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ABSTRACT

In this paper, we present code-excited linear prediction coding using trellis coded vector exci-
tation, termed trellis code-excited linear prediction coding (TCELP), for an efficient 8 kbps digital
cellular vocoder. A training sequence-based algorithm is developed for designing an optimized
codebook subject to the TCELP structure, Also, we discuss the encoding complexity of the
TCELP system and trellis symbol release rules that avoid excessive encoding delay. Finally, simu-
lation results results for the TCELP coder are given at the bit rate of 8 kbps.
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1. INTRODUCTION support current market demands. To accomodate

this high demand, the analog cellular phone is

With the popularity of the analog celluar tele- rapidly transitioning toward the digital cellular
phone, the current analog system is straining to phone system to increase more channel capacity,
since digital transmission uses more efficient

~§;g:rw§mmﬁ bandwidth utilization techniques. For the effi-
=& 93--136 cient channel utilization, demands for good qual-

ity speech coding at low bit rates have been rap-
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idly increasing in the area of digital mobile com-
munication systems. Code-excited linear predic-
tion (CELP) type coders [1] are considered to be
very efficient low bit speech coding techniques.
CELP coding does not require a scalar quanti-
zation procedure, but chooses the exitation se-
quence from a given codebook, Hence, two im-
portant research issures in CELP coding are the
design and search procedures of a codebook, Trel-
lis coded quantization (TCQ) [2] is a of trellis
coding that labels the trellis branches with
subsets of reproduction symbols., Trellis coded
vector quantization (TCVQ) [3] is a generaliza-
tion of TCQ that allows vector codebook branch
labels. Hence the novel feature of TCVQ is the
partitioning of an expanded set of vector quanti-
zation codewords into subsets and the labeling of
the trellis branches with these subsets. For exci-
tation sequences, the TCVQ encoding scheme
offers a significant improvement over the vector
quantization encoding scheme. In this paper, we
develop an effective low-rate speech coder that
incorporates TCVQ in the CELP structure. The
resulting system is referred to as a trellis code-
excited linear prediction coding (TCELP) sys-
tem. The encoding rate under consideration is 8
kbps.

The paper is organized as follows, The TCVQ
structure is discussed in Section II. Section III
presents the trellis excitation encoding system,
In Section 1V, a training sequence-based algor-
ithm is presented for designing an optimized co-
debook subject to the TCELP structure. Section
V describes trellis symbol release rules that avoid
an excessive encoding delay. Encoding the side
information is covered in Section VI, Section VII
evaluates the encoding complexity of the TCELP
system. In Section VIII, simulation results for
the TCELP coder are given for encoding rates of
8 kbps. A summary is provided in Section IX.

Il. TCVQ STRUCTURE

Trellis coded vector quantization uses vector

codewords and allows encoding at nonin teger bit
rates. In [3], three different structures were
given for incorporating vector quan tization with
TCQ. We consider only the structure 1 formu-
lation in this paper. Consider encoding I-dime-
nsional source vectors at an encoding rate of R,
bits/dimension, If we assume the product R, L to
be an integer, a traditional VQ would have 2%
codewords. The TCVQ encoder uses a “super”
codebook, S, of 2B +®'L yector codewords, where
R is called the “codebook expansion factor”(in
bits per dimension). The trellis has N states with
2M branches entering and leaving each trellis
state, with M an integer satisfying M < R.L. Let
K=RL+M and partition the codebook into 2K
subsets, denoted as S), Si,..., Sok each subset
containing exactly 2RL~¥ codewords. Each bra-
nch of the N-state trellis is labeled with one of
the subsets. In order to assign each subset to at
least one branch, there must be N > oRL gtates,

Given the above structure and an initial state
in the trellis, the encoding is performed as follows
[3]:

