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Abstract

In this paper, a pitch cycle waveform (PCW) is extracted, quantized, and interpolated in a time domain to synthesize
high-quality speech at low bit rates. The pre-alignment technique is proposed for the accurate and efficient PCW extraction,
which predicts the current PCW position from the previous PCW position assuming that pitch periods evolve slowly. Since
the pitch periods are different frame by frame, the original PCW is converted into the fixed-dimension PCW using the
dimension-conversion method, and subsequently quantized by code-excited linear predictive (CELP) coding. The excitation
signal for the linear predictive coding (LPC) synthesis filter is generated using the time-domain interpolation and interlink
of the quantized PCW’s. The coder operates at 4.2 kbit/s and 3.2 kbit/s depending on the pitch period. Informal listening
test demonstrates the effectiveness of the proposed coding scheme.
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|. Introduction

Code—excited lincar predictive (CELP) coding can
produce synthesized specch of toll quality around at
8 kbit/s such as ITU-T G.729 [1}. It can be aiso
used for the text—to—speech (TTS) system to co—
mpress its speech database, However, the per—
formance of CELP coding is sericusly degraded at
lower bit—rates as it requires lots ol bits to re—
present the frame—based excitation signal for the
linear predictive coding (LPC) filter.

On the other hand, paramctric vocoders have been
widely used to design low bit—rate speech coders
and TTS systems: mixed—excitation tinear predictive
(MELP) coding, sinusoidal transform coding (STC),
multi~band excitation {MBE) coding, waveform in—
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terpolation (WI), and harmonic plus noise mode!
(HNM) [2-4]. Vocoder—based TTS system can be
effectively extended to the speech modification
system, as well as can compress its speech
database al low bit—rates.

In this paper, we propose a parametric vocoder
whose guantization is performed with CELP coding
in time domain. A novel pitch—cycle waveform
(PCW) extraction method is used based on the
evolving characteristics of PCW. Time—domain
interpolation and interlink schemes are utilized,
which is advantageous over frequency—domain
methods in terms of search time complexity. Finally,
time—domain quantization of PCW is performed by
using the dimension conversion and the CELP
—based technigue. The CELP coding was performed
for cach PCW instead of for each frame. The
proposed time—domain approach can produce high

—quality of speech over frequency—domain vocoders
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since the proposed method can represent residual
waveform efficiently at low bit rate.

This paper is organized as follows. In section II,
we describe the outline of the proposed coder. In
section HI, we propose the novel PCW extraction and
alignment methods. Time—domain interpolation and
interlink methods of PCW’s are discussed in section
IV. Dimension conversion and quantization of PCW
are presented in section V. Experimental results and
conclusions are reported in section VI and VII,
respectively.

if. Outline of the Proposed Coding
Method

The overall structure of the proposed coding
scheme is presented in Fig. 1. Upper and lower parts
ol Fig. 1 describe the encoder and the decoder,
respectively. For the efficient quantization, LPC coe—
fficients are transformed into line spectrum pairs
(LSP} and quantized using linked—split vector quanti—
zation [5]. Open—loop pitch of each frame is estimated
using spectro—temporal autocorrelation method [3).
Then, extracted PCW is aligned and converted to the
fixed dimension PCW for quantization. At the decoder,
LSP, pitch, and PCW parameters are received. PCW
around frame boundary is decoded and converted
back into the original pitch length to reproduce
excitation signal. PCW’s of previous and current
frame boundaries are interpolated and interlinked in
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Figure 1. Block diagram of the proposed method.

time—domain to reconstruct the remaining excitation
signal. The excitation signal is used as the input of
LPC synthesis filter to obtain the synthesized speech.

Nl. PCW Extraction and Alignment

The extraction and alignment of a PCW are
performed in residual domain utilizing estimated
open—loop pitch. In {2], a PCW is extracted at the
end of the curreat frame to minimize the pitch
~boundary energy, and then aligned with a PCW at
the end of the previous frame, as shown in Fig. 2 (a).
This method may arise two problems.

