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ABSTRACT

This paper describes new techniques for Prototype Waveform
(PW) coding at coding rates as low as 2.84kb/s. The algorithm
produces good communications quality speech with significant
improvements over previously reported PW coding schemes. In
Multi-Prototype  Waveform (MPW) coding, prototypes are
extracted at 2.5ms intervals. No distinction is necessary
between voiced and unvoiced speech since the normalised LP
residual prototypes are coded as a combination of a noise
vector and smoothly evolving pitch pulse. At low bit rates it is
unnecessary to explicitly code the underlying pulse shape - the
relative magnitude of the rapidly evolving noise vectors is
sufficient to describe the level of periodicity in each prototype.
Prototypes are quantised using either an open or closed-loop
scheme with similar results. Quantised prototypes are
interpolated by continuous phase interpolation of Fourier
coefficients in the discrete frequency domain.

1. INTRODUCTION

In this paper we describe and discuss significant advances in
the design of prototype waveform coders [1]{2]{3], an early
example of which was discussed in our previous paper [3].
Prototype Waveform (PW) coders represent the speech as a
series of characteristic waveforms. These are extracted at
typically 40Hz and then interpolated to reconstruct the speech.
In previous work [3], PW coding was restricted to usage in
voiced speech and typically a reduced complexity CELP coding
scheme was used for unvoiced speech sections. Such an
approach has the disadvantage of making a discrete
voiced/unvoiced decision which can lead to non-linearity and
distortion in transition regions [4]. The coders described in this
Ppaper use a new prototype model proposed by Kleijn [5] which
provides a unified PW structure for both voiced and unvoiced
speech (and also background noise [5]).

The unified coding scheme also leads to the removal of
significant redundancy when coding prototypes; this has led to
the adoption of the multi-prototype scheme which extracts
many more prototypes per frame than in previous coders [1][2].
Our Multi-Prototype Waveform (MPW) coder extracts
prototypes at a rate of 400Hz, significantly increasing the rate
of change (evolution bandwidth [5]) in the characteristic
waveforms which the coder can accommodate.
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The overall result of this increased resolution is improved
tracking of speech dynamics which makes the coding of signals
with low periodicity practical. Previous PW coders, with low
evolution bandwidths, failed to accommodate such signals,
leading to the adoption of the switched coding schemes.

2. MULTI-PROTOTYPE WAVEFORM CODING

The new MPW coder has a number of significant differences
from the previously reported PW coders [1][2][3]; these can be
separated primarily into the areas of Prototype Extraction and
Quantisation. The basic structure of the MPW coding algorithm
is shown in the block diagram of Fig. 1. While the details of
extraction and quantisation methods varied, this structurc was
used throughout this work.

2.1 Prototype Extraction

For correct extraction of prototypes it is necessary to detect
the pitch of the input speech frame (200 samples at 8kHz). The
pitch of each frame is computed using a derivation of the
autocorrelation technique [6]. To ensure a ‘smooth pitch track’
the deviation of the pitch over each frame is restricted.
Prototypes are then extracted from the LP residual every 20
samples with the period of each prototype taken to be the linear
interpolation of the pitch between its frame update points. This.
contrasts with the single prototype extracted for each frame in
references [1][2] and makes the previously reported extraction
technique [2] inappropriate.

Interpolation of the residual to increase prototype selection
[2] is rendered unnecessary by the significant decrease in
prototype extraction interval, In the new technique, a small
number of candidate prototypes around each extraction point
are assessed on the basis of minimising the squared error
between the endpoints of the chosen prototype. To maximise
tracking of the speech dynamics, it was found essential to limit
the choice of prototypes to a narrow region surrounding the
extraction point. This also avoids ‘double’ occurrences of
transitory events in the input speech appearing in the
synthesised output. Without quantisation these prototypes were
found to give near-transparent speech quality when aligned,
interpolated and passed through the LP synthesis filter.