1. For each source vector, x, find the optimal
codeword and the corresponding distor tion, d;, in
each subset ;.

2. Let the branch metric for a branch labeled

with subset S; be the distortion found in 1, and
use the Viterbi algorithm [4] to determine the
minimum distortion survivor path through the
trellis,
M bits/vector are used to specify the best trellis
path. The remaining (R.L—M) bits/vector are
used to specify the codeword in the selected
(branch) subset. Thus, R.l bits/vector are used
to specify the sequence of codewords correspond-
ing to the minimum distortion path through the
trellis. Hence, the transmission rate is R, bits/di-
mension,

The trellis design, subset construction, and
branch labeling presented in [3] are summarized
as follows. Ideally, the codewords in a subset
should have approximately the same probability
(since otherwise the subset entropy is less than
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the bit rate). The union of subsets corresponding
to branches emanating from or entering a trellis
state should be a reasonable quantzer for the
source. The subsets are formed based on Unge-

4,8, and 16 subsets,

Table 1. Trellis Structure and Branch Labelling for an
8-state Trellis Populated with 4, 8, and 16

Best Trellis Path
and Subset Codeword

rboeck’s method of set partitioning [9], so that Subsets
the Euclidean distance between the codewords in Current state
a subset is increasing with each level of partition- 0121345617
ing, In this paper, we use Ungerboeck’s trelis Previous |02 |4/6|3,1]7]|5
coded modulation trellises [9). Consider labeling 4 Stat'es 4160271531
an N—state trellis with the 2K sub sets partiti- Subsets A;S(;Clated 2 0j0J0]1 1)1 ]1
.= t :
oned from S, where K is RL + M. Denote the = S,e > 212 3 31313
L. X ] ] Previous | 0 /21416 (31|75
subsets Sy, 1 =0, 1,...,2% —1, such that S;and S;+ 8 States 1161012 715 301
o1, 7=0,...,2K~1 are partitions of the same inter- Subsets |Associated| 0 | 2 |0 | 2 |13 |13
mediate subset in the last partitioning step. The Subsets |4 |6 14|6|5 7157
branches of each N —state trellis are then labled Previous | 0 (24163 |1!7|5
such that S; and Sj4qx-1 are tne subsets related to 10 States 41601271531
the branches entering a given trellis state. Table Subsets ’,ASSOCiatEd 0:21416 (13|57
1 lists example of an 8-state trellis populated with _ Subsets | 8 110)12]14]9 |11]13]15
Original
Speech
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Fig. 1. Block diagram of the TCELP encoder.
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Il. TRELLIS CODE-EXCITED LINEAR PREDICTION

The TCELP coder is a hybrid speech coder whi-
ch uses the analysis-by-synthesis approach with
trellis excitation. The basic structure of the TCE-
LP coder is shown in Fig.1. The short-term pre-
dictor A(z) is described as

A(2) =Zp: agz"¥, (1)
k=1

where a1, as,...,ap are the pth order LPC para-
meters. The long-term predictor P(z) is represe-
nted by

P(z) =blz_(”'—”+bzz_”’+b32—(”'+l), (2)

where b, be, and b3 are three predictor coeffici-
ents and M, describes a pitch delay in the range
16-143 samples. The speech production model
includes two adaptive cascaded LPC synthesis
filters 1/A(z) and 1/P(z), a TCVQ “super” code-
book of excitation vectors cj, and a gain term G,
A transfer function appropriate for the weighting
filter is W(z) =A(2)/A(z/Y) [5], where A(z)
includes the quantized predictor parameters and 0
< ¥ < 1. The purpose of the perceptual weighting
filter W(z) is to shape the spectra of the noise
signal so that it is similar to spectra of the speech
signal, thus the masking effect of the human ear
[6]. Once the prediction coeefficients and pitch
period are found for each frame and encoded, the
original speech vectors s(») within that frame
are encoded. Suppose an N-state trellis has been
searched using the Viterbi algorithm to a time in-
dex of n—1. The memory hangover vector of the
cascaded filters 1/P(z) and 1/A(z)

