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Abstract

This paper presents a new variable step-size algorithm on soft output decision feedback
equalizer (VSSO-DFE) for turbo coded direct-sequence code division multiple access (DS/CDMA)
communication systems. The proposed adaptive equalizer is using a bit error rate performance of the
system to control the adaptation process of the coefficient of the equalizer and the new structure is
based on the decisi‘on feedback equalizer. By this method, the performances of the proposed adaptive
équalizer cooperate with the attractive Log-.Maximum a posteriori (Log-MAP) algorithm of turbo decoder
for the DS/CDMA system provides a good statistical in nonstationary channel condition scenario. The
simulation results are shown the superior bit error rate performances of the proposed adaptive equalizer
over the other equalizers such as the finite impulse response (FIR) equalizer and the conventional

decision feedback equalizer(DFE).
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ABSTRACT

In this paper, presents a modified version of
decision feedback equalizer structure using a new
variable step-size algorithm for turbo coded
direct-sequence  code - division multiple access
(DS/CDMA) digital communication systems. The
proposed adaptive equalizer is using a bit error rate
performance of the system to control the update
coefficients of the adaptive equalizer. By  this

. technique, the performances of the proposed adaptive
equalizer cooperate with the attractive Log-Maximum
a posteriori (Log-MAP) algorithm of turbo decoder for
the DS/CDMA system provides a good statistical in
non-stationary channel condition scenario.  The
simulation results are shown the superior bit error rate
performances of the proposed adaptive equalizer over
the other equalizers such as finite impulse response

equalizer, the conventional decision feedback
equalizer.
Keywords : DS/CDMA, variable step-size algorithm,

decision feedback equalizer, turbo code.

1. Introduction

Direct-sequence code division multiple access has
¢en adopted by industry as a key technology for the
rd generation wireless communication systems[6,7].
w?r‘; I:O time variation and frequency selectivity. of
vaﬂanfsfmpltlpgth channels,.thc presence of time
multip] ading, intersymbol interference (ISI), ar}d
“mitar;iz access interference (MAI) are the main
. metﬁ to the pgrfqrmancg of DS/CDMA systems.

" Veformogs to eliminate this problem include code
forward . €s1gn, power control, adaptlve equahger,
i Tror control codes and multiuser detection.

fation of these techniques would be more

b
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effective due to difference advantages of each
technique.

A turbo code[l], which were discovered by C.
Berrou et al. in 1993 provide significant
improvements in the quality of data transmission over
a noisy channel. For the turbo decoding algorithms,
the iterative Log-maximum a posteriori (Log-MAP)
algorithm is an attractive algorithm of turbo decoder
process .

Various types of adaptive equalizers that
applications for mitigate the effect of MAI and ISI
have been discussed in the literatures [2-6].

This paper proposed a new variable step-size
algorithm for the proposed adaptive equalizer scheme
and using the log-MAP algorithm in the turbo
decoding of the DS/CDMA communication system.
The proposed adaptive equalizer structure is based on
the conventional decision feedback equalizer.

The paper is organized as follows. In section 2, the
system model is described. Section 3 presents the
structures of the decision feedback equalizer and the
proposed soft output decision feedback equalizer. In
section 4, the adaptive least mean square algorithm
and the proposed variable step-size algorithm for the
equalizer receiver is described. Numerical results for
the suppression of ISI and MAI for DS/CDMA
communication system are presented in section 5, and
finally, section 6 is conclusion.

2. System Model

We consider the forward link of a DS-CDMA
system with K users. We assume that the signals of the
users arrive at the receiver synchronously and that the
spreading codes are known at the receiver. The

modulation scheme is linear. d: is the ith symbol of

duration 7, transmitted by user k. The spreading code
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ci(n) of length L, assigned to user k can be written as

3]):

Le-1

cxn) =Zc£x(n—i7;) Y

i=0

with

x(n)={lifne[0,7;J}

0 otherwise

where T is the chip duration (Ie=T,/L) and

¢, €{-1,1}. The spread signal is transmitted by user k
given by: ' \

s&(n)=z°jd:c.(n—ir,) 6)

The spread signal is transmitted over the frequency

and time selective channel, where by (n)is given as
follows [3]:

W-1

h, (n) = Zafa(n-iz ) )

i=0

whose impulse response is given by:

i 0.5{1 + cos(z—ﬂ(i-Z))},i =123
a = \ A

i

4

0 ,otherwise

where the factor A4 is introduced to allow scaling to
Customize of the simulated ISL.

