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Improved Excitation Coding for 13 kbps Variable Rate QCELP Coder

Sangwon Kang* and Dong-Ho Lee*

ABSTRACT

This paper reports on the optimal design of the excitation codebook in the 13 kbps variable rate QCELP coder of 
Korean speech. We present two optimal excitation codebooks which consist of 128 and 256 samples, respectively. For the 
design and test of the improved codebook, a data base of Korean spech is used. A quasi-Newton optimization algorithm 
was developed to design the codebook. The optimized codebook which remains sparse, can produce an average gain of 0.84 
and 0.45 dB in SNR and SEGSNR respectively. Informal listening tests confirm the improvement in speech quality.

I. Introduction

8 kbps variable rate QCELP coded 1] is part of a 
CDMA digital cellular standard (IS-95), but it can not 
provide the toll speech quality which is required in the 
PCS and the FPLMTS system. Hence Qualcomm 
presents 나le 13 kbps variable rate QCELP speech coder 
[2], which provides the toll speech quality, as the service 
option of the CDMA digital cellular system and the part 
of 나le upbanded CDMA system. QCELP is a variable 
rate code-excited linear prediction (CELP) based coder. 
The QCELP excitation codebook consists of the 128 
samples, arranged in a circular buffer, and adjacent 
vectors with dimension of L have (L — 1) samples overla
pping. This kind of structure reduces the computation 
and the memory complexity, which are required in the 
excitation codebook search of the CELP structure。], 

while preserving the reconstructed speech quality. However, 
current codebook is not optimized to the Korean 
language, and the improved codebook for the Korean 
speech can be designed by training the codebook sample 
by a data base of Korean speech.

This paper proposes the optimized codebooks with 128 
samples and 256 samples for the 13 kbps QCELP coder. 
To retain compatibility with the existing 13 kbps QCELP 
coder, the optimized codebooks were required to have the 
similar structure as the original QCELP codebook[4].

The paper is organized as follows. The 13 kbps variable 
rate QCELP coding is discussed in section II. Section II 
presents design of the optimal codebook. In section IV, 
experimental results are given for the codebooks with 128
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and 256 samples. A conclusion is provided in section V.

H. 13 kbps variable rate QCELP coder

Figure 1 shows the encoding part of the 13 kbps variable 
rate QCELP coder. The input speech is sampled at 8 khz 
and divided into 20 msec frames consisting of 160 
samples. The 10th order LPC coefficients are computed by 
the autocorrelation method, and tranformed to line spec
trum pair (LSP) parameters[5], and then the split VQ[6], 
which consists of 5 vectors, is applied to quantize LSP 
parameters. The LSP parameters for pitch and codebook 
subframes is computed by interpolating the current LSP 
and the previous LSP. The QCELP coder uses an analysis- 
by-synthesis method to find optimal pitch and codebook 
parameters. That is, the encoding procedure determines 
the pitch and the codebook parameters to minimize the 
perceptual difference between the reconstructed speech 
and the original speech. The encoding procedure also 
includes quantizing the parameters and packing them into 
data packets for transmission. Bit allocations for each 
rate are listed in Fig. 2. Each frame is assigned one of the 
four different basic rates» namely 13.2, 6.2, 2.6, or 0.8 
kbps, meaning either 264, 124, 52 or 16 bits, respectively. 
The coder first selects one of the four rates for each 
frame by a multiband energy thresholding scheme similar 
to the energy based decision algorithm used in IS-96-A 
over the entire speech band. Then seven features from 
speech signals are used optionally to determine the appro
priate encoding mode.

Excitation sequence means the residual signal which 
subtracts the short term and the long term correlations 
from the input speech. Codebook is used to represent the 
excitation signal. The 13 kbps variable rate QCELP
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Figure 1. Encoding procedure of 13 kbps variable rate QCELP

Eyy] = £ 〃3),

Lc is the codebook subframe length, and x(n) corresponds 
to the weighted re斫dual signal which substracts the zero 
input response of the wei아】ted synthesis filter from the 
weighted input signal. Minimizing (1) is equivalent to 
minimizing the following error value.

