groups of effecyivevith models with fixed numbers of components, we average
distinguishable phonemes [38]. PLP and MFCC features dreer models in all the results reported below. Fidure 1 shows
obtained in the standard manner from frames of width 2Bat the improvement obtained by this in quiet conditions is
ms, with a shift of 10 ms between neighbouring frame@pproximately 2% for both acoustic waveforms and PLP with
Standard implementatioris [40] of MFCC and PLP with defaudt small improvement seen for MFCC also. The model average
parameter values are used to produce a 13-dimensionatdeagiimilarly improved results in noise.
vector from each time frame. The inclusion of dynamic One set of key results comparing the error rates in white
A+AA features([41] increases the dimension to 39. Gaussian noise for phoneme classification in the three dwmai

For the MFCC and PLP representations, we consider i shown in Figurd]2. The MFCC and PLP classifiers are
this experiment the five frames closest to the centre aflapted to noise using CMVN. This method is comparable
each phoneme, covering 65 ms, and concatenate their featuith the adapted waveform models as it only relies on the
vectors. Results are shown for the representations with amddels trained in quiet conditions. The curve for acoustic
those withoutA+AA, giving feature vector dimensions ofwaveforms is for models trained in quiet conditions and then
5 x 39 = 195 and 5 x 13 = 65, respectively. The acousticadapted to the appropriate noise level using (6). Comparing
waveform representation is obtained by dividing each sexe waveforms first to MFCC and PLP witholf+AA, we see
into a sequence of 10ms non-overlapping frames, and that in quiet conditions the PLP representation gives thesb
taking the seven frames (70ms) closest to the centre of eactor. The error rates for MFCC and PLP are significantly
phoneme, resulting in a 1120-dimensional feature vectmchE worse in the presence of noise, however, with acoustic wave-
frame is individually processed using the 160-point DCT. Werms giving an absolute reduction in error at 0dB SNR of
present results for white and pink noise and will see thd0.6% and 41.9% compared to MFCC and PLP, respectively.
the approximation using diagonal covariand2sn the DCT Curves are also shown for MFCQHAA and PLPA+AA,
basis is sufficient to give good performance. The impact ef tlalthough these representations include information abaut




derlying speech signals over 145 ms observation window 1007 g_—&
i.e. significantly longer than the 70 ms observation window: @\

used to form the acoustic waveform representation. Agagn tt %o
same trend holds; performance is good in quiet conditions b
quickly deteriorates as the SNR decreases. The crossowr pc
is between 24 dB and 30 dB SNR for both cepstral represent 7ot
tions. The chance-level error rate of 93.5% can be seen llov ¥
dB SNR for the MFCC and PLP representations without deltz 5 60r
and below—6 dB SNR when deltas are included, whereas th &

80+

acoustic waveform classifier performs significantly betiem S0r

chance with an error of 76.7% even ati8 dB SNR. The "5\ iciom

dashed curves in Figuid 2 represent the error rates obtain ——MFCC

for classifiers trained in matched conditions. The resuitsis 30l ill\D/III_ZPCC e 3 i
o +A+ =

that the waveform classifier compares favourably to MFC( O PLP+A+AA

and PLP below 24dB SNR when no deltas are appended. Tk 207 &= —— > ——o——"— o

results is in agreement with our working hypothesis thahhig Test SNR [dB]

dimensional acoustic waveform representations may peovid

better separation of phoneme classes. Includirg\A does Fig. 2. Results 0%707em$,classffi%t!gon usgg ﬁxed-/engtf;U Se_g?tn"elﬂtvhil‘ﬁe4
. s ussian noise. ciassitiers use the moael average olunxtup to

reduce the error rates significantly anq the crossover t.hg:avponents. Dotted line indicates chance level at 93.5%rMie SNR is less

occurs between 0 dB and 6 dB SNR. It is these observatiang 24dB, acoustic waveforms are the significantly be#ipresentation, with

that mainly motivate our further model developments below@n error rate below chance even at -18dB SNR. Dashed cureasrebults of

clearly we should aim to include information similar to dit Matched raining for corresponding MFCC and PLP representa

in the waveform representation.