A significant difference between MPW coding and the
previous work is the extraction of prototypes regardless of the
voiced/unvoiced nature of the speech. While this removes the
switching problems of previous techniques [3][4], it can lead
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to undesirable periodicity during the coding of unvoiced speech
sections. This has been avoided by ensuring that prototypes
derived from unvoiced speech regions are encoded with a
‘period’ of a minimum of 4 prototype update intervals (80
samples).

2.2 Prototype Quantisation

Previous prototype coders [3] quantised the prototypes using
frequency or time domain quantisation of the total residual
prototype characteristics. Kleijn's recent paradigm [5]
decomposes each prototype into a slowly evolving waveform
(SEW) and a rapidly evolving waveform (REW). The REW is a
noise-like waveform, which may be quantised purely as a
spectral magnitude vector. The SEW and REW are formed by
respectively, low and high pass filtering the DFT coefficients of
the progressively time-aligned [1] prototypes. In the DFT
domain the time alignment operation can be shown to be the
determination of 8’ such that the cross-correlation of equation
(1) is maximised:

Tm -1 . ,
0=argmax 3. Re[Pm (k)P —1 (k) o 27K® ] o)
8" k=0

where T4, is the pitch period of the mth and current
prototype, which has DFT coefficients Py, (k) .

We have also investigated an alternative definition of SEW
in which the SEW is simply computed as the mean of the
current ‘frame’ of prototypes. This definition has been found to
be advantageous when the pitch detector is unreliable and
produces undetected doubling or halving effects.

Both SEW definitions lead to decomposition into an
underlying pitch pulse and a noise-like waveform. Since
prototype energy is normalised, the REW spectral magnitude
can be used to describe both the noise-like behaviour and level
of periodicity in the prototype waveform. The evolution of
SEW and REW waveform magnitudes from our current coder
are shown in Fig. 2 (a) and (b).

Two prototype quantisation schemes based on the REW/SEW
paradigm have been tested. Both coding schemes operate on
perceptually weighted residual prototypes with normalised
energy; the related gain term being transmitted twice per frame.
In both cases, the REW is explicitly, but coarsely, quantised
“and the level of periodicity in the prototype derived directly
from the REW.

2.3 Open-Loop Quantisation

This scheme is open-loop and uses simple vector quantisation
of the REW. The magnitude of the overall REW spectrum is
used as the basis of quantisation. It has been shown [5], and can
be seen from Fig. 2 that there is a clear linkage between periods
of high energy in the REW and low energy in the SEW (and
vice versa). The REW is chosen from a selection of 16 spectral
vectors which are distributed between various mean magnitude
levels. The magnitude (and linked vector) chosen is used as a
basis for the SEW magnitude (since the REW and SEW
contributions are inherently linked in the normalised
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prototype), allowing a single vector selection to be made. The
SEW is then reconstructed from a pulse shape (based on the
current pitch period) and magnitude. Only the single REW
vector is then required for transmission.

Good results were obtained using a codebook of 16 REW
vectors (with related REW and SEW magnitudes). The REW
vectors are essentially noise-like spectra and were chosen on
the basis of recorded REWSs from the speech database.

2.4 Closed-Loop Quantisation

The closed-loop scheme selects an REW/SEW vector
combination on the basis of spectral magnitude comparison
with the normalised prototype. This requires the use of a linked
codebook structure. The 16 REW vectors (similar to those used
in the open-loop scheme) are of differing mean magnitude and
spectral shape, allowing a linked SEW magnitude to be derived
for cach REW vector. The SEW/REW combination (ie. the
quantised prototype) is then created as the summation of the
noise-like REW and the SEW pulse (the length of which is
based on the current prototype period). It is this combination
which is compared to the overall normalised prototype for
purposes of SEW/REW quantisation.

The REW spectral magnitude vectors are weighted so as to
suppress low frequency components. These were found to
‘interfere’ with the low frequency, periodic SEW structure of
the prototype. This caused unacceptable distortion in the output
speech due to the loss/corruption of the pitch-pulse structure.

One advantage of the closed loop coding method is a
significant reduction in the computation required by the
REW/SEW quantisation scheme. While this method utilises the
concept of decomposing the normalised PW into noise-like and
pitch-pulse waveforms, it does not require the complex filtering
operations involved in explicitly computing the SEW and
related REW.

