766 IEEE TRANSACTIONS ON VEHICULAR TECHNOLOGY, VOL. 49, NO. 3, MAY 2000

A Multiband Excited Waveform-Interpolated
2.35-kbps Speech Codec for Bandlimited Channels
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Abstract—Following a brief portrayal of the activities in  maining candidate coders highlighted in [4], [14], and [15]. Fol-
2.4-kbps speech coding, a wavelet-based pitch detector is invoked Jowing a set of rigorous comparative tests, the mixed excitation

which reduces the complexity of conventional autocorrela- linear predictive (MELP) codec by Texas Instruments was se-
tion-based pitch detectors, while ensuring smooth pitch trajectory lected for standardization [16]

evolution. This scheme is incorporated in a waveform-interpolated . . . . . .
codec, which uses voiced—unvoiced (V/U) classification, and Against this background, our elaborations in this treatise are

instead of simple Dirac pulses, an unconventional zinc basis centered around the well-established low bit rate speech com-
function excitation is employed for modeling the v0|ceq excitation. pression technique of waveform interpolation (WI), pioneered
The required zinc-function parameters are determined in an |,y K|ejin [8]. In waveform interpolation, a characteristic wave-

analysis-by-synthesis loop, and for the sake of smooth waveform form, which is also referred to as the prototype waveform, is pe-
evolution and reduced complexity, a focused search strategy ' P yp ISP

and a few further suboptimum restrictions are imposed without  fiodically located in the original speech signal. Between these
seriously affecting the speech quality. This baseline codec operatesselected prototype segments, smoothly evolving interpolation
atarate of 1.9 kbps, but it suffers from slight buzziness during the js employed in order to reproduce the continuous synthesized
periods of excessive voicing. This impediment is then mitigated speech signal. The interpolation can be performed in either the

by invoking a mixed V/U multiband excitation, which slightly f i d in disti ishing two basic int |
increases the bit rate to 2.35 kbps due to the transmission of the T€quUency or ime domain, distinguishing two basic interpola-

3-b voicing strength code in each of the three excitation bands. ~ tion subclasses. Since only the prototype segments have to be
Index Terms—Low-rate speech coding, multiband excitation, encoded, the required bit rate is low, while maintaining good

waveform-interpolated speech coding, wavelet-based pitch esti- perceptual Spe?Ch quality. . }
mation. Most W1 architectures rely on Kleijn's frequency-domain ap-

proach [4], [8], although there are schemes, such as that pro-
posed by Hiotakakos and Xydeas [10] as well as Hiwasaki and
Mano [17], which employ time-domain coding. A complication
HE STATE-OF-ART of speech compression wawvith any WI scheme is the need for interpolation between two
documented in a range of excellent monographs Ilpyototype segments, which have different lengths. This paper
O’Shaughnessy [1], Furui [2], Kondoz [3], and Kleijn andises a parametric excitation, which permits simple time-domain
Haagen [4] as well as in a tutorial review by Gersho [5jnterpolation, as it will become explicit during our further dis-
More recently, the 5.6-kb/s half-rate GSM quadruple-mod®urse.
vector sum excited linear predictive (VSELP) speech codecln traditional vocoders the decision as regards to the extent
standard developed by Gersehal. [6] was approved, while and nature of voicing in a speech segment is critical. Pitch esti-
in Japan the 3.45-kb/s half-rate JDC speech codec inventedipgtion is an arduous task due to a number of factors, such as the
Ohyaet al. [7] using the pitch synchronous innovation (PSInonstationary nature of speech, the effect of the vocal tract on
CELP principle was standardized. Other recently investigat#ite pitch frequency, and the presence of noise. Incorrect voicing
schemes are prototype waveform interpolation (PWI) proposéecisions cause distortion in the reconstructed speech, and dis-
by Kleijn [8], multiband excitation (MBE) suggested by Griffintortion is also apparent if the common phenomenon of pitch
et al. [9], and interpolated zinc function prototype excitatioloubling occurs. Thus, for any low bit rate speech codec, the
(IZFPE) codecs advocated by Hiotakakos and Xydeas [1@jich detector chosen is vital in determining the resulting syn-
Last, the standardization of the 2.4-kbps DoD codec led tesized speech quality.
intensive research in this very low-rate range. Recently, the wavelet transform has been applied to the task
The seven 2.4-kbps DoD candidate coders can be divided imfopitch estimation [18], [19]. The wavelet approach to pitch
several categories. These categories were multiband excitagstimation is event-based, implying that both the pitch period
(MBE) [9], [11] and sinusoidal coders [12], [13], with the re-and the instant of glottal closure are determined. In the proposed
speech codec, we employed a wavelet-based pitch detector.
Apart from the wavelet-based pitch estimation, this paper ad-

. . . _ _ taitionally investigates the low bit rate technique of multiband
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Fig. 1. Pyramidal algorithm for multiresolution analysis.

which have dominant voicing in some frequency regions, buthered;; are the coefficients of the decomposition aing are
dominant noise in other frequency bands of the spectrum. the basis functions for integefsandx.

