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ABSTRACT

In OFDM systems, mobile channel degrades the system performance seriously. Therefore, channel estimation 

technique is required to compensate for the degradation from the channel effects. However, conventional channel 

estimations in frequency domain induce ICI which is induced from Doppler frequency. In addition, a linear 

interpolation method causes inaccurate channel estimation. In order to minimize the effect of the interference and 

interpolation error, the proposed method combines LS method and Kalman filtering algorithm. Channel impulse 

response is adaptively tracked by Kalman filtering based on the information from LS estimator. Simulation 

results are presented to verify the performance of the proposed channel estimation over mobile channel 

environment. Simulation results show that the proposed method can effectively compensate for channel 

degradation.
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Ⅰ. Introduction

Many wireless communication systems adopt 

OFDM (Orthogonal Frequency Division Multiplexing) 

due to high data transmission rate, high bandwidth 

efficiency and reliability against multi-path fading 

channel. It has been applied in DAB (Digital Audio 

Broadcasting) systems, DVB (Digital Video 

Broadcasting) systems, wireless LAN standards such 

as IEEE 802.11a and wireless broadband access 

standard such as IEEE 802.16e 
[1]. 

In OFDM system, the entire channel is divided 

into many narrow sub-channels that are transmitted 

in parallel. If bandwidth of each subcarrier is much 

less than the channel coherence bandwidth, a 

frequency flat channel model can be assumed for 

subcarriers. Moreover, if the length of the guard 

interval is greater than the delay spread of the 

channel, ISI (Inter Symbol Interference) free channel 

can be assumed by inserting a CP (Cyclic Prefix) 

into the OFDM symbol. Although OFDM is robust 

to the multipath fading channel, the system 

performance is degraded by mobile channel. The 

othogonality among different subcarriers is destroyed 

by Doppler spread. This causes ICI(Inter Carrier 

Interference), and leads to severe system 

performance degradation
[2]. Therefore, dynamic 

channel estimation is necessary for mobile OFDM 

systems.

Channel estimation schemes are categorized into 

the non-data aided and the data-aided algorithm. For 

the non-data-aided algorithm, which is also known 

as blind channel estimation, complex matrix 

operations with several iterations are usually 

required during the estimation. However, blind 

channel estimation is well motivated for the spectral 
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Fig. 1. Block diagram of OFDM System 

efficiency [3]-[5].

Despite the efficiency of blind method, utilization 

of pilot tones is inevitable for high quality channel 

estimation in mobile channel environment. Various 

pilot assisted channel estimation techniques have 

been studied for coherent modulation and 

demodulation. Among them the MMSE (minimum 

mean square error) estimator is the most effective. 

However, it requires high computational complexity 

for inverse computation. Thus, due to its simplicity, 

LS estimator is used as practical channel estimation. 

In this paper, the proposed method combines LS 

estimator with Kalman filter to track the channel 

values. Initial coarse channel values are obtained by 

LS estimator in frequency domain. After 

interpolation procedure, Kalman filtering scheme 

adaptively tracks channel impulse response in time 

domain.

This paper is organized as follows. A baseband 

signal model for the OFDM system which is shown 

in Fig. 1 introduced in Section Ⅱ. The overall 

channel estimation is described in Section Ⅲ where 

the Kalman filtering scheme is provided to track the 

channel coefficients. Simulation results are presented 

in section Ⅳ to demonstrate the effectiveness of the 

proposed algorithm. Finally, the conclusion is drawn 

in section Ⅴ.

Ⅱ. System Model 

A block diagram for a baseband OFDM system is 

in Fig.1. The binary information data is generated 

and modulated. The pilot tones are uniformly 

inserted to every OFDM symbol. The pilot 

arrangement in OFDM symbol is based on the same 

periodic for reducing the noise enhancement from 

interpolation 
[6]

. The modulated data on the n-th 

subcarrier is

          
(1)

When d=0, the pilot tone is located in the 

subcarrier and rest of subcarriers in subgroup 

transmit the information data. Through paper, 

∈ denotes the index of frequency 

domain, ∈ is the index of time domain 

and subscript l is OFDM symbol order. The 

subgroup number in OFDM symbol is denoted by 

integer ∈. In subgroup, subcarriers are 

divided into a pilot subcarrier and information data 

subcarriers by notation ∈. Therefore, 

OFDM symbol is constructed with K=N/S pilot 

subcarriers and N-K information data subcarriers. 

