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ABSTRACT

We propose a coder structure, called SBAS (“Subband
Analysis-by-Synthesis”), for use in medium- and low-rate
coding of speech and audio. We use analysis-by-synthesis
to quantize the parameters of a subband signal model.
For speech coding applications, long-term prediction can
be easily integrated with this structure. The evaluation
of SBAS for the coding of telephone-band speech at 8
kb/s gave promising results. A relatively low coding delay
{10...50 ms) can be achieved with this type of coder, and
its computational complexity is comparable to that of a
CELP coder.

1. INTRODUCTION

Two major coder structures can be identified in the field
of speech/audio coding: CELP coders and subband or
transform coders'. Today most telephone-band speech
coders are CELP coders and most aundio coders are sub-
band/transform coders [3].

All these coding techniques are lossy, and the purpose
of coding is to minimize the perception of the coding naise
for a given bit rate. While the mere minimization of the
coding noise power is achieved using the Euclidean dis-
tance as a distortion criterion, in practice the encoders
use distortion measures based on psychoacoustical prop-
erties. The use of these “modified” distortion measures
leads to a colored coding moise spectrum, and they are
also called “noise-shaping” methods.

In principle, CELP coders perform a gain-shape [7]
vector quantization (VQ) of the signal, using a codebook
which is periodically adapted to the signal spectrum by
a filtering operation. This approach is based on the fact
that the speech signal has an acceptably well-behaved
“sonrce-filter” physical production model. In CELP en-
coders, the vector quantization of the excitation is based
on an analysis-by-synthesis approach, meaning that the
quantized parameters are chosen to minimize distortion
at the level of the synthesized signal. To do this, the en-
coder disposes of a local copy of the remote decoder, en-
abling it to determine what the synthesized signal would
be by feeding alternative sets of quantized parameters to
the decoder. CELP coders perform a relatively rough
noise-shaping, using a “perceptual weighting filter”.

Musical signals are much more heterogeneous than
the speech signal, and there is no production model suited

1In what follows, when we speak about “subband coders”, it
is implicitly understood “subband or transform coders”. This
is because subband or transform coders can be considered as
components of the same family, and we shall only refer to
properties which are common to them both.
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to music in general. Subband coders use no produc-
tion model, but they perform an elaborate noise-shaping,
based on the notion of “masking threshold” [5]. The
masking threshold indicates the level of noise which will
be masked by the signal (and thus not perceived), as a
function of frequency, at a given moment of time. Sub-
band coders permit a fine tuning of the coding noise spec-
trum, as the SNR in each subband is adjusted via the
number of bits allocated to that subband.

We introduce the SBAS coder, which is half-way be-
tween CELP and subband coders, combining the advan-
tages of predictive vector guantization and noise-shaping
through the bit allocation. We show that the SBAS coder
can be seen as a generalization of subband coders. We lay
accent on the following:

e The use of an analysis-by-synthesis quantization
method in a subband coder. An analysis filter bank
is not necessary.

e The use of an overlapping VQ (“OVL-VQ”).
e A coder structure: the SBAS coder.

CELP structures using band-limited excitation code-
books have been proposed in the past [6], [9]. In com-
parison with these methods, the SBAS coder is not based
on CELP, it uses a much finer frequency division, and it
controls the noise-shaping through the bit allocation.

A technique similar to the OVL-VQ is the Analysis-
by-Synthesis/Overlap-Add (ABS/OLA) sinusoidal mod-
eling, which was applied to the synthesis of musical tones
in [2].