» The alignment procedure should be performed in
the range of pitch period to find the maximum
correlation between previous and current frames.

» The alignment result may not be adequate in case
that the pitch pulse shape of a PCW is not impulse
—like, especially in nasal or highly—pitched sounds.

Thus, we propose a pre—alignment method based
on the evolving characteristics of PCW’s. The po—
sition of a current PCW can be estimated from the
position of a previous PCW because we assume that
pitch period evolves slowly as shown in Fig. 2 (b).
After that, conventional alignment can be performed
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Figure 2. Pitch cycle waveform extraction and alignment me-
thods: (a) frame-based and (b) pitch-based methods.
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for fine tuning. We found that the proposed pre
—alignment scheme has following advantages over
conventional methods:

- search range of the alignment procedure can be
considerably reduced,

- and aligmment error is alleviated even though the
pitch pulse shape is not imputse—like.

In order to find more accurate PCW position, input
signal is passed through the formant bandwidth
expansion filter of the form,

= /7_).05751 (1)

where A(z) is a LPC filter. The filter output is the
interpolated signal between speech and residual
domain in accordance with the weighting factor . As
7 increases to one, speech domain signal is em—
phasized compared with residual domain signal, and
vice versa as v decreases to zero. The value of v
is adjusted on the idea that speech—domain signal is
more uscful for highly—pitched signal. whereas
residual—domatn signal is preferred for lower—
pitched signal. Hence, based on the experiments to
reduce the pitch error, we set v=0.8,

IV, Time—Domain Interpolation and Interlink
Methods

In WI coder [2], each PCW is represented as
Fourier series:

.
u(t,) = Y [ Ciltheos (kg) + D, (t)sin (ko) ] )
k=1

where K'is the number of harmonics, and C,{t) and
D(t) are the Fourier series coefficients. If the
previous and current frames arc denoted as t= T, _,

and ¢t = T, , respectively, the residual signal between

T,., =t= T, can be interpolated by:

el(t)
A
)_][(1 ) G T, ) +alt) G T,,) ) cos ¢, (8) (3)
+((1 o)) DT, ) +alt) DL T,))sing,(t)]

where «(t) and ¢ (¢+) are the linear interpolation
coefficient and phase [unction, respectively. When
the pitch period is not changed from previous to
current frames, the interpolation of Fourier coe—
fficients yiclds good performance as the number of
harmonics is fixed. However, in general, pitch period
is varied frame by frame, and direct interpolation of
Fourier coefficients may generate undesired frequency
components as shown in Fig. 3 (@). To alleviate this
problem, zero padding method in frequency—domain
12] can be applied as depicted in Fig. 3 (b). This
frequency —domain normatization may make important
peak pattern in time—domain be changed. Thus, the
proposed interpolation and interlink methods are
performed in time domain by utilizing the characteri—
stics of the PCW whose signal energy around the
both ends is relatively small. Thus, as shown in Fig.
3 (c}, we proposed to use the time—domain zero
padding at the PCW boundary. The zero—padded
PCW is used only for the interpolation purpose, thus
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Figure 3. Comparison of PCW interpolation methods: {a) sam-
pling frequency problem, (b) the conventional method,
and {c} the proposed method.
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the original—size PCW is used at the frame boundaries.