The same experiment was repeatfd using pink noise @Xge ¢ consecutive frames closest to the centre of each
tracted from the NOISEX-92 database |[33]. The results faf,,neme and concatenate them. Whilst the precise number of
both noise types were similar for the waveforms classifielg,mes required for accurate classification could in ppiecbe
For PLF_HA+AA' adapted to noise using CMVN_’ the_re IS 3nferred from the statistics of the phoneme segment durgtio
Iarge_r difference between the two noise types, with pinks@0i, g6 qyrations not only vary significantly between clagsgs
leading to lower errors. Nevertheless, the better perfatea 5 the standard deviation within each class is consiterab
is achieved by acoustic waveforms ‘below a crossover polt o no single value of will be optimal for all phoneme
between 18 dB and 24 dB SNR _[34]. Results for GMM 35565 we consider the sum of the mixture log-likelihoods
classification on the TIMIT benchmark in quiet cond|t|on§\4f as defined in[{4), but now indexed by the number of
have previously been reported in_[39]. [42] with errors 0lframes used. The sum is taken over the Bawhich contains

,25'9% and 26.3% respectively..To er!sure_that our_baselitrpl% values off with the lowest corresponding error rates, for
is valid we compared our experiment in quiet conditions fclarxample}‘ — {7,9,11,13, 15} for PLP, giving:

PLP+A+AA and obtained a comparable error rate of 26.3%

as indicated in the bottom right corner of Figlue 2. R(z) = Z M (x)) @
Following these encouraging results we seek to explore the feF

effect of optimising the number of frames and the inclusion

of information from the entire phoneme. The expectation |

that Tcludlng_”mr?re fram(_es_:n th?f cc;ntcateélgnorliog afcous ifferent f, which amounts to assuming independence between
waveforms will have a similar effect to adding O the differentz’ in z. Clearly this is an imperfect model, as

MFCC and PLP features. A direct analogue of deltas 18 7 - - 11
: ~g.all components of:" are also contained in'' and so are
unlikely to be useful for waveforms: MFCC and PLP ar g P ! !

. . .?’ully correlated, but our experiments show that it is uséful
basgd on log magnitude spectra that ch_ange I|t_tle durl_ factice. We also implemented the alternative of concéitema
stationary phonemes, so that local averaging Or.d'ﬁer@c!the x/ into one longer feature vector and then training a joint
s meaningful. For waveforms, where we effectively retaif, ,gel on this, but the potential benefits of accounting for

not just Foune_r component amplitudes but 6_“30 phases_e th%%rrelations are far outweighed by the disadvantages ahpav
phases combine essentially randomly during averaging @r

- ) dering th lting delta-like featmsel it density models in higher dimensional spaces. Consiste
inerencing, rendering the resulting detta-like 1eanlseless. it the independence assumption [ih (7), in noise we adapt

the modelsM s separately and then combine them as above.

[1l. SEGMENT DURATION, VARIABLE DURATION The same applies to the further combinations discussed next
PHONEME MAPPING AND CLASSIFIER COMBINATION

herez = {zf|f € F}, with 2/ being the vector with
frames. Note that we are adding the log-likelihoods for

A. Segment Duration B. Sector sum

Ideally all relevant information should be retained by our Accounting for the information from the entire phoneme
phoneme representation, but as it is difficult to determinesing the standard HMM-GMM framework is considered in
exactly which information is relevant we initially chose tahe next section in the context of phoneme recognition. Here



we are interested in assessing relative merits of wavefor |20ms fe—20ms
and cepstral representations in robust phoneme claskificat 30% 40% 30%
independently of segmentation errors and interferingcedfe

lay/ Ifl

of HMM assumptions. For that purpose, one can conside, | ”m w\’mm i L, ' b b e et Lt ‘| N

. . L T T H‘\M ”‘H’H H‘HI \uh d\l\ 7 .4‘,’ U\L Ty T T T T T \"
averaging of frames across the entire phonemeé [42] or oth | \\ W | time
methods for mapping variable phoneme duration to fixec 15% 35% 35% 15%
length representgtlon,_ as propo_sed in][438].][44]. Toward A B c b £
GMM models which will be used in the HMM-GMM frame- le—frames le—fframes e frames
work in the next section, here we extend the centre-only érarr Xs tframes Xe f frames XEI
concatenation to use information from the entire phonem Xg X5

by taking f frames with centres closest to each of the time
instants A, B, C, D and E that are distributed a|0ng th@g 3. Compar/son of phoneme representatlons Top: Division ridest
d ti f the phoneme as shown in Figre 3. In this man in [42] resulting in five sectors, three covering the dumat@f the phoneme
uraton o p ” g g : d two of 40ms duration around the transitions. Bottgnframes closest to
the representation consists of five sequenceg frames per the five points A, B, C, D and E (which correspond to the centifébe regions
phoneme. Those sets of frames are then concatenated to ghaee) are S;AZCted to map the phoneme segment to five famitirsz 4,
five vectorse 4, x5, zc, xp andxz. We train five models on 7' ¢ ¥ an9re
those sectors and then combine the information they provic'~ 60

