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ABSTRACT

A 16-kbit/s Code Excited Linear Prediction (CELP) coder with a
10-ms frame is proposed for wideband speech. The main
features of this coder are line spectrum pairs quantization using
inter-frame moving average prediction, a fixed excitation
codebook with a two-stage, two-channel conjugate structure,
and pre-selection in both adaptive codebook search and fixed
codebook search. To solve two problems peculiar to the
wideband CELP coding, i.e., computational complexity and
computational precision, adaptive codebook pre-selection in the
residual domain, a trained sparse codebook, and square root LPC
cocfficients are introduced. The quality of the coder meets the
standard for 56-kbit/s coding specified in ITU-T G.722 in terms
of mean opinion scores.

L. INTRODUCTION

We previously examined a 16-kbit/s Code Excited Linear
Prediction (CELP)[1] coder for 7-kHz wideband speech and
subjectively tested it to compare its speech quality with TTU-T
standard G.722[2]. However, there are problems in
implementing its algorithm into the digital signal processors
currently available on the market. The codebook search requires
considerable computation and high computational precision is
needed to transform the line spectrum pairs (LSP) into linear
predictor coefficients.

We will first describe the coder structure. We will then propose
selection methods for the adaptive codebook search and a
trained sparse codebook(3], both of which reduce computational
complexity. To reduce computational precision, we also
introduce linear predictor coefficients whose power spectrum is
the square root of the usual LPC coefficients.

2. OUTLINE OF A WIDEBAND
16-KBIT/S CELP CODER

Figure I shows the block diagram for this encoder. The details of
each principal module are as follows.

2.1. Spectrum and Power Coding

For spectrum coding, 20 LPC coefficients are obtained and
transformed into LSP parameters in each 10-ms frame. These
parameters are quantized using inter-frame moving average
(MA) prediction[4]. The MA prediction is defined as

Qn ZiAiqn-i * (l)
i=0

where Q, is the quantized LSP vector of the n-th frame, q,, is the
prediction residual vector of the n-th frame, A, is the prediction
coefficient diagonal matrix, and m is the prediction order. Fourth
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Figure 1 Block diagram of wideband CELP coder

order prediction is used.

The prediction residual vector is quantized by two-stage vector-
quantization. In the second stage, a vector of 20 parameters is
split into five sub-vectors and each sub-vector is quantized
independently. Two sets of prediction coefficient matrices are
switched so that prediction errors are minimized in each frame.
The information for each matrix is transmitted to the decoder in
one bit. In total, 36 bits are required to quantize the spectrum
parameters.

The power parameters calculated in each 5-ms sub-frame are
vector-quantized into eight bits in the p-law domain.

Both the LSP codebooks and the power codebooks are trained by
an LBG algorithm with wideband speech data-sets for training,

2.2. Adaptive Codebook

An adaptive codebook search is done in each 5-ms sub-frame.
This codebook consists of the excitation sequences used in the
previous sub-frames. The range of the pitch lag is from 33 to 288
samples, which are equivalent to a range from 56 to 485 Hz for
16-kHz sampling. These pitch lags with fractional delays are
indexed by 9 bits. The optimum lag in each sub-frame is chosen
$0 as to minimize the distortion between the target signals and
the signals synthesized by the code-vector, which corresponds to
the lag. To reduce computational complexity, pre-selection
methods are introduced. They are described in section 3.1.

2.3. Fixed Codebook

After the optimum adaptive code-vector is selected, the fixed
code-vector is determined so that the distortion between target
vector and synthesized signal vector is minimized, in the same
way that the adaptive code-vector is determined. However, the
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optimum code-vector is obtained in each 2.5-ms subsub-frame,
which is the half length of the sub-frame.

Each subsub-frame the fixed codebook goes through two stages:
first, the first-stage code-vector is selected, then the second-
stage codebook search is done. To perform multi-stage search
efficiently, the code-vector in each stage is transformed so that
the signal vector synthesized from the code-vector is
orthogonalized to the signal vectors synthesized in the previous
search stages, including the adaptive codebook search stage.

