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ABSTRACT

In this paper we propose a novel quantization method with
application to audio coding. Because the lattice truncation
based quantizers are finite, not all input points have near-
est neighbors within the defined truncations. The proposed
conditional split lattice vector quantizer (CSLVQ) allows the
possibility of splitting to lower dimensions an input point
falling outside the truncation enabling thus the preservation
of a low distortion, with only a local payoff in bitrate. Fur-
thermore, the proposed quantization tool is versatile with re-
spect to the dimension of the input data, the same quantiza-
tion functions being used for different dimensions. The new
quantizer has been tested for spectral encoding of real audio
samples by encoding each frequency subband of the audio
signal using a vector quantizer consisting of a lattice trun-
cated following a generalized Gaussian contour of equiprob-
ability. The results of objective listening tests show similar
results to the AAC for high bitrates and clearly better results
than the AAC for lower bitrates.

1. INTRODUCTION

The quantization of the modified discrete cosine transformed
(MDCT) signal within the advanced audio coder (AAC) is
realized using scalar quantization followed by entropy cod-
ing of the scale factors and of the scaled spectral coefficients.
The entropy coding is performed as differential encoding us-
ing eleven possible fixed Huffman trees for the spectral co-
efficients and one tree for the scale factors. The scale fac-
tors for each spectral sub-band are set within two consecutive
loops, that make the process rather slow and do not take into
account the inter-band correlations affecting the entropy cod-
ing. More detailed explanation on the implementation can be
found in [1]. Improved results over [1] can be found in [2],
where the authors use a trellis search for the constrained op-
timization of the scales and take into account the inter-band
correlation at the entropy coding of the scale factors.

An alternative way to increase the coding efficiency is
the use of vector quantization instead of scalar. The clear ad-
vantages of the vector quantization over its scalar counterpart
have brought it into the attention of researchers, but practical
issues like the size of the codebook or the complexity of the
encoding algorithms have prevented earlier feasible results.
The audio coding using vectorial spectral quantization has
been previously successful for lower bitrates [3], but the gen-
eralization of the method to higher bitrates was encumbered
by increased complexity requirements. Recent work based
on the use of 4 dimensional lattice quantization has been
presented in [4], but its results have been concentrated on
a reduced bitrate domain. We have previously obtained good

results for a large range of bitrates in [5] and propose in the
following an alternative choice for the quantization method.

The present paper presents a new structure for the quan-
tization of the MDCT spectral coefficients of audio signals
within the AAC framework. At each 1024 length frame a lat-
tice vector quantizer is used in each spectral sub-band. The
dimension of the quantizer equals the size of the sub-band.
Even if the sub-band sizes differ, the same quantization tool
is used for all the sub-bands, feature enabled by the use of
the conditional split lattice vector quantizer. The bitstream
consists of the index of the lattice codevectors and some side
information that is entropy encoded. Additionally to the vec-
tor quantization, a parameterization of the quantization res-
olution enables the use of the method for a large domain of
bitrates from 128kbits/s down to 16kbits/s.

The present paper introduces first the proposed quanti-
zation tool based on lattice truncations, followed by the de-
scription of the encoding scheme of the spectral coefficients
of audio signals. The last part consists of results on artificial
data, followed by listening test results and it is concluded
by mentioning the advantages of the proposed method and
prospective future research directions.

2. CONDITIONALLY SPLIT LATTICE VECTOR
QUANTIZATION

The split quantization is a well-established structured vector
quantizer method allowing the reduction of the complexity of
the encoding process at the expense of coding performance.
The proposed method, named conditional split lattice vec-
tor quantizer (CSLVQ) consists in using a split quantizer re-
cursively, and only when demanded by the input data. The
main quantizer is a high dimensional lattice. For a given in-
put data, a point from the infinite lattice, closest to the in-
put is chosen and it must be encoded by means of an integer
index represented on a number of bits that is sent as side-
information. If the chosen lattice point is outside a specified
truncation of the lattice, the high dimensional lattice point is
split into two lower dimensional lattice points. The use of the
split is signaled as a specific character within the bitstream of
the entropy encoded side information. The possibility of the
split continues recursively until a lowest predefined dimen-
sion, where the nearest neighbor of the input data is searched
within the corresponding truncated lattice.