Error- -~2G - Exyl +G2 - EyyI (3)
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Figure 2. Bit allocations for the four different basic rates

coder uses two recursive codebooks with 128 samples to 
reduce the computation and the memory complexity, 
which are required in the excitation codebook search. 
Two codebooks are used ； one for the fill-rate encoding, 
and the other for use in the half-rate speech frame. Then 
128 different vectors with dimension of L are generated 
as the window slides through the circular samples. 
Dimension L is 10 or 40, repectively, for rates of 13.2 or 
6.2 kbps. Adjacent vectors have L~ 1 samples overla
pping. Figure 3 shows analysis-by-synthesis procedure for 
finding the codebook index and gain parameters. MSE 
equation for the excitation codebook search is of the 
form

LeT
MSE=^ {xM-Gyt(n)}2 (1)

n = 1

The optimal gain G is then given by

G = 方자" (2)
如，/

where,

上-1
Ex广 £ %(«)>/(«) 

n= I

For all index 1 and gain G, we find the optimal index I* 
and the optimal 흠ain G* to minimize (3).

Figure 3. Analysis-by-synthesis for the codebook parameter 
search

HI. Design of the optimal codebook

We present how to design the optimal codebook. In 
this paper, we focus on an optimal codebook design for 
the full-rate encoding, since the half-rate speech encoding 
is rarely useddess 나1% of overall frames). Let the 128 
scalar samples in the codebook be of the form:

C[ c(i +1 mod 128),…,c(z' +L-1 mod 128)) i=0, 1127 
' ⑷

For a fixed training sequence of speech, say S, we can 
view the entire QCELP encoding algorithms as a mapping 
from R128 to R. R128 is the space of 128 entries (c(0, / = 0 

127}, and R is the space corresponding to the distortion 
measure between the reconstructed and the original 
speech. Our goal of optimizing the circular codebook is a 
function minimization problem: find the values of c(0), c 
(1),…,c(127) which result in the minimum distortion for 
the training sequence of speech S.

Figure 4 shows the block diagram of the codebook
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Incut. »(n)

다gure 4. Codebook search structure

search in 13 kbps QCELP. Notice that the zero input re
sponse (due to the initial condition or filter memory) is 

subtracted to produce the weighted residual signal x(n). 
Lex X = (x(n)：s(n) GS} be the corresponding residual 
training sequence. Let h(n) be the truncated impulse re
sponse of filter 1/A(z//). Then the filter output x(w) can 
be written in vector-matrix form as follows:

Y(w) = (r(0), (5)

= (知(X)),川3) +1 mod 128),…，以心。+L-1 mod 128))r (6)

0 …0 h(Q)
0 …/z(0) h(\) (7)

0
H(X) = 0

"(0) Ml) h(L~2) h(L-\)

X 그 g(X)H(X)G 次) (8)

Where H{X) is the impulse response matrix, which is 
function of input speech s(n) and hence implicitly dependent 
on X, g(X) is the gain factor, and C,(x)is the codeword 
selected for X. Let function f:R,28->R be 나】。normalized 
weighted distortion defined as:

/孩 (9)
xex I

where Ew is the weighted signal energy which is a con
stant scalar for a fixed training sequence of speech S. 
Now f is a function of c(0), c(l),...,c(127). The problem is 
to minimize f over {c(0), c(l),...,c(127)} in R128. This is a 
typical numerical optimization problem. Finding a global 
minimum in such a high-dimensional space is a very diffi
cult task. However, many general numerical optimization 
algorithms can be efficiently applied to find a local mini
mum. Hence we can find many local minima by starting 
from widely varying initial points and then pick the one 
leading to the smallest function value. Among many nu
merical optimization algorithms, we pick the variable 
metric method, which is sometimes called a quasi-Newton 
method|4, 7j.