To reduce computational complexity, we also pro—
pose the pitch—period dependent interpolation and
interlink methods in time domain., The number of
required PCW’s {or interpolation can be calculated
based on the frame size and the estimated pitch
—period. The interpolation between the previous and
current PCW’s can be performed in time—domain as
PCW’s have the same length by using time—domain
zero padding method,

To generated the concatenated excitation signal
for LP filter, interpolated PCW’s are interlinked in
time—domain. For example, if the number of inter—
polated PCW's is 2 as shown in Fig. 4, then the
mnterpolated PCW’s, PCW; and PCW, can be
estimated by

PCW, =u(T,_,.6)

PCW, = %u(T,,, 0)+ 3u( Ty)

POW, = (T, _,0)+ 2u(Z,,9)

PCW, =u(Tm,¢)

4)

where PCW, and PCW; are the extracted PCW’s at
the frame boundaries. The proposed interpolation
and interlink methods save computational complexity
because all the procedures can be performed in
time—domain.
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Figure 4. Example of interpolation and interlink methods.
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V. Dimension Conversion and Quantization
of PCW

The aligned PCW is quantized using the CELP
coding with the proposed dimension—conversion
method.

For the CELP—-type codebook search, each PCW
should have the same fixed—dimensionality, N, for
every frame. However, pitch period of a PCW, 7] is
changed frame by frame. Thus, a variable length
PCW is converted to a fixed—length PCW with a
proposed dimension—conversion method. To convert
from the variable 7-dimensionality to the fixed
N—dimensionality, 7-dimension PCW is transformed
to frequency domain using 7=point DFT. Then, zero
padding into higher frequency bins or redundant
frequency removal ts performed to convert into the
N-point frequency bins. If NVis greater than 7, zero
padding for higher frequency bins is applied as
shown in Fig. 5 (a). Otherwise, high frequency
removal is performed. Finally, A-point inverse
Fourier transform is performed to generate the
time—domain excitation signal for the codebook
search. The dimenstonality of the impulse response
of the synthesis filter is also converted by 7'\

A current PCW is firstly quantized using a previous
PCW in a simitar way lo adaptive codebook search
of CELP ([1). The remaining residual signal is re—
guired to be quantized with a fixed codebook.
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Figure 5. Fixed-dimension conversion for time-domain quan-

lization: (a) dimension conversion and (b} inverse
dimension conversion.




Table 1. Algebraic codebook puise positions for =40 and A=80.

Track # Pulse Positions
0 0.5,10,15,20,25,30,35,
40,45,50,55,60,65,70,75
1,6,11,16,21,26,31,36,

! 41,46,51,56,61,66,71,76

o 2,7,12,17,22,27,32,37,
42,47,52,57,62,67,72,77

3 3,8,13,18,23,28,33,38,
43.,48,53,568,63,68,73,78

a 4,.9,14,19,24,29,34,39,
44,49,54,59.64,69,74,79

Track # Pulse Positions
0 ,5,10,15,20,25,30,35

0,5,1
1 1.6,11,16,21,26,31,36
2 2,7.1217,22,27,32,37
3 3.8,13,18,23,28,33,38,
4.9,14,19,24.29,34.39

For the fixed codebook search, algebraic codebook
is used. If 7X50, NVis set to 40. Otherwise, Nis set
to 80. The algebraic codebook has two t(ypes
according to N as shown in Table 1.

After the codebook scarch, the AN-point PCW
should be converted hack into the 7point PCW. We
call this process the inversc dimension—conversion.
The best candidate codevector, which is a time=
domain wavcform, is transformed to frequency do—
main. Since Nmay be different from 7, we need to
remove or regenerale frequency components. If NVis
greater than 7, high [requency bins are removed to
generate 7-point Fourier coefficients. Otherwise, a
simple bandwidth extension techniques is applied to
regenerate high—frequency Fourier cocfficients. The
average magnitude of M2—point Fourier cocfficients
is used for thesc high—frequency bins as shown in
Fig. 5 (b} under the assumption that LP residual has
flat spectral magnitude. Phase information for these
regenerated frequency bins is modeled with a stored
male speech signal. Final excitation signal can be

obtained using inverse Fourier transform.
VI, Experimental Results

The proposcd method is implemented with 20 ms

frame size and 15 ms lookahead.

Table 2. Bit allocation for the proposed method.

double single

Parameters subframes subtrame |
LSP 24 24
Adaptive Index 3 7 7
Codebook Gain 3 3 3
Fixed Index 17 w7 25
Codebook Gain 5 5 5
Total 84 64

Table 3. Preference test results.

