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Delay-Coordinates Embeddings as a Data Mining
Tool for Denoising Speech Signals.

D. Napoletani, C.A. Berensteif, T. Sauet®, D.C. Strupp& and D. Walnutc.

Abstract— In this paper we utilize techniques from the theory of a quantitysx.
of non-linear dynamical systems to define a notion of embeddg

threshold estimators. More specifically we use delay-coomdates Generally we are interested in estimatofs such that
embeddings of sets of coefficients of the measured signal (in

some chosen frame) as a data mining tool to separate structes the gxpected mez_:ln squ_are eriof|f — F|2} IS a§ small as
that are likely to be generated by signals belonging to some Possible. For a given discrete orthonormal baBis= {g,}
predetermined data set. We describe a particular variationof of the N dimensional space of discrete signals, we can write:
the gmbeddlng threshold estimator |mplemen.ted in a wmdovwk X = Zﬁ;é Xg[m]gn Where Xg[m] =< X,g,, > is the
Fourier frame, and we apply it to speech signals heavily cor- e product of X' and g¢,,. Given such notation, we can
rupted with the addition of several types of white noise. Our ) . . .
experimental work seems to suggest that, after training on e deflne_a class of estimators that is amepable to theoretical
data sets of interest, these estimators perform well for a wiety ~analysis, namely the class of diagonal estimators of then for
of white noise processes and noise intensity levels. The thetl F = ZZ;(I) dm (X g[m))gm whered,,(Xg[m]) is a function

is compared, for the case of Gaussian white noise, to a blockthat depends only on the value Of 5[m]. One particular
thresholding estimator. kind of diagonal estimator is the hard thresholding estimat

Index Terms— Threshold estimators, delay-coordinates embed- F (for T some positive real number) defined by the choice

dings, nonlinear systems, data-driven denoising. N1

Fp= Z A (X B[M])gm (1)
I. INTRODUCTION m=0

In this paper we explore the performance of a method ¥fhere
denoising that is designed to be efficient for a variety oftevhi dm(Xp[m]) = Xp[m] if [Xp[m]| >T
noise contaminations and noise intensities, while keeping nd
fixed choice of parameters of the algorithm itself (adapted
the class of signals to denoise). The method is based on a
loose distinction between the geometry of delay-cooréimat

embeddings of, respectively, deterministic time seried aff 11/[n] are realizations of a white normal distribution

non-deterministic ones. Delay-coordinates embeddings &ith varianceo?, then it is shown in [DJ] thatFr, with

the basis of many applications of the theory of non-linegr — 5,/2logN, achieves almost minimax risk (when

dynamical systems, see for example [ASY] or [KS], our worknplemented in a wavelet basis) for the class of signals
stands apart from previous applications of embeddingsah thy[,] of bounded variation. The possibility of proving such a
no exactmodelization of the underlyning signals (through thetriking result is based, in part, on the fact that the coieffits

delay-coordinates embeddings) is needed nor attempted hey ;] are realizations of a Gaussian white noise process in
Instead, we measure the overall ‘squeezing’ of the dynamigsy basisB.

along the principal direction of the embedding image by

computing the quotient of the largest and smallest singulgeveral techniques have been developed to deal with
values. the non-Gaussian case, some of the most successful are the
Efromovich-Pinsker (EP) estimator (see for example [ELPT]
We define first of all the context in which we look forand references threin) and the block threshold estimators
signal estimators. LeF[n], n =1,..., N, be a discrete signal of Cai and collaborators (see [CS],[C] and the more recent
of length N, and letX[n] = F[n] + Wn], n = 1,..,N, [CL]). In these methods, the variance of the white process
be a contaminated measurement [6fn], where W(n| are needs to be estimated from the data, moreover, since the
realizations of a white noise proces¥’, throughout this threshold is designed to evaluate intensities (or relative
paper we use the notatidfi(x) to denote the expected valugintensities) of the coefficients in blocks of multiwavelets
1 School of Computational Sciences, George Mason Universitjrfax, |9W intensity _d_etails may be filtered out as it is the Ca}se for
VA 22030, email:dnapolet@gmu.edu simpler denoising methods (see also remark 3 on the issue of
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of quotientsof singular values), and it is remarkably robusthat are oriented in time direction, the collectiar, of
to changes in the type of noise distribution. double-indexed paths

This strenght is achieved at a price, the inner parameters of
the algorithm need to be adjusted to the data, this is true to
some extent for the EP and block thresholding algorithmgherep is some positive integer, will be relatively sensitive
as well (see again [ELPT] and [CL]), but the number ang l|ocal time changes of such ridges, since each path is a
type of parameters that need to be trained in our approactsffort line in the time frequency domain oriented in the time
increased by the need of choosing a ‘good’ delay-coordinatirection.

embedding suitable for the data we would like to denoise.

