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Abstract. In this paper, we use adaptive filter to realize the echo cancellation strategy in On-Channel
Repeater (OCR) based on the National Standard of China for Digital Terrestrial Multimedia Broadcasting
(DTMB). In order to solve the conflicting requirement of fast convergence and low misadjustment of the
Normalized Least Mean Square (NLMS) algorithm, this paper proposes a Variable Step-Size Normalized
Least Mean Square (VSS-NLMS) algorithm. This algorithm does not require any a priori information, so it is
easy to control in real world. Simultaneously, the simulation results indicate that this algorithm has a better
performance in convergence rate and misadjustment in steady state echo cancellation compared with the
conventional LMS algorithm and conventional RLS algorithm.
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1. Introduction
On-Channel Repeater (OCR) advantages include better coverage, less interference, less power, and higher
reliability. Therefore, OCR gradually used in DTMB as coverage extenders or gap fillers mainly in areas that
are shadowed by terrain from the base station can promote the development of the digital television in China.
A particular problem with the use of OCR in DTMB system is the echo interference signal from the
transmitting antenna to the receiving one which may cause some negative effects on its performance [1]. The
traditional way to prevent the instability and oscillation caused by the echo is to control the forward gain by
Automatic Gain Control (AGC) or to separate the transmitting and receiving antennas physically which can
increase the isolation between the transmitting and receiving antennas, but the coverage area will be reduced
and the installation cost will be increased [2].
After utilizing bandpass filter in Radio Frequency (RF) and Intermediate Frequency (IF) for implementing
the echo cancellation part of OCR, the method to fulfill echo cancellation in baseband has been generated [3],
and LMS algorithm is used to cancel the echo due to the fact that it is robust and easy to implement, but the
performance of this algorithm, in terms of convergence rate, misadjustment, and stability, is governed by the
step-size parameter. Within the stability conditions, it is well known that the choice of this parameter, reflects
a tradeoff between fast convergence and good tracking ability on the one hand and low misadjustment on the
other hand. To meet this conflicting requirement, the step-size needs to be controlled.
As we all know, the “ideal” algorithm should have a high convergence rate and good tracking capabilities
but achieving low misadjustment. To meet these requirements, this article introduces a novel VSS-NLMS
algorithm derived from the power of system noise. And it can be seen that the proposed algorithm performs
much better than NLMS, with fast convergence and low misadjustment from the simulation results.
This paper is organized as follows. Section 2 presents the basic algorithm model of the OCR with echo
cancellation based on conventional LMS; section 3 derives the proposed VSS-NLMS algorithm and its
application in cancelling echo in the OCR; section 4 shows the simulation results; section 5 summarizes the
main conclusion.
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2. The Mode of OCR with Echo Cancellation
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Figure 1 The baseband model of the OCR with echo cancellation

Fig. 1 shows the baseband model of the OCR with echo cancellation. The signal on the baseband
receiving end is
d (n)  r (n)  y(n)  v(n)

(1)

where r (n) is the received signal from the base station, and v(n) is the additive white noise. G represents the
gain of the OCR subtracting the isolation between transmitting and receiving antenna, and y(n) is the echo
interference signal.
y ( n)  hH e ( n  D )

(2)

h  [h0 h1  hN 1 ]T
G
is
the
echo
coupling
channel
vector
including
;
T
e (n)  [e( n) e( n 1)  e( n  N 1)] is error signal, which is actually the baseband output signal of OCR; D is

where

the circuit delay outside the baseband system.
The Adaptive Filter part fulfills the function of cancelling echo based on various criteria. Considering
that r (n) is uncorrelated with e(n) , when the estimated channel is same as the practical channel, MSE reaches
the minimum value. As a result, the conventional fix step size LMS algorithm ((4)- (6)) is able to make
e(n) satisfy (3).
E{ e(n) }  E{ r (n) }  E{ v(n) }

(3)

yˆ(n)  hˆ H (n  1) x(n)

(4)

e(n)  d (n)  yˆ (n)

(5)

hˆ(n)  hˆ(n  1)   (n) x(n)e (n)

(6)

2

2

2

where hˆ (n)  [hˆ0 (n) hˆ1 (n)  hˆN 1 (n)] is the estimate value of h , and yˆ(n) is the estimate value of y(n) . x (n) is
the input vector of the transversal filter, which is e(n  D) . N is the number of taps of the transversal filter and
 (n) is a positive scalar known as step-size, which is a constant in the conventional fix step size LMS
algorithm.