The path gain a‘f is a complex Gaussian random

process with zero mean. Let us now introduce a guard
interval before the transmission of information symbol
in order to cance] ISL. T, must therefore be replaced by
7 in Eq. (2). The minimum value of 7 is: 7= T+
(W-1) T.. The received signal can be expressed as:

© X

r(n) = Z 3 dfc,(n~it)* b, (n) + n(n) )
i= k=0

where n(n) is a complex additive white Gaussian

noise with zeros mean and a variance of o2,

3. The Equalizer Structure
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A. Decision Feedback Equalizer(DFE) Structyre

The DFE, first introduced by Austin, shows
significant performance gain by adding decisioy
feedback filter to linear equalizer (LE). It consistg o
feed-forward filter and decision feedback filter, The
DFE that has feed-forward filter of M-1 taps ang
feedback filter of N-1 taps. Assume that the inpyy
vector, R: » and filter coefficient vector, W, , with time

index 7 is given by:

Ry =[r* (m)r* (n - D..r*(n-(M -1y

(6)
Yy @=1.yt (=N -1y

T
WW,V = [wo W Wy V,---VN_IJ (7)

where rk(n) is the input signal and y}i(n) is the
decision value of the equalizer output. Then, the

output - y* () before decision of the DFE can be
expressed as:

M-l
Vim =3 wrk(n—i)

N=1 (8)
£ vk (n=(i+1))
=)
=W R ©

where H stands for Hermitian transpose, y% (n)is the
decision output of the DFE.

Herein, we consider the equalized output of the
decision feedback equalizer structure or called hard
output decision feedback equalizer(HO-DFE), the
output of the HO-DFE can be expressed as:

V) = sign 4 (m)) (10)
The error between the desired signal ¢*(n) and the
filter output y: (n) of HO-DFE is given as:

epi(mhey, (1) = d* (n) - ¥ m) (11

B. The modified DFE Equalizer Structure

This section, we proposed the modified version of
the decision feedback adaptive equlizer called soft
output  decision feedback adaptive  equalizer
(SO-DFE). The equalized output signal of the
SO-DFE adaptive equalizer is the sum of the outputs
of the feed-forward part and fedback part_of the
equalizer. Decisions made on the equalized signal are
only feedback to a feedback part of the equalizer. By
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this structure, it is suitable for turbo code decoding of
the DS/CDMA systems. The output y} (n) of the
feed-forward part is given by:

M-1
Vymy=) wrt(n-i) (12)
i=0
The output y;b (n) of the feedback part is given by:

N-1

Ya(m) =D vivly(n-Gi+D)

i=0

(13)

where y,’;f (n) is the decision output of y} (n) can be
expressed as:

Yar (n) = signlyy (m)] (14)

Then, the output yz(n) of the SO-DFE can be
expressed as:

(15)
The error between the desired signal d(n) and the
filter outpﬁt y;(n) of SO-DFE is given as:

Yo (m) =iy (1) + ¥}y (m)

e (e, ) =d M=y (1) (16)
4. Variable Step-Size Algorithm for The
Equalizer

The general problem is to estimate the desired
discrete time signal f(n) using past values d(n-1),
d(n-2), ..., and samples from a reference signal
{r'(n)}, from Eq.(7), the weights of feed-forward part
of the equalizer using the least mean square(LMS)
algorithm are updated according to :

Wn+1) = win)+ e (n)r* (n) (17

where 4 s 18 a fixed step-size parameter of

feed-forward filter. The weights of feedback part are
updated as:

(18)

7 is a fixed step-size parameter of feedback

r D) =vin)+ e (m)y) ()
Where 4
filter,

. S‘en in order to improved the performance of the
fgedebm‘ The weights of feed-forward part and
ack part of the equalizer are using the variable
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step-size (VS) algorithm. The weights of feed-forward
part are updated according to :

w(n+1) = w(n) + u  (we o (m)r" (n) (19

where u ﬁ(n) is a variable step-size parameter of
feed-forward filter. Also, the weights of feedback are
updated as follows:

V(n+1) = v(n)+ g (m)e (Y (1) (20)

where u ﬂ,(n) is a variable step-size parameter of

feedback filter. The objective of using variable
step-size algorithm Eqs(19) and (20) are that to ensure

large values of u ﬂ,(n) and u ﬂ’(n) when the

algorithm is far from the optimum and the values of
H F(n) and u lb(") decreasing as the updated value

approach the optimum. That is described as follows:
@(n+1) =a@p(n)+o(1-BER) (21)

Thus, the variable step-size parameter for update the
equalizer coefficients are given by:

Ky )=y u5 (n)+ B0 (n) (22)

Hp(n+1) = pyp15(m) + o (n) 23)

where @, o, 7,,7,, B, and B, are positive constants,
BER is bit error rate.