In section V we will explore possible ways to make thehe choice ofp is very important as different structure
training on the data automatic, but it is yet to be seen it speech signals (our main case study) is evident at differe
this stage which data sets are amenable to the analyfise scales. Letl = I(Vmp) = I(FX,, ) be a function

we propose. This paper is meant as a mostly experimerdafined for each path,, 1€Cp. We deflne nowa semi-local
analysis that suggest the method is sound at least for qAgesholding estimatorin the window Fourier frame as

Vi = {gmy such that = I,m <m <m+p}, (5)

choice of data sets (namely, speech signals). follows:
1 N—-1N-1
Because of the choice of applying our algorithm to a = _ Z dr o (FX[m, 1) Gm. (6)
database of speech signals, we decided to use windowed Nm:0 e 7
Fourier frames as a basic analytical tool. This is an obV|0u%erele(]_.X[m ) = FX[m.1] if [(FX,, [) > T for

way in which we are already adapting to the data, but more .
general frame® could be used, or even collection of framesom)e('y’”l Cogt?mmﬁ( 1), and dr, T(f)l([ M) =0
and bases, therefore we prefer to lalbelas adictionary of (7 Y, ) < T forall ;7 containing(m, I)

analysis.

Note that any discrete periodic signal[n], n € Z with
period N can be represented in a discrete windowed Fouri
frame. The atoms in this frame are of the form

Note that this threshold estimator is build to mirror the
diagonal estimators in (1), but that the ‘semilocal’ quabf
7 is evident from the fact that all coefficients in severak,
are used to decide the action of the thresholding on each
i27Tl”) nez @2 coefficient. This procedure is similar to block threshotdin
N 7 ' estimators, with the additional flexibility of choosing the
We choose the window; to be a symmetricN-periodic index function /. We propose in the next section a novel
function of norm1 and suppory. Specifically we can chooseuse of embedding techniques from non-linear dynamical
g to be the characteristic function of tHe, 1] interval; we Systems theory to choose a specific form for We find
realize that this may not be the most robust choice in mafiy this way a variance independent estimator that does not
cases, but we have deliberately selected this functiona@avdepend significantly on the probability distribution of the
excessive smoothing which was found to adversely affect oi@ndom variabld? and such that we can adapt to the data in
algorithm_ a flexible way.

gm,i[n] = gln — mlexp(—

Under the previous conditions: can be completely

reconstructed from the inner product&¥X[m,l] =<
X, gm, >, 1.e., II. DELAY-COORDINATESEMBEDDING IMAGES OF TIME
No1N-1 SERIES
1 FX[m, ) Gm. () We first recall a fundamental result about reconstruction of
mzo =0 the state space realization of a dynamical system frommits ti
where series measurements. Suppdéses a dynamical system, with

o state spacer* and leth : IR* — IR be a measurement, i.e.,

~ 147N i i i i

Gmaln] = gln — m] exp( ), neZ (4) @ continuous function of the state variables. Define moneove
N a function F" of the state variableX as

We denote the collectiof< X, g,,; >} by FX. For finite

discrete signals of lengtiv the reconstruction has boundary F(X) = [X), S+ (X)), s A(S -1y (X)) ()
errors. However, the region affected by such boundary &sffeavhere by S_;,(X) we denote the state of the system with
is limited by the sizeq of the support ofg and we can initial condition X at jr time units earlier.

therefore have perfect reconstruction if we first extekd

suitably at the boundaries of its support and then compuitée say thatA < IRF is an invariant set with respect
the inner products X . More details can be found in [S] andto S if X € A implies S;(X) € A for all ¢t. Then the
references therein. following theorem is true (see [ASY], [SYC] and [KS]):

Since for speech signals much of the structure in the
time frequency domain is contained in localized ‘ridgesTheorem: Let A be an m-dimensional submanifold of



IR which is invariant under the dynamical systesh If distribution of W was symmetric.
d > 2m, then for generic measuring functiohsand generic
delaysr, the functionF’ defined in (7) is one-to-one oA.

