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A study on robust recursive total least squares algorithm based on
iterative Wiener filter method
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ABSTRACT: It is known that total least-squares method shows better estimation performance than least-squares
method when noise is present at the input and output at the same time. When total least squares method is applied
to data with time series characteristics, Recursive Total Least Squares (RTS) algorithm has been proposed to
improve the real-time performance. However, RTLS has numerical instability in calculating the inverse matrix.
In this paper, we propose an algorithm for reducing numerical instability as well as having similar convergence
to RTLS. For this algorithm, we propose a new RTLS using Iterative Wiener Filter (IWF). Through the simulation,
it is shown that the convergence of the proposed algorithm is similar to that of the RTLS, and the numerical

robustness is superior to the RTLS.
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Fig. 1. The model of noisy system model.
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Table 1. Summary of RLS algorithm from Reference [3].
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Table 2, Summary of RTLS algorithm from Reference [3].
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Table 3. Summary of the proposed RTLS algorithm,

Initialize R(0), x(0), w(0), 2

R(k)=AR(k—1)+x(k)x(k)"

VIR (K)w (k)= ‘(]:) ((kk))
pky=——— ~ VJHV“
V,JIR(k)V J, - W

w(k+1)=w(k)-uk)V,J,

o]o} Zro] IWFS 23} A|2& RILS L1228
% 2|5} th3- Table 337} LTt

Iv. AlZg|oj¥ds St o

olr
i
oY

4.1 HQ FHS S5t 7| RTLSQ| A5 Bl

= AP B 643 o) B3t AL S
B 2 P2 ALg Atk A P 9]
A 647l 9] Q2 S A % Aol 223,
1670, 8742] o] obdl A4S 2= 3552 714 A
92 Y A A Zk2E 100 814 W AL 8-S Sl
BFE A1 Al o] okl A4 91X\t F171E 7

ZENQ, U] obdl Al42] AS)Ql B} B S 2

w2 ubgA AL

Ag ol A E =Fo A Aokt RTLSS} Reference
(3101141 AQFSE 7]& RTLS 2 A| ¢kt Lrate]&o) &
Efj ol Reference [10]2] IWF &118]29] 24 452
A= H]15}o] Fig, 20f] WER QiTt Fig 2= th
© 2 A ojE sH EF HZXHMean Standard Deviation,
MSD) IAl-& ot

{o

=
A]
all

2
_ |wrrue - westim|
MSD =101log,, "2l (14)

w true

Fig. 29] A3l= ARk &dare)Ee] #4450l 7]
ERTLS} AR S Holal Qe

SRS UeIelX] H40W HIT (2021)

o2
N

1

-10

m If
E -20
2.\
= -30 A
-40
-50
0.5 1 15 2
Time step [sample] w104
(a) ST =32

-10

-20
-30 K\M/

*M.“/’\’T<\' ‘<>;, T !i,:éﬁ// Oyl

MSD [dB]

-40

-50
0.5 1 1.5 2

Time step [sample] %104

(b) =

-10

-20

MSD [dB]

O Rkggg e e

-40

-50
0.5 1 1.5 2

Time step [sample] w104

(c)s=8

Fig. 2. (Color available online) Convergence com—
parison between conventional RTLS and the proposed
algorithm (—x—: the conventional RTLS , —A—: the
proposed algorithm, —O—: the algorithm in Reference
[10]) (S is the number of non—zero coefficients).
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Fig. 3. (Color available online) Numerical robustness
comparison between conventional RTLS and the
proposed algorithm according to the number of bits
change (—x—: the conventional RTLS , —A—: the
proposed algorithm).
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