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Correspondence

A New Waveform Interpolation Coding Scheme Based on  The outline of the paper is as follows. Section Il describes the
Pitch Synchronous Wavelet Transform Decomposition wavelet transform in detail, extending its application to the evolution
domain of the CW surface to take advantage of the quasiperiodicity of

N. R. Chong, I. S. Burnett, and J. F. Chicharo speech. The decomposition of voiced and unvoiced sounds is analyzed
in Section Ill, with the method for the quantization of these surfaces

] ) outlined in Section IV. Finally, Section V concludes the paper.
Abstract—This correspondence uses a pitch synchronous wavelet trans-

form (PSWT) as an alternative characteristic waveform decomposition
method for the waveform interpolation (WI) paradigm. The proposed Il. THE PSWT DECOMPOSITION

e e g ot secaposos o e vt oy oncos,  The PSWT 1 S (0 he SEW/REW decomposiion, invoing

The PSWT is implemented as a quadrature mirror filter bank and decom- ~ simple filtering of the CW evolution. This similarity allows the tech-

poses the characteristic waveform surface into a series of reduced time nique to be easily applied to the WI paradigm. However, in contrast

Lesoéiﬁfor;ﬂi“rf?ﬁ;f- 'Zfrf(i:‘zema?“f;:‘tigratgﬁzeogrt]r(‘jesiﬁhzl:gric‘;sari rﬁi‘;hsi;‘:]ed to [3], we perform our decomposition on the DFT coefficients, rather

rgte re%uirer?ﬁents. Trr)1e mLFJ)Itiresolu?ion representation has the additional Fhan onthe t'r_ne'doma'n Wav_emrms‘ s_o perceptual knowledge may be

benefit of more flexible parameter quantization, allowing a more accurate incorporated in the quantization techniques. We also adapt the PSWT

description of perceptually important scales, especially at higher coding to maintain a fixed sampling rate and oversample prototypes as in WI,

rates. The proposed PSWT-WI coder is very well suited to high quality as opposed to the critical sampling proposed. This guarantees a fixed

speech storage applications. rate of parameters, which is appropriate for fixed frame-rate encoding.
Index Terms—Multiresolution, waveform interpolation, wavelet trans- The PSWT can be viewed as performing the discrete wavelet trans-

form. form in the evolution domain. This involves exploiting the extracted

pitch information, stored inP(k), to form a CW surface. The evo-

lutionary waveformw,(k), whereq = 0,1,... P(k) — 1, is corre-

lated with dilated and translated versions of a unique analysing wavelet,
This correspondence addresses the issue of speech compressiop,fqy, (k)

the storage of voice information. Speech coders based on the waveform

interpolation (WI) paradigm allow efficient compression of signals by vg(k) = Z Vo,m,g¥n,m (k) (1)

exploiting the perceptual importance of speech characteristics [1], [2].

In recent WI coders, pitch-cycle waveforms [characteristic Waveform%

(CW)] are extracted from the LP residual, aligned, and then filtered W . .

the evolution domain to decompose the signal into a slowly evoIviﬁ&presents time shift, and

waveform (SEW) characterising voiced speech and a rapidly evolving

waveform (REW) representing noise-like unvoiced speech. In noisy Vom,g = qu(\k)u"n,m(k) )

environments, further frequency subband separation is advantageous %

in order to isolate undesired noise components. In addition, the ability

to improve the speech quality by allowing some components of thee transfer function of the mother wavel#t, o (w), is obtained from

signal to be coded more accurately is desirable. This stimulated {hg lowpass and highpass filter transfer functialis,and H, respec-
motivation for an alternative decomposition method to decompose WFer as follows [3]:

CW evolution into multiple subbands.
In this correspondence, we investigate the use of the pitch syn-

. INTRODUCTION

ereindexe = 1,2,..., Nrepresentsscaleand=0.1,2,..., M

chronous wavelet transform (PSWT) [3] as a solution. The proposed Do) = ﬁ Ho(ej%) 3
technique employs wavelets, dilated and shifted to form a nonuniform ’ futed

filter bank, to create an alternative description of signal evolution. a1y

Application of the PSWT to WI offers significant advantages due to its T o(w) = Hi(e )®a—1.0(w). (4)

perfect reconstruction properties and multi-scale decomposition of the

evolving CW surface. The time-scale analysis provides the potentihnslation of the mother wavelet, given by
for improved processing of the input speech and enables scalability
to higher and variable bit rates through flexible bit allocation for the
frequency subbands. W o(k) = IDFT[¥, o(w)] ®)

) ) ) generates the wavelet sequences
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Fig. 1. Realization of the PSWT and its inverse to three decomposition levels.