) =[5 ), 3in),... 500 1T

is computed based on the survivor path ending at
node : at time (n—1). There are N different
vectors, one for each trellis state. Assuming the
pitch delay M, is such that M, < L+ 1, the mem-

ory hangover vector of the pitch predictor is de-
scribed as

V(n) =3 (n), To(n),... ot ()T (3)
with
~" J
vmi;ﬁﬁ, (4)
where

ol_p(n—k*) for 1) 0*

.
o e (n—k*=1)  forisi*,

k*= rﬂijlj, *=Mp+j—k*L, and the vector
sequence {vi(n—k)} is the encoded version of the
pitch predictor output, related to the survivor
path ending at node i at time »—1. The memory
hangover vector $'(n) of the cascaded filters 1/P
(z) and 1/A(z) is then written as

T g )+ T e Sp-(n=1)

j=1 7
) = +3; (n) for L2p
Z;—zll aJE:_j(n)'{»Zf;; aj+1§i_j(n—1) (5)
+...+z§1;:aj+,+,.,‘s‘l{_j(n—l—m)
+7% (n) for L{p,

where m= ['—21 ], and the vector sequence {$*
(n—k)} is the encoded version of the input speech
vector sequence {s{n—k)}, related to the survivor
path ending at node i at time (n—1). The vector

z{(n) is determined by subtracting the memory
hangover output §i(n) from s(n). Z%(n) is the
reconstructed vector generated by each TCVQ
subset codeword c; scaled by the gain G. The
weighted prediction error is then given by

ef (n) =W(z(n)—2'(n))
=zf0(n)—if‘,(n), (6)
where W is a L by L lower triangular matrix de-

scribed in terms of the impulse response w(n) of
the weighting filter, and z, (n) and 2} () are the
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frequency weighted versions of the vectors zi(n)
and z7 (u), respectively, The weighted synthesis
filter output is

2% (n) = GHey, (

~]

where H is a I by L lower triangular matrix with
terms determined by the impulse response, say 4
(1), of the combined pitch, formant, and wei
ghting filters. For a given transition branch in
the optimal TCVQ subset codeword is determined
to rr})inimize the squared Euclidean distance He;
(o). Since the vectors zi (#) only need be
computed once for each trellis transition, their
computation 1s only a small part of the encoder’s
computational complexity. The gain parameter ¢,
is obtained by computing the root mean square
value of the forward prediction error for each
group of 7, consecutive speech samples.

Assume an N-state trellis is used to encode to a
vector index of »—1. Given the survivor paths
ending at time » —1, the N survivor paths at time
n can be determined as follows. Let ! _ (zy, Zw)
be the overall distortion related to the survivor
path ending at node ; at time »—1. Assume there
are 2 branches labeled with subsets entering and
leaving each node. We denote the subset asso
ciated with the branch leaving node i and ente-
ring node k as 5%. Let the 2% nodes at time »—1
with branches entering entering node k be iy,
{2,....i2M. The updated survivor path ending at
node k at time » is determined by finding for each
branch entering state k at time », the best subset
codeword that minimizes the distortion between
the weighted input vector zL(u) and the wel
ghted synthesis vector i{v(n), [et this best co
deword from subset <% be ¢¥ Thus, ¢¥ is the

codeword ¢ from S¥ that minimizes
28 —GHcll 5. i =11 iz, oM.

Then, we compute the overall distortion associ-
ated with each of the 2¥ possible paths to node k
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at time » and select the path with the minimum
distortion as the updated survivor path ending at
state k. Thus, the TCVQ minimization procedure
computes

8z, 2p) =min (i lzi () = GHCEIS). (8)

i€y b M,
After all N survivor paths at time » are deter-
mined, the time index is incremented and the pro-
cess 18 repeated until a certain depth correspond-
mmg to positive integer multiples of the vectof di-
mension, . Then, M bits per vector to specify
the best trellis path and Rl — M bits per vector
to indicate the suhset codeword are transmitted.
In the receiver, the transmitted data produce a
sequence of codewords. Each codeword is scaled
by . the corresponding quantized gain. The res-
uiting signal is passed through the pitch and
formant predictors to produce the reconstructed
version of the input speech vector s(n).