We commence our discussionsin Section I by abriefoverview The wavelet transform can be used to analyze a sifital,
of wavelets, specifically the polynomial spline wavelets intrdsut unlike the short-time Fourier transform, its localization
duced by Mallat and Zhong [20]. The paper proceeds lwaries over the time-frequency space. This flexibility in resolu-
applying the theory of wavelets to pitch estimation, which wagn makes it particularly useful for analyzing discontinuities,
proposed before for example in [18], [19], and [24]. Howevewhere during a short time period an extensive range of frequen-
we refined these wavelet-based pitch-estimation techniquass is present. It can be noted that the instance of glottal closure
and incorporated them in a correlation-based pitch detectisrrepresented by a discontinuity in the speech waveform.
which allowed us to achieve a substantial pitch-estimation The characterization of wavelets centers around the so-called
complexity reduction, as it will be demonstrated in Fig. 7mother wavelet), from which a class of wavelets can be derived
Subsequently, we introduced the wavelet-based pitch deteasrfollows [23]:
into a waveform interpolation speech codec. In Section Ill, we
highlight the concept of the pitch prototype segment selection Yo u(t) = 1 P <t — b) 2)
process of Fig. 8 and the features of the zinc basis function ’ Va a
excitation of Fig. 6, W.h'Ch was ongmally proposed by SUI(kavrvherea is the frequency or dilation variable ahds the posi-
et al.[29] and dramatically refined by Hiotakakos and Xydeatslon, or time-domain translation, parameter. Thus, wavelets exist

[10]. Our contribution in the zinc-function excitation (ZFE) o . : )
T : ) ~’for every combination of. andb. Koornwinder’s book [23] is
optimization is a further refinement of the technique, leadin :
gested for further augmenting these concepts.

to the realization that the position of these ZFE pulses does no n this paper, the polynomial splines suggested by Mallat

have_to be explicitly S|gnaled to the d(_acoder, V.Vh'Ch redu_cgsd Zhong [20] are adopted for the wavelets. These polyno-
the bit rate. We then refine the processing of voiced—unvoice . . . .

. . .. ~mial spline wavelets can be implemented effectively using a
(V/U) transitions and discuss the process of smooth excitation _ . - o .
) . . o ramidal algorithm similar to subband filtering, as shown in
interpolation between prototype segments, as will be highlight

in Fig. 8 and characterize the zinc-excited codec performan ég 1, where _the h|gr_1-pass-flltered signals @tg(w), while
?Pe low-pass-filtered signals arg;(w).

Finally, we proposed combining the well-known technique o ) :
mixed /U multiband excitation [9] (MBE) with our ZFE-based , ¢ discrete dyadic wavelet transfody W', a4 (£), as
efined by Kadambe and Boudreaux-Bartels [18], is exempli-

codec in Fig. 10 of Section IV, in order to reduce the binary V/ led in Fig. 2 for a 20-ms segment of speech. As the wavelet

decision induced "buzziness” and, hence, to further 'MPIOYRles increase toward the bottom of the figure, the periodicity

the reconstructed speech quality. We summarized our findingfsthe speech signal becomes more evident from both the time-
in Sections V and VI. Let us now focus our attention on the

: and frequency-domain plots shown in Fig. 2 for iie(w) sig-
proposed wavelet-based pitch detector. nals. We note here that although the time-domain waveforms of

Fig. 2 are plotted on the finest scale, corresponding to a sam-
pling frequency of 8 kHz, they are waveforms that can be sub-
In recent years, wavelets have stimulated significant reseagampled by a factor & and thus have lower effective time-do-
interests in a variety of applications. Historically, the theorgnain resolution, as evidenced by their frequency-domain plots.
of wavelets was recognized as a distinct discipline in the eatience, while the higher wavelet scales give a clear indication of
1980’s. Daubechies [21] and Mallat [22] have substantialiye pitch frequency, the lower scales give the most accurate de-

advanced this field in various signal processing applications.doription of the time-domain position of discontinuities, which
this paper, wavelets are harnessed to reduce the computati@analtypically associated with the glottal closure instants (GCI's).
complexity and improve the accuracy of an autocorrelation The reduction in computational complexity of the ACF is
function (ACF)-based pitch detector. We commence with achieved by reducing the number of pitch periods which require
brief introduction to wavelet theory. their autocorrelation determined, thus, the wavelet analysis de-
A wavelet is an arbitrary function, which obeys certain cortermines a set of candidate pitch periods, which are then passed
ditions [21] that allow it to represent a signilz) by a series to the ACF process. The selection of these candidate pitch pe-
of basis functions, which is described by riods is described next.
Observing Fig. 2, we concluded that some form of prepro-
f(z) = Z djxtjx(z) (1) cessing must be performed in order to determine the instants of
ik glottal closure and, hence, the fundamental or pitch frequency

Il. WAVELET-BASED PITCH ESTIMATION
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Fig. 2. TheDyWT of 20 ms of speech for a male speaker uttering part of the “i" in “live.” For each scale dpthé’T", the time- and frequency-domain
responses are portrayed, enabling the process dPth8/ T to be clearly interpreted. ThBy WT scales are 2000—-4000, 1000-2000, 500-1000, 250-500, and
125-250 Hz, respectively, while the sampling rate is 8 kHz.

of the speech waveform. In Fig. 2, the maxima and minimmpulses placed at the minima are also at least 2.5 ms apart.
during each scale of th®y W'T provides the most pertinent Additionally, only impulses which occur in every wavelet scale
information about the speech waveform’s pitch period. Hencare considered as potential glottal pulse locations. Finally, the
the left-hand trace of Fig. 3 illustrates the initial preprocessinGCl’s are normalized and combined, as follows. Each pulse is
whereby positive impulses are placed at the time-domaiivided by the largest pulse in that scale, and the pulses across
waveform maxima and negative impulses at the minima. Eattte scales are subsequently added together in order to produce
of these impulses is assumed to represent possible instantthefcombined pulse. The impulse magnitudes indicate our con-
glottal closure. fidence in the assumed position of the GCI. This process is char-

The highest permitted fundamental frequency in the conteatterized in Fig. 3(c) and (d). Assuming that the largest positive
of speech coding is typically 400 Hz, corresponding to a pit@nd negative pulses are true glottal pulse locations, a range of
period of 2.5 ms, which imposes limited practical constraintppssible pitch periods can be calculated. Namely, the candidate
since most high-pitch female speakers or children have a pifgitch periods are classified on the basis of the time durations be-
lower than 400 Hz. Hence, the impulses of Fig. 3(a) placed tateen the largest positive pulse and all other positive pulses, or
the maxima must be at least 2.5 ms apart, and, similarly, ttiee largest negative pulse and all other negative pulses.