5. Numerical Results

The BER performance of the proposed variable
step-size algorithm and adaptive equalizer structure
with turbo code for the CDMA system receiver is
presented in this section. The simulation results are
obtained from the communication system over both
ISI and MALI channels. The main system parameters
are defined as follows: length of transmission
information 15 kbits (15 x 1024), support 4 users,
filter length of feed-forward part M = 11, feedback
part N = 10, power of each user = 8 dB, and with 10
independents computer runs.

For turbo code parameters: channel code rate R =
1/2, and the number of iteration for turbo decoder = 1.

Fig. 1 shows the convergence process of
feed-forward part with adaptive algorithm for the
equilizers with the Eb/No = 15 dB. Fig. 2 shows the
convergence process of feedback part with adaptive
algorithm for the equalizers with the Eb/No = 15 dB.
Fig. 3 shows the average BER performance of the
perfect power control versus Eb/No for various values
of the receiver. From Fig. 3, it is seen that the proposed
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adaptive  equalizers provide a lowest BER
performance for every Eb/No values, g

6. Concluéion Y

In this paper, we proposed a powerfil adaptive
equalizer that using the variable step-size algorithm
to control the adaptation process of the soft output
decision feedback equalizer and followed by the
attractive Log-MAP algorithm for the turbo decoding

process of the communication system. Our simulation_

results shown that the BER performance of the
proposed adaptive equalizer for the DS/CDMA
communication systems are greatly outperformed
then other equalizers, ' NG ‘ /
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King Mongkut'

Abstract — This paper presents a new variable step-size
gorithm on  soft output adaptive decision feedback
nalizer for turbo coded direct-sequence code division
ultiple” access (DS/CDMA) systems.

ulation results are shown the superior bit error rate
performances of the proposed adaptive equalizer over other
equalizers such as the finite impulse response equalizer and
ventional decision feedback equalizer.

_Index Terms — DS/CDMA, variable step-size algorithm,
decision feedback equalizer, turbo code.

1. INTRODUCTION

Direct-sequence code division multiple access has been
“opted by industry as a key technology for the third
cration wireless communication systems [6,7]. Due to
€ variation and frequency selectivity of wireless
tpath channels, the presence of time variant fading,
Symbol interference (ISI), and multiple access
lerference (MAI) are the main limitation to the
Somance of DS/CDMA systems. The methods to
Date thig problem include code waveform design,
°F control, adaptive equalizer, forward error control
> 3d multiuser detection. Combination of these
2 1ues would be more effective due to difference
Mtages of each technique.
“lfbo code [1], which were discovered by C. Berrou
- ™ 1993 provide significant improvements in the
tyd:f d{“a transmission over a noisy channel. For the
- coding algorithms, the iterative Log-maximum a
g (Log-MAP) algorithm is an attractive algorithm
%0 decoder process[11,12].
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Various types of adaptive equalizers that applications for
mitigate the effect of MAI and ISI have been discussed in
the literatures [2-6].

This paper proposed a new variable step-size algorithm
for the proposed adaptive equalizer scheme and using the
log-MAP ' algorithm in the turbo decoding of the
DS/CDMA communication system. The proposed adaptive
equalizer structure is based on the conventional decision
feedback equalizer. g

The paper is organized as follows. In section 2, the
system model is described. In section 3, presents the turbo
codes. Section 4 presents the structures of the decision
feedback equalizer and the proposed soft output decision
feedback equalizer. In section 5, the adaptive least mean
square algorithm and the proposed variable step-size
algorithm for the equalizer receiver is described.
Numerical results for the suppression of ISI and MAI for

~DS/CDMA communication System are presented in section
6, and finally section 7 is conclusion.