To exemplify the proposed method, suppose the input
data dimension is n. The lattice Zn is used for exemplifi-
cation, but the procedure can be easily extended for use with
other lattices. The pre-defined settings of the method are the
admissible input space dimensions and the splitting rules for
each dimension value. For instance, suppose there are D di-
mension values D = {d1,d2, . . . ,dD}, decreasingly ordered
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and the splitting rules for each of them: d1 = d(1)
1 + d(2)

1 ,
d2 = d(1)

2 +d(2)
2 , . . ., dD = d(1)

D +d(2)
D where d(1)

i ∈D , i = 1,D,
d(2)

i ∈D , i = 1,D and at least one of d(1)
D or d(2)

D should equal
dD. The splitting rules should be such that the splitting can
be applied recursively down to the smallest dimension value.
For each dimension there exist a pre-defined truncated lat-
tice, specified by a given number of leader vectors [6].

The shape of the pre-defined truncation is given by the
contour of equiprobability of the input data. For instance, for
Gaussian data the truncation norm is the ‖ · ‖2 norm and the
shape of the truncation is spherical. The leader vectors [6], or
at least their non-zero components, should be stored. Gener-
ally, if the truncation norm of the smallest dimension is large
enough, the leader vectors for the higher dimensions can be
easily inferred from the smallest dimension leader vectors,
reducing thus the storage requirements or they can be even
generated on the fly [7].

The input n-dimensional data x is first quantized to the
nearest neighbor NN(x) in the infinite lattice [8] and then
NN(x) is further encoded. If NN(x) belongs to the pre-
defined lattice truncation corresponding to the n-dimensional
space, an integer index In is assigned to NN(x) according to
an enumeration technique described in [10].

Information relative to the number of bits needed to en-
code In is entropy encoded. If NN(x) does not belong to the
pre-defined truncation then a split operation is performed ac-
cording to the splitting rule for that dimension and the sym-
bol ’−1’ is entropy encoded. Since the input dimension is
known, as well as the splitting rules, the value of the dimen-
sion is easily deduced. The overall recursive encoding func-
tion can be summarized by the following pseudo-code:

recursive_encode(NN(x), n, x)
{

if NN(x) is in pre-defined n-dimensional
truncation;

entropy encode the number of bits
used for the index of NN(x);

encode NN(x) in index;
else

if n is the smallest dimension;
look for the NN’(x) in the

pre-defined truncation;
entropy encode the number of bits

used for the index of NN’(x);
encode NN’(x) in index;

else
entropy encode the "split" character;
recursive_encode(NN1(x), n1, x1);
recursive_encode(NN2(x), n2, x2);

}

where: n = n1 + n2 is the split rule for dimension n,
NN1(x) and NN2(x) are the first n1 components of NN(x)
and the last n2 components of NN(x), respectively and x1
and x2 are the first n1 components of x and the last n2 compo-
nents of x, respectively. There is a small number of symbols
(integers from −1 up to 22) used to encode the number of
bits employed for the codevector indexes, In , which makes
the entropy coding very fast. The splitting procedure forms a
binary tree, which is read as root, left branch, right branch in
order to form the bitstream. For instance, if there is no split
(zero depth tree) the number of bits for In, followed by In is
encoded, if there is one split (depth 1 tree) the split character
(−1) is encoded for the root and then the number of bits for
In1 , followed by In1 (the right branch) and the number of bits
for In2 , followed by In2 (left branch) are encoded. If there are
supplementary levels of split, the depth of the tree increases
and the tree is read following the same rule. An input scaling
factor allows controlling the value of the overall bitrate.