2. THE PRINCIPLE OF SBAS

Consider a subband coder using M subbands, with syn-
thesis filters of length N, and where the subband signals
are subsampled by a factor L (often L = M). The over-
lapping factor K (K = N/L), is usually an integer. Then
the “”-th polyphase component of the synthesized signal
% is given by the sum:

K—1M-1

> 2 it m=ii

J=0 k=0

E(mM +1) = (jM+ g, (1)

where §* is the decimated and quantized subband signal
from subband k and f¥ is the impulse response of the
synthesis filter for subband k. Each subband signal is thus
reconstructed as the overlapping sum of several shifted
versions of the impulse response of the synthesis filter of
the subband, each of them scaled by a quantized sample
of the decimated subband signal. The synthesized signal
is the sum of the reconstructed subband signals.
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"The synthesis filters are FIR filters and their frequency
responses are overlapping, but filter banks are designed
so as to cancel the aliasing between subbands, allowing
perfect or nearly perfect reconstruction in the absence of
quantization of the subband signals. Note however that
the noise introduced by the quantization of a given sub-
band signal is “leaking” to adjacent subbands.

In the particular case where N = L = M (no over-

lapping), the expression of a vector of synthesized signal
is:
M1

s(m)="Y_ g*(m)f* (2)
k=0
where £(m) is the vector (&(mL)8(mL+1)..8(mL+L—
1)) and f* is the impulse response of the synthesis filter
for subband &.

Equation (2) expresses the wellknown property that
subband coding does a decomposition of the signal follow-
ing a vector basis composed of the impulse responses of
the synthesis filters. In this interpretation, the subband
samples are the magnitudes of the projections of the sig-
nal on this basis. The role of the analysis filter bank is
to compute these projections, and rapid algorithms are
often available for this calculation.

But equation (2) may also be interpreted as the ex-
pression of £(m) as the result of a multi-stage gain-shape
vector quantization. The SBAS structure is based on this
interpretation, our idea being to apply multi-stage gain-
shape VQ to the signal, using narrow-spectrum vectors.
To each subband we associate a vector codebook, contain-
ing vectors whose spectra are centered in that subband.
The bits allocated to a subband determine one or more
vectors from the corresponding codebook, with associ-
ated multiplicative factors (gains). These vectors enter a
linear combination to represent the synthesized signal.

Therefore, more powerful quantization is available for
each subband. Meanwhile, we maintain the advantages
of noise-shaping through the bit allocation, which can be
computed based on the input signal psd.

Experience shows that in order to limit the “blocking”
effects in the presence of quantization, it is necessary to
use time overlapping (equation (1), with K > 1). The im-
plementation of overlapping in the SBAS structure nat-
urally leads to an overlapping VQ (OVL-VQ), described
in paragraph 2.1.

Clearly, any subband coder is a particular case of an
SBAS coder, where each subband codebook contains a
single vector (the impulse response of the synthesis filter
of that subband), and where all the bits allocated to that
subband are used for the scalar quantization of the gain
of that vector.

2.1. The overlapping VQ (OVL-VQ)

As for plain VQ using L-sample vectors, the minimiza-
tion range of OVL-VQ is shifted by L samples at a time.
The difference comes from the fact that in OVL-VQ, the
vector length is K L samples, where the overlapping fac-
tor K does not necessarily have to be an integer. Figure
2 shows how OVL-VQ works, for K = 2.

Before performing the codebook search for the quanti-
zation of the current block, the contribution of previously
quantized vectors is subtracted from the target vector.
This contribution can be seen as being a “ringing”.

Chronologically, vector m is the last one to have a
contribution to the quantized version of block m. After
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Figure 2: The principle of OVL-VQ (here with an overlap-
ping factor K = 2).

receiving the parameters for vector m, the decoder recon-
structs the quantized version of block m, as the sum of the
contributions of vectors m — K + 1...m. The computation
of all the parameters of block m at the encoder requires
the knowledge of the input signal up to block m 4 K —1.
The lookforward of the OVL-VQ is thus K — 1 blocks.
A coder using OVL-VQ has an end-to-end coding delay
equal to the lookforward plus three times the size of a

block (K — 143 = K + 2 blocks).

