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Abstract — This paper
transmission systems. It focusses on real impleatient of
recursive least squares (RLS) channel equalizer ihe
system of software defined radio (SDR), in ordemtnimize
the distance between the signal and SNR transgittiannel
noise and then reduce the error rate of bit erate (BER)
transmission. The authors aimed to conduct a

deals with modern wirelesghe implementation of LMS equalizer into SDR systéine

results of conducted experiments suggested thatliegtion
with the use of LMS algorithm is [7] insufficienbrf modern
communication systems. Researched adaptive

algorithm is simple and undiscerning from a mathirah
point of view [7]. On the other hand, it reacheda#ier

regpnvergence speed in real applications and theseaviarger

measurement using universal software radio pergbhefiltration process error; this matter of fact is timated by

(USRP). Experimental results suggest that resedr&ties

plenty of other publications, e.g. [3], [4]. Theyed, authors

equalizer embodies better BER values in comparigon address in this paper real implementation of naaedILMS
commercially most common equalizers of the leasirme (NLMS - Normalized Least Mean Squares) equalizgr [6
square (LMS) algorithm group. Moreover, the conddct This algorithm should have better results, as sgvecent

experiments show that the usage of the SDR comejsi
very suitable for testing new principles
equalization field.

Keywords: Bit Error Rate, Signal to Noise Ratio, Recursive RLS is a basic representative of the second cléss o

Least Squares algorithm, Software Defined Radidy&feal
Software Radio Peripheral.

1. INTRODUCTION

studies suggest e.g. [6], [7].

in channel

2. RLSALGORITHM

adaptive algorithms — algorithms based on the Kalma
filtration theory [1], [2]. The basic differenceofn the LMS
algorithm family [10] is its own stochastic concephe RLS
method works with the mean values of variablesutated at
time instants instead of the sample average mesaglated

Continuous grow of data transmission using wireledsom several realisations of a stochastic procése. filter

networks can be observed during the year 2014pidweders
of wireless transmission of data demand more é¥iecise of

structure remains the same as in the case of Lig&itim,
only the adaptive process is different with regand

the frequency band. This demand corresponds to tepplication of average means. As a result, RLSrilgos are
appearance of new wireless technologies and stsdarcharacterised by much higher computational compleRan

Therefore, new systems must be developed, whichddead
to minimization of influence of disturbing phenoragin the
radio transmission channel [6], [7] of modern wésd
transmission systems.

This would lead to an increase of transmission dpéth
stress on efficiency of the frequency band use. diesen
approach, software defined SDR radio [5], [9] ipguitable
for development and testing of such new systems. Kdy
role for these transmission systems plays the soéwwvhich
can be flexibly changed according to user's nedde
flexibility of used measuring apparatus is stressedhis
study. Advantages of this approach in view of deisig real
applications are described.

The authors deal with the implementation of equadilin
techniques [6], [7] in the SDR system in order tmimize
the signal-to-noise ratio SNR [9] of the transnoasthannel
and thus reduce the transmission error rate BER [6]

The authors use the results of their own studyipligd in
[6], [7] concur on it and extend it. In [7] the hats dealt with

the LMS algorithms. This difference is so huge (RaSks
are higher by one order than LMS tasks) that gmfeads to
conclusions that RLS algorithms have no practisalge. On
the other hand, if we look at the convergence speedind

out that the convergence speed of RLS is sevenakthigher
than that of LMS. This ensues from the applicatibriime

averaging, which predicts highly accurate values.

£ =3 o, (9 (K) 1) (

Py (k) = AT

wherek =1, 2, 3... n, parametdrdenotes the “forgetting
factor” and is defined within the range of O to 1.

