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ABSTRACT

This paper reporls 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 0.34
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 coder(l] is parl of a
CDMA digital cetlular 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 the 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 the upbanded CDMA system. QCELP is a vanable
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[3],
while preserving the reconstructed speech qualily. However,
curreal 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 oplimized 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 sectton H. Section I
presents design of the optimal codebook. In section [V,

cxperimental results are given for the codebooks with 128
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and 256 samples. A conclusion is provided in section V.
I1. 13 kbps variable rate QCELP coder

Figure ) shows the encoding part of the 13 kbps vanable
rate QCELP coder. The mput speech is sampled at 8 khz
and divided into 20 msec frames consisting of 160
samples. The 10" arder LPC coefficients are computed by
the autocorrelation method, and tranformed to line spec-
trum pair (LSP) parameters[S), and then the split VQI6],
which consists of § vectors, is applied to quantize LSP
parameters. The LSP parameters [or 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
paramelers. Thal is, the encoding procedure determines
the pitch and the codebook parameters to minimize the
perceptual difference belween the reconsiructed speech
and the original speech. The encoding procedure also
includes quantizing the parameters and packing them into
data packels 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 cach
frame by a multiband energy thresholding scheme similar
1o the energy based decision algorithm used in 15-96-A
over the entire speech band. 'Il'nen seven features from
speech signals are used oplionally 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
excilation signal. The 13 kbps variable rate QCELP



Figure 1. Encoding procedure of 13 kbps variable rate QCELP

Rate 1
iPC 32 Total=264 bits
Piich 1" 1 1" 1"
Codebook 12 12{12]1112[12112]\112]1 1 1112]12[12]11

Rate 1/2
LPC 32 Total=124 bits
Pitch 11 11 11 11
Codebook 12 12 12 12

Rate 1/4
LPC 32 Total = 52 bits
Pitch ] 0
Codebook 4] 4 ] 47T 4T 4

Rate 1/8
LPC 10 Total = 16 bits
Pich 0
Codebook 6

Figure 2. Bit allocations for the lour different basic rales

coder uses iwo recursive codebooks with 128 samples to
reduce the computation and the memory complexity,
which are required 0 the excitation codebook search.
Two codebooks are used;one for Lhe [ull-rate encoding,
and the other for use in the half-rate speech frame. Then
128 different veclors 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

L1

MSE=Y {x(n) =Gy (m)}* m

n-|
The optimal gain G is then given by
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Lo
Eg=L y}(n),

n=90
L. is lhe codebook subframe length, and x(n)} corresponds
lo the weighted residual signal which substracts the zero
input response of thc weighted syathesis filter from the
weighted input signal. Minimizing (1) is equivalent to

minimizing the following error value.

Frror= =26+ E,, +G*- E,, )

For all index | and gain G, we find the optimal index 1*
and the optimal gain G* to minimize (3).
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Figure 3. Analysis-by-synthesis for the codebook parameler
search

. Design of the optimal codebook

We present how to design the optimal codebook. In
this paper, we focus on an oplimal codebook design for
the full-rale encoding, since the half-rate speech encoding
is rarely used(less than 1% of overall frames). Let the 128
scalar samples in the codebook be of the form:

CT =(eti), ¢l -+ mod 128),....ci +1,—1 mod 128)} =0, 1,..,127
@)

For a fixed training sequence of speech, say S, we can
view the entire QCELP encoding algorithms as a mapping
from R'? to R. R'# is the space of 128 entries {¢(?), i =0
. 127}, and R is the space corresponding to the distortion
measure between the reconstrucled and the original
speech. Qur goal of optimizing the circular codebook is a
function minimization problem:find the values of o(0), ¢
(1}....,c(127) which resull in the minimum distortion for
the traintng sequence of speech S.