BROOKS AND HANZO: MULTIBAND EXCITED WAVEFORM-INTERPOLATED SPEECH CODEC 769

Speech, Aj Speech, Aj
8000 8000
< 4000 4000
ER WWWW 0 WV\WMW
Z -4000 -4000
-8000 -8000
0 5 10 15 20 0 5 10 15 20
Time /ms Time /ms
a) DyWT Dj+1 b) Scale Dj+1 ¢) Scale Dj+1  d) Combined Pulses
8000 8000 L0 o
ool sty e
2 0 0 =] 0.0 0.0 I
Z -4000 4000 -0.5 l l , -0.5 l ' '
-8000 -8000 -1.0 -10
0 5101520 0 5 101520 0 5 101520 0 5 10 15 20
Time /ms Time /ms Time /ms Time /ms
a) DyWT Dj+2 b) Scale Dj+2 c) Scale Dj+2
8000 8000 1.0
< 4000 4000 ‘ l ‘ ‘ 05| || I l
=0 0 f— 0.0 [
£ 4000 -4000 l , l 05 l l l
-8000 -8000 -1.0
0 5 101520 0 5 101520 0 5 10 15 20
a) DyWT Dj+3 b) Scale Dj+3 ¢) Scale Dj+3
8000 8000 0
4000 l 4000 l 05 l
ER TN Ll goosiy ]
= oo [T oo [ T TT | o T 1
£ -4000 ' ' -4000 ' ’ -0.5 , ,
-8000 — 8000 -1.0
O 5 101520 0 5 10152 0 5 10 15 20
a) DyWT Dj+4 b) Scale Dj+4 c¢) Scale Dj+4
8000 8000 L0
£ 4000 4000 0.5 l l
E o1 | || ] | |
Z -4000 -4000 -0.5 , l
-8000 -8000 -10
0 5 101520 0 5 101520 0 5 10 15 20
a) DyWT Dj+5 b) Scale Dj+5 c¢) Scale Dj+5
8000 8000 0
< 4000 4000 05 ‘
% Olillljl Ollllll'1 0.0
Z -4000 -4000 0.5 l l l I
-1.0
-8000

-8000
0 5 10 15 20 0 5 10 15 20 0 5 10 15 20

Fig. 3. TheD,WT of 20 ms of speech for a male speaker uttering a fraction of the “i” in “live.” In column (a), the corresponding impulses have been placed
at the locations of the maxima and minima of the detail sigi&js - - - D ;45 of Fig. 2. In column (b), only those maxima and minima which persist in every
scale are kept. In column (c), all the maxima and minima are normalized with division by the largest pulse in the scale. Finally, in column (d)ahe addézs
together producing combined maxima and minima representing all scales.

The candidate pitch periods from they,-WT" can now be low-pass nature. A suitable parameter for evaluating V/U deci-
used to reduce the computational complexity of the ACF. Howions was found to be the ratio of the RMS energy in the fre-
ever, first a brief description of how wavelet analysis can be usqdency range 2—4 kHz, to that in the frequency band 0-2 kHz.
for V/U decisions is given.

B. Pitch Estimation
A. Voiced-Unvoiced Decisions Fig. 4 displays the potential pitch periods for each speech

The ability of theDy W T to categorize speech as voiced oframe in a speech file. The resultant graph is fairly complex,
unvoiced has been shown previously [18], [24], and hence silmwever, it can be observed that the candidate pitch periods are
ilar to these two methods, we briefly describe a V/U decisiacommonly placed at the true pitch period and its harmonics.
method based on the energy of the speech signal. The procesg/pically, the true pitch period and two or three harmonics
the Dy WT across the scales gradually removes the higher frare present. There can be at most 15 candidate pitch periods.
quency components present in the speech waveform, as it Wasnely, in each 20-ms speech frame there can be a maximum
shown in Fig. 2. For unvoiced speech, most energy is presefitseven pitch intervals that are spaced at least 20 samples
in the higher frequencies, while voiced speech has more ofpart, for both positive and negative pitch-related pulses.
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Speech - four hours of steady work faced us detector has the lowest overall error raté®fy + Wy, + Pg of
,, 16000 3.9%, which was defined in the caption of Table I.
g 8000 The performance of the proposed wavelet-based ACF pitch
= 0r detector and that of the stand-alone G.728 ACF pitch detector
E -8000 4 can also be compared in terms of computational complexity,
-16000 which was estimated on the basis of the combined additions and
0 10 20 30 40 50 F?fmgo 8090 100110 120 multiplications encountered. For the G.728 ACF pitch detector,
. Candidate Pitch Periods the computational complexity is based on the autocorrelation
£20 3 value determined for the legitimate pitch periods of 20-147
B 15 samples at a sampling frequency of 8 kHz, or 127 values, pro-
810 v ducing a computational complexity of 3.35 MFLOPS. The com-
= 5| ! S putational complexity of the wavelet-based ACF pitch detector
£ Oo 1020 30 40 50 60 70 80 90 100 110 120 is dependent on two factorg, namely, the wavel_et anal_ysis and
Frame the autocorrelation calculation for the 15 candidate pitch pe-
. Pitch Track riods. These produced complexities of 2.23 MFLOPS and 0.62
E20r MFLOPS, respectively. Thus, the wavelet-based ACF pitch de-
B 15 tector has a lower overall computational complexity of 2.85
s 10 MFLOPS, resulting in a 0.5-MFLOP complexity reduction.
S 5 /\‘/ﬂ[\ m ﬂ Following the above employment of the wavelet transform
= 00 10 20 30 40 50 60 70 8O0 90 100 110 120 to reduce the complexity of an autocorrelation-based pitch de-