2.2. The analysis-by-synthesis in SBAS

With the analysis-by-synthesis procedure, the minimiza-
tion of the coding noise is done at the level of the synthe-
sized signal, and not at the level of the decimated subband
signals.

In subband coders using orthogonal filters, the min-
imization of the total noise power is equivalent to the
minimization of the noise power introduced by the quanti-
zation of each subband signal. Therefore, in such coders,
if the criterion is the minimization of the coding noise
power, then individual minimization of the quantization
noise in each subband is equivalent to analysis-by-synthesis
quantization.

In the SBAS structure, the vectors from various sub-
bands are not orthogonal, and (if long-term prediction is
used) the LTP vector is not orthogonal to the subband
vectors, so the use of explicit analysis-by-synthesis to se-
lect the quantized values of the parameters makes sense.

3. THE SBAS CODER

An outline of the SBAS coder is given in Figure 1. The
LTP is useful for speech coding applications, but it can be
omitted in audio coding applications. Each signal block
is modeled as the the sum of overlapping contributions of
several comsecutive vectors from subbands where a non-
null number of bits is allocated, and of vectors produced
by a long-term predictor (LTP), if long-term prediction
is enabled (see below).

In the SBAS structure, the following parameters are
used to represent the signal:

e The spectrum parameters. For example, the sig-
nal spectrum can be quantized using line-spectrum
pairs [8].

o The indices and gains of vectors from the subbands

where bits are allocated, determined by gain-shape
OVL-VQ (paragraph 2.1).

¢ The delay and gain of the LTP, determined by gain-
shape OVL-VQ , if long-term prediction is enabled.
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Figure 1: Outline of the SBAS coder.

to it are used to encode the subband signals. Also,
in function of the voiced/unvoiced decision, choose
the type of subband codebooks to be used.

In Figure 1 we indicate those parameters transmitted to
the decoder with an arrow pointing to the word “de-
coder”.

The vectors from the subband codebooks are band-
limited signals. In the present version of the coder, each
subband codebook may contain one of two types of vec-
tors: )

4. Based on the quantized spectrum, perform bit al-
location and compute estimates gr of the gains at-
tached to the subband vectors (Figure 1).

5. Compute, by multi-stage gain-shape OVL-VQ (Sec-
tion 2.1), the parameters of the LTP and the indices
and gains of vectors from the subbands where bits
are allocated. The criterion to be minimized at
each stage of gain-shape OVL-VQ is the Euclidean
distance, with respect to the “target” vector for
that stage. The subbands are quantized in the de-
creasing order of the signal power they contain.

¢ Sinusoids having frequencies in that subband, mod-
ulated by the impulse response of a low-pass filter.
Such a vector is presented in Figure 3.

» Narrow-band noise signals, obtained by filtering a
white noise through a band-pass filter centered in
that subband.

The choice of the type of vectors to be used for the en-
coding of the current block depends on a voiced/unvoiced

decision. We use multi-stage OVL-VQ to reduce complexity,

but joint optimization of the vector indices/gains from
several (or all) subbands can be envisaged.

4. IMPLEMENTATION AND RESULTS

We ran a simulation of the SBAS coder for telephone-
band speech signals (sampled at 8 kHz), at a rate of 8
kb/s. We use blocks of signal of =40 samples while the
subband and LTP vectors are N=120 samples long, re-
sulting in an overlapping factor K = 3. The spectrum
is divided in M =16 subbands. We use eight 125Hz sub-
bands between 0 and 1000 Hz, four 250Hz subbands be-
tween 1 and 2 kHz and four 500 Hz subbands between 2
and 4 kHz. This frequency division roughly corresponds
to the critical bands. The LTP uses 128 integer delays.
In the present implementation we use a “greedy” bit
allocation (see [4], page 234) to distribute among sub-

Figure 3: One of the modulated-sinusoid subband vectors.