V. TCELP OPTIMAL CODEBOOK DESIGN

In this section, we will introduce a procedure
for designing the optimal “super” codebook, sub-
ject to the TCELP structure, by applying the
generalized Lloyd algortihm [7] to a training se-
quence of input vectors z(x). For each optumiza-
tion itration, the updated codebook is optimal for
the current input sequence in the sense that the
perceptual weighted distortion between the input
vectors z(n) and the reconstructed vectors z {(u)
1s minimized. However, since any change of the
codebook alters the input sequence, convergence
of the design can not be assured.

As an initial “super” codebook, we use a ran-
dom codebook in which each codeword is cons-
tructed of samples of unit-variance white Ga-
ussian process. We chose the Gaussian distri-
bution since the probability density function of
the prediction error sequece (after both formant
and pitch predictions) 1s reasonably modeled as
white and Gaussian [8]. Given the initial code-
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book, the initial subsets are formed based on
Ungerboeck’s set partitioning method [9].

The codebook optimization algorithm of the
TCELP encoder 1s described as follows and is
similar to the algorithm for structure 1 optimizat-
ion in [3]. Given a training input sequence, X and
an initial codebook, S, set k=1, and at iteration
k:

1. Encode the training sequence using the
Viterbi algorithm and the TCVQ structure with
codebook S$*, Denote the resulting distortion as

1

= llzw(n) —GHC I -
Xl smex :

E(k)
2. Partition the input vectors z{n) associated
with the training sequence into sets ()f,‘-. so that z
(n) € Q% if and only if its weighted version zu(n)
was encoded as GHck.
3. Update the TCVQ codebook as S**! by

ck=(Y GHTH)' ¥ GHz(n).

zln) € Q} zme QF

Set k=k-+1 and go to step 1.

Since the input vectors z(x) computed from
the speech signal are dependent on the current
excitation codebook, E(k) is not guaranteed to
decrease monotonically with k. Typically, a large
decrease of I is obtained in the first few itera-
tions. The optimization process can be halted by
a suitable termination criteria. In this paper, the
process 1s stopped after 12 iterations. The co-
debook S* generating the minimum distortion is
selected as the “optimal” TCVQ codeook.

V. SYMBOL RELEASE RULE

If we search the entire trellis before releasing
any symbols, the best performance can be achieved.
However, this search introduces excessive encod-
ing delay, and a trellis symbol release rule corre-
sponding to a suboptimum strategy is required in

a practical speech coding system,

The symbol release rule considered herein is
similar to that in [3] and is described as follows.
Let Kr>1 and Kq =0 define, respectively, the
number of branch symbols released and the depth
of the trellis search at which a hard decision is
made. Suppose the trellis encoding has proceeded
to a sample n=7K,, j an integer. The survivor pa-
th with the minimum distortion is traced back K,
= K4 branches, and the K, branch symbols (code-
words) corresponding to samples jK,—Ka—Kr,
..., JK,—Kaq—1 are released. Define the node that
the best survivor path at sample jK, passes thr-
ough at sample jK,—Kq as z*(jKr,—Kq). Each sur-
vivor path at sample 7K, is traced back to sample
jK,—Kgq. If the resulting node is not 2*(jK,—Ka),
then the associated survivor metric at sample jKr
is set to o, If the resulting node is 2*(jK,—Aq),
then no change is made. This effectively “prun-
es” all survivor paths that would lead to an incon-
sistent trellis path. The performance of the coder
is expected to increase at the expense of longer
encoding delay as K, or/and Kq increase. Hence,
K, and Kgq are generally selected as large as per-