Frame tector, this pitch detector was included in a waveform interpola-

tion low bit rate speech codec, which is the topic of Section III.
Fig. 4. The original speech signal (top trace), the candidate pitch periods
(middle trace) for a British male speaker, and the decided pitch periods (bottom
trace) versus LPC frame index for 20-ms frames. The potential pitch periods
tend to consist of the pitch frequency track and its harmonics. The detector
suffers from pitch halving around frames 40 and 80. According to Table I,
the bottom trace was deemed to indicate the “true” pitch with respect to the

Ill. BAsIC CODING ALGORITHM

Our WI codec of Fig. 5 operates on 20-ms speech frames, for

manually traced pitch 96.1% of the time. which tenth-order LPC analysis is performed. The LPC coef-
ficients are transformed to line spectrum frequencies (LSF's)
TABLE | and vector quantized to 18 b/frame using an LSF coding scheme
A COMPARISON BETWEEN THE similar to that of the G.729 ITU codec [25]. Following LPC

PERFORMANCE OFACF-BASED F’ITCH,YESTIMATION WITH AND WITHOUT analysis, pitCh estimation is employed, which is often referred
INCORPORATINGWAVELET ANALYSIS. Wi, REPRESENTS THEPERCENTAGE OF

FRAMES THAT ARE LABELED VOICED WHEN THEY SHOULD HAVE BEEN to as pitch detection, followed by a V/U decision, where the

IDENTIFIED AS UNVOICED. W INDICATES THE NUMBER OF FRAMES pitch-estimation algorithm is based on the novel technique of
THAT HAVE BEEN LABELED AS UNVOICED WHEN THEY ARE ACTUALLY employing the wavelet transform described above in Section Il
VOICED. P REPRESENTS THENUMBER OF FRAMES WHERE A GROSS h - . . . .
PITcH ERROR HAS OCCURRED THE TOTAL NUMBER OF INCORRECT For this pitch detector, the pitch period is the distance between
FRAMES IS GIVEN AS Wy + Wy + Ps two adjacent located GCI's. For an unvoiced frame, the root

mean square (RMS) value of the LPC residual is determined,

aif;(\:ztll)t estf)‘;ts‘;z T VZU?)% W(/)V3% P;z’ Togaé% allowing random Gaussian noise to be scaled appropriately
ACF (Inmarsat) 31 2'3 1'8 79 and used as unvoiced excitation. The speech waveform is
ACF (G.728) 1.6 53 | 58 12.7 perceptually weighted [26], [27] in order to allocate most of the

coding noise in the frequency regions of the speech formants
and hence to mask the effects of the coding noise. Additionally,
Additionally, the previous pitch period may be reintroducedhostfiltering [28] is employed on the synthesized speech to
yielding a total of 15 potential GCI locations, for which themprove the perceptual quality.
autocorrelation has to be computed. Since voiced speech segments typically exhibit a higher
The performance of the proposed wavelet-based ACF pitpbrceptual importance than unvoiced frames, these segments are
detector was compared to the performance of the conventiormare comprehensively defined in our codec, as will be detailed
“stand-alone” ACF-based pitch detector using pitch tracking alselow. For a voiced perceptually weighted speech frame, a
cording to the G.728 standard [33] without the-W T prepro- prototype segment is selected according to the procedure to be
cessing invoked to determine candidate pitch periods. Furthdescribed in Section 1lI-A. This prototype segment represents
more, we also compared the proposed wavelet-based pitch a@dull cycle of the pitch period, which is then passed to an
tector’s performance to that of the Inmarsat [34] in the secomthalysis-by-synthesis loop, as portrayed in Fig. 5 and detailed
line of Table I. The performance of these pitch detectors w#woughout the rest of the paper, for the selection of the best
evaluated using 20 s of mixed male and female speech, whigdiced excitation. Explicitly, we opted for using the orthogonal
had been manually pitch tracked. A pitch-estimation error wac basis functions of Fig. 6 in order to model the voiced proto-
recorded, when either the V/U detector operated incorrectly iype segments, which, owing to their specific shapes were shown
if a gross pitch error occurred. The results are shown in Tableoly Sukkaret al. [29] to outperform the Fourier series-based
where it can be seen that the wavelet-based ACF pitch periggresentation of the prediction residual in analysis-by-synthesis
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Fig. 5. Schematic of a time-domain prototype WI arrangement.
L5 pitch of the voiced frame, which was determined by our wavelet-
1.0 p based pitch detector of Section I, then the prototype segment
%; 05 \ will also be P samples in length. The prototype segment is
L:; ‘ deemed to begin at a zero crossing immediately to the left of a
E 0.0 Prransnnd speech waveform maximum near the center of the speech frame,
05 an approach suggested and detailed by Hiotakakos and Xydeas
in [10].
-1.0 o .
10864200246 810 For the subsequent prototype segments, within the voiced se-
Sample quence of frames the current pitch prototype segment is found