by taking the sum of the corresponding log-likelihoods: O Waveform
550 O PLP H
. PLP+A+AA
S(z) = Z M () (8) | G\\ ---- Modelavg. ||
s€{A,B,C,D,E} 50 \\O ““““““ Sector sum
whered = {x4,2p,zc,zp,zr} and M, denotes the model 457 8\\ \\\@_ @f_,@ 7
for sectors, using some fixed number of frames Both - | B---8 \O\‘O—"’@——/ |
improvements can be combined by taking the sum of the °g N o
averaged log-likelihoodsy ,(z), over the five sectors: G3st B o o \_\9 o6 © o 1
- _ ' R = S
T(I): Z Rs(xs) ) 30r S ‘E'““El——_ﬂ
s€{A,B,C,D,E} o5l G- g 8 |
where z;, = {z!|f € F} with 2/ being the vector with o eR <'5> R
f frames centred on secter and z gathers allz,. Given 20¢ O 0 % O O ORI
the functions derived above, the class of a test point can t 15l ‘ ‘ ‘ ‘ ‘ ‘ ‘
predicted using one of the following: 1 3 5 7 9 1 13 15

Number of frames

A (z) = arg max ./\/lgck) (x) + log(mx) (10)
k=1,...K Fig. 4. Error rates of the different representations in quiet ctiong, as

R a function of f, the number of frames considered. Dashed: predicfioh (10)

A™(Z) = arg max Rk )(f) + log(my) (11)  using only the central sector. Dotted: predictibnl (11) gsine sum over all
k= K five sectors, leading to a clear improvement in all cases.

A?(i:) = arg max S}k) (Z) + log(my) (12)

EEREE)

. . with 9 frames, then the performance gap of 2.8% is much
AT(Z) = arg k:Hll.,E.l.).(.K T (z) + log(m) (13) smaller than if we were to compare error rates where both
classifiers used the same number of frames. The error rates
obtained using thef-average over the five best values pf
- are 32.1%, 21.4% and 18.5% for acoustic waveforms, PLP
C. Classification Results and PLPA+AA, respectively. Tablé€] | shows the absolute
Figure[4 shows the impact of the number of frames copercentage error reduction for each of the four classiffEl$
catenated from each sector and the impact of summing Id@3) in quiet conditions, compared to the GMM with the single
likelihoods over the five sectors on the classification errdsest number of mixture components and number of frames
focusing on quiet conditions. Since PLP features gavetijigh f. The relative benefits of thg-average and the sector sum
lower error than MFCC features in the experiments usirgge clear. The sector sum gives the bigger improvements on
centre-only representation, in this section we show redalt its own in all cases compared to only tifeaverage, but the
PLP features only. We see that the best results for acoust@mbination of the two methods is better still throughoute T
waveform classifiers are achieved around 9 frames, and drosame qualitative trend holds true in noise.
15 frames for PLP without deltas. The PLR+AA features  Figure[3 compares the performance of the final classifiers,
are less sensitive to the number of frames with little défere including both the f-average and the sector sum, on data
in error from 1 to 15 frames. It is worth noting that if wecorrupted by pink noise. The averaging over the number of
consider the best results obtained for PLP without deltdsames is done for the five values ffachieving lowest errors,
22.4% using 15 frames, with the best for PLR#AA, 19.6% as shown in Figurgl4. The solid curves give the results for the

where;, is the prior probability of predicting clagds



acoustic waveform classifier adapted to noise udihg (6), ar [ —5- Waveform

for the PLP classifier with and witholt+AA trained in quiet —5 PLP (Standardised) 1
conditions and adapted to noise by CMVN. The errors are gel —&— PLP+A+AA (Standardised)

80r -B- PLP (Matched)