2.1. Derivation of the RLS algorithm

The RLS cost function given by eq. 1 indicates thi#tin
time n all the preceding estimated error valuesrageired
from the very moment of initiation of the RLS algbm. To

LMS



put it simply, as the time passes, the amount t& dequired
for processing of the algorithm increases. Theefdue to
its limited memory and abilities, the RLS algorithmits
purest form is practically inapplicable. Howevethet
derivation presumes processing of all the datgprhctice,
though, the processing only involves a finite numbé
preceding values corresponding to N sequence oRlite
FIR filter. To derive the algorithm, we first deinas the FIR
filter output, n as the currently used weight vecand k as
the input vector of the preceding time. The estedagrror
value is the difference between the required outpgithin
time k, and the corresponding value. These and sthitable
definitions are expressed by means of eq. 2k$4r2,3...n

[1].
Y, (K) =w" (n)x(k)
e, (K) = d(K) = y, (k)
d(n) =[d ®,d@)...dm)]"
y =[y, @,,@...y, (]
en) =[e,@.e,(2)...e,()]
e(n) =d(n) —y(n)

If we define Xf) as the matrix consisting of previous
input column vector up to the present time, thyém may
alternatively be expressed as [1]:

X(n) =[x ®.x(),...x(")]
y(n) = X" (n)w(n)
The cost function may be expressed in the formmégix

vector using of the diagonal matrix including tleighted
coefficients.

)

®)

£ =Y el () = € (MAMe(n)

A0 0 0 @)
0o A" 0 0
where A(n)=| 0 0o A3 0
0 0 o .. 1

By putting in the values from equations 2 and 8, ¢bst
functions may be extended and later reduced, aguation
4.

8,(n) = 6, (n-1) +x(n)d(n)

w(n) = $;()6, (n)

= Pi(n-1)8,(n-1) -k(N)Xx"P; (-1, (n-1) +k (n)d(n)
=w(n-1) -k (n)x" (nN)w(n-1) +k(n)d(n)

=wW(n-1) +k(n)(d(n) - W' (n—1Dx(n))

w(n) =w(n-1) +k(n)e,_,(n)

where & _,(n) = d(n) - W' (n—-1)x(n)

(4)

Then we derive the gradient of the above stated cos

function formula with regard to the filter weigh®By means
of making it converge to zero, we obtain the cagdfits of
the filter which minimises the cost function.

@, (NW(n) =, (n)
w(n) =¥, ()8, (n)

Q)

In this way thé¥ (n) matrix may be extended and later
rearranged in the recursive layout, which may therused
for a special form of lemma inverse matrix in orttefind the
inverse matrix required for the computation of theight
vector update. Thd(n) vector, known as the amplifying
vector, is included in order to simplify the comgtitn [1].

W' (n) = AW, (n=1) +x(n)X ()
2P (n=-Dx(n)x" (N P;*(n-1)
1+ 27T (M)W, (n—Dx(n)
=AW (n=1) —k (n)x" () P;*(n-1)
AP (n=-1)x(n)
1+ AT ()W, (n-1)x(n)

=1 (n-1)-

(6)

wherek(n) =

=W (n)x(n)

The vector g, (n)given by equation 4 may also be
expressed in the recursive form. By substitutindgs th
expression fop™ from equation 6 into equation 5, we may
finally get the weight filter vector for the RLSgalrithm, as
in equation 7.

8,(n) =16, (=D +x(n)d(n)

w(r) = P ()6, ()

=B (-8, (-9 -k(x" ¥} (n-18, (-1 +k(d(n)
=w(n-1) —k(nMx" (NW(n-21) +k(n)d(n)
=W(n-1)+k(n)(d(r) -W' (n-x(n))

W(n) =w(n-1) +k(n)§,4(n)

wheree,, (n) =d(n)-w" (n-Dx(n)

(")

2.3. Implementation of the RLS algorithm

As mentioned earlier in this paper, the memorhefRLS
algorithm is limited by the finite number of values
corresponding to the sequence of the filter weigittor. In
this context, two aspects of the RLS implementakiave to
be mentioned: First, while the inverse matrix isegsial for
derivation of the RLS algorithm, the computation tbg
inverse matrix is not needed for the implementatisalf,
which considerably reduces the computational coxiylef
the algorithm. Second, contrary to the algorithmasdal on
LMS, the current variables are updated in termiseoations
and used together with the values of the preceitination.

