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ABSTRACT

Prototype waveform interpolation is one of the most e�-
cient compression techniques for coding the speech signal
at bit rates below 4 kb/s. Most of the PWI coders em-
ploy prototype waveforms of the linear predictive residual
signal for coding purpose. In the latest PWI systems, de-
composition methods are used to separate the voiced and
unvoiced components of the prototype waveforms prior to
coding. This has resulted in high quality speech at very
low bit rates. This paper presents a novel combination of
the Multiband voicing analysis and PWI coding system in
which the Multiband analysis is exploited to identify the
voiced and unvoiced spectral components of the prototype
waveforms of the original speech signal. To produce a high
quality synthetic speech, energy variation of the original sig-
nal is recovered by transmitting its energy envelope. This
method resulted in a high quality and low complexity coder
operating at 2.55 kb/s.

1. INTRODUCTION

Prototype waveform interpolation (PWI) technique has
proved to be one of the most e�cient methods in coding the
speech signal at very low bit rates [1] [2]. To achieve high
quality speech at such low bit rates, the new PWI coders
separate the voiced and unvoiced components of the lin-
ear predictive (LP) residual domain prototype waveforms
prior to coding so that each component can be coded re-
garding its speci�c characteristics. In this group of PWI
coders, decomposition methods based on the use of two di-
mensional Fourier transform is employed. The separated
voiced and unvoiced components are then quantised inde-
pendently. However, use of di�erent bit patterns for voiced
and unvoiced components, enforces use of a fairly large
frame size which limits the performance of the coding sys-
tem especially for high pitch speakers. Besides, the linear
interpolation model used in such coders does not always
preserve the energy variation of the original signal particu-
larly for a long frame length and short pitch period.

The PWI method can be applied to the original speech
signal too. In fact, in this case, very e�cient quantisation
methods may be applied regarding the high correlation of
the adjacent prototype waveforms. Similar to the PWI in
the residual domain, it is suitable to separate the voiced
and unvoiced components of the speech signal before quan-
tisation. While this can be achieved following a similar

method, an alternative method is to classify the harmonics
of the extracted prototypes as voiced and unvoiced.

This paper presents a method in which the Multiband
analysis [3] is used to determine a frequency marker which
separates the voiced and unvoiced spectral components of
the speech domain prototypes. The scaled magnitude spec-
tra of the prototype waveforms are encoded using a number
of codebooks. The phase spectrum is simply modelled at
the decoder side. The voiced components are synthesised
as in conventional PWI coders. The unvoiced components,
however, are reproduced by simply randomising the phase
of the harmonics identi�ed as unvoiced. This results in a
signi�cant saving in number of bits since only 4 bits are re-
quired to encode the location of the frequency marker. To
remove the possible degradation in speech quality caused
by inaccuracy of the Multiband model in the transition re-
gions, additional information about voicing decision can be
transmitted. To maintain the energy variation of the origi-
nal speech, its energy envelope [4] is extracted and encoded
for each frame. At the decoder, the recovered energy enve-
lope is imposed on the output of the PWI coder. Also, to
produce high quality speech, the frame size is limited to 20
ms.

The paper proceeds with a description of the basic cod-
ing algorithm in section 2. Quantisation of the prototype
waveform and energy envelope is discussed in section 3 fol-
lowed by a quality enhancement technique and simulations
in sections 4 and 5. The results are discussed in section
6. The paper concludes with suggestions for further quality
improvement and bit rate reduction as well as alternative
approaches to implement the proposed idea.

2. CODING ALGORITHM

The algorithm can be described as a generalised PWI cod-
ing scheme which operates on the original speech signal. In
the �rst stage, a Multiband voicing analysis is performed
on each 20 ms speech frame to identify the voiced and un-
voiced frequency bands (harmonics). The location of the
marker which separates the voiced and unvoiced bands is
our voicing measure, transmitted to the decoder as a fre-
quency marker. In the case where there are some unvoiced
bands between the voiced bands, the highest voiced fre-
quency band is considered as the frequency marker. At the
same time, for each speech frame a prototype waveform is
extracted under minimum boundary energy criterion. Be-
sides, the energy of the intermediate pitch cycles between