The fixed codebook in each stage has a conjugate structure[5],
which is consists of two sub-codebooks. The code-vectors are
represented as the sum of two sub-code-vectors. Compared with
a conventional one-channel codebook, it does not require as
much memory and can easily reduce computational complexity
with pre-selection. (4+1) bits are allocated to each sub-codebook
of the first-stage and (3+1) bits are allocated to that of the
second-stage. The "+1' in brackets represents polarity. In each
subsub-frame it requires 18 bits in total to transmit the indices of
fixed code-vectors. The trained sparse codebook is introduced to
further reduce computational complexity. Details of the trained
sparse codebook are in section 3.2.

2.4. Gain Codebook

After all the code-vectors of the subsub-frame are chosen, the
gain values of those code-vectors are quantized as a 3-
dimensional vector in the perceptually weighted wave region. Its
quantization requires 7 bits in each subsub-frame. The value G,
which each code-vector r is multiplied by, is defined as,

£

G=,P[](1-%2)-E, )
= Iel
where P is the quantized sub-frame power, k., are PARCOR
coefficients, and g is the element in the gain codebook. To
improve quality, the gain codebook is trained by a generalized
Lloyd algorithm.

3. REDUCING COMPUTATIONAL COMPLEXITY
IN CODEBOOK SEARCH

3.1. Pre-sclection of Adaptive Codebook in Residual Domain

In adaptive codebook pre-selection, the selection method is
usually either auto-correlation of input speech, cross-correlation
fix‘Hall, or (x'Ha)¥/a‘a, where x is the perceptually weighted
target, H is the impulse response matrix of the perceptually
weighted synthesis filter, and a is the code-vector. If xH is
calculated first, there is no need to filter each code-vector a
through the matrix H, which requires much computation, in
calculating lIx'Hall[6]. When the number of pre-selected
candidates is reduced, (x'Ha)*/a‘a is efficient in preventing loss
by pre-selection[S].

In wideband speech coding, since the range of pitch lag is twice
that of telephone-band codings, even such pre-selection methods
require a great deal of computation. As a result, more efficient
pre-selection methods than usual and multi-stage pre-selections
making use of the methods have been introduced to reduce
complexity without the degradation in usual methods.

Two proposed selection methods are as follows,

P 2
{(—A)—}— ©

"(Ax)' a" and -
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Table 1 SNRseg and WSNRseg (dB) comparison
among pitch selection criteria

xHa XHa (agy, (AxYa fll
a'a ara  search

SNRseg(dB) | 153 156 154 159 16.5

WSNRseg(dB)| 96 97 99 104 105

Integer pitch lag candidates: 256 (512 included non-integer)
33-96 97 - 160 161 - 288 (samples)

L SR T N T E ]
333537 ..~ 97 101 105---161 169 177
+2 42 +4 +4 +8 48

first-stage pre—selecﬁon candidates: 64 (=512/8)

Figure 2 Candidates in first-stage pitch pre-selction

where (Ax) is obtained by filtering the target x through LPC
inverse filter A. Selecting candidates by {(Ax)a}¥aa is
equivalent to selecting by the least square errors between the
target and synthesized speech in the LPC residual domain.

Table 1 shows average SNRseg and average WSNRseg of ten
decoded speech data using the usual methods and by the
proposed methods. Using each method the coder selects one
pitch-lag from 512 candidates including fractional candidates,
without a closed-loop search. While lix*Hall and l(Ax)‘all have
the same amount of computation and (x'Ha)¥a’a and {(Ax)a}¥/
a‘a also have the same, the proposed methods are superior in
quality, especially in WSNRseg.

The procedure for multi-stage pre-selection making use of both
proposed methods is as follows. In the first-stage, 64 candidates
are selected from 256 integer pitch lag candidates at various
intervals, as shown in Figure 2. Several candidates which
maximize the term ll(Ax)all are selected from the 64, Eight
candidates including non-integer delay, which have not yet been
searched, are picked up as second-stage pre-selection candidates
from the neighborhood of each candidate pre-selected in the
first-stage. The pitch lag, that maximizes the value of {(Ax)a}¥
a‘a, is determined from among these second stage candidates.
There is no filtering operation by the matrix H in the loop
searches.

