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一、中文摘要

眾所周知，卡門等化器比適應性
有限脈衝濾波器來得有效率，卡門等
化器卻沒有廣泛的被使用，這主要的
原因是其運算量太高的緣故。本計劃
即是針對此問題提出解決的方法，我
們推導了一個穩態之卡門增益的數
學式，利用這個式子，穩態之卡門增
益可以快速的算出，一旦如此，濾波
的動作就可以有效的進行而無需任
何矩陣的運算，因此計算量可以大大
的降低，若 N是濾波器的長度的話，
傳統的卡門等化器之運算量是正比
於 N 2，而我們的方法只正比於 N。

關鍵詞：通道等化，卡門等化器，卡門濾
波器

Abstract

It is known that the Kalman equalizer 
(KE) has superior efficiency than the 
finite impulse response (FIR) equalizer. 
Because of the high computational 
complexity problem, the KE has not 
widespreadly used. This project proposes 
an efficient algorithm overcoming this 
problem. Using a novel method, we 
derive a closed-form expression for the
steady-state Kalman gain. This 
steady-state Kalman gain is then used in 
the filtering process. Using this approach, 
no matrix operations are required and a 
tremendous reduction in computation is 
obtained. It can be shown that the 

computational complexity for the 
conventional KE is on the order of O(N 2 )
where N is the filter length, while that for 
the proposed KE is on the order of O(N).  

Keywords: Channel Equalization, Kalman 
Filtering, Kalman Equalizer

二、緣由與目的

Adaptive channel equalization has been an 
important research issue in signal processing. 
General approaches to this problem involve 
the use of an finite-impulse-response (FIR) or 
infinite-impulse-response (IIR) filter. The 
advantage of the FIR equalizer is that many 
adaptive algorithms are available and the 
behavior of the equalizer is well-understood. 
Probably, the most popular adaptive 
algorithm is the least mean square (LMS) 
algorithm. This algorithm has a simple 
structure and the computational requirement 
is low.
     It is know that the IIR filter is more 
efficient than the FIR filter. It can equalize a 
channel with less tap-weights. However, the 
adaptive IIR filter have stability problem. 
Another solution to the IIR equalization 
problem is the use of the Kalman filter. The 
Kalman filter is known to be stable and fast 
converging. However, its computational 
complexity is still high. Lawrence and 
Kaufman [1] first proposed to apply the 
Kalman filter in equalization. Luvison and G. 
Pirani proposed to adaptively adjust the 
Kalman gain [2] using the LMS algorithm. 
Using this approach, no matrix operations are 
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required. However, the convergence is slow 
and the MSE is large. Mulgrew and Cowan 
[3] proposed another structure that a channel 
identification algorithm is run in parallel with 
the Kalman filter. Although this algorithm 
can yield good results, the high 
computational complexity problem still 
remain. 
     
三、結果與討論
  
Let H= [h(0) h(1) ... h(M-1)] T  be the 
impulse response vector of the channel,
x(n) be the channel output,  S(n)= [s(n)  
s(n-1) …  s(n-M+1)] T  is the input vector, 
and v(n) is the channel noise . Then, the
output can be written as 
x(n)=H T S(n)+v(n).     (1)                                
Let S(n) be the state vector. We then have 
a state space representation as follows: 
S(n)=G S(n-1)+s(n)b    (2)                              
where G is a MxM shift matrix and b= [1 0 ... 
0] T . Thus, we have obtained the state and 
measure equations and the Kalman filter can 
be applied. 
  The idea behind our method is the 
equivalence of the Wiener and Kalman filters. 
Using this equivalence, we can explore the 
relation between the steady-state Kalman 
gain and the Wiener solution. Due to the 
special structure of the state transition matrix 
in (2), the relation can be identified. Once the 
relation is defined, the Wiener solution can 
be exactly solved to obtain the steady-state 
Kalman gain. Let x(n) be the filter input, d(n) 
be the desired signal, and W(z) be the 
z-transform of the Wiener filter. Then,

W(z)=
+

++ 







)(
)(

)(
1

zR
zR

zrR xx

dx

xx

Where γ  is a constant and ( )zRxy
+  denote 

the causal part of the z-transform of the 
correlation function between x(n) and y(n). 
The transfer function in the bracket of (4) can 
be easily evaluated if the channel response is 
known. From some derivations, we have 
found that the steady-state Kalman gain 
corresponds to a partial response of (4). Let 
the transfer function of the Kalman gain be 
G(z). Then
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where 2
sσ  is the variance of the transmitted 

symbol, )(zH  is the z transform of the 
channel response, and τ  is the allowable 
delay.  Note that ( )zRxx

+  corresponds to a 
causal IIR whitening filter. This filter can be 
obtained by the spectral factorization method. 
Of course, this is not desirable. By 
approximating the whitening filter as an FIR 
filter, we can apply the Levinson-Durbin 
algorithm to identify its coefficients. This 
results in a very efficient algorithm. The 
conventional and proposed Kalman equalizer 
is shown in Figs. 1-2. we carry out some
computer simulations to demonstrate the 
efficiency of the proposed algorithm. We 
consider a wireless multipath channel shown 
in Fig 3. The equalized results are shown in 
Fig. 4 and the complexity comparison is 
shown in Table 1.

四、成果自評

In this project, we have proposed a novel 
Kalman algorithm. The distinct feature of 
this algorithm is its efficiency. We have 
accomplished 90% of the work listed in the 
original proposal. The result can be published 
in the international journal.
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       Fig. 4 The output SNR of the proposed algorithm

PEF : prediction error filter
 Efficiency: SNR_proposed/SNR_conventional
 MULC: multiplications required for the conventional 

 MULP: multiplications required for the proposed
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