-&- PLP+A+AA (Matched)
—— Combined(A+AA)

erally significantly lower than in Figuig 2, showing the bfise

of f-averaging and the sector sum. PLRPHAA remains the 70
best representation for very low noise, but waveforms giv
lower errors below crossover points arouhgdB SNR. As
before, they also perform better than chance down-t8dB 5
SNR. The dashed lines in Figuré 5 show for comparison tha 50f
performance of PLP classifiers trained in matched condition
The matched conditions PLP+AA classifier has the best ~ 49]
performance for all SNR. However, in high noise the adapte
acoustic waveform classifier is significantly closer to rhatt
PLP+A+AA than PLPA+AA with CMVN. As explained,
the CMVN and matched curves for PLP provide the extreme ‘ ‘
between which we would expect a PLP classifier to perforr ~ 18 12 -6 0 8 [d}f] 18 24 30 Quiet
if model adaption analogous to that used with the acoustic

waveforms was possible, or some other method to improvg. 5. Performance of the classifiers in pink noise. Error curvesvshare
robustness was employed. In the next section, we explore fipéained using th_e sector sum and_ av_eraging over the r_)um[ranws for five
performance of MFCC features in combination with the ETS11es o aeevig louest ciassicaton enors sccordng o hatestioun
advanced front-end (AFE) [45] and vector Taylor series [4@e latter adapted to noise by feature standarisation @GifgN.

noise compensation techniques in the context of phoneme

recognition.

201

A fit through the numerically determined suitable ranges: of
o TABLE | ) _ then givess? = 17 dB and 3 = 0.3. Note that this approach
Absolute reduction in percentage error for each of the iflass [10)-(18) in is equivalent to a multistream model, where each sector and

quiet conditions. ) . .
value of f is an independent stream. The error of the combined
Model Waveform | PLP | PLP+ATAA classifier using models trained in quiet conditions is shasn
Model average A) 16| 28 4.4 the bold curve in Figurgl5. In quiet conditions the combined
f-average A7) 56| 6.0 6.3 classifier is slightly more accurate (18.4%) than PANRHAA
Sector sum 4°) 671 84 8.7 alone, corresponding to a small value @f= 0.003. When
F-average + sector Suntf) 99 | 100 104 noise is present the combined classifier is at least as d@ecura

as the acoustic waveform classifier, and significantly bette
around 18 dB SNR. The combined classifier does improve
upon PLPA+AA classifiers trained in matched conditions

at very low SNR and narrows the performance gap to the

We see from the results shown so far that, as in the preligijer of no more than 9% throughout, rather than 22% when
inary experiments, PLP performs best in quiet conditiorth Wicomparing to PLPA+AA adapted by CMVN
acoustic waveforms being more robust to additive noise. To '

gain the benefits of both representations, we explore mgrginy. PHONEME RECOGNITION FROMCONTINUOUS SPEECH

It'flle:nh V"Z a convex cpmglgatlon ofﬁ.th.e corresponding log- We now consider extending the classification results from
Ikelinoods, parameterised by a coeflicient the previous sections to the task of phoneme recognitian fro
To(z) = (1 — a)Tpip () + aTyave (7) (14) continuous speech using hidden Markov models. As GMMs

. .. are used for classification as well as for the emission densit
whereTp, (x) and Twave () are the log-likelihoods of a point models of the HMMs, our developments so far can be trans-

L corrgspondlng to F.)LP and wavefo.rm features, refspect'veflé(rred to recognition. The only exception is the sector sum,
Ta(2) is then used in place of (z) in (L3) to predict the | iy \yas only intended to mimic the states of HMMs. The
class. We would expect optimal to be almost zero for h|gh model average and frame average, on the other hand, remain
SNRs and close to one for low SNRs. In order to aCh'e\é%itable for HMMs. Most importantly, the noise adaptation

the desired improvement in accuracy, we fit an approprl?& classifiers in the acoustic waveform domain given by

oo ; 5 .
comptl)r;atlor; functg)m(o— )d To.ft_hzt end, ahswtgblel rar:gfe 0 equation[(b) can be directly applied to provide a good mofiel o
pOSSIbe values ot was | entitie . at each noise level from. i 05 noisy speech, while the transition matriceshef t
the condition that the error rate is no more than 2% abo

) . . ¥fVIM will remain unaltered in noise based on the assumption
the error for the best. This range is broad, so the partlculalih(,jlt the noise and speech are independent

form of the fitted combination function is not critical [4 e
choose the following sigmoid function with two parametes
and s:

D. Combination of PLP and Acoustic Waveform Classifiers

A. HMM Training

1 In this study we used the Hidden Markov Model Toolkit

2\ _
alo®) = 1+ eBlog—0?) (15) (HTK) [48] to model and recognise the phonemes. This is a



flexible implementation that allows comparing results oi#d Initially the standard training method with the flat startswa
using the standard representations to those obtained kéth ised, but the results obtained using this training proeedur
acoustic waveforms. However, a number of modifications teere poor for acoustic waveforms. We traced the problem
the standard training procedure are required to make ttwethe component splitting stage, where the means of the
system work properly with acoustic waveform models. split Gaussian components are moved apart. For acoustic

