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ABSTRACT

This paper deals with method of speech enhancement
based on Karhunen-Loeve (K-L) and Wiener critical
band spectral subtraction algorithm. The K-L algorithm
is used twice first to track a spectral envelope of the
contaminated signal and to subtract sub-words -
spectrally-homogeneous segments, and, secondly, to
construct an estimation of the spectral envelope of
extracted sub-words using Wiener’s filter. The paper is
organized as follows: In section 2, we introduce the sub-
word segmentation algorithm based on decomposition of
covariance matrix in K-L transformation. Then in
section 3 we describe our approach to speech parameter
estimation in noise based on K-L transformation
critical band optimal Wiener filter. In section 4 we
compare our technique with the existing optimal K-L
technique in adverse conditions using both subjective
and objective speech assessment measures. Result
indicates that the proposed method provides better
speech enhancement than the previous proposed
algorithm.

1. THE STATE OF THE PROBLEM

The task of improvement speech quality corrupted by
additive noise is actual for different applications of
voice recognition, in particular,by transmission of a
voice call on channels of a cellular transmission. The
most spread approach to clearing speech is based on
usage Wiener filtering and method of spectral
subtraction in which estimates of a noise spectrum and
noisy speech in basis of the Fourier are used. Such
estimations are obtained on short time intervals by
duration from 10msec up to 20msec covering an
elementary subword. In particular, the given approach
was used [3] for the decision of the task of an automatic
recognition, and later [4] for clearing noisy speech as
well.

The obtained experimentally results demonstrate good
possibilities of a spectral noise cutting-off on the basis
of subwords when speech is corrupted by additive white
Gaussian noise. However, the filtering on the basis of
acoustical subwords, meets difficulties, which are
determined by variable duration of subwords. The
presence at a speech segment of short subwords leads to
decreasing of quality of a noisy speech filtering. Besides
in known algorithms of spectral suppression the

possibility of noise correlation's on frequency due to it
non-stationary is not taken into account.

In the given paper the improved algorithm for denoising
speech is offered which has wider borders of
applicability in comparison with mentioned above. The
basis of algorithm is made with the improved procedures
of segmentation and Wiener filtering, which are fulfilled
by the same mode in generalized basis K-L., which is
constructed with the registration both correlation feature
of a signal, and correlation function of a noise.

2. THE SPEECH SEGMENTATION PROCEDURE

The algorithm of speech segmentation on acoustical
subwords represents two steps iterated procedure.

On a first step the borders of speech fragments are
determined. On second - the speech fragments are
divided on rather homogeneous on the spectral
characteristics subwords. First of the procedures is
rather simple, as is based on rough estimates of a signal
power in rather wide bands.

The main complexities usually arise at procedure of
subwords delimitation, which requires usage of more
thin criteria of a spectral homogeneity. Standard
procedure [5] usually consists of an estimation of FFT-
based spectrums of an input signal on each of the current
frames and check of "contiguity" criterion of the current
frame to the previous or subsequent subword. The given
criterion is based on matching of the maximum
likelihood (ML) ratio with a threshold:

P\X /H.

/’L(Xl )= M > I1 1)
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where X, - vector of spectral samples on i-th frame, (i =
1.7, P(X,/H,), P.(X,/H,)- probability
distributions of a vector X, appropriate to a hypothesis

H » (the frame adjoins to the previous subword), and

hypothesis (the frame adjoins to the following subword).
If E(X,) > I1 , then hypothesis / , is accepted, else it

is rejected in favour of an alternative hypothesis f .

The experience of practical application of a procedure
shows its instability at severe noise conditions. In result
the excessive fragmentation of speech fragments on
short subwords takes place which do not ensure
possibilities of collect statistics in sizes sufficient for



effective application of methods of an optimum and
suboptimal filtering. In the given paper the improved
algorithm of segmentation is offered which is based on
K-L technique. As it is know, at given errors of
representation of a signal the basis K-L requires of
essentially smaller number of terms of expansion, than,
for example, basis of the Fourier [6].
This property of basis K-L ensures a possibility of most
compact and steadiest to random errors description of a
speech signal. Therefore, if at segmentation of speech
signal on subwords instead of basis of the Fourier to use
basis K-L, it is possible to expect, that this procedure
will be steadier and subject to less action of random
fluctuations.
The formal description of algorithm consists in the
following. On a first stage estimates a covariance matrix
of speech segment K; and noise segment K, are
evaluated. For build-up of K-L basis, dependent on a
signal, the generalized task on eigenvalues for matrixes
K, and K, is solved