IV. Experimental results

The training data is a sequence of 2,860,009 samples of 
Korean speech made up of phrases by 4 male and 4 
fem시e speakers. As seen in Table 1, the testing data is a 
sequence of 120,926 samples of Korean speech consisting 

of phrases by 3 male and 2 female speakers. Data is 
received from FM radio, and sampled at 8 khz. For 
finding the value close to a global minima, we obtain 15 
local minimum values by starting from 15 initial points 
and then pick the one leading to the smallest value. The 
initial codebooks were produced from the memoryless 
Gaussian generator with unit varience and zero mean.

Table 1. Korean speech samples used for testing

Sent Content(in Korean) Samples Sex

1 절대 세무조사는 없을것으로 알려졌습니다. 23,423 M

2 에어버스 310 여객기가 공중 납치되었습니다. 27,297 M

3 군 당국에 의해서 무사히 구조되었습니다. 21,509 M

4 지나친 흡연은 건강을 해칩니다. 25,679 F

5 성남쪽 차도가 일부 지장을 받고있습니다. 23,이 8 F

In this paper, two kinds of optimal codebooks are 
designed. First is a 128 sample codebook, similar to the 
original codebook, which adjacent vectors have L —1 
samples overlapping. Second is a 256 sample codebook 
which adjacent vectors have L—2 samples overlapping. In 
the 256 sample codebook, 128 different vectors are 
generated as the window with length L slides by two 
samples. The 256 sample codebook produces better 
speech quality rather than the 128 sample codebook at 
the expense of little increase of the complexity as seen in 
Table 2.

Table 2. Additions and multiplies per sample(N = 128, L= 10)

Codebook LPC filter Pitch filter Others Total

Noncircular 704 132 160 996

Circular 
(128 samples) 133 132 160 425

Circular 
(256 samples)

260 132 160 552

Table 3 presents the sim 니 ation res 비 ts for the 
improved 13 kbps QCELP coder with the optimized 128 
and 256 sample codebook for the Korean speech. The ob
jective performance advantage of the optimal 128 sample 
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codebook is 0.53 and 0.32 dB, respectively, in the average 
SNR and SEGSNR values. For the optimal 256 sample 
codebook approach, the average SNR and SEGSNR per
formance is 0.84 and 0.45 dB better than those of the 
original codebook.

Table 3. Comparison of performance for different codebooks

Sent

Original code book
Opimized codebook 

(128 samples)
Opimized codebook 

(256 samples)

SNR 
(dB)

SegSNR 
(dB)

SNR 
(dB)

SegSNR 
(dB)

SNR 
(dB)

SegSNR 
(dB)

1 16.57 12.54 16.96 12.84 17.32 12.94

2 16.54 13.57 16.83 13.98 17.54 14.06

3 17.10 14.이 17.87 14.28 17.92 14.32

4 21.57 16.74 22.24 17.26 22.56 17.40

5 17.74 14.61 18.27 14.기 18.37 14.98

Ave. 17.90 14.29 18.43 14.61 18.74 14.74

Informal listening tests confirm above objective perfo
rmance. An informal listening test was performed with 8 
listeners. The test consisted of five direct comparisons of 
the encoded sentences of the 13 kbps variable rate 
QCELP coder using the original codebook, the optimized 
codebook with 128 samples, and the optimized codebook 
with 256 samples. With the optimized codebooks, the 
improvement in speech quality is noticeable, especially 
with the 256 sample codebook.

V. Conclusion

In this paper, we perform the optimal design of the 
excitation codebook in the 13 kbps variable rate QCELP 

coder of Korean speech. It is suggested that two appro
aches be used； the optimized 128 sample codebook and 
the optimized 256 sample codebook. A quasi-Newton 
codebook design algorithm was used to design the optimized 
codebook. Objective performance evaluation demonstrated 
increases in SNR/SEGSNR of 0.53/0.32 dB for the 
opimized 128 sample codebook, and 0.84/0.45 dB for the 
optimized 256 sample codebook. Subjective evaluation 
demonstrated improved speech q니alily.
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