The standard training process implements a flat-start proeeaveform distributions, however, zero mean GMMs provide
dure, which begins with single component GMMs as emissidretter models, since a waveform and —x are identically
models of HMMs. The first stage initialises all the prototypperceived. Following this, a passive method was considered
emission models to the global statistics of the input framés enforce the zero mean constraint, by including negative
from all sentences and all phonemes. Next the process pdatstances of the training data. However, the model compo-
the emission models for each state on a class-wise basisg wheents still had means that differed significantly from zéro.
the frames from the training set belonging to each class areercome this problem, the means were instead constrained
used to estimate the density of all states for that class. Tiwe zero after splitting and then an update was applied to
final stage aims to maximise the training objective functioall parameters except for the mean vectors. This provided a
by re-estimating all parameters of the HMM including thenodest improvement, but it appears that the splitting msce
emission models and state transition matrices. These modslthe major issue in training acoustic waveform models as
are then further improved by splitting each emission mod#ie mean vectors will be displaced. Ultimately the bestltssu
component to double the number of components. This procese obtained when the GMMs trained on regions, z¢
replaces each component by two new components, where émelzp shown in Figuré 13 are used to initialise the emission
means of each component have been moved apart along rtfadels for the three states of each phoneme. This initiaisa
axis of maximum variance in the parent component. Followirig repeated for each number of components and therefore
a split, a number of re-estimation iterations are performeavoids any splitting of components as the required number
The splitting and re-estimation stages are repeated wth e of components is specified during the training of the GMMs.
emission model consists of 128 components. Beyond ttisllowing the HMM initialisation, the variances, traneiti
number of components, the error rates increase due to oweatrices and component weights are re-estimated using the
fitting. standard Baum-Welch method.

When using HTK with acoustic waveforms, the training While model averaging according tg]l(4) is still a valid
objective needs to be selected first. There is a choice of mawncept, it was not used in the phoneme recognition ex-
imum likelihood estimation, maximum mutual informationperiments reported in the next subsection, because in the
minimum phone error or large margin methods| [39]. In ordé#MM framework the likelihood of the data must be evaluated
to provide the best adaptation to noise, maximum likelihoagh all models simultaneously, and this would increase the
was used as this gives models that should best reflect the tcoenputational load significantly. We would expect redutsio
distribution of the phonemes. The other methods may proviiteerror rates if we did implement model averaging for HMMs,
better performance in quiet or matched conditions, but it it the improvement would be similar for all representatian
not clear how optimising the phoneme class models in suobserved for the GMM results and would not lead to different
manner will affect the noise adaptation, since models ¢ginconclusions about comparisons of the representations.
in this way will not be true generative models of the observed As we saw in the previous section, the number of frames,
speech and so the noise adaptatior df (6) may fail to produteused for the acoustic waveform representation was also
an accurate model of the noisy speech. critical for classification. Again a range of values fbwere

Additionally, HTK prunes potential alignments with like-investigated to find those that are most suitable for redimgni
lihoods that are too low relative to the best sequence. This was necessary as the optimal feature duration of aicoust
no alignment for a particular sentence can be found withaveform representations is not known, however the parame-
sufficiently high likelihood, then the sentence is exclude@rs used for the standard representations and the restiits o
from the training dataset as this exclusion will reduce theassification experiments of the previous sections pexViah
training time by ignoring training data and alignments thaditial range for investigation.
have very low likelihood given the current model parameters
Due to the higher dimensionality of the feature vectors ffigr t
acoustic waveform representation, the likelihood of ptiéén
alignments can cover a much wider range than it does in theFigure[6 shows the phoneme recognition error rates for
case of standard cepstral representations. When the tlefelMMMs using acoustic waveforms, for the four training-
pruning parameter value — indicating the allowable toleeaninitialisation approaches detailed in Section TV-A. Thises-
on likelihood values — is used to train acoustic wavefortigation considers the performance of HMMs, when 1, 2, 4,
models, the majority of the data is rejected. Consequethity, 8, 16, 32 and 64 component GMMs are used as emission
pruning parameter was increased significantly. A smaltibac density models. Evidently, the standard training procedsir
of data was still rejected, but the training process wasefastneffective for acoustic waveforms. Notice that the inabns
than if the pruning option was disabled. of negative instances of the training data fails to improve