andH,(z), G1(z) are wavelet sequences (highpass characteristic).llm order to synchronize the signals, extra delays are added in some
order to cancel aliasing, the filters are related as follows: paths, as indicated in Fig. 1. The total delay incurred for the PSWT de-
composition and reconstructioni€ " —"" whereL is the combined
Go(z) = Hi(—2) @) delay of the analy_sis/synthesis pair. o o _
Ci(2) = —Ho(—2) (®) In order to obtain perfect reconstruction, i.e., no aliasing, amplitude
i e or phase distortion, either orthogonal or biorthogonal wavelets must
be used. The orthogonal solution has the advantage of design sim-
The signals capturing the periodic nature of speech, called apprxcity. However, these wavelets lack symmetry and therefore possess
imation signals, are obtained by correlating the evolutionary signgbnlinear phase. As a result, we choose finite impulse response (FIR)
with scaling sequences,v,... The difference between two approxi-biorthogonal wavelets derived from the biorthogonal spline wavelet
mation signals at the resolutio?s ™" and2" is decomposed using family for the quadrature mirror filter (QMF) bank.
a wavelet basisy, .., and the resulting detail signal is transmitted.
Thus, for a system comprisingdecomposition levels, +1 signals are . A NALYSIS OF THE DECOMPOSEDSURFACES
transmitted, these being detail signals as well as the approximation ) B ]
signal of the final stage. Higher detail can be achieved by increasing thd © illustrate the decomposition of the CW into frequency subbands
number of stages in the filter bank implementation. However, this is §€ Will use biorthogonal wavelets determined from the filtdis/ »)
the cost of increased system delay. Note that delay is a critical issued9fl H1(=), having effective lengths of eight and four, respectively.
real-time applications, however, in the case of voice storage it is |cERese filters possess adequate spectral characteristics while incurring

significant. a single-level system delay of seven. Further improvement of spectral
For aN-level decomposition, the final approximation (lowpass) suf€rformance results in increased delay; the next highest order wavelet
face in the biorthogonal family incurs a system delay of 11. The analysis

filter transfer functions are
N (kw q) = rBAN.nL.q(k)(,b[\/,m(k)
with Ho(z) = 0.0663 — 0.19892"" — 0.1547>77 4 0.9944>7"

; N +0.99442 7% — 0.154727° — 0.19892° + 0.06632 "
BN g (R) =D vg (R)n,m (k) 9) (12)

k

represents the periodic trend, while each detail (highpass) surface,

Hi(z) = —0.17682"7 4+ 0.5303z"% — 0.5303z"" + 0.1768z"".
(13)
with The resulting wavelet and scaling sequences are shown in Fig. 2.
A three-level PSWT decomposition was performed on both voiced
QU om g (k) = qu(k)'l/)n,m(k) (10) and unvoiced sounds. The decomposed surfaces are shown in Figs. 3
k and 4.

Due to the quasiperiodicity of voiced speech, most of the energy ap-
pears in the residue; (%, ¢), producing a smooth surface with a strong
correlation between adjacent characteristic waveforms [Fig. 3(e)]. This

N residue contains the underlying pulse shape evident in the CW surface.
s(k.q) = Z wn (b, q) + 75 (k. q). (11) In comparison, the detail surfaces, (k, ¢) are very flat and contain
only a very small amount of energy.

Wn (k-, Q) = Z 0"77/,777,,(7(]{7)7/)77.‘777 (k)

represents the fluctuations at scafe The sum of these contributions
results in the CW surface

n=1
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Fig. 2. Scaling and wavelet sequences: (a) analysis scaling function, (b) analysis wavelet function, (c) synthesis scaling function, andigdjvayatbe
function.

