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ABSTRACT

Coding schemes based on PWI (Prototype
Waveform Interpolation) [1] can supply good voiced
speech quality at low bit rate (4 kbit/s). PWI
algorithms generate the excitation signal for the LPC
filter by interpolating prototype pitch waveforms
taken from the previous and the current frame.
Starting from this idea we have developed one
algorithm called CB-PC (Critical Band - Prototype
Coding) which allows to provide excellent quality, for
voiced speech segments, at 3.3 kbit/s. This result
has been achieved by means of an efficient coding
and quantization of the prototype waveforms based
on VQ of the critical band magnitude components as
well as of a novel technique for phase coding. The
work has been developed in the framework of the
RACE/MAVT (Mobile Audio-Visual Terminal) project.

1. INTRODUCTION

The RACE/MAVT (Mobile Audio-Visual Terminal)
project” encompasses the challenging idea of the
design of a generic audio-visual coding architecture.
The technique that is presented in this paper
constitutes one building block of such architecture
and has been selected because matches excellent
performance to the flexibility for being used for
narrowband as well as wideband signals and sh%)sL
the potentiality to allow the wide range

functionalities envisaged in the MPEG-4 scenario.

PWI (Prototype Waveform Interpolation) technique is
a very efficient coding technique to cope with voiced
frames providing good quality at very low bit-rate.
However, if the frame length is increased to further
reduce the bit-rate or the pitch length is small
compared to the frame length, the performance
dramatically decreases. This is due to the fact that
several piich periods are contained in a single
speech frame, thereby pitch fluctuations (which are
responsible of the naturalness of speech) can be
hardly reproduced. The FS-PWI technique
(Frequency domain Smoothed - PWI) proposed in [2]
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last segment }v

reduces this effect by considering the low-frequency
pitch fluctuations. In this paper we discuss an
improved version of FS-PWI which takes into
account, for prototype coding purposes, perceptual
model aspects (critical bands) and the single pulse
shape of a pitch length segment in the voiced frame
residual signal.

2. PITCH SYNCHRONOUS DFT OF THE
RESIDUAL SIGNAL
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Fig. 1: Waveform segmentation

The basic instrument in the CB-PC is the pitch
synchronous DFT. It is well known that in voiced
speech, the LPC residual shows a near-periodic
structure. So it is possible to split a voiced frame into
a sequence of N segmen;s/oppﬁingth P (see
Fig. 1). Starting from the lastreceived sample in the
frame and segmentm( the signal in the frame, the
econsider is the one which involves
also sample& from the previous frame, whenever the
frame size i |s not an integer multiplier of the pitch
period. By this segmentation process, we obtain Ngp
vectors R; of length P that can be ordered in an Np
times P matrix. To align the peaks of the residual
signal, a circular shift is applied to each column of R.

r(0,0) r(0,1) r(O,N,—1)
| r,0) r(1,1) r(I,N,—1)
HP-10y r(P-1,1) r(P~LN,-1D

By applying a two-dimensional DFT (first a DFT to
the columns of the matrix R and then a DFT to the
rows of the obtained matrix R1) we obtain a complex
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matrix Ry in which the rows account for the
frequency behavior of each frequency component of
the transformed pitch period.

"](0!0) rl(oyl) r](O!NR_])
r(1,0) r(L1) (LN =1
R = : : :
Ln(P/2-1,0) r(P/2-LD r(P/2-1,N,~1)]
r,(0,0) r,(0,1) n(O,N,=1) ]
r(1,0) r(D L(,N,=1)
k= : : :
| n(P/2-1,0) n(P/2-1L1) -- n(P/2-1,N,-1)]

Since the pitch fluctuations at high frequency (fast
microprosody) are difficult to recover by means of
prototype coding, these fluctuations are disregarded
by forcing to zero the central columns of R
producing the matrix R o This way, and differently
from the standard PWI, all the samples in the frame
contribute to the determination of the prototype, and
the "noise" introduced by rough fast pitch fluctuation
reproduction is smoothed. The number of columns
Nc to be retained is evaluated by means of the
following formula:

= | PNE,. / £ |

where I_x J represents the maximum integer less

than x, f,; the cut-off frequency (about 200-250 Hz)
and fg the sampling frequency.

nON) 0 0  £(O,N,~1-N,)
£(LN.) 0 -0 r(1,N,—1-N,)
R, =|- : 0 --- 0 :
: 0 0 :
- (PI2-1,N,) 0 0 r(P/2-1,N;—1-N,) -

An Inverse DFT is then performed to obtain the
matrix R1 where its first column represents the
prototype spectra to be encoded and quantized.

1(0,0)
7(1,0)

r(0,1)
n (1,1

(0N =1)
R = r,'(l,l\.fk—l)

r(P/2-1,0) r(P/2-11) - r(P/2-1,N,-1)

3. CLASSIFICATION OF THE SPEECH SIGNAL

To exploit at the best the coding efficiency of PWI,
the classical classification in voiced and unvoiced
segments does not seem to be sufficient to supply
excellent quality in reconstructed speech. This is
because in a sonorant voiced speech segment we
can identify three different parts in the time evolution
of the signal, i.e. the onset (initial part), the steady-
state (middle part) and the decay (final part). If we
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try to represent the onset part by means of the PWI
technique, the lack of a prototype in the previous
frame and the presence of a burst segment before
the initial quasi-periodic  part, decreases
considerably the quality of the reconstructed signal.
Whereas in a decay segment, it is possible to simply
repeat the previous prototype by a suitable gain
without loosing in speech quality. This allows further
bit-rate reduction for these segments. Stemming
from these considerations, the PWI algorithm has
been applied to the steady-state parts and a
modified version to the decay parts.