Condition | Conven. | Same | Proposed
Clean 25.00% { 39.58% | 35.42%
Car 18.75% | 33.33% [ 47.92%
Total 21.88% | 36.46% | 41.67%

‘The bit allocation is sumgmarized in Table 2. A
10—th order L.I’C is transformed to LSP and quan-—
tized with linked—split veclor quantization with 24
bits [5]. the pitch lag at the frame boundary is
encoded with 7 bits.

If the lag is less than 50 samples, a frame 1s divided
into two subframes (double—subframe structure).
Otherwise, a single frame is not divided into sub—
frames (single—subframe structure). In the double—
sublrame structure, the differenfial pitch fag for the
first subframe is also encoded with 3 bit. IFor each
subframe. algebraic codebook index is encoded with
13 position bits and 4 sign bits. Gains for adaptive
and fixed codehooks are encoded with 3 and 5 bits,
respectively. For a single—sublrame structure, a
major diflerence in the bit allocation comes from the
ajgebraic codebook structure as shown in Table 1.
In this case, [ive pulses are selected and each pulse
is encoded with 4 bits for position and 1 bit for sign.
Total bit rates for the proposed coder arc 4.2 kbit/s
(for pitch tag < 50) and 3.2 kbit/s {(for pitch lag =
50), respectively.

At the decoder, the PCW at each frame boundary
is reconstructed using the algebraic and fixed code—
books, and converted back into the original pitch
length using the inverse dimension—conversion. PCW’s
of previous and current [rame boundaries are in—
terpolated and interlinked in time—domain to re—
produce the excitation signal. The excitation signal
is used as an wnput for the LIPC synthesis filter to

obtain the svnthesized speech.
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Since the interpolation and interlink schemes are
utilized in time domain, the proposed method is
advantageous over frequency—domain methods {2—4]
in terms of complexity. Time—domain quantization of
PCW is also more efficient than conventional CELP
coding in terms of codebook search complexity
because the alignment information between the pre—
vious and the current PCW’s can be utilized instead
of finding the closed—loop delay.

We compare the search time complexity between our
method and the conventional harmonic coding method
t4]. Most of coding blocks, including LPC and pitch
estimation, are shared between two coders for fair
comparison. With 3 minutes Korean speech data, the
conventional and the proposed methods require 33.8
and 28.3 seconds to process both encoder and decoder,
respectively, using the pentium 2.0 Gliz machine. Thus,
we can obtain 16.3% improvement in complexity.

As shown in Table 3, subjective speech quality of
the proposed coding scheme (at 3.2 or 4.2 kbit/s
depending on the pitch period) is compared with that
of the conventional harmonic coding method (at 4.0
kbit/s} [4]. For the preference listening test, 24
Korean speech sentences (12 female and 12 male
speakers were used) processed by two coders were
played in a random order to 12 listeners. The
listeners decide which coder is preferable. The
listening test results show that the proposed method
produces higher speech quality than the conventional
method not only for clean speech, but also for noisy
speech (15 dB car noise). The proposed time-—
domain approach can be preferred over the frequency
—domain vocoder, since the proposed coder can
represent not only the residual magnitude but also
the phase information (shape of the waveform in
time domain) more efficiently at low bit rate. l{ence,
the energy localization in time domain can be more
effectively performed with the propose method.

VI, Conclusions

In this paper, the methods for the extraction,

quantization, and interpolatton of a pitch cycle wave—
form (PCW) are presented. For the extraction of a
PCW, the pre—alignment technique is proposed. To
quantize a variable—dimension PCW in time— domain,
the dimension—conversion scheme with CELP coding
is applied. At the decoder, the received PCW’s are
interpolated and interlinked to synthesize the speech
signal. The proposed coder obtains higher preference
than the conventional vocoder not only for speech
quality, but also for search time complexity.
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