When 4 candidates are left in the first-stage pre-selection, the
average SNRseg is 15.6 dB and average WSNRseg is 10.0 dB
under the same conditions as for the coders in Table 1. The
proposed methods reduce computational complexity compared
with the usual methods without degrading either SNRseg or
WSNRseg.

3.2. Trained Sparse Codebook
3.2.1. Outline of Sparse Codebook

Code-vectors in the trained sparse codebook consist of some
non-zero pulses. Since most of the elements have zero
amplitudes and the calculation has only to be done with the non-
zero elements in the code-vector, the computational complexity
required in codebook search can be significantly reduced. For
example, in the case of synthesis filtering, which requires
considerable computation, suppose that 7z is code-vector length
and 7 is the number of pulses. While a full pulse code-vector
requires m(m-1)/2 multiplication and addition operations. a
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Figure 3 SNRseg and WSNRseg of sparse codebook

sparse code-vector requires only n(2m-n-1)/2 multiplication and
addition operations in the maximum case.

3.2.2. Training Procedure of Sparse Codebook

Amplitudes and positions of those pulses are obtained by
training so that they can be optimized (o create speech signals as
excitation. Since this coder has two sub-codebooks in each
stage; four sub-codebooks in total, those are trained alternately.

The training procedure for each sparse codebook is as follows. In
the same manner as conventional full-pulse codebook training,
after all the speech data sets for training are encoded, each code-
vector is updated according to following equation,

-1
r, :[Zgl?ﬂ;ﬂl) > g Hix,, o)

7

where r; is the code-vector, g Jis gain, H is the impulse response
matrix, and x is the target. The vector synthesized by the code-
vectors except for the updated code-vector has already been
subtracted from the target. However, as it is impossible to test all
the combinations of pulse positions, the number of which is ,C,,
those positions are chosen one by one. Supposing that the
amplitudes of the non-zero pulses are always optimum, the
positions of pulses are selected iterately so that the total amount
of distortion might be minimized with each sparse code-vector.
When the positions of all the pulses are decided, those positions
and amplitudes are saved in the codebook as the new code-
vector. When the pulse positions are given, total distortion
D(sub)i,» which is generated by the updated sparse code-vector r;
is defined as,

- i
Dy = zx,.x].
i

' ' - &)
‘[ZS;H}X,-] (28,2“3“,) [ZgiH’ixi]
U sy \ J (A (sub)
and the amplitudes vector (rj ).z, is also defined as,

-1
(r,.)(m) =[233H:H/) (E&-H}"/J - (6
i upy \ 7 (sub)

7
Vector with the subscript (sub) consists of elements with
subscripts which correspond to the pulse positions in the vector
within each bracket. Matrix with (sub) also consists of elements
with subscripts which correspond to the combinations of pulse
positions in the matrix in each bracket.
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3.2.3. Evaluarion by SNRseg and WSNRseg

Figure 3 shows the SNRseg and WSNRseg of each pulse number

of the sparse codebook. The horizontal lines in the figure show -

the quality of the conventional full-pulse codebook. SNRseg is
15.7 dB and WSNRseg is 9.9 dB in the case of a sparse codebook
of 5 pulses, while SNRseg is 15.6 dB and WSNRseg is 10.0 dB
in the case of a full-pulse codebook. There is almost no
degradation caused by the sparse codebook in SNRseg and
WSNRseg.

4. REDUCING THE COMPUTATIONAL PRECISION
REQUIRED IN TRANSFORMING LSP INTO LPC

4.1. Square Root LPC Coefficients

LPC coefficients are transformed into LSP parameters and then
quantized. About twenty orders of LPC analysis are required to
obtain enough quality. However, when the spectral peak of the
input data is 5o sharp that the space between adjacent LSPs is
very narrow, high computational precision is needed to
transform quantized LSP into quantized LPC coefficients. It is
especially difficult to implement this algorithm into a fixed-
point Digital Signal Processor (DSP). So we proposed a method
that does not require as much computational precision and does
not introduce any degradation in speech quality.