Remark 1. Even whenX is a pure white noise process,
Keeping in mind that generally the most significanthe windowed Fourier frame will enforce a certain degree of
information aboutg is the knowledge of the attractivesmoothness along each pathsince consecutive points i
invariant subsets, we can say that delay maps allow to hawe inner products of frame atoms with partially overlagpin
a faithful description of the underlining finite dimensidbnasegments ofX. So there will be some correlation X,
dynamics, if any. The previous theorem can be extendedeeen whenX is an uncorrelated time series, therefdrés
invariant setsA that are not topological manifolds; in thatpossible in general thaf (FX,) >> 1 even whenX is a
case more sophisticated notions of dimension are used (8d®te noise process.
[SYC)).
Generally the identification of the ‘bestr and d that Remark 2: Similarly, the lengthp of v cannot be chosen
allows for a faithful representation of the invariant subseery large in practice, Wh|IeE(“1) converges tal for any
is considered very important in practical applications (amcorrelated processes only asymptotlcally for very langet
discussed in depth in [KS]), as it allows to make transparesgries and again for small lengttwe may haveE(gl) >> 1.
the properties of the invariant set itself, more partidylar
we want to deduce from the data itself the dimensiorof Even with the limitations explained in the previous two
the invariant set (if any) so that we can choosd ¢hat is remarks, it is still meaningful to sét(X,,) = I*"4(X,,) = ot
large enough for the theorem to apply. Moreover the siznd therefore we definen embedding threshold estimator to
of 7 has to be large enough to resolve the image far frobe a semilocal estimataF (as in (2)) with the choice of index
the diagonal, but small enough to avoid decorrelation of tHe= 7°*¢, what we call an embedding indeXhe question
delay coordinates point. is now to find a specific choice df' > 1, given a choice
We apply the structure of the embedding in such a way thett (D, C,,d, ), that allows to discriminate a given data set
the identification of the most suitabteandd is not so crucial (speech signals in this paper) from white noise processes.
, even though we will see that we do need to train such
parameters on the available data, but in a much simpler avé need therefore to study the value distribution of
straightforward way. The technical reason for such rotesstn 75*¢ for our specific choice of, andD, and assuming is
in the choice of parameters will be clarified later on, buwgither an uncorrelated random process or a signal belonging
essentially we use time delay embeddingsdata mining to our class of speech signals.
tools rather than modelization tools as usually is the case.

In the next section we explore numerically this issue
To understand how such data mining is possible, wer the windowed Fourier frames and the collection of paths
start by applying the delay-coordinate procedure to thee tint,, in (5).
seriesWin], n = 1,...,N, for W an uncorrelated random
process; let the measuring functibrbe the identity function
and assume from now on thatis an integer delay so that

F(W[n]) = [W[n],W[n — 7],.... W[n — (d — 1)7]]. For I1l. EMBEDDING INDEX OF SPEECHSIGNALS AND
any embedding dimensiod, the state space will be filled RANDOM PROCESSES
according to a spherically symmetric probability disttibn.  For a given times seriest and choice of parameters

Let now Z = {F(Z[n]), n = 1,.., N} be the embedding (p, r, d) we can compute the collection of embedding indexes
image inR? of a time seriesZ for any given time delayr. ]svd(fx) {]svd(]:X ), v € Cp}, Define now theindex
Then we have the following very simple, but fertile lemmaumulative functioras

that relates spherical distributions to their associated t 44{~ such thal**d(FX.) > t}

incipal directi = 8
principal directions Qx (1) Yo ; (8)

Lemma 1: Let oy, o4 be the variance ofi along the i.e. for a givent, Qx(t) is the fraction of paths that have
first principal direction (of largest extent) and the lasteonindex abover.

(smallest) respectively. Then the expected vakigZ!}

converges td as N goes to infinity. A simple property of@x will be crucial in the following
Proof: BecauselV is a white noise process, each coordinatdiscussion:

of F(Wn]) is a realization of a same random variable with

some given probability density function thereforelV is a Lemma 2: If X is a white noise process anii’ = aX is
realization of a multivariate random variable of dimensibn another random process that component by component is a
and symmetric probability distribution. If the expecteduea rescaling of X by a positive number, then the expected

of g—; = @ > 1, then a point at a distance from the origin ofunction@x and Qx are equal.

o1 has a greater probability to lie along the principal directi Proof: Each set of embedding points generated by one specific
associated tar; contradicting the fact that the probabilitypath ~ is, coordinate by coordinate, a linear combination




of some set of points in the original time series. Therefofd Gaussian probability density function.
if X' = aX, ]-“XQ = aFX,, but the quotient of singular 2) Uniform probability density function.
values of a set of points is not affected by rescaling of &) Tukey probability density function, that is, a sum of two
coordinates, therefore the distributions &f¢(FX) and normal distributions with uneven weight (used in [ELPT] as
I°v(FX') are equal, buf)x, andQx are defined in terms well), each point of the time series is a realization of the
of I°*? so they are equal as well. random variablé?V = RN + (1 — R)4Na/+/r + 16(1 — 1),
where N; and N, are Gaussian random variables, aRd
is a Bernoulli random variable witlP(R = 1) = 0.9 and
Remark 3: We see the use of embedding index as= P(R =1).
a possible generalization of methods like the coherefildiscrete uniform pdf with values iIH—Q,Q} for some
structures extraction of [M] section 10.5 (more details capositive Q.
be found in [DMA]), where it is explored the notion ofAll probability density functions are set to have mean zero.
correlation of a signak of length NV with a basisB, defined and variance 1, since by Lemma 2 we kn@y will not be

as affected by changes of the variance. One of the pdf has heavy
C(X) = supo<m<N|Xp [m”_ tail (Tukey pdf) and one of them is discrete (discrete umfor
| X| pdf). The kurtosis is respectively from pdf in 1) to pdf in 4):