After pilot insertion,the data in the frequency 

domain take N-point IDFT to transform into the 

time domain with following equation

  









(2)

 

After IDFT, the CP which is larger than the 

expected delay spreads is inserted. As a result, CP 

contained ODFM symbol is expressed as




      

(3)
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where  is the length of the CP. Then, OFDM 

symbols are transmitted through the channels. The 

received signal can be represented by

 







 

(4)

where R is the total number of propagation path, 

  is channel impulse response of r-th tap and 

  is the AWGN (Additive White Gaussian 

Noise). It is known that dynamics of a WSSUS 

(Wide Sense Stationary Uncorrelated Scattering) 

channel are accurately modeled by AR 

(autoregressive) process [7]. For simplicity, modeling 

a first order autoregressive (AR) process for channel 

impulse response is 

 ∙ (5)

where a is the AR coefficient and   is the 

process noise. The coefficient of the AR, a, is 

determined by

 

  (6)

where ∙  is zero-th order Bessel function of 

the first kind,  is the maximum Doppler 

frequency,   is the symbol duration. The WSS 

assumption implies [8]





(7)

 

where   is subcarrier correlation. 

After removing the CP, the received signals in 

time domain take N-point DFT to transform into the 

frequency domain [9]




(8)

where








 
(9)








≠



≠



∙



(10)

 

are channel frequency response and ICI, 

respectively, and   is the DFT of  . Here, 

  and   denote sample period and the r-th path 

delay normalized by sampling time. The received 

signal in Eq. (8) is assumed that CP effectively 

prevents the ISI but ICI is still remained in the 

signal. 

Ⅲ. Proposed Channel Estimation

3.1 Coarse Channel Estimation in Frequency 
Domain

In the pilot subcarrier, coarse channel frequency 

response can be obtained by following LS estimator










(11)

After estimation at the pilot subcarriers, channel 

frequency response at data subcarriers are estimated 

by linear interpolation which is expressed as





 (12)

 

As a result, the signal after the interpolation 

includes ICI and errors from the interpolation.

3.2 Precise Channel Estimation
Mobile speed introduces ICI effect to channel 

frequency response in Eq. (8)–(10). Furthermore, 

error which is caused by the interpolation can 
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(a)

(b) 

Fig. 2. (a) Block diagram of proposed channel estimator  
(b)Block diagram of Kalman filter

degrade the system performance as well.

To mitigate the effect of ICI and interpolation 

error, Kalman filtering algorithm utilizes to track the 

channel coefficients based on the estimated channel 

in frequency domain, the received signals are 

demodulated by following zero forcing method




(13)

where   denotes the demodulated signal at 

n-th subcarrier. For utilizing Kalman algorithm in 

time domain, the demodulated signal by zero forcing 

method is required to transform into the time 

domain with following equation

  (14)

where

  ,    are 

the demodulated OFDM symbol in frequency 

domain and time domain, respectively. For adapting 

channel to the Kalman filtering algorithm, a second 

order AR process is introduced as

 (15)

where 

    


 is 

the augmented form of channel impulse response. 





 


 

   
 is AR coefficient matrix with 

coefficient value  ∙ which is 

determined by eq. (6) and  
  

is a process noise vector with r-th tap process noise, 

 . To adapt the augmented channel into the 

system, received signal can be expressed as

   (16)

 

where

   and R is assumed 

number of effective channel tap.

Through adaptive procedure of Kalman filtering 

which is described in the Fig. 2-(a) and 2-(b), the 

predicted channel   can be obtained by 

following recursive computation
[10]







 (17)

 (18)

  (19)


 (20)

where  is the Kalman gain vector at instant l,  

 is the channel estimation at instant l+1,  

and  are the covariance matrices of  and   

respectively,  is the covariance matrix of 

estimation error. The initial channel state vector and 

covariance matrix of prediction error are as follows

 
 (21)

  (22)
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Parameters Remarks

Carrier Frequency 2.3cf GHz=

Sampling frequency 10sf MHz=

OFDM Symbol Duration 115.2symT sμ=

Number of subcarriers

at each OFDM symbol
1024fftN =

Number of CP 128cpN =

Modulation ,16QPSK QAM

AR Order 2

Interpolation LINEAR

Pilot Interval 8,10,13(12.5%,10%,7%)

Power delay Profile COST 207 RA

Table 1. System Parameters
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Fig. 3. Convergences of each taps value in real part 
(QPSK modulation , fd=149Hz, Eb/N0=20dB)
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Fig. 4. Convergences of each taps value in imaginary 
part (QPSK modulation , fd=149Hz, Eb/N0=20dB). 
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Fig. 5. BER performance with QPSK modulation.
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Fig. 6. BER performance with 16QAM.