3. SPECTRAL QUANTIZATION USING
CONDITIONAL SPLIT LATTICE QUANTIZER

3.1 General scenario

The proposed audio coding scheme follows the AAC prin-
ciple, by MDCT transforming the time domain signal and
quantizing the transform coefficients. The transform coef-
ficients are grouped according to the critical bands [9] and
encoded such that the quantization error in each band is not
larger than an allowed value given by the psychoacoustic
model. We replace the scalar quantization of the transform
coefficients with lattice vector quantization that incorporates
the proposed quantization tool. Contrary to the AAC case,
the transform coefficients are no longer power law trans-
formed. A generalized Gaussian distribution with shape fac-
tor 0.5 is assumed [5] for the transform coefficients, and the
shape of the lattice truncations is chosen in accordance to it.
In each sub-band the normalized spectral coefficients are di-
rectly divided by a scale factor and the result of the division
is input to the CSLVQ having the dimension equal to the size
of the sub-band. We denote by sub-band one group of trans-
form coefficients corresponding to one critical band.

For audio files sampled at 44.1kHz the dimension values
used within the CSLVQ are: 4, 8, 12, 16, 20, 24, 28, and
32 split as 32=16+16, 28 = 12+16, 24 = 12+12, 20 = 4+16,
16=8+8, 12= 8+4, and 8 = 4+4.

The scale factor of each sub-band is represented by a base
value and an exponent, the exponent being encoded. Like in
[5], the base value has different values for low and high bi-
trates, namely 2 for bitrates lower than 48kbits/s and 1.45 for
bitrates higher or equal to 48 kbits/s. The information that
is encoded for a given sub-band i consists of the exponents
of the scale factors {si}, the lattice codevector indexes {I(i)

j }
and the information related to the number of bits on which
the lattice codevector indexes are represented, {n(i)

j }. The
index j enumerates the number of splits per sub-band. The
information representing the scale factors and the number of
bits is entropy encoded using Shannon-Fano code or arith-
metic code.

Information relative to the number of bits needed to en-
code In is encoded using Table 1 as next explained. For a
given dimension, if the ‖ · ‖0.5 norm of NN(x) is less than
K from row ’i’ and larger than K from row ’i− 1’ then the
symbol ’i’ will be entropy encoded, using a Shannon-Fano
code, to specify the number of bits ’No. bits’. K in Table 1
is actually the squared root of the ‖ · ‖0.5 norm, in order to
avoid supplementary multiplications.

There are 23 possible values for the exponents {si}, in-
tegers from 0 to 22. The number of values for {n(i)

j } is 24
(integers from -1 to 22). There is one code for the bit alloca-
tion information and one code for the scale information. All
sub-band sizes are considered in a single CSLVQ tool.

The bit allocation in sub-bands realized using constrained
optimization is controlled by the values of the scaling factor
exponents. The choice of the scaling factor exponents is re-
alized through a constrained optimization algorithm which
minimizes an overall error measure while the bitrate should
be within the available number of bits given by the bit pool
mechanism like in AAC.

Two possible implementations of the optimization algo-
rithm are presented in the next section.
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3.2 Optimization algorithms for the scale factors
3.2.1 Lagrangian optimization

The constrained optimization is replaced by an unconstrained
one with the criterion including both an error measure and a
bit rate measure:

J =
N

∑
i=1

(
Di +λ (∑

j
B({n(i)

j })+∑
j

B({I(i)
j })+B(si))

)
(1)

where N is the number of sub-bands, Di is the error ratio sig-
nifying the ratio between the sub-band Euclidean distortion
and the allowed distortion for the sub-band i, B is a func-
tion giving the number of bits used for encoding its argument
and λ is the Lagrangian multiplier. The sub-band encoding
is done independently and the counters for the entropy cod-
ing are updated once per frame, therefore, for a given λ , the
scale factor for each sub-band is chosen from the set of pos-
sible values, larger than the initial value, such that it mini-
mizes the error ratio per sub-band. The initial value for the
scale factor is the highest integer less than log2 ADi minus
3, blog2 ADic−3, where ADi is the allowed distortion given
by the perceptual model for the sub-band i. The multiplier
λ is initialized to 0.000001 and progressively increased by
0.0001 until the number of bits per frame is within the al-
lowed domain. The bitstream is formed by the succession of
the binary codes for {n(i)

j }, {I(i)
j }, and {si}. If, for a given

sub-band, there is no split and the number of bits to encode
the lattice codevector is zero (corresponding to the all zero
vector), then the scale is no longer encoded, because it does
not make sense to encode a scale for a null vector.