K, F=AK F 2)
that allows to take into account correctly a correlation of
noise. In result the matrix of coordinate vectors in new
basis F and matrix of eigenvalues a will be obtained A.
For the decision of the task (2) it is expedient to use a
steady procedure of SVD-decomposition, which gives
good results in case of a poor condition of matrixes K; n
Ko. With this purpose the task (2) can be presented in
the equivalent form:

K;"°K K" FA=FA 3)
F=K;'"F. (4)

For selection the most important, power significant
components of basis K-L, its truncation is fulfilled from

a condition A>1.Thus the build-up of K-L basis for

this speech fragment is done.

Further for each frame of this fragment the vector of
coefficients of its expansion in sectional basis K-L is
determined according to expression

; 1.
X, =(F'F)'F'y, )
where Y, :[uq (#))s s, (2 )]1 - vector of

observations on g-th frame.

The further processing on delimitation of subwords
differs by nothing from traditional one and is reduced to
check of criterion (1). Only now instead of a vector of
coefficients in basis of the Fourier the vector of
coefficients of expansion in generalized basis K-L is
used.

3. OPTIMAL FILTER BUILD-UP FOR SPEECH
SIGNAL ENHANCEMENT

Our approach to speech enhancement from an additive
noise of a transmission channel is based on usage of
optimum Wiener filtering, which is fulfilled on K-L base
depended on the signal. The parameters of the optimum

filter are determined for each subword unit and remain
constant at processing of all frames included in a
composition of the given subword. The build-up of an
optimum estimation of speech signal is fulfilled as
follows.

After realization of a segmentation procedure the speech
fragment is represented by a set of subwords, which
have variable duration. For each frame which is
included in a composition of a subword, the matrix of
the Hankel is formed

u, ) u, (,) u, )
uz] (tQ) uq (t%) uq (tM+l)

q= (6)
u, (ty) u, (Tys1) u, (tyipit)

where u, (¢, ) -th sample of a signal on q the frame, N-

number of samples, into an interval of correlation of a
signal, M - parameter, defining duration of additional
smoothing.

The evaluation of covariance
according to expression is finding

0
T
K1=Y H H] (7)
q=1
where Q - number of frames on subword.
Thus, in an offered procedure of a correlation matrix
estimation, except for averaging under the frames the
additional averaging in the window by an expansion in
M of samples is used, that improving quality of an
estimation. The noisy speech signal can be considered as
a finite set of acoustical subwords, each of which
consists of Q of the frames. For g-th frame of a subword

matrix of subworld

watched signal Y can be represented as ¥, =S +N,

q

where N - additive noise.
In the class of linear estimations and in view of
representation of a signal in basis K-L

S, =FHX, (8)
where X g defined above vector of coefficients of

expansion in basis K-L, H-the required characteristic
of the filter, F- matrix of basis vectors.
Then the decision of optimal filtering is given by:

$ =FFEFY'(E-AW'X, =FHX,
where H Z(FTF)I(E —A_I)FT - characteristic of

the optimum filter in basis K-L
The build-up of basis K-L for a given subword, forming
of matrixes F', A is fulfilled similarly, how it is done at

the decision of the task of segmentation of speech on
acoustical subwords according to expressions (3),(4).

The optimum transmitting characteristic FH, is
evaluated for each subword of noisy speech. The
filtering is fulfilled with a fixed value H , for all frames

of a current subword.



The given algorithm has enough universal character and
can be applied as to a filtering of a signal in temporal
area, and after its conversion in any other basis, in
particular, the basis of the Fourier. The last basis
frequently is used with the purposes of saving
computing expenditures, and also in view of physiology
of acoustical perception, which is insensitive to the
phase information.

4. THE EVALUATION OF POSSIBILITIES
OF NEW METHOD

For holding experiments and checking of possibilities of
the offered method the data base of the speech
fragments containing isolated words and continuous
speech pronounced on Ukrainian language and data
base of noise fragments having as stationary and not
stationary character was used.