In order to keep the spectral shape represented by the synthesis
filter and reduce the required precision, LPC coefficients whose
power spectrum is the square root of the original LPC
coefficients are obtained in the LPC cepstrum domain, and then
the synthesis filter is represented by the cascade of two auto
regression (AR) filters using the coefficients.

4.2. Procedure to Obtain Square Root LPC Coefficients

The details are as follows.
(a) LPC coefficients ¢; are transformed into LPC cepstrum <.
The order of ¢; should be more than 30.
(b) The LPC cepstrum c;multiplied by 1/2 makes ¢
(¢) To transform more than 30 orders of LPC cepstrum into 20
orders of LPC coefficients, we use the method of least squares.
We solve the following equation and obtain coefficients o'
,whose spectral peak is broad:

C'Ca’=-C'c’, Q)
where o' is the vector of the coefficients o ¢'is the vector of the
LPC cepstrum cj', and C is defined as

1 0 0
Xt 1 0
%c’ %c{ 0
C= : : : ,(8)
Elcp Loy, 1
o ERan o P,

where # is the order of LPC cepstrum and p is the order of LPC
coefficients.

(d) The coefficients o' are transformed into LSP parameters and
then they are quantized. The synthesis filter represented by the
cascade of two AR filters using the quantized coefficients is as
follows,

1
- 8
A A ®
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Figure 4 Power spectrum comparison

4.3. Comparison of Spectral Shapes and Evaluation by
Cepstrum Distance (CD)

Figure 4 shows the power spectrum of unquantized LPC
coefficients and the proposed coefficients which represent the
square root spectrum and cascade synthesis filter. The spectral

peaks are suppressed by the proposed method and restored by
the cascade filter.

The CD beiween the original LPC coefficients and those
quantized by usual LSP quantization is 1.27 dB. The CD
between the original and those obtained by the proposed method
with LSP unquantized is 0.88 dB, and with LSP quantized it is
1.47 dB. The degradation of the proposed method is only 0.2 dB.

5.EVALUATION BY MEAN OPINION SCORES (MOS)
AND DIFFERENTIAL MOS (DMOS)

Subjective tests were performed using MOS and DMOS to
evaluate the proposed coders. Twenty-four people listened to the
test speech sequences using headphones in a sound-proof booth
and we evaluated them with scores ranging from 1 to 5. The
speech sequences, which were Japanese sentences spoken by 10
Japanese, were those encoded and decoded by the proposed
coders and by the ITU-T standard G.722 (48, 56, 64-kbit/s).
Figure 5 shows the MOS of those coders. Figure 6 shows the
DMOS. Table 2 shows the difference between our coders (a-d).
Comparing b with a, the method reducing computational
precision in LSP quantization had almost no effect on speech
quality. Comparing ¢ with a, our adaptive codebook search
method without closed-loop search caused a little degradation.
Comparing d with ¢, the trained sparse codebook of 5 pulses kept
speech quality equivalent to that of a full-pulse codebook. While
the MOS of our coders were equivalent to those of G.722 56-
kbit/s, the degradation, especially in women's speech data, using
our coder was more recognizable than the degradation by G.722
56-kbit/s in the DMOS test.

6. CONCLUSION

We have proposed a 16-kbit/s wideband CELP coder with a 10-
ms frame. To reduce computation, we introduced an adaptive
codebook pre-sclection in the residual domain and a trained
sparse codebook. To reduce required computational precision,
we introduced coefficients whose power spectrum is the square
root of the usual LPC coefficients. Subjective tests by MOS and
DMOS showed the effectiveness of the proposed coder.
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Table 2 Conditions of tested coders

LSP adaptive random
quantization codebook search | codebook
a usual method full search full pulses
b | proposed method ” 7
c usual method | proposed method ”
d ” ks S puises
5

B total B female §§ male

Figure 5 MOS results

MW total K& female @ male

LR

e

O ST

64k 56k 48k a b c
coder
Figure 6 DMOS results
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