2. SYSTEM MODEL

We consider the real signal model of an additive white
gaussian noise (AWGN) K-user synchronous DS/CDMA
channel, the baseband-received signal is defined as:

@ K-l

M= dicy(n-i)* h(mynm) (1)

i=0 k=0

where modulation scheme is linear. di" is the ith symbol of
duration 7,, transmitted by user k. and 7, is the chip
duration (7= 7,/L,) and ¢; € {-1,1}. The minimum value
of ris: 7= T+ (W-1) T.. n(n) is a complex additive
white gaussian noise with zeros mean and a variance of
o’. The s;}read signal is transmitted over the frequency
and time selective channels, where h.(n) is given as
follow_s[3]:
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whose impulse response is given by: /

\ 0.5{1+cos(2—”(i—2))},i=1,2,3
a; = A ‘

3)

0 ,Otherwise

where the factor 4 is introduced to allow scaling to
customize of the simulated ISL.

3. TURBO CODES [8]

Parallel concatenation of at least two component codes
with interleaver in between them forms a parallel-
concatenated interleaved code, also known as a turbo
code. A turbo code encoder with two component codes is
shown in the Fig. 1. Special types of convolutional codes,
called recursive systematic convolutional codes (RSC),
are used as the building blocks of a turbo code encoder,

The encoder ENC, and ENC,; of the two component
RSCs encode the same input information bits x{(n)but.in a
different order, because of the interleaver before the
ENC,. Appropriate puncturing of parity bits from two
encoders can produce a turbo code of desired rate. In this
study, two memory-2 recursive systematic convolutional
codes (generated matrix 7s, Sg) are used as component
codes and the puncturing matrix is used to get overall
turbo code of rate ¥ following the design in [9]. A fixed
pseudorandom interleaver is used. It has been selected
among randomly - generated interleavers based . in
frequency of low-weight output codeword for weight-2
input sequences following methodology in [10).

Information bits Systematic bits
x(n) x(n)
o | Encoder 2
ENC, Parity bits
4 L tz,) Channel bits
el Puncturing | % X
Interleaver
Encoder
ENC,
Fig. 1. Turbo Encoder
Noisy ,-:—- L Lt e
v (.)' L Interieaver Deinterleaver
Decoder | Decoder 2
ot G
Ciak .

Fig. 2. Turbo Decoder

The Fig. 2 shows the structure of a turbo decoder. The
two decoders Log-MAP Decoder 1 and Log-MAP
Decoder 2, corresponding to the constituent encoders
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ENC, and ENC,, are serially connected through g,
interleaver used in the encoder. 3

from the demodulator Coopcn are used as inputs of both .
decoders. The values of a priori probability distﬁbutioﬂf&.
information bits Z,,,,,; are initialized for the first jfepg:
by assuming information bits to be equally Probabje.
However, after the first decoding step Lpriors will 1,
available from the soft outputs of informatiop bits 7
computed in the previous decoding stage. The sns’é"
decoder of can be used to compute extrinsic infy o
corresponding to both information bits L
Cex in general. However, for iterative decoding of 3 turbo
~code only I, is required, and it is passed 1o next decoger
after each decoding 8tep to improve the correction
of decoding. Detection is made after the final iteratiop by &
adding the a posteriori probability values of the
information bits 14pp from the output of the last decoding
stage to the values of a priori distributions Lipriori.

4. THE PROPOSED EQUALIZER STRUCTURE

A. Decision Feedback Equalizer (DFE) Structure

The DFE, first introduced by Austin [4], shows
significant performance gain by adding decision feedback ,
filter to linear equalizer (LE). It consists of feed-forward
filter and decision feedback filter. The DFE that has feed-
forward filter of M-1 taps and feedback filter of N-1 taps.