4. CODING AND DECODING PROCEDURE OF
STEADY-STATE FRAMES

In Fig. 2 and Fig. 3 the block diagrams of the coder
and the decoder are reported. In our simulations, the
frame length is of 250 samples (31.25 ms) and the
pitch values vary from 20 to 147. In the coding
procedure, after the classification of the frame as a
steady-state, a short-term analysis (to find the LPC
coefficients) and a long term analysis (to calculate
the pitch value) are performed. Then, the modified
matrix R1 is evaluated according to the procedure
described in sect. 2. The first column of this matrix
represents the prototype spectrum to encode. At the
decoder the received parameters allow the algorithm
to reconstruct the prototype spectrum which is
interpolated with the previous one. Finally the whole
residual signal in the frame is calculated by an
inverse DFT. The speech signal is reconstructed at
the decoder by means of the synthesis filter.

The procedure is the same for the decay segments,
but in this case the spectrum of the previous frame
prototype is simply decayed to a gain value relevant
to the actual prototype without encoding the
prototype.

5. CODING AND QUANTIZATION OF THE
PROTOTYPE SPECTRA

The block scheme of this module is shown in Fig. 4.
The prototype spectra, being of length P, have a
variable number of significant samples equals to P/2.
These magnitude samples are grouped into a fixed
number of critical bands [3] according to Table 1, to
obtain, for each band, a single value as the average
of DFT amplitudes falling into the specific band. It
has been experienced that any other subdivision
indeed introduces a significant reduction of
performance (for example if the spectrum is equally-
spaced subdivided).

The 18 values obtained are then quantized by a 10
bit vector quantizer. The quantized values
corresponding to the center frequency of each critical
band are interpolated by a cubic law, to recover the
same number of DFT samples. The simulation tests
show optimum performance in comparison with the
unquantized version.
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"~ The phase samples are also coded by exploiting the
intrinsic characteristics of voiced speech segments.
In particular it has been observed that, for voiced
segments, the phases of the residual spectra (pitch
synchronous) show a near-linear monotone trend.

Number Center Critical | Lower | Upper
freq. band cutoff | cutoff
[Hz] [HZ] [Hz] | [HZ]
1 50 100 - 100
2 150 100 100 200
3 250 100 200 300
4 350 100 300 400
5 450 110 400 510
6 570 120 510 630
7 700 140 630 770
8 840 150 770 920
9 1000 160 920 1080
10 1170 | 190 1080 | 1270
11 1370 210 1270 | 1480
12 1600 240 1480 | 1720
13 1850 280 1720 | 2000
14 2150 320 2000 | 2320
15 2500 380 2320 | 2700
16 2900 450 2700 | 3150
17 3400 550 3150 | 3700
18 4000 300 3700 | 4000

Table 1 - Critical bandwidth

This can be explained by considering the extreme
case in which one pitch period consists of only one
sample with high energy while the others are close to
zero. In this case the phase behavior is linear and
the slope depends on the position of the peak in the
pitch segment. This characteristics has been
exploited by transmitting only a few phases (from 10
to 16 among the P/2, depending on the specific
segment content) and recovering the others directly
at the decoder using the property of the linear
behavior. They have been scalar quantized by
means of a dynamic allocation [4] with 46 bits. The
complete bit allocation is reported in Table 2.

6. SIMULATION RESULTS

An example of a steady-state frame coding is
reported in Fig. 5. Notice that the reconstructed
residual signal resembles very well the original one
apart from peak positions which do not affect
significantly the subjective quality of the
reconstructed speech. Some problems have been
found only in fast transitions from one vowel to
another, mainly because of the classifier.

Informal subjective tests have been conducted on
both fs=8kHz and fs=16kHz speech by encoding
only the steady-state and decay frames.

All the listeners judged the global quality to be very
close to the original. In particular the 40% of the
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listeners were not able to discriminate between
original and encoded version.

Parameters Bit allocation [bits]
Classification 2
LSP 24
Pitch lag 7
Residual gain 6
Residual spectrum 10
magnitude
Residual spectrum phases 46
Peak position 8
Total 103
3.3 kb/s

Table 2 - Bit allocation for steady-state frames

This result has been confirmed by comparing the
CB-PC patrtially coded sentences with those coded
with the ITU-T G.728. In this case all the listeners
preferred the CB-PC scheme. However, we are
aware that this is only a partial test and more
complete tests are planned when also the other
blocks, to cope with the other segments, will be
introduced.

7. CONCLUSIONS

We have presented a new coding technique for
steady-state voiced frames based on piich
synchronous DFT and optimal prototype
representation by exploiting the critical bands
properties and the phase behavior. The encoder
works at 3.3 kbit/s for the steady-state frames and at
1.25 kbit/s for the decay parts. Further investigations
are being conducted to use a frequency based
approach also for onset, periodic and aperiodic
frames. Informal subjective tests result in a very
good quality of the reconstructed speech, making
this technique very promising for low bit-rate
encoding both for narrow band and wide band
speech coding.
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Fig. 5 - Original and reconstructed residual signals
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