3.2.2 Search within the distortion-rate space

For each sub-band up to 20 exponent values are selected for
evaluation. These exponents comprise the 19 exponent val-
ues larger than the initial one, plus the initial one. If there are
not 20 exponent values larger than the initial value, then only
those available are considered.

For each sub-band and for each considered exponent, a
respective pair of bitrate and error ratio can be obtained. This
pair is also referred to as rate-distortion point in the rate-
distortion space.

For each sub-band the rate-distortion points are sorted
such that the bitrate is increasing. Normally, as the bitrate
increases, the distortion should decrease. In case this rule
is violated, the distortion measure with the higher bitrate is
eliminated. This is why not all the sub-bands have the same
number of rate-distortion points.

The rate-distortion measures are ordered with increas-
ing value of bitrate along the sub-bands i, i = 1,N, from 1
to R(i,Ni) and consequently decreasing error ratio, D(i, j),
i = 1,N, j = 1,Ni. The algorithm is initialized with the rate-
distortion measures having a minimum distortion. The ini-
tial bitrate is R = ∑N

i R(i,Ni). For selecting the best rate-
distortion measure with index k, the following pseudo code
can be applied:

For i=1:N k(i) = Ni
1 If R < Rmax Stop
2 Else

While (1)
4 For i = 1:n
5 If k(i) > 1

Grad(i)=(R(i,k(i))-R(i,k(i)-1))/
(D(i,k(i)-1) - D(i,k(i))));

End For
8 i_change=arg(max(Grad));
9 R=R-R(i_change, k(i_change))+

R(i_change,k(i_change)-1)
10 k(i_change)=k(i_change)-1;
11 If R < Rmax Stop, Output k
12 End While
End

The indexes k(i), i = 1,N, enumerate the rate-distortion
points, but also to the exponent value that should be chosen
for each sub-band i, which is the one that should be used to
engender the rate-distortion point.

For high bitrates, e.g. >= 48kbits/s, the algorithm should
be modified at line 5 to ’if k(i) > 2’ such that the sub-band i
is not considered at the maximization process if, by reducing
its bitrate, all the coefficients are set to zero.

If the total bitrate is too high, it should be decreased,
therefore, some of the sub-bands should have a smaller bi-
trate. If the only rate-distortion measure available for one
sub-band is the one with bitrate equal to 1 - which is the
smallest possible value for the bitrate of a sub-band, corre-
sponding to all the coefficients in that sub-band being set to
zero -, then in that sub-band the bitrate cannot be further de-
creased. This is the reason for the test ’if k(i) > 1’. For each
eligible sub-band, the gradient corresponding to the advance-
ment of one pair to the left is calculated, and the one having
maximum decrease in bitrate with lowest increase in distor-
tion is selected. Then, the resulting total bitrate is checked,
and so on.

4. RESULTS

The structure used as an example in section 3 is used as test-
ing support. The search within the distortion-rate space has
been used in the tests for the optimization of the scale factor
exponents.

4.1 Method comparison on artificial data
Results and comparison with other methods are presented
in Table 2. The quantization SNR values for a generalized
Gaussian source with shape factor 0.5 are presented for sev-
eral methods and the proposed quantization scheme com-
pares favorably especially at lower dimensions. Although
the comparison is made against fixed rate methods, the gain
of the proposed method is not due uniquely to the variable
rate. For higher dimensions, the performance is comparable
to other methods, but the complexity of the proposed CSLVQ
is smaller both in terms of memory requirements (the possi-
bility of splitting allows for smaller norm lattice truncations)
and from the computational point of view (most of the time
a single search in the infinite lattice per input vector). More-
over, if the memory requirements allow, higher norm trun-
cations for the higher dimensions help improving the perfor-
mance for the higher dimensions as well. Also, the proposed
method has the advantage of a greater flexibility, allowing
the same quantizer to be used for different input dimensions.
Additionally, there is a single parameter, the input scaling
factor, that must be optimized beforehand. Alternatively, it
can be made adaptive and sent over to the decoder.

