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Accurate, critically sampled characteristic waveform surface construction for
waveform interpolation decomposition

Abstract

A waveform-matched waveform interpolation (WMWI) technique is presented which offers improved
signal analysis over standard WI coders and, in the unquantised case, perfect reconstruction. In WMWI,
an accurate representation of speech evolution is formed by extracting consecutive pitch periods of a
time-warped, constant pitch residual. A pitch track optimisation technique is described which ensures
that the critically sampled pitch periods can be effectively decomposed into a slowly evolving and rapidly
evolving waveform, allowing efficient quantisation.
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H,Fy) be zero. This gives a set of simultaneous constraint equa-
tions, which upon solving yiclds,

A=—(2+a)
B a0 + 2020 4 5)a® + (% + 48+ Bl + 2
207 + (A+ 4+ 2
2a(er -+ + 1)2

= 3
¢ 202 + [+ 4+ 2 @

The paramelers o and } can be regarded as the free parameters on
which the other parameters A, B and C depend. Sefling ¢, = —(.6848
and P = -1.6848 would give back the original ‘%7’ filter pair.

With rational valucs for o and B, the filter coefficients will also
be rational bul nol neccesarily binary. Tor binary coefficients
additional constraints need to be impesed on the values of o and
. We shall not present the detatls of the analysis here for lack of
space but the results are as follows:

a==1 f=-= (4)

where ¢, m € Z. This condilion cnsurcs that the resulting [lter
coefficients are binary. Although the value o is fixed, [ can
approximate quile closely almost any value by appropriate choices
of ¢ and m.

The 6/10 pair can be obtained from the 9/7 pair by [irst chang-
ing Hy and £ in eqn, 2 around and then by extracting the factor
(1 + ) [rom the shorter filter (length 7) and inserting it into the
longer filter (length 9). This gives

Hy=K/{1+2: Y2 vaZ+8)
Fo=Kx{11 2}{Z 1 IHZ* + AZ2 4+ BZ +C) ()

where K, and K, arc normalisation constants.

Table 1: Coelfficient values for 9/7 filler pair for various values of
parameler f§

B Ih ] 4 .
-1 [1,0, 4,8 22,8, - 4,0, [}32 —1¢-1.000) | [1,0,58,50,-1)16
85| [5, 0, - 32, 64, 182, 64, —32, 0, SY256|| &5 ( 1.6000|[ 5, 0, 37, 64, 37,0, -5)128
=2 | [0, 8, 16,46, 16,-8, 0, Y64 || 220000 | [1,0,9, 16,9, 0,- 1132
—873|[3, 0, - 32, 64, 186, 64, -32, 0, 3)/256| |-8/3 ( 266D | [ 3, 0, 35, 64, 35, 0, -3)/128

=

Table 2: Cocfficient values for 6/10 filter pair for various valucs of
parameter B

B 1L B "
— (~1.000) [1, 1,441, -1}8 |- [1,1, 4,4,30,30,4, 4,1, 1)64
—&/5 (-L.600Y| [ 3, 5, 32, 32, 5, -5)64[-8/5| (S, S, --32, 32, 246, 246, 32, -32, 5, 5)/512
202000 | -1, 1,88, 1, -6 2 [1.1,-8,8,62 62,8, -8, 1, 1/128
83 (-2.667)| [-3, 3, 32, 32, 3, -3y6A)| 84313, 3, 12, 32, 250, 250, 32, -32, 3, Y512

=

Filter paiv examples: In the original CDFEF *9/7° pair [5], B = —1.6848.
We therefore choose values of B around -1.6848. Tables 1 and 2
show, respectively, the cocfficients of the 9/7 pair and the 6/10 pair
for various valucs of 3. The “9/7° (B = —2) pair is the samc as the
MIT ‘97 pair repotted by Strang in [6] (and also independently
by Sweldens [7]). This filter is also known as filter no. 102 in the
JPEG2000 (ISOAEC JTCI/SC29%WGH) verification model. The
method used in [6) for constructing this filter is via a complemen-
tary filter method and is different from our method. In our
method, the ‘Y7 (f = —2) pair is only one out of the many pairs
that can be obtained by varying the valuc of .