The training initialisation also needs to be adjusted taemns the outcome. In both cases, direct inspection of the model
convergence towards adequate models for acoustic waveforparameters revealed that the models contained components

B. Recognition results



with mean vectors that are significantly different from zero
To overcome this issue, the next method forces the means
zero after each stage of component splitting. This givestmuc
better performance when few components are used. Howev
the improvement is minor when the models consist of 6:
components. The final training method, denotedsa4M init.

in the legend of Figurgl6, initialises the emission modeisgis
the GMMs trained in Sectiop]Il. In this case the error rate:
are significantly lower than all of the other methods for gver
number of components. This initialisation method redubes t
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——50ms frames concatenated. Curves are shown for quiet conditems in additive

g pink noise for seven values of SNR. Overall the best perfagads obtained
using 9 frames, a 90ms duration representation.
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:

50+ 1
450 . A comparison between acoustic waveforms and cepstral
baselines is shown in Figuré 8. The models for acoustic wave-
401 i forms are adapted to additive noise accordindgto (6), while i
35" 1 the case of cepstral features, we now consider standard nois
a0l ‘ ‘ ‘ ‘ ‘ compensation techniques: the ETSI advanced front-end [45]

1 2 4 8 16 32 64
Number of components

and vector Taylor series [46], in conjunction with MFCC
features to obtain noise-compensated cepstral repréiseista
Fig. 6. Comparison of the four training approaches for the acoustieeform MFCC-AFE and MFCC_VTS,’ respeguvely. The compensated
representation in quiet conditions: default training edure with component features are then standardised using sentence-wise aepstr
splitting (Standard), default with negative instanceseatith the training data mean and variance normalisation (CMVN) as that signifigantl

(Negative), default with emission model mean vectors irte zero after jmnrqyed performancé [34]. A single frame is used for MECC
splitting (Forced zero), and emission models initialisesihg the zero-mean =

sector models from Sectigalill (GMM init,). Three curves shewn for each of @nd its variants, wittA+AA computed in the usual manner.
the methods, corresponding to different number of framéisdrconcatenation. This corresponds to a time interval of 25 ms for the frame,

105 ms forA and 145 ms forA+AA. It was assumed that

The model training process for acoustic waveforms walsese methods provide optimal baselines for comparison as
initially considered forf = 1, f = 3 and f = 5 frames, they are commonly used and have been tuned for the task.
corresponding to feature vectors coverifiyms, 30 ms and Figure[8 shows recognition results obtained with the atoust
50 ms in duration, respectively, extracted every 10 ms. Theaveform representation for 10 ms, 50 ms, 90 ms and 130 ms.
duration of 10 ms corresponds to no overlap of adjacer€onsidering the comparison to the cepstral baselines wuftitho
feature vectors, whil80 ms is closest to the standard cepstrah+AA, the acoustic waveform representation with 10 ms
representation. The effect of the number of frames is alsaration gives similar error rates to both cepstral basslin
illustrated in Figure[. It can be observed that the results quiet conditions and better performance down to 0 dB
improve when going fronf = 1to f =3 andf = 5, withno SNR. Note that a similar observation can be made about
indication thatf = 5 is the optimal value. This suggests thatlassification results obtained with fixed-length segmaeyits
it is necessary to investigate the acoustic waveform represacoustic waveforms and cepstral features with@sAA in-
tation using more than five frames to find the optimum. In tHermation, as shown in Figurel 2. Results shown in Figure
previous section representations ugfte- 15 were considered [8 demonstrate that in phoneme recognition too the addition
for classification, and this range was sufficient to find thef A+AA features provides a significant performance gain
optimal value off. Figure T shows the results for the phonemi®r cepstral representations. We can observe again that the
recognition task over the range frofn= 1 to f = 13. Each performance of cepstral representations wkkAA infor-
curve represents one fixed global SNR of additive pink noisaation is significantly better than that achieved with aticus
There is a slight improvement of around 1.1% that resultsifrowaveforms at low SNRs, but that the 90 ms acoustic waveform
increasing the acoustic waveform duration from 50 ms to 9@presentation improves further in noisy conditions, rovi
ms. Beyond this duration, the error rates increase, whickdco lower error rates than MFCC-AFEA+AA and MFCC-
be due to the representation becoming less localised. VTS+A+AA between—6 dB and 12 dB SNR.