We assume that the input vector, R: , and filter coefficient
vector, W,,, with time index » is given by:
Ra =[r* (m)r*(n-1)..r* (n - (M -1)) (4)
T
y:“ (n- l)...y:“ (n—(N-1))]

W v = w.. Wi

w, VYN ]T ©) -

where r* (n)is the input signal and y[';I (n) is the decision

value of the equalizer output. Then, the output before
decision of the DFE can be expressed as:

M-1
Yi(r)= 3" wirt (n-i)

©)
N-1
+Zviyf“ (n—(i+1))
i=0
=W/ R @

where A stand for Hermitian transpose, y (n) is the
output before decision of the DFE, it can be expressed as:




Yar(n)= yfn(n)ﬂ}u (n) ®

Herein, we consider the equalized output of the decision
feedback equalizer structure or called hard output decision
eedback equalizer (HO-DFE), the output of the HO-DFE
can be expressed as:

Vi (n) = signlyk, ()] ©)

The error between the desired signal d(n1) and the filter

output _y; (m is given as:
enmeyM=d'm-yo (m (10

B. The proposed Equalizer Structure

“This section, we proposed the modified version of the
decision feedback adaptive equlizer called soft output
decision feedback adaptive equalizer (SO-DFE). The
equalized output signal of the SO-DFE adaptive equalizer

the sum of the outputs of the feed-forward part and
edback part of the- equalizer. Decisions made on the
equalized signal are only feedback to a feedback part of
the equalizer. By this structure, it is suitable for turbo code

decoding of the DS/CDMA system. The output 5 () of
he SO-DFE can be consequently expressed as:

hem Y}z(n) is the output of feed-forward filter part,
Yua(n)is the output of feedback filter part, and finally
j‘z(") is the decision signal of Via(n).

- ADAPTIVE LEAST MEAN SQUARE ALGORI-

: AND VARIABLE STEP-SIZE ALGORITHM
ORTHE EQUALIZER RECEIVER

n.“ Wweights of feedback part of the DFE equalizer and
“Posed equalizer using the least mean square (LMS)
are updated according to:

v(n + )= v(n) + 'ufbeﬂzl,/bZ (n)y:II,de (n) (14)

M 0 is a fixed Step-size parameter of feedback filter

e Welsghts of feed-forward part of the DFE equalizer
. algorithm are updated according to:

Yo(m)=y g2 () + V() (1)
M-l
V=Y wirk(a=i) (12)
i=0
Vo)=Y i3l (n-GG+1) (13
i=0

win+1)=wn)+ u e (n)r* (n) (15)

where u . is a step-size parameter of feed-forward filter.

The weights of feed-forward filter part of the proposed
equalizer ‘using the variable step-size(VS) algorithm are
updated as:

wn+ ) = w(n) + (e () (16)

where u r (n) is a variable step-size parameter of feed-

forward filter. The objective of the variable step-size
algorithm Eq. (16) is that to ensure large value of u ﬁ (n)

when the algorithm is far from the optimum, and the
values of 4 7 (n) decreasing as the updated value approach

the optimum. That is described as follows:
e(n+)=ap(n)+o(1-BER)  (17)

Thus, the variable step-size parameters update is given by:
w1 +1)= () + B (n) (18)

where @, g, y and B are positive constants, BER is bit
error rate.

6. NUMERICAL RESULTS

The BER performance of the proposed variable step-size
algorithm and adaptive equalizer structure with turbo code
for the CDMA system receiver is presented in this section.
The simulation results are obtained from the
communication system over both ISI and MAI channels.
The main system parameters are defined as follows: length
of transmission information 15 kbits (15 x 1024), support 4
users, filter length of feed-forward part M = 11, feedback
part N = 10, power of each user = 8 dB, and with 10
independents computer runs. :

For turbo code parameters: channel code rate R =1/2,
and the number of iteration for turbo decoder = 1, code
generator metric:

1+ D?
G{I’ 1+D+D2j] | -

with constraint length = 3.

Fig. 3 shows the convergence process of feed-forward
part with adaptive algorithm for the equalizers with the
Eb/No = 15 dB. Fig. 4 shows the convergence process of
feedback part with adaptive algorithm for the equalizers
with the Eb/No = 15 dB. Fig. 5 shows the average BER
performfance of the perfect power control versus Eb/No for
various values of the receiver. From Fig. 5, it is seen that
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the proposed adaptive equalizers provide a lowest BER
performance for every Eb/No values.

7. CONCLUSION

In this paper, we proposed a powerful adaptive equalizer
that using the variable step-size algorithm to control the
adaptation process of the soft output decision feedback
equalizer and followed by the attractive Log-MAP
algorithm for the turbo decoding process of the
communication system. Our simulation results shown that
the BER performance of the proposed adaptive equalizer
for the DS/CDMA system are greatly outperformed than
other equalizers such as the conventional dec1snon
feedback adaptive equalizers.
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