To implement the RLS algorithm, the following steps
must be performed in the order stated below:

1. The filter output is calculated using the filte
weights from the preceding iteration and the curieput
vector:

Yoa(n) =W' (N-1)x(n) (8)

2. The medium amplification vector is calculated by
means of equation:

u(n) = ¥;*(n-1)x(n)
;u
A +x" (nu(n)

©)
k(n) = (n)

3. The estimated error value is calculated by meéns
equation:



&-1(M) =d(n) = ¥, (n) (10)

4.  The filter weight vector is updated using equati0
and the amplification vector is given by equation 9

w(n) =W' (n-1) +k(n)e,_,(n) (11)

5. The inverse matrix is computated by means of
equation:

Y1) = AP (n-1) - k(n)[xT (M¥;*(n —1)] (12)
3. IMPLEMENTATION AND RESULTS

For verification of the real features of the desidisystem
USRP, a passive omnidirectional WiFi Antenna TP4KINL
ANT2405C with 5 dBi gain — was connected to outptit
broadcast part of the system and the receiver ffiasdwith
the passive panel sector WiFi Antenna CenturioneWwss
Technologies with 9 dBi of gain. In the transmittiee signal
was generated by the studied modulations (8-QAM, 64
QAM, 128-QAM]) on the carrier frequency 1,96 GHower
level of 10 dBm signal with a bandwidth 3,84 MHzpIR
factor a of the root raised cosine filter 0,33 and symiadér
2,625 MS-3. On the receiver side, the quality of the recgive
signal was evaluated by the BER measurement. The
measurement was carried out in the laboratory @fsthe of
6x14 m, while transmitting and receiving antennasrev
situated in opposite corners of the laboratory. fiden was
equipped by the conventional office equipment. A
constellation diagram [9] of received signal withapplying
adaptive equalizer for 128-QAM is shown in Fig.Flg. 2
shows constellation diagram of received signal WRhS
adaptive equalizer applied for 128-QAM.

The paper authors used to implement their own syste
used on virtual instrumentation. The concept oftle@suring
apparatus is shown in Fig. 3.
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Fig.1 Constellation diagram of received signal withequalization

1,2-
1,0

08

06
0,4-
0,2-

o 0,0
M

-0.4

-1.0

1,2

for 128-QAM.
Constellation l:l
Transitions
L—
-0,6 — \ |
-0.8
1 ]
-1,2 -0,5 0,0 0,5 1,012

Effectiveness of channel equalizer is characterinethe Fig. 2 Constellation diagram of received sign&®fS adaptive
equalizer is used, for 128-QAM.

difference between signal and noise in outputFige4.
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Fig. 4. BER vs ENo for recursive least squares channel equalizerAB}B4QAM, 128-QAM).

4. CONCLUSIONS

(3]

The basic goal of this paper is to investigate th[nfl]
application of an algorithm based on adaptive rifig in
channel equalization. The main objective is to eehia high 5]
convergence rate in order to meet the requirenfentshort
training time and good equalization propertiesthis paper,
we have developed a new model based on recursast le
squares algorithm.

Linear equalization

implemented as a part of experiments using aboserited

methodology. Equalization efficiency varies consididy

depending on the signal character or the used ratidnol

However, generally, the linear equalization cacdmsidered
as a suitable method for suppressing the interéerém the
case of high bit error rate. This type of equalmatan have
also destructive influence on the signal at lowdrior rate
caused just by the noise generated in equalizatiocess.

The main contribution of the work lies in the

implementation of equalization techniques for vass
transmission systems designed for generation aalg<is of
digitally modulated signals, see Fig. 3. The hamdvad these

[6]

using RLS algorithm was

(8]

9]

10
systems is based on general USRP. The functionafiitiie 10l
system is determined by SW designed in graphical
development environment LabVIEW.

[11]

(1]
(2]
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