11

~x-- Waveform 10ms 60r —A— MFCC-AFE I
65¢ - = Waveform 50ms -/~ MFCC-VTS
o ! - = - Waveform 90ms 551 —©O— AW f-average (AWFA) L
=60l ®---q —*— Waveform 130ms || — —— a(MFCC-AFE) + (1-0)AWFA
X X
= N - ©- MFCC-VTS =
Sesl N & L0 - &~ MFCC-VTS+A+AA| 5 50f |
@ S0 N 5 O MFCC-AFE @
c XN LI _ FA+ c
S5l NN - O MFCC-AFE+A+AA gl |
c c
D D
3 450 ] 3
e 2 401 ]
(V] (]
2 S 35¢ i
o 35 1 o
30- | 30- B
25 L L L L L L L ’I,I % 25 I # -
-6 0 6 12 18 24 30 Quiet -6 0 6 12 18 Quiet
SNR [dB] SNR [dB]

Fig. 8. Phoneme recognition error rates for the acoustic wavefapner Fig. 9. Comparison of phoneme recognition error rates in additink poise.
sentations of different durations. Tests are carried owdditive pink noise. Baseline comparisons are provided by MFCC-AFE and MFCC-VIig f-
Noise compensated MFCC features using vector Taylor séiéCC-VTS) average (AWFA) is taken for the range 50ms - 130ms. Unifortoiyer error
and ETSI advanced front-end (MFCC-AFE) methods are usedssibes. rates are achieved by the convex combination of MFCC-AFE/MMEA.

We also re-investigate in the HMM context the effect o kabl It of that . tis that oh
model averaging by combining models corresponding to dif- remarkaple result ot that experiment 15 that phoneme

ferent number of frames used to represent acoustic waven‘orrﬁ%"’lss'ﬁc"’Itlon in the acoustic waveform domain significant

Having established that the lowest error rates are achie\%gperforms classification in the cepstral domains alveatdly

using f = 9 frames, the models corresponding fioc F = very low noise levels, and that even at an SNR as low

{5,7,9,11,13} are averaged by a multi-stream process [4{1; ~18 dB it achieves accuracy distinctly above that of
and used for recognition. The resulting acoustic wavefor ndom guessing (see Figure 2). A significant performance

f-average (AWFA) model achieved better performance th ﬁin in classification using cepstral features is_ achievied v
the individual models with a fixed value of. Finally, we +_AA _feqtures, which reflect temporal dynam|c_s of speech.
re-investigate in the recognition context combining ad:iousWh'Ie finding analogous features in the acoustic waveform

waveform and MFCC-AFE HMMs according t6{14). Not domain is a nontrivial open problem, considerations in iact
, (ﬁ]]]demonstrated that a performance gain in the acoustic

again that the largef-values for waveforms effectively incor- . : .
porate information that is provided for MECCs wla+ AA waveform domain can be achieved by extending the length of
which is why we do not consider similgf-frame concaten,a- the basic observation unit and thus including the inforomati
tions for MFCCs. Phoneme recognition results obtained wiffl the tem%oralotlj)_/natlrrrlcs |mth|E[:|tI¥. l\rl1ext, acoustic Wz_at\_reief
the frame averaging and representation combination irtieddi were considered in the context of pnoneme recognition from
pink noise are shown in Figuié 9. The acoustic waveform re ontinuous speech. To aIIow- a d|re_ct comparison V\."th the
resentation with averaging over the number of frames (AWF, pstral features, and compatibility with existing tedoges,

e recognition was implemented in the standard HMM-GMM

gives lower error rates than the cepstral representations .
SNR below a cross-over point around 18 dB. Error rat rsamework. Note however thal [19L.The HMM and frame-

achieved by the combined representation are uniformly to ased cepstra have %o;evolc\l/etd as AhSRt;y st(_errl? comp O?i,n,\;s,\j nd
than any of the individual representations considered. As gnce are very much tuned fo each other. The Use o S
consequence, the combined HMM model achieves significa"?ﬁ the core acoustic modeling technology might obscure the

reductions in error rates compared to cepstral-only mod tguns fI‘OIZ;I new features, ehsp ecially thosihfrom I?';'g %m@sca h
with standard noise compensation techniques. IS may DE one reason Wiy progress with novel lechniques has

been so difficult. In particular, systems incorporating 1ségymal

processing methods in the front end are at a disadvantage whe
V. CONCLUSION AND DISCUSSION tested using standard HMMsStill phoneme recognition using