_ _ ' _ ' _ _ by employing Kleijn's cross-correlation-based technique [8].
Fig. 6 Stylized shape of a zinc basis function, using the expressionA) = Explicitly the prototype segment is located by finding the pOSi-
A- Sine(n — ) + B - Cosc(n — A). - T .

tion of maximum cross correlation between the current speech
_ _ _ _ ~frame and the previous prototype segment, ensuring as much
coding of speech. Accordingly, analysis-by-synthesis excitati@fmilarity between prototype segments as possible. Let us now
optimization is invoked, in order to determine the best zingighlight the features of the zinc basis function.
function excitation (ZFE) for each prototype segment of voiced
speech, a technique proposed by Hiotakakos and Xydeas [#].Zinc Function Excitation

The proposed speech codec is termed a prototype waveform\s mentioned above, the voiced excitations of our codec were
interpolation zinc function excitation (PWI-ZFE) schemegerived from the orthogonal zinc basis functions [29], which

These issues will be elaborated on in Section IlI-B and wiljaye previously been advocated by Hiotakakos and Xydeas [10]
also be detailed with reference to the characteristic waveforfgs 5 sophisticated higher bit rate interpolation scheme. The zinc

of Fig. 8. The ZFE is then quantized and the correspondifignction z(¢) was defined by Sukkaet al.[29] as
parameters detailed in Section IlI-B are passed to the decoder.
At the decoder the excitation is determined by interpolating #(t) = A - Sine(t) + B - Cosc(t) 3)
between the adjacent excitation prototype segments, an issue to
be treated in more depth in Section IlI-F in the context of Fig. grhere
Subsequently, the excitation generated by interpolation is passed Sine(t) sin(27 fe(t)) @
through the LPC synthesis filter of Fig. 5 in order to reproduce 27 fo(t)
the synthesized speech signal. d

Following the above rudimentary overview of the speec%n
codec, the next section offers a more detailed discussion on Cosa(t) = 1 — cos(27 f. () )

the different sections of the speech codec shown in Fig. 5. 27 f (%)

Particular emphasis will be placed on the ZFE optimization . i rete time processing with a speech bandwidh ef
process. Let us continue by considering the pitch prototypg ., .4 a sampling frequency ¢f = 2- f. = 8 kHz we

segment’s identification. have [10]
A. Pitch Prototype Segment z(n) =A- Sin¢(n) + B - Cosc(n)
The determination of the prototype segment in a sequence of A, n=0
voiced speech frames commences by selecting the pitch pro- . 2B n = odd ©)
totype segment for the first frame in a voiced frame sequence, ] ()’

as it was suggested by Hiotakakos and Xydeas [10¥. i the 0, n = even.
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A shifted discrete version can be introduced whére;, A/ f, 80| cme unconstrained search
and¢ = n/ f; and the shifted zinc function is © 70| constrained search
o)
z(n—X)=A-Sinc(n — X) + B - Cosc(n — A) = %
A, n— =0 & 30
2B ‘E 40
= m, n— )\—Odd (7) ;§30
0, n — X\ =even. 32
10
The ZFE model’s typical shape is shown by Fig. 6, where the I

coefficientsA and B describe the function’s amplitude and 200 40 60 80 100 120 140
defines its position. Pitch period /samples

Once theA and B parameFers ha_ve been determined, th%(g. 7. Computational complexity for the permitted pitch period range of
are Max-Lloyd scalar quantized with 6 b for eaghand B 20-147 sample duration, for both an unrestricted and constrained search.
parameter.

of the prototype segment, where the complexity dependence on
the pitch period is created by the prototype segment length, over
From Fig. 5, the perceptually weighted error signa{n) can  which the convolution is performed that may vary from 20 to 147

C. Excitation Optimization

be described by [10] samples or 50-to 400-Hz fundamental frequency. The dashedline
curve of Fig. 7demonstrates the relationship between the ZFE op-
ew(n) = su(n) = Suw(n) (8) timization complexity and pitch period when no restrictions are
= su(n) —m(n) — (z(n) x hin)) (9) imposed on this optimization process.

This curve indicates that if every locatidrnwithin the proto-
wherem(n) is the memory of the LPC synthesis filter dugype segment were examined, the complexity of ZFE optimiza-
to previous excitation segments, whilgn) is the impulse tion would be prohibitive for real-time implementations. The
response of the SyntheSiS filter. ThUS, the Optimization of t%mplexny increase is exponentiaL as shown by F|g 7, where
excitation signal involves comparing the perceptually weightgdcan be seen that any pitch period greater than 90 samples in
error signale,,(n) for all legitimate values of in the range of qyration will exceed a complexity of 20 MFLOPS in terms of
[1 — pitch period] and calculating the corresponding optimufihe ZFE optimization search.