Figs. 1 and 2 show, respectively, the frequency response of the
9/7 filter pairs and the 6/10 filter pairs for two values of B. It can
be seen that the filter and scaling function characleristics can be
changed by changing B. The corresponding scaling function and
wavelet characteristics (not shown) also change by changing p.

The measure of spatial and frequency localisations of wavelet
filters is defined in [1] and they characterise the localisation ability
ol the filter in signal analysis. For the filters presented here, we
found that in general (without showing numerical results [or lack
of space), when B decreases (becomes more negative), the filter is
more spatially localised, and when B increascs, the filter is more
frequency localised.

Conclusion: Two families of binary coefticient wavelet filters para-
melrised in a simple manner by a frec parameler have been pre-
sented. The characteristics of the (ilters can be changed easily by
varying the value ol the frec parameters o suit the application at
hand. The main idea behind the technique used to obtain the fil-
ters is to allow some degree of freedom in choosing the cocfficients
by (reeing some zeros of the LHBE.
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Accurate, critically sampled characteristic
waveform surface construction for
waveform interpolation decomposition

N.R. Chong-White and I.S. Burnett

A wavclorm-matched waveform interpolation (WMWI) technique
is presented which offers improved signal analysis over standard
WI coders and, in the unquantised case, perfect reconstruction. In
WMWI, an accurate representation of specch evolution is formed
by extracting consecutive pitch periods of a time-warped, constant
pitch residual. A piteh track optimisation technique is described
which ensures that the critically sampled pitch periods can be
cffectively decomposed into a slowly evolving and  rapidly
ovolving waveform, allowing elficient quantisation.

Introduction; Waveform interpolation (WI) coders are able to
achieve high quality speech at low bit rates by using a decomposi-
tion motivated by human perception [1]. The decomposition is
performed over a surface comprising of extracled, aligned pitch-
length segments of the residual signal, calted characteristic wave-
forms (CWs), However, in standard WI coders, rclative phase
information of the speech signal is destroyed during the rotation
of CWs to form a surface suitable for decomposition.

Hecre, the W1 analysis precess has been adapted to allow wave-
form coding of the signal; a base mechanism was described in [2].
The proposed waveform-matched WI (WMW!I) technique continu-
ously warps the input linear prediction residuval to a constant pitch
peried. Pitch-length segments of the warped residual are then crit-
ically sampled to form the CW surface for decomposition. How-
ever, unlike the surfaces of other WI coders [1, 3], an accurate
description of the signal evolution is produced, without errors due
to cyclic rotation or the repetition or omission of scgments duc to
selective cxtraction,

In this Letter, we discuss the mapping of a signal to the warped
time-domain such that the analysis, decompesition and quantisa-
tion of the pitch periods is cffective.
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Time-domain warping: The warping operation removes the pilch
variations of the linear prediction residual signal to enforce a con-
stant pitch period. In WMWIE, an unwarping procedure is per-
formed to reconstruct the residual. Perfect reconstruction can be
achieved if the pitch track is accurately transmitted. Alternatively,
at low rates, standard WI reconstruction can be performed on the
warped CWs using a low-resolution pitch track.

Optimising the pitch track: To efficiently quantise the specch resid-
ual, the signal is decomposed into a slowly evolving waveform
(SEW) and a rapidly evolving waveform (REW) [1]. The decom-
position relies on the extracted pitch periods being well-aligned to
work effectively. This corresponds fo correctly warping the resid-
val,

The pitch track is designed to align all pitch pulse peaks to a
fixed position in each warped period. To minimise discontinuitics
at the period boundaries, this position is chosen 1o be the central
sample of the pitch period.

Definition of terms: For the purpose of correctly warping to align
pitch periods, the following terms are interpreted as follows:

(i} Frames which contain sections of high periodicity and exhibit
clear pulse peaks in the residual signal are labelled as voiced, oth-
erwise they are unvoiced

(it) The pitch period, during voiced frames, is the distance between
adjacent pulse peaks. Hence, every period has an associated pitch.
During unvoiced frames, the pitch has no clear definition - - it is
simply assigned a value, to allow continuous time-warping,

6000
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Fig. 1 CW surface formed by periods extracted from warped residual
for the case where pitch track is corvect and not correci

a Pitch track not correcl
b Pitch track correct

Effect of non-optimal pitch track: The effect of an incorrect and
correct pitch track for a section of voiced speech residual is shown
in Fig. 1. If the pitch track is non-optimal (Fig. la), the poor
alignment of pitch periods causes periodic pulscs to be decom-
posed into the REW, making REW quantisation difficult. The
well-aligned periods of Fig. 15 lcad to most of the signal energy
being separated into the SEW, as desired. Tt should also be noted
that for effective SEW quantisation, pitch pulses following an
unvoiced region must also be aligned with those pulses preceding
that section.