A further, perceptual, advantage is that basing the decision
process on the combination of SEW and REW avoids
undesirable interactions between the quantised SEW pulses and
fluctuations in the gquantised REW noise. This is due to the
inherent consideration of the SEW shape in the closed-loop
quantisation approach.

2.5 Speech Reconstruction

In both quantisation schemes discussed above, the residual
prototype is reconstructed solely on the basis of a quantised
gain term, the encoded REW magnitude and the related SEW
periodicity. The spectral magnitude vector representing the
REW is used to modulate a noise source, the output of which is
added to the SEW pulse to reproduce the prototype. Improved
output speech quality was achieved by time aligning the
modulated REW contribution with the previous quantised
prototype. This ensures smooth evolution of the REW
contribution between successive prototypes and also serves to
prevent ‘destructive interference’ between REW and SEW
contributions. For cach frame, five prototypes are linearly
interpolated to reconstruct the excitation, which is then filtered
by the LP synthesis filter. The continuous interpolation between



successive prototypes is performed using the following
algorithm: The ‘pitch’ period of successive prototypes evolves
such that the period at a given interpolation point, i, between
prototypes is given by:

€5
where o is a linear parameter expressing progression
between the two prototypes in time.

ti =aiPp +(1-aj)Py.1  for 0sa;<1

For the phase of the prototypes to evolve smoothly between
updates the phase at each sample, i, progresses as:

2r
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The continuously interpolated excitation over the

interpolation interval L, between the previous and mth
prototype is then found as:
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This DFT domain interpolation can be regarded as a
progressive linear adjustment of the Fourier basis functions’
phases. This successfully caters for changes in pitch and hence

prototype length.

2.6 Bit Allocation
The MPW coder uses the following bit allocation:

Parameter No. of Bits Total bits /
frame

LSFs 34 34
Pitch 7 7
REW/ 4 20
prototype

Gain 5 10
Total - 71

This is equivalent to a bit rate of 2.84kb/s when using a 200
sample frame at 8kHz. The LSFs are currently quantised using
an adapted Federal Standard 1016 quantiser, primarily for
reasons of computational load. Further reductions in bit-rate
could be made using Split-VQ techniques {7].

3. RESULTS AND CONCLUSIONS

An overall bit rate of 2.84 kb/s has been achieved with the
MPW coder. Tests were performed on a speech database of 30
mixed male/female speakers and preliminary listening tests
place the coded speech close to that of 4.8 kb/s CELP
algorithms. The coder generates more natural sounding speech
than the harsh results obtained from low rate CELP

16]
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implementations and shows improved tracking of speech
dynamics compared to previous PW coders [1]{2](3].

The current MPW coder also highlights a number of critical
areas and issues relevant to this type of coder. In particular the
tracking of the pitch (or essentially the optimum prototype
repetition rate) is an essential component of the MPW coding
technique.

A smooth, accurate pitch track is an essential component - the
break down of the pitch track in transitional voiced/unvoiced
speech or in noise is currently the main obstacle to improved
performance. A second problem with the current pitch tracking
is the delay incurred by the requirement for ‘future’ pitch
information (which allows linear interpolation between
updates). :

It is also unclear as to whether the SEW/REW decomposition
is optimum. While it appears that the resulting vectors are
essentially independent, it is feasible that other prototype
decompositions may give similar or higher performance.

This work shows that Multi-Prototype Waveform coding is a
suitable technique for low bit rate coding. The adoption of a
closed loop quantisation scheme leads to significant reductions
in the algorithm’s complexity.
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Fig. 1: Block Diagrams of the Multi-Prototype Waveform (MPW) coder and decoder structures.
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Fig. 2: The evolution of the
REW (a) and the SEW (b) at the
beginning of the utterance
“strong” spoken by a male
speaker. The nature of the SEW
as the underlying pitch pulse
shape and the REW as the noise-
like content of the prototype can
be seen. The dominance of the
REW in ‘unvoiced’ and the SEW
in ‘voiced’ sections of speech is
also clear.