4.2 Experimental results on real audio data
The proposed method was compared against the quantization
procedure from the MPEG4-AAC codec, in a MUlti Stim-
ulus test with Hidden Reference and Anchor (MUSHRA).
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D 4 8 12 16 20 24 28 32
I K Nb K Nb K Nb K Nb K Nb K Nb K Nb K Nb
0 0 1 0 1 0 1 0 1 0 1 0 1 0 1 0 1
1 1.73 4 1.41 4 1.73 6 1.73 6 1.41 6 1.41 6 1.41 6 1.41 6
2 2.41 6 2.00 5 2.00 5 2.00 5 2.00 7 2.00 7 2.00 7 2.00 7
3 3.15 8 2.41 8 2.73 10 2.41 10 2.41 10 2.73 12 2.41 11 2.41 12
4 4.00 10 3.00 10 3.24 12 3.00 12 3.00 12 3.00 12 3.00 13 3.00 14
5 5.07 12 3.73 12 3.83 14 3.41 13 3.41 14 3.41 15 3.41 16 3.41 16
6 6.24 14 4.41 14 4.41 16 4.00 16 3.83 16 4.00 18 4.00 18 3.83 18
7 7.56 16 5.15 16 5.00 18 4.46 18 4.41 18 4.41 19 4.41 20 4.15 20
8 9.11 18 5.89 18 5.73 20 5.15 20 4.83 20 5.00 22 4.83 22 4.73 22
9 10.90 20 6.81 20 6.41 22 5.73 22 5.41 22 5.46 24 5.41 24 5.15 24

10 13.03 22 7.68 22 7.15 24 6.41 24 5.83 24 6.15 26 5.83 26 5.61 26
11 16.00 24 8.64 24 7.86 26 7.00 26 6.41 26 6.65 28 6.41 28 6.15 28
12 9.65 26 8.65 28 7.66 28 7.07 28 7.18 30 6.83 30 6.56 30
13 10.74 28 9.47 30 8.38 30 7.66 30 7.83 32 7.41 32 7.15 32
14 11.90 30 10.31 32 9.07 32 8.29 32 8.39 34 7.88 34 7.50 34
15 13.16 32 11.21 34 9.80 34 8.97 34 8.98 36 8.48 36 8.15 36
16 14.00 34 12.14 36 10.56 36 9.60 36 9.56 38 9.10 38 8.66 38
17 13.20 38 11.30 38 10.29 38 10.24 40 9.66 40 9.24 40
18 12.12 40 10.98 40 10.88 42 10.24 42 9.83 42
19 13.20 42 11.71 42 11.56 44 10.88 44 10.38 44
20 12.00 43 12.00 46 11.51 46 10.98 46
21 12.00 48 11.56 48
22 12.00 50

Table 1: The number of bits used to encode the lattice codevectors for dimensions 4, 8, 12, 16, 20, 24, 28, and 32 presented as a function of the squared root of the ‖ ·‖0.5 norm.

n Rate SNR SNR SNR lat. SNR
[bit/s] M.-A [6] M. -B [6] VQ [12] CSLVQ

8 1 6.63 6.74 6.17 7.58
8 2 12.63 12.90 11.99 13.32
8 3 na na 16.71 19.43

16 1 7.67 7.75 na 7.70
24 1 8.09 8.13 na 7.79

Table 2: Method comparison for Generalized Gaussian data with shape factor 0.5.