missible in each application,
VI. Encoding the Side Information

Referring to Fig. 1, the TCELP coding system
encodes three different parameters (gain, formant,
and pitch parameters) as the side information, The
quantization levels for the scalar quantization of
gain parameters were designed by applying the
generalized Lloyd algorithm to a training sequ-
ence. A low distortion representation of the form-
ant coefficients in important for a good coder per-
formance. For high quality encoding, the formant
coefficients are first transformed to LSP para-
meters [10], and then the backward sequential
adaptive quantization scheme (AQBW) [11] is ap-
plied to quantize the I.SP parameters. The pitch
coefficients are treated as vectors and encoded
by vector quantization techniques. The VQ code-
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book is determined by applying the generalized
Lloyd algorithm to a training sequence. The de-
signed codeword is stabilized (if necessary) using
a method in [12]. The pitch period is noiselessly
encoded using 7 bits/period.

V. COMPLEXITY

In this section, the encoding complexity of the
TCELP system is evaluated. The analysis con-
centrates only on the trellis excitation part of the
system. The computational requirements related

to determining and encoding both formant and
pitch predictors are excluded since those are neg-
ligible in comparison to the complexity required
in the trellis excitation portion, and each of these
operations is common to most CELP systems us-
ing the adaptive forward prediction. Through this
section, we assume enough memory to store all in-
termediate quantities used in determining the op-
timal codeword.

The TCELP encoder operates on L-dimensional
source vectors, with a p th order formant predictor,
a q th order pitch predictor, and an N-state trellis
with 2¥ branches entering and leaving each trellis
state, Computing z'(») requires roughly N7.(p+
q) additions and NL{p—+¢) multiplies per source ve-
ctor. Forming zi(n)(=Wzi(#n)) requires another
NL(L—1)/2 additions and NL(L—1) /2 multiplies
per source vector. The number of computations
required to compute Hej, j=1, 2, ..., |S|, once
per frame is roughly L(L—1)IIS]/2{ additions and
L(L—1)ISl/21 multiplies per source vector, where
Ir 1s the number of vectors in a synthesis frame.
Computing zZ(n) =G He; requires another L[ SI//
& multiplies per source vector, where /g is the
number of vectors in the gain update rate.

In TCVQ, there are 2RL+ ¥ sybsets, each consis-
ting of exactly 2RL~¥ codewords. Given the ve-
ctors zi(n) and #4,(n), a full search to find the
optimal codeword in each subset that minimizes
Ilej.(n)llﬁ requires 7.28L-M additions, L2%L~¥ multi-

ples, and 28L-M_—] two-way comparisons per
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subset. Thers are 2¥ entering branches in each
trellis state, with branch metrics the correspond-
ing subset MSE. Thus, computing the N2¥ bra-
nch distortions requires, NL2RL additons, NL2F-L
multiplies, and N (2% —2¥) two-way comparisons
per source vector, Determinming the best survivor
path at each trellis state requires an additional
N2 additions and N(2¥—1) two-way compari-
sons per source vector. The total complexity con-
sidered so far is then approximatoly

NL(p+q+2”L) +N_L(2£;l)

LL=1)S
4+ HEZDISE 4 o agditions,
21,

NL(p+q+ 2Rty 4 HLZDIST
2,

+NL(L—1) 4 LIS|

2 4

multiplies,
N(2Rd-—1) two-way comparisons, (9)

The computational burden related to the symboi
release rule was not included in (9).

The full search excitation encoding complexity
of L’-dimensional vector excitaion coding is appro-
ximately

L2BL additions,
L2RL multiplies,

2BL" —1 two-way comparisons, (10)

For the same dimension of excitation vectors,
TCVQ is more complex, but has better perform-
ance [3]. Hence, it is possible that for equal dis-
tortion systems, the TCELP encoder may be less
complex than the vector excitation coding. To re-
duce the computational burden related to the
subset search, a suboptimal method using tree-
searched VQ is possible [3].

In the open-loop gain computation, the com-
plexity to computing and encoding the gains, G,
is negligible in comparison to the computation
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Table 2. Korean sentences Used to Evaluate Encoding
Performance.