It turns out that in the limitNV — oo the correlation of any 3, about1.8, about13,and about.2
Gaussian white process converges to

—— In Figure 1la we plotQx(t) for the white noise processes
Cy = V2loge N generated with pdfs in 1)-4), averaged over 10 repetitions f
VN each random distribution.

independently of the specific varianaed therefore estimation
of a signalX is performed by retaining a coefficieAtz[m] if Remark 5: To speed up the computation, we sampled
% > Cy. In this paper the embedding index determinethe indexes(rm, 1) of the paths in (5), more particularly we
the coherence of a coefficient with respect to a neighbouthogelected a sampling length 6f, = 1 for the frequency index
of the signal and it is independent of the variance of theeois: and a sampling length df; = p for the time index.
process as well.

Note that the qualitative behaviour ¢fx is very similar for

all chosen distributions, in particular they all exhibit ary
Remark 4: As we said in section Il, the choice g fast decay for larger values of The maximumL, distance
in C, is very important in practice. The speech signals thaetween any twaQ x in the interval [0,40] is ~ 0.54 (or
we consider are sampled at a sampling frequency of ab@aime6% of the averagd., norm of theQx) , we found that
8100 pt/s, we choose supprt of the windgw- 64 and length even for distribution with kurtosis up t60 the maximum
of the pathsp = 28, since these values seem to assure thdistance was less thdt8 (about8.5% of the averagelL,
each path will be significantly shorter than most stationanorm of Q) x), irrispective of the specific pdf, moreover most
vocal emissions, a point to take into consideration when veé the error is concentrated in regions of high intensitytaf t
gauge the relevance of our results. derivative and it does not affect much the behaviour of the
Given this lenghp for v, we have some significant restrictiongight tail of the curves) .
on the maximum embedding dimensieghand time delay
7 that we can choose if we want to have for each pathTderefore it seems that, for our choice @ and C,,
sufficiently large number of points in the embedding image teasonably heavy tail distributions will not exibit a
be statistically significant, which we can obtairpit>> dr.  significantly different behaviour inQx with respect
Because of these restrictions we chodse- 4 and = 4 to the Gaussian distribution, supporting our claim tiaat
that givedr = 2* << p = 2%, we generate in this way is robust with respect to the choice of white noise distitut
240 points for each path. We heuristically tried to adjugt th
embedding parametetsand r and the lenghp of the paths For each probability density function, the shape @fy
so that the qualitative behaviour of speech signals andewhis affected by the correlation introduced by the lengthgof
noise processes was as distinct as possible, see the discugshe window support of the windowed Fourier Frame): if
in section IV for a possible way to make the choice of < ¢ some coordinates in each embedding point will be
parameters automatic. correlated and this will cause the decay@f to be slower

when T is smaller.

We now expand some uncorrelated zero mean randoWhen(Qx is computed (with the same choice of parameters)
processes of lengthy = 2! on the windowed Fourier frame for a collection of10 randomly selected segments of speech
with the set valueg = 64, p = 2%, d = 4 and7 = 8. And signals of length2!!, the rate of decay of the functions
we compute the embedding indéxy . Qx is significantly different, and the tail of the functions
The specific random processes we use here are time seigestill considerably thick by the time the rate of decay of
with each point a realization of a random variables with: @ x for most random processes is almost zero (see Figure 1b).
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Fig. 1. From top to bottom, this figure showg., as defined in equation Fig. 2. From top to bottom, this figure shows., as defined in equation
(7) for: a) uncorrelated random processes 1)to 4); b) tedaiaty selected (8) for: a) the uncorrelated random processes in Figure #heosegments
segment of speech signal from the TIMIT database. of speech signals in Figure 1b.