A particularity of the employed AAC codec framework was
the 11kHz bandwidth considered for quantization for all the
bitrates. Three experiments were designed: for high bi-
trates (128kbits/s, 96kbits/s, 64kbits/s), for moderate bitrates
(64kbits/s, 48kbits/s, 32kbits/s), for low bitrates (32kbits/s,
24kbits/s, 16kbits/s). There was also a training experiment
for the listeners, covering all the audio quality range. The
files used in the tests are listed in Table 3. The files es01
and sm01 were used only in the training experiment and the
remaining files were used in each of the three testing exper-
iments. The mono files are sampled at 44.1kHz. The num-
ber of expert listeners was 10 (high bitrates), 11 (moderate
bitrates) and 9 (low bitrates). The scale factor of CSLVQ
is hidden in the sub-band scaling factors and does not need
special setting.

Table 4 presents method comparison results issued
through the Student T-test from the listening tests. “Lat”
stands for the proposed method using CSLVQ, AAC for the
AAC coder and the numbers attached to them represent the
bitrate in kbits/s. The grade ’1’ stands for ’first method
is statistically better’, ’0’ stands for statistically equal per-
formance and ’-1’ for ’first method is statistically worse’.

Name Description Name Description
es01 Vocal (S. Vega) si01 Harpsichord
es02 German male speech si02 Castanets
es03 English female speech si03 Pitch pipe
sc01 Trumpet solo and orch. sm01 Bagpipes
sc02 Classical orch. music sm02 Glockenspiel
sc03 Contemp. pop music sm03 Plucked strings

Table 3: Listening test samples.

For high bitrates (128, 96, 64 kbits/s) the proposed method
gives similar audio quality to the AAC. For bitrates of lower
or equal to 48kbits/s the proposed method achieves better
performance compared to the quantization method from the
original AAC codec. Furthermore, for low bitrates, there is
an important quality improvement, equivalent to bitrate sav-
ings of 25% at 32kbits/s and of 33% at 24 kbits/s. The im-
provements are similar to those presented in [4], but their
results concentrated only on the 24kbits/s case. Figure 1 il-
lustrates the average grades for the considered methods in the
listening tests. “Cmpnd” stands for the method of [5] using
companding followed by lattice quantization with rectangu-
lar truncation in sub-bands. The results of CSLVQ and of the
companding approach are similar. However, larger trunca-
tions sizes allow for better performance of the lattice trunca-
tion approach relative to the companding approach [13] ad-
vantage which pays off on the complexity of indexing. The
conditions ’lp7000’ and ’lp3500’ are the hidden anchors of
MUSHRA test, corresponding to low-pass versions of the
original signal to 7kHz and 3.5kHz, respectively.
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Meth. 1 Meth. 2 Gr. Meth. 1 Meth. 2 Gr.
Lat 128 AAC 128 0 Lat 24 AAC 32 0
Lat 96 AAC 96 0 Lat 24 AAC 24 +1
Lat 64 AAC 64 0 Lat 24 AAC 16 +1
Lat 48 AAC 48 +1 Lat 16 AAC 32 -1
Lat 32 AAC 32 +1 Lat 16 AAC 24 0
Lat 32 AAC 24 +1 Lat 16 AAC 16 +1
Lat 32 AAC 16 +1

Table 4: Listening test results based on Student T-distribution with a confidence

level of 95%. Grade values signify: ’+1’ first method is statistically better, ’0’ the two

methods have statistically similar performance.

5. CONCLUSION

In this paper we have proposed a novel flexible quantization
tool. Its flexibility is rendered by the ability to be used for
different input data dimensions and to avoid overload dis-
tortion. Unlike the classical lattice quantization where the
points outside the available lattice truncation are quantized
with a larger distortion, the proposed method increases lo-
cally the bitrate while keeping the distortion obtained from
the search in the infinite lattice. The use of the proposed
quantization tool within the AAC encoder proved successful
for the overall bitrates from 128kbits/s down to 16kbits/s, the
improvement over the original AAC being especially visible
for lower bitrates. The result is thus a single high quality
coder for the entire bitrate domain.
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(b) Moderate bitrates
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(c) Low bitrates

Figure 1: Average of grades from listening tests.
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