A and B values, which minimize the weighted error for the The complexity of the ZFE minimization procedure can be
given A. The filter memorym(n) was the same as used byteduced by considering the GCI's introduced in Section II. In
Hiotakakos and Xydeas [10]. Section II, wavelet analysis was harnessed to produce a pitch
For the ZFE, there are four possible combinations of positivgetector, where the pitch period was determined as the distance
or negative-valuedh andB parameters, with each of these competween two GClI's. These GClI's indicate the snapping shut,
binations defined in this contribution using “loose parlance” as closure, of the vocal folds, which provides the impetus for
a possible phase. If the ZFE pulse polarity defined this way tige following pitch period. The energy peak caused by the GCI
not maintained throughout a voiced frame sequence, simply RgH typically be in close proximity to the position of the ZFE
cause the optimum or B value has changed sign, the smoot|aced by the ZFE optimization process. This allows the com-
ZFE interpolation process will introduce a sign changed4ar  plexity reduction of the analysis-by-synthesis process. As noted
B. This results in some small-valued interpolated ZFE’s, as tggfore, Fig. 7 shows that as the number of possible ZFE posi-
values ofA or B pass through zero. For each legitimate zingons increases linearly, the computational complexity increases
pulse position ofj, the sign ofA and B is initially checked exponentially. Hence, constraining the number of ZFE positions
during the excitation optimization process, and only if the phagg| ensure that the computational complexity remains at a re-
restriction of the voiced frame sequence is maintained is the &¥tic level. This constraining process is described next.
citation deemed valid. It is feasible that a suitably phased ZFEThe first frame in a voiced frame sequence invokes no min-
will not be found. If this occurs, then the previous ZFE is scalgghjzation procedure—a single ZFE pulse is simply situated at
using the RMS value of the LPC residual and repeated for thes glottal pulse location within the prototype segment. For the
current voiced frame [10]. other voiced frames, in order to maintain a moderate computa-
tional complexity, the number of possible ZFE positions is re-
stricted as if the pitch periods were always 20 samples. A suit-
The complexity of the error minimization process, described able constraint is to have the ZFE located withihO samples
Section IlI-C, is critical in terms of determining the practicalityof the instant of glottal closure situated in the pitch prototype
of the codec. The associated complexity for the optimizationsegment. In Fig. 7, the solid line represents the computational
evaluated as follows. The ZFE optimization has a computatior@mplexity of a restricted search procedure in locating the ZFE.
complexity dominated by the convolution between the sinc affthe maximum complexity for a 147 sample pitch period is 11
cosc functions and the impulse respon$e), which is neces- MFLOPS.
sary, according to the schematic of Fig. 5, for the optimization We note, however, that constraining the location of the ZFE
loop. This complexity is dependent on the pitch period, or lengpulse to withind=10 positions with respect to the GCI’s reduces

D. Complexity Reduction
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TABLE I precisely as possible [10], [30]. Once again, the GCI's inferred

SEGSNR RSULTS FOR THEZFE OPTIMIZATION PROCESS INVOICED from our wavelet transform-based pitch detector of Section II
SEGMENTS, WHERE IN CONTRAST TO UNVOICED SEGMENTS THESEGSNR . L. . .
CAN BE COMPUTED, WITH AND WITHOUT PHASE RESTRICTIONS OR A are used to determine the onset of voicing. Specifically, if

CONSTRAINED SEARCH. THE SEGSNR RSULTSARE FOR AMIXTURE OF frame N is voiced and frame&V — 1 is unvoiced, then the end
MALE AND FEMALE SPEAKERS of frame N — 1 is examined for the evidence of an emerging

Unconstrained| constrained voiced segment. If GCI's exist at or near the locations, which

search search would maintain the periodicity of voiced speech in frame
no  phase || 3.36dB 2.63dB N — 1, then the voiced speech region is extended to cover the
restrictions end of the predominantly unvoiced framdé — 1, otherwise,
phase 2.49dB 1.36dB the region of speech belonging to frame— 1 is confirmed
restrictions as purely unvoiced. A similar procedure is implemented at

the end of a string of voiced frames. We marked the location

of the V/U transition by the parametég, which encodes the
the segmental signal-to-noise ratio (SEGSNR) of the weightgfimber of voiced pitch-duration speech cycles within unvoiced
prototype voiced speech segments—which was defined fagsmes. Following this description of the speech encoder, the

E[s;,(n)]/E[e;,(n)]—which can be seen in Table Il. Thejnterpolation process harnessed in the decoder is examined.
major drawback of the constrained search is the possibility

that the optimization process is degraded through the limited
range of ZFE locations searched. Additionally, it is possible fo

observe a slight degradation to the mean-squared error (MSEyhe adopted ZFE parametric representation of the voiced ex-
optimization, caused by the phase restrictions imposed @fation permits simple linear interpolation at the decoder in
the ZFE'’s, necessary to permit smooth interpolation. Tabled}ger to reinsert the zinc pulses at the locations, for which no
displays the SEGSNR values of the concatenated purely voigRglses were transmitted. These issues are detailed below with
prototype speech segments for which the SEGSNR values ¢aference to Fig. 8. Fig. 8 follows the spirit of the work by Hio-
be computed. By contrast, the unvoiced segments are ignofgiakos and Xydeas [10] and shows an example of the ZFE ex-
since these speech segments are represented by noise, thggafon-based reconstruction of a 60-ms speech segment for a
SEGSNR value would be meaningless. _ female speaker. Specifically, the top trace shows a 60-ms seg-
Observing Table Il for a totally unconstrained search, th@ent of the original speech signal, the second trace displays
SEGSNR achieved by the ZFE optimization loop is 3.36 dBne prototype segments identified, while the third one shows the
The process of either implementing the above-mentioned ZiEresponding ZFE. In the fourth trace, the ZFE amplitude pa-
phase restriction or constraining the permitted ZFE locationsi9metersa and B are linearly interpolated between the corre-
the vicinity of the GCI's reduces the voiced segments’ SEGS'\%ondingA andB values of the prototype segments. The bottom
after ZFE optimization by 0.87 and 0.68 dB, respectively. Rgrace shows the reproduced speech waveform, which exhibits a
stricting both the phase and ZFE locations reduces the SEGS{Rse waveform similarity with the original speech segment.
by 2 dB. However, in perceptual terms the ZFE interpolation |nerpolating the position of the ZFE’s linearly—like we did
progedure, _descrlbed in Section llI-F, actually improves the sulg; the amplitudes—will not produce a smoothly evolving ex-
jective quality of the decoded speech due to the smooth spegghion and reconstructed speech signal, although speech typ-
waveform evolution facilitated, despite the SEGSNR degradgy|iy has a smoothly evolving nature. Thus, the most percep-
tion of abou_t 0.87 dB caused _by imposing p_hase restrictions. i[%"y pleasing output is produced by a smoothly evolving ex-
assess the impact of constraining the location of the ZFE's, ligtation. A smoother output waveform is produced when the
tening tests were conducted, where eight listeners were asb%qjse position\ is kept constant within each prototype segment
to express a preference between the output speech from GeRsghout a voiced frame sequence. This introduces time mis-
straining the ZFE locations and not constraining the ZFE I84ignment between the original and synthesized waveforms, but
cations. Three sentences were played to each listener. It WaSq,ces a smooth excitation signal. The transmission of the
found that 45.8% of listeners preferred the output speech where ;rameter when it is kept constant contains inherent redun-
the ZFE locations had been constrained, while 54.2%' of "éancy as it is transmitted every frame. As an improvement of
teners preferred the output speech, where the ZFE locations hadscheme proposed in [10], it is suggested that the true posi-
not been constrained. The preference values allowed us 10 ji§§q of the ZFE pulse), is arbitrary and hence need not be trans-
tify constraining the ZFE locations, yielding the correspondingiitied. Following this hypothesis, our experience shows that we