Since we want to have a significantly larger fraction oforeover that similar results can be obtained with local
paths retained for speech signals rather than noise, we c&anges op, 7 andd, which suggests an intrinsic robustness
select the threshol@ in the following way: of the separation with respect of the parameters.
This separation ability could be due, in principle, only le t
(A) Determination of Threshold Given a choice of very nice properties of speech signals. Note that if, for som
parameters(D,C,,p, 7,d), a collection of training speech FX,, I°v? = o, then the state realization of the time series
time series{S;}, and a selection of white noise processe& X, is embedded in a subspace Bf and therefore each
{W;}, chooseTy to be the smallest so that the mean of point of 7.X., must be described as a linear function of the
Qs,(To) is one order of magnitute (10 times) larger than thélelay coordinates. This condition is very restrictive om th
mean ofQw, (To). dynamics of #X,, but vocal emissions are locally periodic
signals, and so they do fall, at least locally, into the claks
This heuristic rule gives, for the parameters in this segtiolinearly predictable discrete models, i.e., processesvfuch
Ty ~ 28.2. (A) gives us as experimental way to determin&x = r(Xy_1,..., Xx_q) for some linear function- and for
a thresholdT” = T, for the index7°"¢ that removes most some integed.
of the time frequency structure of somgredetermined The complexity of these linear models increases with
noise distributions, while it preserves a larger fractioincreasing values of the embedding dimensinBut this
of the time frequency structure of speech signals. Sinig not fully satisfactory as we would like to be able to
moreover ‘reasonable’ distributions exibiteds similar to use the embedding index**¢ to denoise more complex
the one of Gaussian distributions, we can in practice traftynamics that cannot be described by simple linear predicti
the threshold only on Gaussian noise and be assured thedels. Moreover for smal- we are measuring in many
it will be a meaningful value for a larger class of distrimts. cases smoothness of the path and local correlation with the
embedding index, yet, if we try to choose as large as
Note that even very low energy paths could have in principf@ssible with still a clear separation of the training sets,
high embedding index, still, the energy concentration ithpa we can see differences that are not accounted for by local
that have very high index tends to be large for speech signaisrrelation, indeed the embedding image is squeezed along
to see that, for a given signdl, let the diagonal for paths with high local smoothness, but in
rinciple for complex dynamics the principal direction tbu
_ 217X, [z such thatl*vd(FX,) > t}7 (9) Ee oriFe)nted in an;)direcgon and therer;ore t?le embeddingxnd
20 [F Xyl is much more than simply a measure of local smoothness.
be the fraction of the total energy contained in paths with
index abover. We can see in Figure 2 that the amount ofhere is a large literature on possible ways to distinguish
energy contained in paths with high index value is signifikan complex dynamical systems from random behaviour (see for
larger for speech signals than for noise distributions. example the articles collected in [Me]), as we underlined
in the previous section, much of this work stresses the
More particularly, the fraction of the total energy ofidentification of the proper embedding parameterand d;
the paths carried by paths wiili*¢ > T, is on averag®.005 the contribution of this paper to this ongoing discussiothes
for the noise distributions an@ 15 for the speech signals, oruse of embedding techniques in the context of computational
an increase by a factor 0. harmonic analysis. This context frees us from the need to
use embedding techniques to find an effective modelization
It seems therefore thaf**?, with our specific choice of the signals, such ‘blind’ use of the embedding theorem is,
of parameters, is quite effective in separating a subset wé believe, fertile from a practical point of view, as well as
paths that are likely to be generated by speech signals, nattheoretical one.

Ex(t)



The attenuation introduced in (C5) has some additional &d ho
Note in any case that if the dimension of the invariargarameters in the definition of the neighborhoods in (10) and
setA isd4 = 0, then for any white noise procedg, X + W in the choice of the attenuation parameterBy the double
has spherically symmetric embedding image %@d% 1 for process of increasing the number of nonzero coefficients
any embedding dimensiod as in the case of pure whitechosen at each step and decreasing their contribution we
noise. This means that an estimator based 8fi is not able are allowing more information to be taken at each iteration
to estimate noisy constant time series on a given path of the projection pursuit algorithm, but in a slow learning
This restriction can be eased by allowing information on tHeamework that in principle (and in practice as we found
distance of the center of the embedding image to be includedt) should increase the sharpness of the distinct features
in the definition of the embedding threshold estimator. s thof the estimate, on the general issue of attenuated learning
paper for simplicity we assumedly > 0 for all paths inC,. processes see the discussion in [HTF] chapterNdie that
That seems to be sufficient in analyzing speech signals. the attenuation coefficient leads to improved results only

when it is part of a recursive algorithm, otherwise it gives

IV. ATTENUATED EMBEDDING ESTIMATORS only a rescaled version of the estimate.

~ In this section we develop an algorithm based on thegge grawback of the algorithm we described is the
ideas. The notion of semilocal estimator is slightly expEihd heeq 1o choose several parameters: we choose a dictionary of
to improve the actual performance of the estimator itsedf. EnalysisD, a collection of discrete paths,, the embedding
this extent, define tubular neighborhoods for each atomen tBarameters (time delay) and! (embedding dimension), and
windowed Fourier frame, i.e.: the learning parameter® (threshold level),« (attenuation
O(gmt) = {gmrw SLI — 1] < 1,|m’ —m| <1},  (10) coefficient) ande. Again we stress that_all such choices
are context dependent, and are the price to pay to have
Such neighborhoods are used in the algorithm as a wayao estimator that is relatively intensity independent and
make a decision on the value of the coefficients inwe applicable to wide classes of noise distributions.
dimensionaineighborhood ofF X, based on the the analysisThe choice ofD is dependent on the type of signals we