Formation of the pitch track is best performed on a pitch
period basis, rather on a frame basis. Analysis has shown that it is
more important to align the pitch pulse peaks than correlate the
pitch period as a whole, since this reduces the possibility of pulse
peaks being incorrectly decomposed into the REW.

Locating of pitch pulses: To accurately determine the location of
the pitch pulse peaks within the frame, the residual signal is low-
pass filtered. A pulse detection algorithm, an extension of the
technique described in [1), is then applied. Here, an initial pitch
estimate for the (rame, T, is calculated from the aulocorrelations
of K scgments, combined to form a composite function. For the
case where X = 5, the composite autocorrelation function, Ry, for
each candidate pitch value, ¢, can be expressed as

5

Ro(d) = Ry(d) + > ap maxw(i) - R (d — )]
pt
—l(d) <i<U{d) (1)
where, for scgment k&, R, is the autocerrelation function, . is a
weighting factor determined by the voicing decision of the previ-
ous frame, w(i} is a window function, and Xd) is the window
iength,
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Tig. 2 Position of pitch period boundaries in frame with unvoiced-to-
voiced transition

Pitch of periods 1-3 is sclected to allow the peuks of periods 4-6 to be
cenired within the pitch period

The composite function is then recalenlated (on an interpolated,
filtered residual) for a small set of pitch period values surrounding
the estimated pitch, T;,;, using scgments of length equal to that
value. If the refined R excecds an adaptive threshold, it is pro-
posed that the period contains a pulse, and the pulsc peak location
is determined at fractional sample resolution,

Culeulating of pitch track for analysis: Given the pitch pulse loca-
tions, the pitch track is then formed. We define the pitch track for
a set of four possible frame types: continwous voiced, continuous
unvoiced, unvoiced-to-voiced, and voiced-to-unvoiced. It should
be noted that the true pitch contour, which reflects the nature in
which the glottis opens and closes during specch production, may
not be the optimum pitch (rack for good signal analysis and
decomposition,

During a continuous veiced section, a simple, yet effective, tech-
nique is Lo simply allow the pitch to remain constant for the dura-
tion of the pitch period. During continuous unvoiced frames, the
pitch takes on a nominal value,

For unvoiced-to-voiced frame transitions (sec Fig. 2), the key
requirement is o ensure that pitch cycles surrounding a variable
duration wnvoiced segment are aligned. Hence, the number of
periods, n, and the pitch, T, of the unvoiced section preceding the
period with the first pulse must be chosen such that the first pulse
peak is warped to the correct position. To minimise pitch varia-
tion, we solve

argmin|(a:2—m1)—MT‘ n=12,3,.. (2)
where
By ~ E2TEL
Mr="tT T TV 198,

T
Tmin < T < Tinaa (3)

where x; is the position of the ith pulse peak, y is the end bound-
ary of the last period of the previous (unvoiced) frame, and Af is
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the interpolation constant. For the frame depicted in Fig. 2, n =
3. If x, is very close to the beginning of the frame, eqn. 2 may be
indeterminate due to the constraints on t. In these cases, y is
shifted back to the previous period boundary, and 1 is recalcu-
lated.

The pitch track caleulation places a great deal of importance on
the positions of the pitch pulse peaks, and the locations of the
pitch period boundaries, This is necessary o achieve the wavelorm
coding objective.

Conciusion: Yor effective decomposition and quantisation of the
speech signal, using WMWTI, the CW surface must contain aligned
pitch periods. This requires accurate pitch pulse detection and
careful derivation of the pitch track. Our technique ensures con-
sistent positioning of the pilch pulses, even after unvoiced seg-
ments, while maintaining the waveform coding objective.