computational complexity reductions seenin Fig. 7. can set\ = 0 at the decoder, which has no degrading effect on
We now proceed by devoting some attention to improving thge speech quality.

representation quality of V/U transitions.

Interpolation

It is safe to place\ at the edge of each prototype segment
since every ZFE is permitted to extend over three interpolation
regions, namely, its allotted region together with the previous

In low bit rate speech codecs, typically the worst representadd the next region. This allows ZFE’s at the interpolation re-
portion of speech is the rapidly evolving onset of voicedion boundaries to be fully represented in the excitation wave-
speech. Previous speech codecs have been found to prodaoa by ensuring that every ZFE will have a tapered low energy
better quality speech by locating the emergence of voicing @alue when it is curtailed.

E. Voiced Unvoiced Transition
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Original Speech
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Time /ms

Fig. 8. Example of 60-ms segments of the original speech (top to bottom), the pitch prototype, and its zinc model as well as the interpolatedmcchation
synthesized speech for a voiced utterance by a female speaker uttering /*/ in “dog.”

In addition to the ZFE amplitude and position parameter, tle 20 samples, a maximum of eight pitch cycles can fit in a
decoder interpolation procedure requires the zero-crossing f80-sample speech frame. For voiced speech the pitch can vary
rameter of the prototype segments, which was introducedfiom 20 to 147 samples, thus requiring 7 b for transmission.
[10]. However, the zero-crossing values of the prototype sefhe ZFE amplitude parameters and B are scalar quantized
ments are typically a frame length apart, since a prototype s&gth 6 b. Following the above investigations of the proposed
ment is selected once every frame. Hence, instead of expRI-ZFE speech codec, we now invoke mixed multiband
itly transmitting the zero-crossing parameter, it can be assumedtitation (MMBE) in order to improve the quality of the
that the start of the consecutive prototype segments is a fragpeech codec, while increasing the bit rate from 1.9 to 2.4 kbps.
length apart. An arbitrary starting point for the prototype seg-
ments COU|d bdFL/2, Whel’eFL iS the SpeeCh frame Iength |V M ULTIBAND EXC|TED CODEC

G. 1.9-kbps ZFE-WI Codec Performance Speech typically contains a mixture of voiced and unvoiced
citation across its frequency bandwidth. Thus, the division

The ZFE-WI codec performance was considered for bo . _
male and female speakers. Here, a female speaker is givergggpee(:h into V/UJ frames, which has been performed so far,

: PR s not follow the true nature of the speech signal. The well-
an example. The speech segment displayed in Fig. 9(a) . ) i o
recorded for a female speaker. As seen by comparing Fig. 9 wn speech coding technique of multiband excitation (MBE)

and (c) in the time domain, the basic shape of the origindal.’ which is.brieﬂy explaiped nex?, is. cqpable of allowing a
waveform is more or less preserved—apart from an arbitrawxwre of voiced and unvoiced excitation in each speech frame.
phase shift, which is in this case Additionally, by observing . .

Fig. 9(a) and (c), we note from the frequency-domain plofs The MMBE Coding Algorithm

that the formant location is preserved, however, it is noticeableThe encoder and decoder schematics of a MMBE architec-
that the inclusion of unvoiced speech above 1800 Hz is nitre are shown in Fig. 10, where following short-term predictive
modeled well by the distinct V/U nature of the PWI-ZFESTP) LPC analysis of the 20-ms speech frame, pitch estimation
scheme. Observing the ZFE waveform of Fig. 9(b), a flas invoked in order to locate any evidence of voicing. A frame
excitation frequency-domain envelope is produced, while iteemed unvoiced has the root-mean-squared value of its LPC
spectral fine structure reflects the pitch-dependent needle-lilesidual quantized and is sent to the decoder.

behavior. Informal listening tests showed that the reproducedSpeech frames labeled as voiced are split itdrequency
speech contained slight “buzziness,” and hence its quality waasnds, with}/ constrained to be a time-invariant constant value.
deemed inferior in comparison to the original speech. In our scheme) = 3 bands were used. Each of thé = 3 fre-