of the one dimensionalime seriesF X, itself. analyze and we do not see a serious need to make such
R choice automatic.
(C1) SetF = 0. Since we analyze speech signals, we choose the dictionary

to be the set of atoms of the windowed Fourier frames; the
(C2) Given X, chooseg > 0 and expandX in a windowed algorithm is not very sensitive to the choice of the length
Fourier frame with window size. of the window in the Fourier frame, while the use of several
windows is found to be always beneficial.
(C3) Choose sampling intervalsS; for time coordinate The choice ofC, is also dependent on the type of signals
and Sy, for the frequency coordinate. Choose the path lengtinalyzed, speech signals have specific frequencies thageha
p. Build a collection of pathg, as in (5). in time, so a set of paths parallel to the time axis was natural
in this case. Let us explore now the relation of parameters
(C4) Choose embedding dimensieh and delay = along associated withC),, embedding parameters and d and
the path. Compute the indexX*'‘(FX, ) for each thresholdT. Recall that for the collectiorC, we have as

FX,, ; €Cp. Use (A) to find the threshold leval. parameters the time and frequency sampling ratesd m
and the lengthp of the paths. The frequency sampling rates
(C5) Choose attenuation coefficient. Set 7Y [m,l] = andm are necessary only to speed up the algorithm, ideally

aFX[m,l] if I**4(FX,) > T for some~ containing we would like a dense sampling. Same considerations apply
gm s gmry € O(gm,), otherwise setFY[m,l] = 0 if to the ‘thickening’ of the paths in (10), we basically try
'Y FX,) < T for all v containingg,. 1/, gm'v € O(gm.1). to speed up the algorithm by collecting more data at each

iteration.
(C6) Let Y be the inversion ofFY. Set F = F +Y So the only essential parameters are the path lepgthe
and X =X -Y. embedding parameters and the threshbld

Essentially we want to set these parameters so that the
(C7) Choose a paramenter > 0, if |[Y| > e go to number of paths that have inddx*® > T is sizeable for
step (C2). a training set of speech signals and marginal for the white
noise time series of interest.
Note that the details of the implementation (C1)-(C7Qur experience is that such choice is possible and robust, we
are in line with the general strategy of matching pursuigave a simple rule to find the threshdidin step (A) in the
The window lengthq in step (C2) could change from oneprevious section given a choice @f, 7, d).
iteration to the next to ‘extract’ possible structure begimyg A learning algorithm could be built to find”, the paths’
to the underlining signal at several different scales. la thengthp, and the embedding parameters, namelyQgt(x)
experiments performed in the following section we alteenabe the mean of the function§g,(x) for a training set of
between two window sizeg, andqs. speech signal$; and Qy (z) be the mean of the functions



Qw;, (z) for a set of white noise time sierid§’; 6 6
We can first findd, 7 and p such that the distance of the a a
functions Qw (z) and Qs (z) is maximum in theL? norm. 2 2
After finding these parameters, we can find a valueTof 0 :

such thatT is the smallest positive number withs(7") one ‘2 ‘2
order of magnitude larger tha@y (7)), as we did in (A) in P50 s D 15 5 o 5 1 15
the previous section, to make our algorithm automatical . .
applicable to data sets of interest different from speeghais . 4
it will be necessary to formalize this optimization proceslu 2 2
0 0
Finally the choice ofa and ¢ is completely practical in =2 2
nature, ideally we want ande as close to zero as possible %0 5 1 15 %5 o 5 10 15

but, to avoid making the algorithm unreasonably slov.,

we must set values that are found to give gOOd qua“ #lg. 3. Scaled SNR gain in decibel of the attenuated embgdeltimates

reconStru?tions on some tr.ainin-g set of speech .Signalsewm otted against the scaled SNR of the corresponding measmts. From top
they require a number of iterations of the algorithm that isft in clockwise order we consider the case of: a)Gaussihitewnoise; b)

compatible with the Computing and time requirements Gpiform noise; c)Tukey white noise; d)discrete bimodalriisition .
the specific problem. For longer time series, as the ones

in the next section, we segment the data in several shorter

pieces, and we iterate the algorithm a fixed number of timefs exactly because of the attenuation process, therefore the

k rather than using in (C7) to decide the number of iterations S'9nal-to-Noise Ratio{ N 1) computations are done on scaled