The simulation analysis of a voice call by a noisy
medium of its transmission with the different signal to
noise ration SNR is carried out by adding samples of
cleen speech with samples of noise. The check of
efficiency a segmentation method of a speech signal on
acoustical subwords in basis K-L was fulfilled as
follows. The fragments of cleen speech and noisy speech
signal with the different SNR exposed to processing by
algorithm of segmentation. The boundary between two
different homogeneous areas is installed by the frame of
transitional area, on which the maximal of an estimation
MLR is achieved.

In a fig. la, as an example, the arrangement of
boundaries for acoustical subwords obtained as a result
of segmentation a cleen speech segment is
demonstrated. The offered algorithm of segmentation in
basis K-L was compared to known earlier algorithm of
segmentation of speech on is spectral homogeneous
areas in basis of the Fourier [3].

In a fig. 1b and 1c the comparative results of operation
of algorithms of segmentation on delimitation of
subwords in basis K-L and in basis of the Fourier
represented at the SNR 20dB and 5dB accordingly.

As is seen from introduced figures, algorithm of
segmentation in basis K-L gives more robust
performance on recognition boundaries (false peaks at
level of a threshold are absent) and, allows to specify
boundary of subwords in conditions of noisy speech
more accurate. Results of testing of both algorithms of
segmentation at processing a speech signal corrupted by
additive noise of a different type and level are shown in
Table 1.

Relative error obtained

Noise Method baundaries, %
5dB | 10dB | 20 dB
stationary In KL basis 4,25 3,79 2,56

In Fourier basis| 9,34 6,43 3,32

In KL basis 7,11 5,16 3,12
In Fourier basis| 11,2 7,64 4,51
Table 1. The relative error for subword boundaries obtained
by K-L basis nad Fourier based segmantation algorithms with
different types and level of noise.
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Fig.1 Compare ML ratio statistic of segmentation
algorithms in different noise conditions: (a) speech
waveform with subword boundaries, (b) SNR=20dB,

(c) SNR=5dB.

It can be found that the accuracy of delimitation of
subwords is decreased with reduction of the SNR and
substantially depends on a type of noise. We notice that
the algorithm of segmentation in basis K-L gives the
best performance. The subword boundaries are closer to
hand-labeled boundaries and the relative error at
delimitation on the average in 1.5 times is less, than for
basis of the Fourier.

The estimation of efficiency of the offered enhancement
algorithm is carried out experimental at its
implementation in temporal and frequency area (basis of
the Fourier). Its comparing with recently known
algorithm of a filtering [4] is also done.

The quality of a filtering was defined as on the basis of
subjective perception on hearing, as by an objective



estimation of filtering a relative error in critical bands.
To illustrate the operation of the offered algorithm in a
fig. 2a the average spectrums of the initial and noisy
speech fragment, and also average spectrum of result of
processing by optimum algorithm of clearing in basis K-
L are represented. In a fig. 2b the same result are shown
for case of filtering in basis of the Fourier.

The experimental results on enhancement noisy speech
demonstrate, that with SNR=10dB the offered
algorithm of an optimum filtering in basis K-L allows to
reduce a filtering error in 1.5 times in comparison with
known algorithm of enhancement [4].
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Fig. 2. Evaluation the different algorithms of filtering in
K-L basis.

The subjective perception results of enhancement also
shows the decrease of a level of residual musical noise
which is typical for incoherent processing in basis of the
Fourier.

The processing of noisy speech fragments in the
proposed algorithm of filtering is fulfilled on the basis
of subwords, which boundaries are defined beforchand
at a stage of segmentation.

In a fig. 3 the dependence of a relative error of a
filtering on dimension of the additional smooth window
is represented at an estimation of a matrix K, at
processing a speech fragment with the different SNR.
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Fig.3 Evaluation of the relative error of Wiener filtering
algorithm in basis K-L for demention of additional
smoothing,

As it is show from introduced dependencies, the choice
a optimal value of the window dimension M allows to
lower an error of a filtering in 1.7 times, thus the
subjective perception of a denoised speech is improved.
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