1 ve g5 & g3 zpo] ¢yt (Female)
2. AV HAL AR YU (Female)
3. o1 ALE ddn g 2P (Male)
4. Br)EL ALY 95HdYct (Male)
5 4ol A 7AAY e 24 eyt (Male)
6. oA At B7io] WX mo] i}, {Male)
7. &HEFLS A AFY AP YL (Female)

Table 3. English sentences Used to Evaluate Encoding
Performance.

1. The pipe began to rust while new, (Female)
2. Add the sum to the product of these three.

(Female)
3. Oak is strong and also gives shade. (Male)
4. Thieves who rob friends deserve jail.  (Male)
5. Cats and dogs each hate the other. (Male)

6. Almost everything involved making the child mind,
(Male)

7. The trouble with swimming is that you can drown.
(Female)

Table 4. Parameter values for the 8 kbps TCELP Coder.
parameters
encoding rate of excit. seq., R,

rate expansion factor, R
dimension of excit. vector, L

values
58 (bits/sample)
14 (bits/sample)
8 {samples)

number of trellis states, N 8

M 1

K., Kq 40, 40 (samples)
excitation gain 4 bits/5 ms
formant predictor (p=10) 31 bits/20 ms
pitch predictor (3 tap) 6 bits/20 ms
pitch period (16-143) 7 bits/20 ms
weighting factor, ¥ 0.8
number of design data samples 76, 480
number of optimization iterations 12

Table 5. The Performance of the 8 kbps TCELP Coder.

requirements given in (9), and is excluded this
section,

Vi. EXPERIMENTAL RESULTS

In this section, we evaluate the effectiveness of
TCELP coders at low bit rates. Both Korean and
English sentences of Tables 2 and 3 are used to
evaluate encoding performance. In each langu-
age, Sentences 1, 3, 6, and 7 were used to design
the coder, and sentences 1-5 were used to evalu-
ate the coder performance, Table 4 lists the par-
ameter values for the TCELP coder operating at
8 kbps.

Table 5 presents the simulation results for the
unweighted and weighted 8 kbps TCELP coders.
The simulations using Korean sentences produced
the average SNR and SEGSNR of 15.68 and 14.97
dB, respectively. The simulations using English sen-
tences produced the average SNR and SEGSNR of
15.56 and i4.35 dB, respectively. To assess the sub-
jective quality of the TCELP encoder, a TCELP
reconstructed sentence was compared with that
of a p-law PCM system [13](yx== 255} operating at
bit rates of 3 through 8 bits per sample, Informal
listening tests indicate the 8 kbps TCELP system
performs roughly between the 6-bit and 7-bit u-
law PCM with u=255. Also it revealed that the
advantage of error weighting is small, but can be
heard. For example a “warble” noise in the word
“rob” of the English sentence 4 was reduced with
the weighting filter. An empirically “optimal” val-
ue of ¥ was found to be 0.8.

SNR/SEGSNR (dB)
Sentence Number
14 1 2 3 4 5
Korean 1 16.63/16.22 16.31/16.23 15.77/14.12 14.91/13.87 14.78/14.39
0.8 15.52/15.32 15.33/15.29 14.78/13,04 14.30/13.38 14.10/13.74
English 1 17.36/15.61 17.24/15.38 14.02/12.22 13.93/13.94 15.25/14.62
0.8 16.66/14.96 16.51/14.88 13.63/11.70 13.47/13.44 14.31/14.02
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[X. CONCLUSIONS

An effective 8 kbps vocoder for digital cellular sys-
tem, called trellis code-excited linear prediction cod-
ing (TCELP), was introduced, which incorporates
TCVQ [3] in the CELP structure [1]. We formul
ated such a combination of TCVQ and CELP. A
training sequence-based algorithm was then intro-
duced for iteratively designing the optimal code
books subject to the TCELP structure. Also, we
described the encoding complexity and trellis sy
mbol release rules. Then, simulation results for the
efficient 8 kbps TCELP coder was presented in
terms of SNR/SEGSNR and the informal liste
ning tests.
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