In this paper we have explored the potential of improvingcoustic waveforms achieved lower error rates than cdpstra

the robustness of ASR to additive noise by posing the probldfftures for noise levels below 18 dB SNR.

directly in the space of acoustic waveforms of speech, orRecognition and classification results presented in this
some linear transform thereof which does not incur amroof-of-concept study demonstrate that representingdpe
information loss. In order to assess the separation of glwneaising high dimensional linear features, which incur no loss
classes in the acoustic waveform domain and the domainsoffinformation, is a promising direction towards achieving
standard cepstral features, we first considered classgificatthe long sought-after robustness of ASR systems. Signtfican
of phonemes using observations of a given fixed duratiomprovements can potentially be made by more sophisticated
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modelling of speech in the acoustic waveform domain. THwoad phoneme class confusions|[53],1[54]. Indeed, in the
choice of decorrelating basis is another area that opens agmtext of phoneme recognition, much lower confusion rates
scope for further work. In these directions methods such bhstween broad phoneme classes are achieved using acoustic
MLLT [50] and semi-tied covariance matriceés [51] may lead twaveforms than cepstral features, as illustrated by result
improved results. We conducted some preliminary experimeishown in Figurd_10. Finally considering the success of deep
with semi-tied covariance matrices in the context of phomemeural networks (DNN) in ASR tasks_[b5], it is imperative
recognition. This improved recognition performance inequi to explore DNN modelling of acoustic waveforms of speech.
but suffered from increased error levels in noise. Howevei/hile DNNs have exhibited robustness to modest differences
more extensive investigations may prove fruitful. Evenhivit between training and test settings, their performance s o

the models introduced in this study, given the wide range tife mismatch is more sevefe [56]. A recent study by Mitta
possibilities for choice of parameters, many of these hate ral. [57] shows, however, that the choice of features provides
been extensively tuned. This includes the weighting of tleeope for improving the robustness of DNNs. Hence it is of
model averaging over the number of components in GMMmterest to explore possible gains achievable by using DNNs
and the averaging over the number of framfeseither in a in conjunction with high dimensional linear representasi@s
class-independent manner, or tuned even further to vatly wéonsidered in this study.

the phoneme or phonetic group being evaluated; a uniform

weight was assumed throughout (averaging over the numhb
of components was not explored at all in the recognitiol
experiment), but it is likely that the information conterstedl

30 :

—

Waveform 50ms
- = - Waveform 90ms
—— Waveform 130ms

. . . . . . . . . - 8\
for discrimination is not distributed in exactly this wayhdn 2808 o - 2* mgg‘ﬂg A M’
. . . N - - - +A+
models could potentially also be developed to explicitlyd®io AN O MFGO-AFE
correlations between feature vectors obtained for differe NN o & MFCC-AFE+A+AA

N
o
T

number of frames.

Towards other classes of models, Gaussian scale mixtu
models (GSMMs) are a subset of GMMs that seem particularl
suitable for modelling the distributions of the speech algn
This is motivated by the observation in our experiments the
the covariance matrices of some of the components We%lo—
approximately scaled copies of each other. Densities of tt S
acoustic waveform representation can thus be modelledusi @
mixtures of scaled components where again the means ¢
constrained to zero and the covariance matrices are coresira
to be diagonal. The probability density function of the GSMM

is thus given by: Fig. 10. Broad phoneme class (vowels, nasals, strong fricativeskwe
s fricatives, stops and silence) recognition error rates.
C
=3 S wA

i=1 j=1

netic class recognition error [%]
=
ul
|

o

h

12 18
SNR [dB]

2;0,57C7'Dy(CT) ™)
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128 components provided an error rate that improved by 4.2%

in quiet, compared to the standard 128-component GMM when
used for phoneme classification as considered in SeEflon I]
[34]. Further reductions in the error rates may be expedted |
more scales are used, given that some of the scale distriisuti
are not adequately modelled with only eight scales. Althoug
these GSMM models achieved lower error rates than the
corresponding GMMs with the same number of componentsg
computational constraints prevented us from exploring thit®!
direction further. Note that GSMM models are an examplgs]
of a Richter distribution, which have been previously used t
model heavy tailed distributions [62]. [5]
We expect that the results can be further improved, and that
acoustic waveform features may by effective if incorpadate
into techniques considered by other authors, in particula
committee classifiers and the use of a hierarchy to reduce

(2]
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