measurements(, estimatesl’, and signalsF’ set to be all

Note:The algorithm described in this paper is being patente&,‘c n_or_m 1. We call sut_:h est?matiom::aled SNR and we
with provisional patent application number 60/562,534dile€XPlicitely write, for a given signal” and estimatior?,

on Aprll 16, 2004. SNR (Z) = 10log 0
s 7/ Z

V. DENOISING We then compute SNR,(X) and SNR.(F) by

In this section we explore the quality of the attenuatempproximating the expected valueB(|F/|F| — X/|X|)
embedding threshold as implemented in the windowed Fourand E(|F/|F| — F/|F|) with an average over several
frame and with our class of patids. We apply the algorithm realizations for each white noise contamination.
to 10 speech signals from the TIMIT database contaminated
by different types of white noise with several intensitydss In Figure 3 we show the gains of the scales SNR of
We show that the attenuated embedding threshold estimatoe reconstructions (with the attenuated embedding tbidsh
performs well for all white noise contaminations we consideestimator) plotted against the corresponding scaled SNR
The delay along the paths is chosenras- 4, the length of of the measurements. Each curve correspond to on#0of
the paths isp = 28 and the window length of the windowedspeech signals of approximately one second used to test
Fourier transform alternates between= 100 and ¢ = 25 the algorithm. From top left in clockwise direction we have
(to detect both features with good time localization andséhomeasuremets contaminated by random processes with pdfs
with good frequency localization), the embedding dimensidl) to 4) as defined in section Ill and with several choices of
d = 4. For these parameters and for the set of speech signadsiance. Note that the overall shape of the scaled SNR gain i
that we used as training, we haife~ 26.8 wheng = 100 similar for all distributions (notwithstanding that thesdrete
andT =~ 27.4 wheng = 25 using the procedure (A) of sectionplots do not have exactly the same domain). The maximum
Il. gain seems to happen for measurements with scaled SNR
The sampling interval of the paths in the frequency directicaround1 decibel. Note that the right tail of the SNR gains
is S» = 3 and along the time direction i§; = p/2 We takes often negative values; this is due to the attenuation
selecta = 0.1, as small values ofr seem to work best (seeeffect of the estimator that is pronunced for the high initgns
discussion in the previous section). The algorithm is agplo speech features, but it is not necessarily indicative ofseor
short consecutive speech segments to reduce the compatatiperceptual quality with respect to the measurements, sdme o
cost of computing the windowed Fourier transform on verhe figures in the following will clarify this point.
long time series, therefore, to keep the running time unifgr
constant for all such segments, we decided to iterate the the first case of Gaussian white noise, we compared
algorithm (C1)-(C6) a fixed number of times (say 6 timesjur algorithm to the block thresholding algorithm descdibe
instead of choosing a parametein (C7). in [CS], we used the matlab code implemented by [ABS],
As we already said, the window sizg in (C2) alternates made available atvww.jstatsoft.org/v06/i06/codes/ as a
betweeng = 100 and ¢ = 25. It is moreover important part of their thourogh comparison of denoising methods. As
to note that the attenuated embedding threshold is ablethe block thresholding estimator is implemented in a symimle
extract only a small fraction of the total energy of the signavavelet basis that is not well adapted to the structure of



2000 4000 6000 8000 10000 h 2000 4000 6000 8000 10000

Fig. 4. Signal ‘'SPEECH10’ scaled to have notm Fig. 7. Signal ‘'SPEECHS5’ scaled to have nofim

o 2000 4000 6000 8000 10000

2000 4000 6000 8000 10000

Fig. 5. Noisy scaled measurement of SPEECH10 with Gaussidte woise Fig. 8. Noisy measurement of SPEECHS with Tukey white nofee scaled
and scaled SNR of aboub. SNR of aboutldb.

h sional I . Id be noted though that the estimates for bimodal and uniform
SPeech signais, a more competiing comparison would réquifise \yere not intelligible at the peak of theN R, gain

the development of an embeddmg threshold estlmato_r iN-Arve (just as the measurements were not).
wavelet basis, we plan to do so in a future work. In Figure
10 we show the scaled SNR gain for all tested speech signg

using the block threshold estimator (right plot) and atttad not well represented by the scaled SNR for low intensity

emt?edd'”g estlmetor (Ief_t ploy). In Figure 4 we show ONfoise (measurements appear to be better than the estimates)
original speech signal, Figure 5 shows the measurementg]

|ﬁce the performance of the embedding estimator is

. . . ) ,Figures 10 to 21 we show two more instances of
the presence Of_ Gaussian noise corresponding to _the Pe&Seech signals contaminated by lower variance Tukey noise,
of the SNt gain curve (measuremeﬁUVRs ~ .1)' Figure Gaussian noise and discrete bimodal noise (uniform noise
6 shows the corresponding reconstruction with attenuatld 4s to reconstructions very similar to the discrete biahod
embedding threshold estimator. Similarly Figure 7 sho

h h sianal. while Ei 8 sh h V\fﬁstribution), for one case of low Gaussian white noise
another speech signal, while Figure 8 shows the measuremgat o,y ' plock thresholding estimate, note how the low