3. Proposed VSS-NLMS Algorithm Echo Cancellation
We define the a prior and a posteriori error signals respectively
e(n)  d (n)  hˆ H (n  1) x(n)  r (n)  v(n)   hH  hˆ H (n  1)  x(n)
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(7)

 (n)  d (n)  hˆ H (n) x(n)  r (n)  v(n)   hH  hˆ H (n)  x(n)

(8)

where hˆ (n  1) and hˆ(n) are estimates of the system h at time n  1 and n respectively. Taking (6)- (8) into
account, the relation between the a prior and a posteriori error signals is

 (n)  e(n) 1   (n) x H (n) x(n) 

(9)

In order to derive a step-size parameter within the stability conditions, several approaches can be chosen.
One reasonable way is to impose that  (n)  0 , assuming that e(n)  0, n [4]. Consequently,
1
 NLMS (n)   x H (n) x (n)  , which is the classical NLMS algorithm [5], [6]
hˆ (n)  hˆ (n  1) 

x ( n)
e (n)
x ( n ) x ( n)

(10)

H

It can be noted that the above approach holds in the absence of noise and r (n)  0 . In practice, a positive
adaptation constant (usually smaller than 1) multiplies this step size to achieve a proper compromise between
the convergence rate and the misadjustment. In order to cancel the a posteriori error in the presence of noise
and r (n)  0 , it results from (8) that
 hH  hˆ H (n)  x (n)  r (n)  v(n)  0



(11)

which will bias the adaptive filter estimate. In this case, the requirement  hH  hˆ H (n)  x (n)  0, n ,
implies that  (n)  r (n)  v(n) . Hence, in the new proposed procedure, we wish to find the step-size parameter
 (n) in such a way that
E{  (n) }   rv2 , n
2

(12)





 denotes mathematical expectation,  rv2  E  r (n)  v(n) is the power of the sum of received
where E 
signal and system noise. Using the approximation x H (n) x(n)  N x2  NE x 2 (n) for N  1 , where  x2 is the
power of input signal. Compute the mathematical expectation of (9) and square it simultaneously
2

E  2 (n)  1   (n) N x2   e2 (n)   rv2
2

(13)

where  e2  E e2 (n) is the power of the error signal. Developing (13), we can obtain a quadratic
equation

 2 ( n) 

2
N x2

 ( n) 

1

 N 

2 2
x


 rv2 
1


0
2
  e ( n) 

(14)

By solving the quadratic (14), two solutions are obtained, i.e.,

 ( n) 


 rv 
1
1 

x ( n) x ( n)   e ( n) 

(15)

H

Following the analysis from the reference [7], which states that a value of the step-size between 0 and 1 is
the preferable over the one between 1 and 2 (even if both solutions are stable, but the former has less steadystate mean square error with the same convergence speed), although that conclusion is based on the affine
projection algorithm, it is available for LMS algorithm. Hence, the reasonable solution is

Pro-VSS (n) 


 rv 
1
1 

x ( n ) x ( n )   e ( n) 
H

(16)

  NLMS (n) (n)

where  (n) 0   (n)  1 is the normalized step size. Therefore, the proposed VSS-NLMS algorithm is
hˆ(n)  hˆ(n  1)  Pro-VSS (n) x(n)e (n)

where Pro-VSS (n) is defined in (16).
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(17)

We see from (16) that before the algorithm convergences,  e (n) is large compared to  rv ; so
Pro-VSS (n)   NLMS (n) . On the other hand, when the algorithm starts converge to the true solution,  e (n)   rv
and Pro-VSS (n)  0 . This is exactly what we desire to have: both good convergence and low misadjustment. As
we can notice, this approach was derived with almost no assumptions compared to all other algorithms
belonging to the same family, so it is easy to control in the real world.
In practice, all adaptive algorithms need to be regularized in order to avoid divisions by small numbers.
This implies that a positive constant  needs to add to the denominator of both step sizes Pro-VSS (n) and
 NLMS (n) .
It is clear that  e (n)   rv , which implies that Pro-VSS (n)  0 . In practice, the quantity  e2 (n) is estimated
as follows:

ˆ e2 (n)  ˆ e2 (n  1)  (1   )e2 (n)

(18)

where  is a weighting factor chosen as   1  1/( KN ) , with K  1 ; the initial value is ˆ e2 (0)  0 .

4. Experiment Result
Reference [1] and [8] prevent system from oscillation by controlling the gain of OCR during the
initialization, which set the gain at a low level at first then increase the gain gradually until the aimed gain is
reached. However, the output of the baseband is limited by the data width, which cannot increase to the
infinity in the practical system. If adjust the RF modules to make sure that the power of the echo signal is in
the input range of the receiving end when the output reaches the maximum, the system will have less
probability to be disturbed by oscillation.
During the simulation, we add the limiter block to the output of the system in order to limit the output in
the range that can be expressed by the practical data. The function of the limiter is as (19), which only
consider the real signal. Because we normalize the input signal DTTB and the error signal after echo
cancellation is the estimate of DTTB, the real part and imaginary part of error signal must be between -1 and 1.
e 1
1

Limiter(e)  1 e  1
 e otherwise


(19)

The test signal used in this simulation is ten DTV signal frames based on DTMB, whose bandwidth is
7.56MHz, the frame head mode of which is PN420. Moreover, the sampling frequency is 30MHz. We choose
COST207 RA6 [9] as the echo coupling channel model, the parameters of which is shown in Table I and the
Doppler frequency shift is 0Hz. Therefore, we set the order of the echo coupling channel as 16, then assume
the gain of OCR is 70dB and the isolation between transmitting and receiving antenna is 55dB.
The experiment investigates the conventional fix step size LMS (Con-LMS), conventional normalized
LMS (Con-NLMS), and conventional recursive least squares (Con-RLS), proposed variable step size NLMS
(Pro-VSS-NLMS). The parameters of these algorithms are shown in Table II.
TABLE 1 THE PARAMETERS OF COST207 RA6
TABLE 2 THE PARAMETER OF THE FOUR ALGORITHMS
Amplitude
(dB)