the current and next prototype waveforms are determined.
These energy values are then normalised by the energy of
the current prototype to produce the energy envelope of
the current frame. The spectral magnitude of the proto-
types and the energy envelopes are then quantised. No
phase information is transmitted for the prototypes. In-
stead, at the decoder, the phases are set to a default value.
This is reasonable since we always have an integer number
of cycles between each two adjacent prototype waveforms.
Furthermore, the auditory system of human is fairly insen-
sitive to the phase characteristics of the speech signal. To
produce the spectral amplitude of the missing intermediate
cycles, the spectral amplitudes of the prototype waveforms
are interpolated as in a conventional PWI coder. The time
domain cycles are then produced by applying an inverse
Fourier transform. In this process, the phase spectrum of
the intermediate cycles are also set equal to those of the
prototype waveforms i.e the default value. However, before
applying the inverse transform, a phase jitter is introduced
for the harmonics speci�ed as unvoiced by the frequency
marker. Figure 1 shows the block diagram of the encoder
and decoder of the Multiband PWI system.
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Figure 1. The block diagram of the (a) encoder and

(b) decoder

3. QUANTISATION

The prototype waveforms spectra are normalised to have
unity energy before quantisation. The resultant spectra,
is then scaled to have equal number of harmonics before
quantisation. This size is determined by the number of the
harmonics of the prototype with the longest pitch period.
Both linear or non-linear scaling can be applied [5] ,the for-
mer being simpler to implement while the latter being more
e�cient in term of quality. The scaled up spectrum of each
prototype is then split into a number of overlapping sections
each of which is vector quantised. Figure 2 shows the pat-
tern for three overlapping regions as used in this work. The
maximum number of harmonics is considered to be 74 cor-
responding to pitch period equal to 147 samples at 8 kHz
sampling rate. A simple method to improve the match-
ing when the linear scaling is used, is to consider only the
scaled harmonics in the search process. This is because only
such harmonics are selected in the down-scaling process at
the decoder. Experiments showed that this simple measure
leads to 2.1 dB increase in the average SNR between the
quantised and unquantised spectra. Figure 3(a) and 3(b)
show the quantisation and inverse quantisation processes at
the encoder and decoder.
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Figure 2. The frequency regions for quantising the

extended prototype spectrum

The energy envelope of the frames are quantised follow-
ing a similar approach. In this case, each energy envelope
is scaled up to a vector with size 8, corresponding to the
maximum number of cycles that can exist in a speech frame.

4. FURTHER QUALITY ENHANCEMENT

The above algorithm produces high quality speech at bit
rates as low as 2.4 kb/s. However, the performance of
the the coding system is a�ected by the inherent inaccu-
racy of the Multiband voiced/unvoiced analysis which es-
pecially appears in the transient regions of speech. This is
mainly because such regions (especially the transients from
unvoiced to voiced), have distinct portion of voiced and un-
voiced sections in time domain which can not be modelled
well by the Multiband model. In the experiments, it was
found that adding a time domain marker to the described
model can enhance the performance. Such time marker in-
forms the decoder of the number of the purely unvoiced
cycles in each transient frame so that the interpolation can
be performed more accurately.

5. SIMULATIONS

The above method was employed to design a 2.55 kb/s
MBPWI coder. Table 1 shows the bit allocation for the
di�erent parameters in this design. The expanded spectra
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of the prototype waveforms were quantised using three 9
bit codebooks. The normalising factor (gain) for each pro-
totype was quantised using a 5 bit scalar quantiser and a
5 bit codebook was employed to encode the scaled energy
envelopes. The frequency and time markers are encoded
using 4 and 3 bits respectively. To prevent discontinuities
during the interpolation process, the gain values extracted
from the energy envelope were interpolated before being
imposed on the output signal of the PWI coder.
In the above implementation, all parameters were quan-

tised in a non-di�erential scheme. This makes the coding
system more robust to channel errors. Also to achieve high
quality synthetic speech, the frame length was limited to 20
ms. Therefore, for a lower bit rate application an increase
in the frame length can be considered.