Wlt.h T;;e% noise corresponding to tng%eaE (1)f t:;_e TUKe}ﬁtensity details are lost, this inability to preserve loweinsity
gmsre t?] gain cur\ge (;_neaSLIJrert?eth s~ th)’ \gure tdega\ils worsens when higher variance noise is added, bat the
shows the reconstruction. in both cases the percep Hg in, it must be tempered by the fact that a standard wavelet

quality IS better than the noisy meQSurements, which is NPasis is not well adapted to the structure of speech signals.
necessarily the case for estimators in general.

Note moreover that even thoudh was found using only
Gaussian white noise as the training distribution, nonéhef t
parameters of the algorithm were changed as we went from
Gaussian white noise contaminations to more general white
noise processes, and yet ti&V R, gain was similar, it must

o 2000 4000 6000 8000 10000 o 2000 4000 6000 8000 10000

Fig. 6. Attenuated embedding estimate of SPEECH10 from teasmrement Fig. 9. Attenuated embedding estimate of SPEECH5 from thasorement
in Figure 6, scaled to have norm 1. in Figure 9, scaled to have norm 1.
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Fig. 10. SNR, gain for the estimates of 10 speech signals and Gaussi -
additive noise using: the block thresholding estimator G68](right), the 006
embedding threshold estimator(left).

o 2000 4000 6000 8000 10000

Fig. 15. Attenuated embedding estimate of SPEECH2 from teasorement
oot in Figure 14, scaled to have norm N R; is ~ 8.1db.

o 2000 4000 6000 8000 10000

Fig. 11. Signal ‘SPEECH2’ scaled to have notm

o 2000 4000 6000 8000 10000

o 2000 4000 6000 8000 10000

Fig. 12. Noisy measurement of SPEECH2 with Tukey white naisscaled . : ‘ )
SNR of aboutt.4db. Fig. 16. Signal ‘SPEECH7’ scaled to have notm

o 2000 4000 6000 8000 10000

Fig. 13. Attenuated embedding estimate of SPEECH2 from teasorement
in Figure 12, scaled to have norm N R; is ~ 8.1db.

o 2000 4000 6000 8000 10000

Fig. 17. Noisy measurement of SPEECH7 with Tukey white naigscaled
SNR of about7.3db.

(g 2000 4000 6000 8000 10000

Fig. 14. Noisy measurement of SPEECH2 with bimodal whiteseand
scaled SNR of about.5db.
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o 2000 4000 6000 8000 10000 % 2000 4000 6000 8000 10000

Fig. 18. Attenuated embedding estimate of SPEECH7 from tbasmrement Fig. 21. Block thresholding estimate of SPEECH7 from the sneement in
in Figure 17, scaled to have norm N R; is = 6. Figure 19, scaled to have normSIY R is ~ 7.6, note low intensity details
are removed by the estimator.

collection of coefficients ofX in the dictionaryD.

o Then a a semi-local estimator i® can be defined as:

P1
F =Y drr(Xp[m))jm (11)

R B —
Fig. 19. Noisy measurement of SPEECH7 with Gaussian whitsenand Where_ d_I’T(XD [m]) = Xop[m] if I(_X"Y) > T for somey
scaled SNR of about1.1db. containingm, andd; r(Xp[m]) = 0 if I(X,) < T for all v

containingm.

Data files for the signal, measurement and reconstructions
used to compute the quantities in all the figures are availabl

upon request for direct evaluation of the perceptual qualit The construction of significant sets of patt®, will

depend from the application, we are currently exploring
VI. FURTHER DEVELOPMENTS even the possibility of using random walks along the atoms

Given that the embedding threshold ideas were implementfdthe dictionaryD. In any case, afteC, is selected, our

with the specific goal of denoising speech signals, it may Ispecifc choice of index*"¢ can be used and the attenuated

worth emphasizing that in principle the construction osskes embedding estimator can certainly be applied and tested,

of paths can be applied to other dictionaries well adapted soft threshold embedding estimators are an interestingn ope

other classes of signals, more paricularly,let= {¢g1,...,gp} possibility as well.

be a generic frame dictionary d® > N elements so that

X = Zfz:l Xp[m|Gm, Xplm] =< X, gm >, whereg,, REFERENCES

are dual frame vectors (see [M] ch.5). Given such a generaI[ABS]A' Antoniadis, J. Bigot,

representation forX, let C, = {y,..,70}, @ > P, be

a collection of ordered subsets @& of length p, that is,
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