Delay
(ns)

0

0

-4

100

-8

200

-12

300

-16

400

-20

500

Algorithm Type

Parameters

Con-LMS

  2-6

  2-2

Con-NLMS

  0.002

  0.99 (forgetting factor)

Con-RLS

  0.02
K 2

Pro-VSS-NLMS



  0.002

We use the convergence of the normalized misalignment (in dB), 20log10 h  hˆ(n)
algorithm as a measure of performance.
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Figure 2 Misalignment of conventional LMS algorithm, conventional NLMS algorithm, proposed VSSNLMS algorithm and conventional RLS algorithm.
Fig. 2 shows the misalignment of the system during the initialization in the SNR of 30dB, from which we
know that the convergence characteristic of Pro-VSS-NLMS is better than that of Con-LMS, Con-NLMS and
RLS.
In addition, Echo Return Loss Enhancement (ERLE) can evaluate the echo cancellation performance in
the steady state [10]. ERLE is defined as (20), where decho (n) is the echo received that is similar with the
received signal at the receiving end, while recho (n) is the residual echo which is approximate to the error
output.
P is the window length used to estimate the power of the echo and residual echo. We assume P  16800 ,

and investigate all ten frames. Therefore, 10 ERLE values will derive from 168000 sampling data. After 100
experiments, ERLE values of each algorithm in different time segments are shown in Fig. 3.
2

ERLE  10 log10

E[ d echo (n) ]
2

E[ recho (n) ]

 10 log10

1 P
2
d ( n)

P n 1
1 P
2
 e( n )
P n 1

(20)

Figure 3 ERLE of conventional LMS algorithm, conventional NLMS algorithm, proposed VSS-NLMS algorithm and
conventional RLS algorithm.

From Fig. 3, we know that the echo cancellation performance in steady state of Pro-VSS-NLMS is better
than other three algorithms.

5. Conclusion
It is well known that the fast convergence rate and low misadjustment are difficult to satisfy
simultaneously in the conventional LMS algorithm. To achieve this conflicting requirement, this article
introduces a VSS-NLMS algorithm used in OCR with echo cancellation in DTMB system, which is easy to
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control in real world because it does not need any a priori information. Through the simulation results, we
notice that the proposed algorithm performs better than conventional fix step size LMS algorithm in the
convergence rate and the misadjustment in steady state echo cancellation.

6. Acknowledgements
The project was supported by 2009 Guangdong-Hongkong Technology Cooperation Funding.

7. References
[1] B. Miquel, I. Archs and et al, “Method for repeating isofrequency signals and isofrequency repeater”. European
patent EP 1261 148 B1. March 2004.
[2] K. Salehian, M. Guillet, B. Caron and et al, “On-Channel Repeater for Digital Television Broadcasting

Service”. IEEE TRANSACTIONS ON BROADCASTING, VOL.48, NO.2, JUNE 2002:97-102.
[3] S. I. Park, H. M. Eum, S. I. Park, and et al, “Novel Equalization On-Channel Repeater with Feedback

Interference Canceller in Terrestrial Multimedia Broadcasting system”. ETRI Journal, Aug. 2009,vol.
31,Num.4:357-363.
[4] R. Morgan and S. G. Kratzer, “On a class of computationally efficient, rapidly convering, generalized

NLMS algorithm,” IEEE SIGNAL PROCESSING LETTERS, Vol.3, No.8, Aug. 1996 : 245-247.
[5] B. Widrow and S. D. Stearns, Adaptive Signal Processing. Englewood Cliffs, NJ: Prentices-Hall, 1985.
[6] S. Haykin, Adaptive Filter Theory, Fourth ed. Upper Saddle River, NJ: Prentices-Hall, 2002.
[7] S. G. Sankaran and A. A. L. Beex, ”Convergence behavior of affine projection algorithms,” IEEE

Transcation Signal Processing, vol. 48, no.4, Apr.2000: 1086-1096.
[8] Hazmi, J. Rinne and M. Renfors, “Enhanced LMS Based Feedback Loop Interference Cancellation in

DVB-H Systems with Gap Fillers”. IEEE International Conference on Signal Processing and
Communications (ICSPC). 2007: 943-946.
[9] K. M. Nasr, J. P. Cosmas, M. Bard and J. Gledhill, “Performance of an Echo Canceller for On-Channel

Repeater in DVB-T/H Networks”. IEEE Transcation on Broadcasting, vol. 53, no.3, Sep.2007: 609-618.
[10] M. S. Kumar, “Variable Step Size(VSS) control for Circular Leaky Normalized Least Mean Square

(CLNLMS) algorithm used in AEC”. IEEE Region 10 Conference, 2008: 1-6.

156