Although, it may seem less beneficial to have three REW-like sur- IV. QUANTIZATION
faces, the advantage of multiple decimated surfaces of rapid evolution
lies in the different scales of information available; all surfaces are re-An advantage of the PSWT, arising from the decimation process, is
quired for perfect reconstruction. At low rates, these surfaces maythat in order to accurately reconstruct the speech, the data required at
regarded as contributing little perceptual importance, and thus maydsech decomposition level is explicitly defined. This contrasts the orig-
coarsely quantized or even eliminated. However, at higher rates, thal SEW/REW decomposition. The information necessary for each
PSWT offers the flexibility and scalability to define the amount ofurface corresponds to its sampling frequency. Since the filter outputs
waveform detail required to achieve the desired quality. In additioare decimated at each level, the transmitted information required for
since the faster evolving components have been decomposed into & surfacesu: (k, q), w2(k, q), ws(k, q), andrs(k, g) is in the ratio
ferent resolutions, noise suppression techniques may be effectively 452:1:1.
plied to the surfaces if required. To optimize quantization efficiency, we may omit the least per-
Subjective analysis has shown that components with lower evolutioaeptually importance surface(s), deliberately giving up exact re-
frequencies possess greater perceptual significance than those of higbastruction. The lack of time-synchrony in WI output speech
evolution frequencies. Hence, the lowest resolution frequency bandas residual), makes objective distortion measures, such as seg-
awarded the highest quantization accuracy, with each subsequent sabntal signal-to-noise ratio and mean squared error, unreliable.
band receiving less. The lack of energy decomposed into the surf@me solution would be the computation of the distortion mea-
wy (k, q) [Fig. 3(b)] suggests that these coefficients may be discardsdres on a prototype-by-prototype basis. However, the resulting
at low rates such as 2.4 kb/s. Note that these surfaces have been upsaort segment-length also results in an unreliable measure. Thus,
pled to the original sampling rate. for this work, informal pairwise comparison listening tests were
For the case of the unvoiced sounds, the CW surface is very irregulae preferred performance measure. Informal listening tests indi-
[Fig. 4(a)]. Energy is decomposed by the PSWT to all frequency sutated that omission of the first (and highest rate) highpass output,
bands [Figs. 4(b)—(e)], with no distinctive characteristic existing in any:, (k, ¢), did not produce noticeable perceptual distortion of the
particular surface, as for the voiced case. The highpass decompositiatput speech and thus, in low-rate coding, can be discarded.
surfaces will be especially important for extracting or enhancing cer-For efficient coding, we base the quantization accuracy on the
tain features, for example, when the speech is corrupted by backgropedceptual importance of the decomposed surfaces. Since bit al-
noise. location for the surfaces can be flexible, scalability is achievable
The delays incurred can be large for multiple decomposition levelsy allowing a more accurate description of perceptually important
For the filters used above, a delay of 49 (seven frames of 8 CWs/franseples. While the residue demands a precise description, the detail
is experienced for three decomposition levels. While this makes therfaces require less accuracy. The magnitude spectre. @f, ¢),
decomposition method impractical for real-time applications, the ad= (%, ¢), andrs(k,¢) are quantized in the ratio 3:4:8 using vari-
vantages achieved by the PSWT make the method very beneficial &nle dimension vector quantization techniques [5], with a trained
speech storage applications. codebook for each surface. Best results are obtained when each
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Fig. 3. Decomposition of the voiced sound “00” taken from the world'ig. 4. Decomposition of the unvoiced sound “sh” taken from the word
“foolish.” (a) CW surfaces(k, ¢), (b) wi(k, q), (€) wa(k, q), () ws(k,q), Toolish.” (@) CW surface;s(k, ¢), (b) wi(k, q), (¢) wa(k, q), (d) ws(k, q),
and (e)rs(k. q). and (e)rs(k. q).

surface is recomposed and upsampled to the original sampling ff:@aracterization of the evolutionary behavior, leading to scalable per-
quency separately, rather than reconstructed up through the t@@nance of Wi coding.
structure as in Fig. 1 [4]. This allows, for example, the appli-
cation of random phase tass(k,q) without affecting the phase
of lower-rate surfaces, such as(k,¢). (Note that in the con-
ventional reconstruction method, surfacg(k,q) is dependent on REFERENCES
the surfacesws(k,q) and rs(k,q).) This makes the use of phase
models effective, and the need to quantize phase, unnecessarjl] W.B. Kleijn and J. Haagen, “Transformation and decomposition of the
speech signal for coding[EEE Signal Processing Lettvol. 1, pp.
136-138, Sept. 1994.
[2] ——, “Waveform interpolation for coding and synthesis,” in
Speech Coding and SynthesM/. B. Kleijn and K. K. Paliwal,
Eds. Amsterdam, The Netherlands: Elsevier.
[3] G. Evangelista, “Pitch-synchronous wavelet representations of speech
V. CONCLUSION and music signals,TEEE Trans. Signal Processingsol. 41, pp.
3313-3329, Dec. 1993.
[4] N. R. Chong, I. S. Burnett, and J. F. Chicharo, “Low-delay multi-level
The PSWT provides an alternative description of signal evolution. g%‘;‘;'T&igggjg%gg?ﬁ“égm 'tDergrggques florp\év' zilold"gg‘zc'lg”éé
Th.e §|m|lar|t|es between the pr_o_posed wavelet dec_ompqsmon a_lnd th?S] A. Das and A. éersho, “\’/ariable dimension s;’)ectral codingyof speech
existing SEW/REW decomposition method make it easily applicable "~ 4t 2400 bps and below with phonetic classificatioRyoc. Int. Conf.
to the WI paradigm. Its multi-resolution analysis enables more detailed  Acoustics, Speech, Signal Processiva. 1, pp. 492-495, 1995.