The processing that takes place in the SBAS encoder
is cyclical, and the sequence of operations to encode a
block of signal is as follows:

1. Read a block of input signal.

2. Perform spectrum analysis of the input signal. Quan-
tize the spectrum parameters?.

3. Make a voiced/unvoiced decision. In function of

this decision, the LTP is to be used or not for the
encoding of the current block. If the LTP is not
used, then the bits which would have been allocated

2This operation is not necessarily executed once every
block: sometimes a lower spectrum update rate can be used
without significant quality degradation. This reduces the com-
putations and bit rate required to determine and transmit the
spectrum parameters.
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bands the bits used for the quantization of the subband
vectors. We did not implement noise-shaping as yet, but
we expect its use to yield better performance.

The spectrum parameters are updated once every 4
blocks (160 samples) and they are qnantized using 28 bits,
requiring an average of 7 bits/block.

The number of bits used to quantize the different pa-
rameters is shown in Table 1.
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Table 1: The number of bits used to quantize the different
parameters (bits per 40-sample block).

LTP Subband vectors | Spectrum | moin
quantization
tap | gain | shape gain
7 2 12 12 7 40

The complexity of the SBAS coder is reasonable, due
to the use of a multi-stage VQ structure, with fixed code-
books. The subband codebooks are limited in size to
J = 32 vectors.

If the number of bits allocated to subband %, denoted
b(k), is bigger than log, J, then the codebook C(k) is
used in more than one OVL-VQ stage. If b(k) is less than
log, J, then the codebook for subband k is composed of
the first 2%%) vectors from C(k). When C(k) contains
modulated sinusoids, we order them in an attempt to
maximize the minimum lag between their frequencies, for
all the values of b(k). The frequencies of the vectors in
C(k) are ordered as follows®: I(k), I{k) + 1/2w(k), I(k) +
V/4w(k), I(k) + 3/4w(k), (k) + 1/8w(k), I(k) + 3/8w(k),
Uk} + 5/8w(k), I(k) + 7/8w(k), etc.

The end-to-end coding delay of the SBAS coder with
the given parameters is 25 ms (five blocks of 40 samples).

The performance of this coder, as resulting from infor-
mal subjective tests, was slightly worse than that of the
FS-1016 coder {1]. However, this is a preliminary study
and we think the method is promising.

5. ADVANTAGES AND DISADVANTAGES
OF SBAS

5.1. Advantages
The integration of a closed-loop LTP with the SBAS

structure is straightforward. Because long-term predic-

tion can be performed using the partially reconstructed
signal up to the previously encoded block, the minimum
LTP delay without extrapolation is equal to one block
(I samples), rather than one vector (N samples) as in
standard subband coders.

The shape of the vectors from the subband codebooks
is not constrained, provided they have a narrow spectrum
centered in that subband. Then, it is possible to apply
training algorithms to adapt these vectors to the signal.

The division of the frequency spectrum in subbands is
constrained in no way in the SBAS coder. Each subband
contains the frequencies covered by the spectra of the
vectors from the associated OVL-VQ codebook.

When quantizing a given subband, the SBAS struc-
ture permits partial cancelation of the noise coming from
the quantization of neighboring ‘subbands.

5.2. Disadvantages

The use of the multi-stage structure, which we chose to
reduce complexity, is suboptimal due to the fact that the
vectors at different stages are not orthogonal.

The noise introduced by the quantization of a given
subband in the subbands quantized prior to it is never
taken into account in the minimization.

In the present configuration, while the spectrum of
the sum of subband signals is controlled through the bit

3Here w(k) is the width of subband .
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allocation, the spectrum of the LTP signal is controlled
in no way, so that it may introduce unwanted noise.

6. CONCLUSION

We propose the SBAS structure, a generalization of sub-
band coding. For speech coding applications, long-term
prediction can be easily incorporated in the SBAS coder.
The coding delay of SBAS is relatively low, and its com-
plexity is comparable to that of a CELP coder. We expect
SBAS coders to perform better than subband coders at
medium and low coding rates.
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