6. RESULTS

To evaluate the performance of the above algorithm, com-
puter simulations were conducted. Figure 4(a) shows a
frame of a mixed type speech signal in which the proto-
type waveform is indicated by a window. Figure 4(b) illus-
trates the magnitude spectrum of this prototype together
with the frequency marker which separates the voiced and
unvoiced harmonics. The quantised spectrum is shown in
�gure 4(c). It can be observed that the real and synthetic
spectra matches well especially in the voiced region. In

Parameters Bits

Pitch period 7
Spectral codebooks 3*9
Spectral gain 5
Energy envelope 5
Frequency marker 4
Time marker 3
Total bits 51

Table 1. Bit allocation for the 2.55 MBPWI coder

an objective test, The average SNR between the real and
quantised spectra found to be more than 21 dB. It is ex-
pected that by optimal selection of the frequency regions
and size of codebooks, an even more accurate match can be
achieved. The above SNR is slightly (about 10%) higher for
the high pitch (female) speakers. This could be expected
since for such speakers, less number of harmonics is involved
in the search process, increasing the possibility of �nding an
accurate match. However, since for these speakers higher
number of intermediate cycles is involved in the synthetic
output speech, a fairly uniform quality can be expected for
all speakers regardless of the pitch period.
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In an informal subjective test, the coded speech of the
2.55 kb/s of the MBPWI outperformed those of IMBE [6]
and FS1016 [7] coders. These tests also con�rmed the con-
sistent quality for di�erent speakers discussed above. A
slight degradation could be detected when the transient re-
gions were detected wrongly. In such cases, the quality at



these regions is reduced to that of the IMBE coder. Further
work is under investigation to develop a more accurate time
marker detector algorithm.

7. CONCLUDING REMARKS

In this paper a low bit rate coding system based on proto-
type interpolation coding and Multiband voiced/unvoiced
analysis were presented. To achieve this, the voiced and
unvoiced spectral components are identi�ed by a frequency
marker determined in a Multiband voicing analysis. The
unvoiced components are then simply produced by ran-
domising their phase in the synthesis process. This sim-
ple method releases a signi�cant number of bits required
to encode the unvoiced components, enabling use of 20 ms
speech frame. This leads to a higher performance especially
for medium and high pitch speakers. To further improve the
quality, the energy variation of the speech signal is recov-
ered by encoding the energy envelope of the speech signal
on pitch cycle basis.

In the presented method, the magnitude spectra of the
prototype waveforms were coded using a number of overlap-
ping codebooks. The frequency regions were not optimised,
neither the number of bits per codebook. Therefore, it is
expected that by such optimisation an improvement in per-
formance and/or a reduction in bit rate can be achieved.

As an alternative method, the speech waveform can be
split into purely voiced and unvoiced components using the
same frequency marker concept (by simply �ltering out the
other component). The PWI can then be employed to en-
code the purely voiced components. In such an approach,
a more e�cient coding algorithm can be expected for en-
coding the spectra of the voiced prototypes. The saving
on the bits may then be employed to encode the unvoiced
components independently.

To maintain the simplicity of the algorithm, linear inter-
polation was used to extend the spectra of the prototype
waveforms. However, if the additional computational work
is acceptable, non-linear interpolation can also be employed
to obtain a higher performance without any increase in bit
rate.

For lower bit rate applications, a �xed frequency marker
can be employed. Moreover, the time marker can be ignored
and fewer bits can be employed for coding the energy enve-
lope. These, together with a slight increase in the frame size
and redesign of the involved codebooks can reduce the bit
rate to below 2 kb/s. The preliminary experiments showed
that at this rate, the coded speech is still highly intelligi-
ble and only su�ers from slight buzziness. It was especially
found that at these rates, employing a di�erent strategy to
encode the purely unvoiced frames results in a signi�cant
improvement in the performance.

Throughout this work, non-di�erential quantisation was
used in all stages to make the whole coding system more ro-
bust to channel errors. However, for a low noise channel the
di�erential coding may also be employed. This is expected
to further reduce the bit rate because of the high similarity
of the spectra of the adjacent prototype waveforms.
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