Finally, channel coefficient of each taps obtained 

after filtering and prediction procedure by Kalman 

algorithm based on information form the LS 

estimator. The proposed channel estimation mitigates 

ICI and interpolation error and this is demonstrated 

in the next section. 

Ⅳ. Simulation Results

The parameters of the system [11] are presented in 

the Table 1. At the receiver, perfect timing and 

frequency synchronization are assumed. The 

convergence of each tap is shown in Fig 3 and Fig. 

4. Fig. 3 shows the real part and Fig. 4 is imaginary 

part of each tap and dashed lines represent the true 

coefficients of channel impulse responses. Each line 
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Fig. 7. BER performance under various amounts of pilot 
tones(fd=6.4 , QPSK modulation)

converged to true coefficients is the estimated 

coefficients by proposed scheme. After first 100 

subcarriers, approximately, the estimated coefficients 

of each tap are converged to the true channel 

coefficients. In other words, the proposed channel 

estimation scheme adaptively tracks the ideal 

channel coefficient.

Fig.5 and Fig.6 present BER performance by the 

proposed method with QPSK modulation and 

16QAM. The performance of the proposed scheme 

is evaluated under various Doppler frequencies. The 

Doppler frequencies in the simulation are set as 6.4 

Hz, 64 Hz, 149 Hz and 212 Hz which corresponding 

to the mobile speeds as 3 km/h, 30 km/h, 70 km/h 

and 100 km/h, respectively. The proposed method is 

fairly comparable with LS estimator and known 

channel at every Doppler speed. The performance 

degradation from ICI and interpolation is increased 

when mobile station speed is high but these effects 

are mitigated by the proposed scheme. The QPSK 

modulation case in Fig. 5, proposed method 

improves the system performance 3dB when 

Doppler frequency is 6.4 Hz and target BER is 10
-3. 

The 16QAM case in Fig. 6, proposed method has 

2dB improvement of the system performance with 

same conditions. Even though the Doppler frequency 

is increase, the system performance is improved by 

the proposed method. However, when the doppler 

speed is over 212Hz, the system has slight or less 

improvement than LS estimator at both modulation.

Another approach of proposed scheme is 

amountof pilot tone. Without loss of generality, the 

small number of pilot tones induces more errors 

than high number of pilot tones due to inaccurate 

estimation by interpolation. In Fig. 7, the bit error 

rate performance is evaluated by proposed scheme 

with 7.7%, 10% and 12.5% pilot tones allocation 

with Doppler frequency is 6.4Hz. When the OFDM 

symbol possesses 12.5% of pilot tones, the proposed 

scheme generates 3dB improvement when the bit 

error rate is 10
-3. Furthermore, the accuracy of 

channel estimation with proposed scheme is similar 

with known channel case than only the LS 

estimator. When the pilot tones are allocated with 

7.7% and 10%, proposed scheme enhance the 

system performance but the amount of pilot tone is 

important parameter for accurate channel estimation. 

Ⅴ. Conclusion

In this paper, proposed channel estimation utilizes 

a Kalman filtering algorithm based on the LS 

estimator. Based on the information from the LS 

estimator, the Kalman filtering algorithm tracks the 

channel impulse responses in each tap to mitigate 

the ICI and interpolation error. In the simulation, 

performance of the proposed scheme is evaluated 

under various Doppler frequencies and different 

number of pilot tones in terms of BER. Simulation 

results show that even system has mobility, 

performance is compensated by the proposed scheme 

but the enhancement of the performance is better in 

the low Doppler frequency than high Doppler 

frequency. Finding a converging time in Kalman 

algorithm will be valuable further research for 

reducing the complexity of overall system.
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