1EE 2000
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Noise-robust speech recognition based on
difference of power spectrum

Jinfu Xu and Gang Wei

A new noise-robust speech recognition method is presented based
on the differcnce in the power spectrum. The idea is to remove the
additive noise by filtering in the power spectrum domain. Feature
extraction is carried out in two steps: (i} the short-time power
spectrum of the speech signal is allowed to pass through a filter
bank; and (ii) the differences in the filter outputs are culeulated.
Theoretical analysis and experimental results show that using the
proposed [features can significantly improve the recogniser's
performance in a noisy cnvironment.

Irroduction: The performance of current speech recognisers is
degraded to a significant extent in noisy environments by the dis-
crepancy between training and testing conditions. Il the speech
signal is contaminated by noise, features such as its linear predic-
tive coding cepsiral coeflicients (LPCC) and mel frequency ceps-
tral coefficients (MFCC) will be changed. Many studies have been
carried out into the representation of speech signals to improve
the performance of speech recognisers in noisy cnvironments.
Some methods focus on the scarch for noise-resistant features. In
this Letter, we propose new noise-robust features based on the dif-
ference in the power spectrum. Qur idea is based on the work of
Hermansky et al. [1], You e of. [2] and Hirsch er al. [3], where the
noise effect can be removed by filtering in different domains. Test
experiments have shown that the proposed features can vastly
improve the recognition rate in noisy environments.

Noise removal based on difference in the power spectrum. Suppose
that a clean speech signal is contaminated by additive noise, giving
noisy specch, and that the noise is stationary zero-mean white
noise and uncorrelated with the clean speech. Since an acoustic
speech signal is usually processed in frames, for convenience, we

denote | X, (k)P |S.(k)? and |MK&W as the mth frame shori-time
discrete power spectrum of the noisy speech, clean speech and
noise, respectively. We then have

[ X (B = [SndB)? + INGR))? 0< k<K -1

D<m<M-1 (1)

where K is the size of the discrete Fouricr transform (DFT), m is
the frame index, and M is the number of frames within an utter-
ance. Differentiating eqn. 1 on both sides with respect to time, we
obtain

B RP 8|Sn(R)?

ot éit @)

Eqn. 2 indicates that djXm(k)%d¢ is unaffected by noise, Similar
1o the method used to deduce the delta vector from its original
vector, X, (k)%/2¢ can be calculated approximately by the follow-
ing polynomial

[é ) S .
WG G 3 sl @

te=T

where G, = VEL , 2, T being the number of frames used before
or after the present frame. We call the result calenlated by eqn. 3
the difference in the power spectrum.

Noise-robust speech features: As described above, noise-robust fea-
Lures tnay be extracted from the difference in the power spectrum,
since it is unaffected by noise. To do this, we usc a filter bank
spread over the frequency range of the speech signat and let the
power spectrum of the speech signal pass through it. The output
of each filier is the weighted sum of a given discrete power spec-
tral within the passband of this filter, as shown in eqn. 4:

k2

Youli) = 37 o) X ()2

P

0<i<FN-1 (4)

where 1 is the filter index, FN the number of filters, k; and k, are
determined by the frequency range of this filter, and a non-nega-
tive and determined by the shape of the filter.

From eqns. 2 and 4, we obtain

BWnli) x> XM & SR,
ot “kg T 1;_‘ BT )
i § — K1

¥, (0/dr is also unaffected by noise, and it can be computed
approximaltely as (ollows:

DY (1) = A
# ~Gr E_JT Vi 2(3) (6)

We call the result computed using eqn. 6 the dilTerence in the out-
put of the filter, The noise-robust speech feature vector can be
constituled by the difterences in the outputs of all the filters.

H()

frequency, Hz 8761
Fig. 1 General form of filter bank

Although cqns. 4 and 6 are simple, the following questions
have to be solved [or practical usage. What is the optimal value of
T in eqn. 67 How many filters should be selected? What shape
should each filter be, trianglular or rectanglular? Should the pass-
bands of the neighbouring Ffilters be disjoint or overlapping? It is
not easy to answer the first two questions theorctically, but their
answers can be easily searched experimentally. We only discuss the
last two questions here.
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