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Abstract

The standardized 8-kbit/s speech coding algorithm approved
by the ITU-T SG15 provides toll-quality with a 10-ms frame
length. This paper describes methods for quantizing the line
spectrum pair (LSP) parameters and the gain of the coder
(G.729). The LSP parameters are quantized using multi-
stage vector quantization (VQ)} with interframe moving-
average (MA) prediction. The gain is quantized using a
conjugate gain codebook with gain prediction.

1 Introduction

The ITU-T has been discussing standardization of an 8-
kbit/s speech coding algorithm for use in the Future Public
Land Mobile Telecommunication Systems (FPLMTS)[1].
The ITU-T requires an algorithm that provides toll-quality
under error-free conditions and robustness against channel
errors. The latter is very important for digital celluar appli-
cations. Furthermore, the algorithm should accommodate
input speech with a flat frequency response as well as an
intermediate reference system (IRS) one. The IRS is de-
signed to imitate the typical sending frequency response of
commercial telephone circuits. Flat response is needed to
accommodate the possibility of other types of input speech.
Therefore, the LSP quantizer has to handle various differ-
ent frequency responses of input speech.

This paper discribes the methods for quantizing LSP pa-
rameters and gain of the CS-ACELP coder. Other papers
describe the other modules and their performance [2,3,4,5].

2 Quantization of LSP parameters

The CS-ACELP uses a 10th-order synthesis filter. The
LP coefficients are converted into LSP parameters and
quantized. Since the frame length is 10 ms, we can ex-
ploit the redundancy arising from correlation between con-
secutive frames. The LSP parameters are first quantized
using interframe 4th-order MA prediction. The residue of
the predicted LSP parameters is then quantized by a two-
stage VQ with a split structure at the second stage[6].

Then-th frame LSP parameters, £2., are generated using
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where M is the interframe MA prediction order, G; is a
diagonal prediction matrix, and C. is the output vector
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from the two-stage VQ at the n-th frame. Residue vector
C. is obtained from the code in each stage by using
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where Cy; are the decoded values of the first stage, and
Cz, and Cz- are the decoded values of the second stage.
The d1mensxon of the first-stage VQ is the same as the
LPC analysis order, 10th, and the second stage consists of
a combination of two 5-dimensional VQs.

For each frame, the first-stage codebook is searched to
find the code vector C;, that has the least distortion rel-
ative to a target vector. The target vector is generated by
subtracting the prediction residue from the code vector for
the previous frame from input LSP parameters £2in. The
second-stage codebook search selects the code vector that
minimizes the weighted distortion between the input LSP
parameters and the reconstructed LSP parameters £2,:

disp = (Rin — 2a)T W, (Qin — Q,,), (3)

where W, are the weighting coefficients calculated from
the unquantized LSP parameters w;. The weights w; are
shown in the following equation;
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where wp=0.047 and w,;=0.927. In addition, the weights
ws and we are multiplied by 1.2 each. Two sets of diago-
nal MA predictive coefficients are prepared; the one with
the least distortion is selected. The LSP parameters are
inspected to see whether they are sequenced appropriately;
they are then rearranged to confirm the stability of the
synthesis filter.

We investigated the optimum bit allocations of the coder
and assigned 18 bits for the LSP quantization. The first
stage uses 7 bits, each second stage uses 5 bits, and the
selection of the diagonal predictive matrix uses 1 bit. The
first-and second-stage LSP codebook and the predictive
coefficient codebook are trained by using the generalized
Lloyd algorithm. To improve the speech quality under
background noise conditions, the LSP parameter quantizer
is trained using a mixed database consisting of clean and
noisy speech.



3 Quantization of gain
3.1 VQ gain with gain predictor

Since the bits for the input speech power are sensitive
against channel errors, CS-ACELP does not assign bits for
the input speech power. VQ gain with backward prediction
removes the need to transmit the power information. This
scheme is 2 mechanism that combines vector quantization
gain with backward prediction.

The gains of the pitch excitation and the fixed excitation
vectors are determined by using the VQ-gain codebook. Al-
though the pitch gain is generally distributed around 1, the
fixed codebook gain has a wider range. To compensate for
this wider range, a 4th-order MA gain predictor with fixed
coefficients is introduced(6,7]. A gain adaptor predicts the
fixed codebook gain by considering the sequence of previ-
ous fixed-codebook excitation vectors. The predicted gain
go is expressed; )

go = IO(E(M)'*'E_E)/%, )
where £{™) is the predicted energy, E=30dB is the mean
energy of the fixed codebook excitation and E is the mean
energy of the fixed codebook contribution. The fixed-
codebook-gain codebook is constructed from the residue of
the logarithmic gain prediction with backward prediction.
The excitation vector is multiplied by the predicted gain
term. The pitch gain is completely defined by the VQ gain
codebook, since it is not suitable for backward prediction.

The gain codebook has a conjugate structure with two
sub-codebooks{6]. The pitch and fixed codebook gains are
the sum of the gains from the two sub-codebooks:

gp = g1pi + G2pj, ge = go(g1ci + 92¢5), (6)
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where g, is the pitch gain, g. is the fixed-codebook gain, go
is the gain predicted by the gain adapter, and G; and G
are the VQ gain sub-codebooks. This approach requires
less memory (2x(16+-8) entries instead of 2x128).

3.2 Pre-selection for gain search

To reduce the complexity, pre-selection is applied to the
gain codebook search. The gain codebook consists of two
sub-codebooks: one is designed with a bias towards the
fixed codebook gain g, and the other is designed with a
bias towards the pitch gain g,. That is, the elements of
the first codebook distributed around line L; and the ele-
ments of the second codebook distributed around line L as
shown in Figure 1. Pre-selection is carried out by using the
optimum gain {gp_opt, §eopt ), Which are derived from the
target vector, the adaptive-codebook contribution and the

- fixed-codebook contribution. Pre-selection in codebook #1
selects the 4 out of 8 candidates that are close to the fixed
codebook gain, ga (derived from gp_op:, geop: 2nd go). In
the same way, pre-selection in codebook #2 selects the 8
out of 16 candidates that are close to the pitch gain, gps.
Pre-selection is done by referring to a table constructed of
the gain codebooks in advance. The appropriate gain code
index is found by a closed-loop search that minimizes dis-
tortion, in which only the pre-selected candidates are used,

dg =X — g, HP — gochCllz, (8)
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Figure 1. Distribution of gain sub-codebook.

where X is the target vector, HP represents the filtered
adaptive-codebook contribution, and HC is the filtered :
fixed-codebook contribution. This pre-selection reduces the
complexity by a factor of 4 without degrading quality, com-
pared with the conventional VQ gain search.

4 Conclusion

We described methods for quantizing the LSP parame-
ters and the gain of the CS-ACELP coder. The LSP param-
eters are quantized using multi-stage VQ with interframe
MA prediction. The LSP quantizer can handle various dif-
ferent frequency responses of input speech. The gain is |
quantized using a conjugate’ gain codebook with gain pre- |
diction. This scheme reduces both memory requirements
and complexity. These quantizers are very efficient and
contribute to the good performance of CS-ACELP.
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