The bit allocation for the ZFE coder is summarized iguency bands is examined for evidence of voicing [31] and has a
Table 1ll, where 18 b are reserved for LSF vector quantizatiamicing strength assigned that was scalar quantized to eight dif-
[25], while a 1-b flag is used for the V/U classifier. For unvoicedlerent strengths, allowing us to assign a totabeaf3 = 9 b per
speech the RMS parameter is scalar quantized with 5 bbJThe20 ms to the three bands. Hence, a total rate of 0.45 kbps was re-
offset requires a maximum of 3 b to encode the V/U transitiaquired for voicing strength quantization. The 4-kHz frequency
point in terms of the number of voiced speech cycles withspectrum was divided into three frequency bands depending on
unvoiced frames, since assuming a minimum pitch duratidine pitch of the speech frame [32]. The voiced excitation must
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Fig. 9. Time- and frequency-domain comparison of the (a) original speech, (b) ZFE waveform, and (c) output speech after the pulse dispers®aGiltes. T
speech frame is the liquid /r/ in the utteranc&g” for a female speaker.

TABLE 1li A value of one represents full voicing, while a value of zero
BIT ALLOCATION OF THE 1.9-kbps PWI-ZFE BEECHCODEC signifies a frequency band of noise. Intermediate values repre-
sent a mixed excitation source. For the unvoiced filter bank,

i;?smeter unvfé%d voi(éed the voicing strengths are adjusted, ensuring that the voicing
v/u flag 1 1 strengths of each voiced and unvoiced frequency band combine
RMS value 5 _ to unity. This constraint ensures that the combined signal from

by 3 - the filter banks is spectrally flat over the entire frequency range.

pitch - 7 The mixed excitation speech is then synthesized, as shown in
A - 6 Fig. 10, where the LPC filter determines the spectral envelope

B - 6 of the speech signal.

total /20ms 27 38

bit rate 1.35kbps | 1.90kbps

V. 2.35-kbps ZFE-MMBE-WI-@DED PERFORMANCE

The combined 2.35-kbps three-band PWI-ZFE-MMBE
also be determined and its parameters sent to the decoder. Insmineme was studied in terms of speech quality for both male
proposed scheme, the previously described PWI-ZFE speectd female speakers. The speech frame examined in Fig. 11 is
codec model was employed, again invoking the classic percéipe same utterance as that characterized in Fig. 9. In the time
tual weighting principles of the previous described PWI-ZFHomain, the basic shape of the original waveform is preserved
speech codec. with a phase shift ofr. Observing Fig. 11(b) above 2 kHz, a

As seen in Fig. 10, at the decoder both unvoiced and voicetxture of voiced and unvoiced excitation is harnessed. From
speech frames have an associated pair of filter banks credtggl 11(c), it can be seen that the presence of noise above 2
[31]. A consequence of the time-variant pitch period is the ne&#iz produces a better representation of the frequency spectrum
for the filterbank to be reconstructed every frame, in both thean Fig. 9(c).
encoder and decoder, as shown in Fig. 10, thus increasing theistening tests were conducted to assess the performance of
computational costs. However, for unvoiced frames, the filtethe developed speech coders. Pairwise-comparison tests were
bank excitation is declared fully unvoiced, and, hence, no voicpdrformed where eight listeners were played three different sen-
excitation is created. tences from a mixture off male and female speakers. For each

Following Fig. 10, both the voiced and unvoiced decodelifferent sentence the listeners were played two versions: ver-
filter banks are created using the knowledge of the pitch pgion A and version B. Having being played each version twice,
riod and the number of frequency bandis. Specifically, the they were asked to express a preference for version A or version
filter bandwidths have to be an integer multiple of the pitcB. The 1.9-kbps PWI-ZFE speech coder was compared with the
[9]. For the voiced filter banks, the filter coefficients are scale®.35-kbps speech coders where MMBE has been added for three
by the quantized voicing strengths determined at the encodezquency bands. From Table 1V, it can be seen that 95.8% of
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Time- and frequency-domain comparison of the (a) original speech, (b) three-band MMBE ZFE waveform, and (c) output speech after dhe so-calle

pulse dispersion filter. The 20-ms speech frame is the liquid /r/ in the utteraicee”For comparison with the full-band process, refer to Fig. 9.

listeners preferred the 2.35-kbps speech coder, noting that this
speech quality improvement came at the cost of a higher bit rate.

The 2.35-kbps three-band MMBE speech coder with PWI-ZFE

was also compared with a 2.35-kbps five-band MMBE speech

coder where a single pulse was used to represent the voiced ex:
citation. From Table 1V, it can be seen that 79.2% of listeners
preferred the PWI-ZFE for representing the voiced excitation.

VI. SUMMARY AND CONCLUSIONS

The proposed wavelet-based techniques substantially re-

TABLE IV

LISTENING TESTS

Speech Coder A | Speech Coder B | Prefer | Prefer
A% B%

1.9kbps PWI- | 2.35kbps 3-band | 4.2 95.8
ZFE MMBE with

PWI-ZFE
2.35kbps 3-band | 2.35kbps 5-band | 79.2 20.8
MMBE with | MMBE with a
PWI-ZFE single pulse

duced the pitch-search complexity of our codec. The refined
PWI-ZFE codec reduced the bit rate of the scheme proposedraicing strength in each of the three subbands of the MBE-ZFE
[10], but due to the binary V/U classification it exhibited someodec, resulting in a 2.35-kbps arrangement. Our future work
“buzziness,” which was mitigated by introducing an eight-levés$ targeted at creating sinusoidally excited benchmarkers.
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