Fipure 4 shows the block diagram of the codebook
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Figure 4. Codchook search structyre

search in 13 kbps QCELP. Notice that the zero input re-
sponse {(duc to the initial condition or filter memory) is
subltracted to produce the weighted residual signal x{(n).
Lex X={x(n):s(n) €S} be the corresponding residual
training sequence. Let hin) be the truncated impulse re-
sponse of filter §/A(z/¥). Then the filter output x(n) can

be written in vector-matrix form as follows:

X ) =(2(0), x(1),.., ¥(L— 1)) (5)
Cion =X, ¢4X) +1 mod 128),....cGLN) +L—1 mod 128)7 (6)

0 0 - 0 h(0)
HX)=| 0 0o - &l A1) (7

RO) A RL-2) h(L-1)

X =g(X) HX)Cyn (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 Ciy, is the codeword
selected for X. Let function {:R'*— R be the normalized

weighted distortion defined as:

/=% lrx—g(X)H(x)c,m||2/£,,, ©
where E,, is the weighted signal energy which is a con-
stant scalar for a fixed iraining sequence of speech S.
Now [ is a lunction of c{0), c(1),...,c(127). The problem is
to minimize [ over {c(0), c(1),...,c(127)} in R'*, This is a
typical numerical oplimization problem. Finding a global
minimum in such a high-dimensional space is a very dilTi-
cult task. However, many general numerical optimization
algorithms can be cfficiently applicd to find a local mini-
mum. Hence we can {ind many local minima by slarting
from widely varying initial poinls and then pick the one
leading (o the smallest funclion value. Among many ny-
merical oplimization algorithms, we pick the varable
metric method, which is somctimes called a quasi-Newton

methodl4, 7;.

[V. 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
female speakers. As scen in Table 1, the testing data is a
sequence of (20,926 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
flinding the value close lo a global minima, we obtain 15
local minimum values by starling from 15 initial points
and then pick the one leading to the smallest vilue. The
inttial codebooks were produced from the memoryless

Gaussian gencrator with unit varience and zere mean.

Table 1. Korean speech samples used for testing

Sent Content(in Korean) Samples|Sex

| |au s geRes 2aAEYT. | 2542 | M
AUl 310 271k £F AAHUG ek 22297 [}
M

39 o) Koo e, 2
A3 §aLe A28 HPYc | 25619 F
Ad® A2 Q¥ AR e Fdfidct. | 2308 | F

w -+ LI-D:N

[n 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
generaled as the window with tength 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 complexily as seen in
Table 2.

Table 2. Addilions and mulliplics per sample(N = 128, L=10)

Codebook LPC filter | Pitch filter | Others Tola}
Noncircular 704 132 160 996
Circular . 135 0 "

EX - q
{128 samples) 6 d
Circular
260 132 160 552

(256 sumples}
1

Table 3 presents lhe simulation results for the
improved 13 kbps QCELP coder with the opiimized 128
and 256 sample codebook for the Korcan speech. The ob-

jective performance advantage of the oplimal 128 sample



codebook is 0.53 and 0.32 dB, respectively. in the average
SNR and SEGSNR values. For the oplimal 256 sample
codebook approach, the average SNR and SEGSNR per-
formance i1s 0.84 and 0.45 dB better than those of the
onginal codebook.

Table 3. Comparison of performance lor diflerent codebooks

vinal cod ) Opimized codebook |Opimized codebook
Original codeboo (128 samples} (256 samplcs)

S SNR | SeeSNR | SNR | ScgSNR | SNR - |ScesnR

@ | @ | @B | @m | @ | wB
| 16.57 12.54 16.96 12.84 17.32 12.94
LZ 1654 | 1357 | (683 | 1398 | 1754 | 1406

. -
17.10 14.01 17.87 14.28 17.92 1432

3

4 | 21.57 16.74 2224 17.26 22.56 17.40

51174 14.61 18.27 14,71 18.37 14.98
Ave.| 17.90 14.29 ! 18.43 14.61 l|_ 18.74 14.74

Informal lislening tests confirm above objeclive perfo-
mmance. An informal listening test was performed with 8
listencrs. The test consisted of five direct comparisons of
the encoded sentences of the 13 kbps variable rale
QCELP coder using the original codebook, the optimized
codebook with 128 samples, and the oplimized codchook
with 256 samples. Wilh the optimized codebooks, the
improvement in speech quality is noliceable, especially
with the 256 sample codebook.

V. Conclusion

In this paper, we perform the optimal design of the
excilation codebook in the 13 kbps variable ratc QCELP
coder of Korcan speech. I1 is suggested that (wo appro-
aches be used, the optimized 128 sample codebook and
the optimized 256 sample codebook. A quasi-Newlon
codebook destgn algorithm was used to design lhe optimized
codebook. Objective performance evaluation demonstraled
increases io SNR/SEGSNR ol 0.53/0.32 dB for the
opimized 128 sample codehook. and 0.84/0.45 dB lor the
oplimized 256 sample codebook. Subjective evaluation

demonstraled improved speech quality.
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