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In this paper a new algorithm for blind channel estimation in Orthogonal Frequency Division 
Multiplexing (OFDM) systems is described. The proposed algorithm uses a modification to 
the Root-Selection (RS) algorithm for channel estimation and a Generalized Akaike 
Information Criterion to estimate the channel length. The new algorithm is termed, the 
Modified Root-Selection (MRS) algorithm. This algorithm together with the channel order 

estimation effectively reduces the signal space of the estimator, and hence improves the 
estimation performance as demonstrated using computer simulations. The proposed MRS 
with channel order estimation algorithm has a 5dB lower mean square error in channel 

estimation when compared to the conventional approaches which translates to significant 
improvement in Signal-to-Noise Ratio (SNR) at receiver. In addition, the proposed 
modification to the RS algorithm results in a more computationally efficient algorithm. It is 
applicable not only to standard OFDM transmitters with cyclic prefix, but also to the recently 
proposed zero padded OFDM transmissions.  

فى هذا البحث يتم اقتراح و تقديم خوارزم جديد ذو كفاءة حساابي  االيا  و اداء قاوت لتحدياد قاااة ا تىاان فاى لااصاا  ا تىاا   ذا  
وت اياااام لا يااار ا  وااا   (RS). ويسااتخدم الخااوارزم الاقتاارح ت ااديزم لخااوارزم اختيااار الجااذور (OFDM)التقساايم التاارددت الات ااااد 

" وهاذ  الطريقا  (MRS) ون قااة ا تىان . وقد تم تساي  الخوارزم الجديد "الطريق  الا دل   ختياار الجاذور لتقدير ط (AIC)لاكيكى 
بالإضاف  إلى تحديد طون القااة تخفض فضاء الإشارة الاؤثر فى خوارزم التقدير وبالتالى تحسن اان ادداء . وقاد تام التحقا  اان ذلا  

ديسبين  افضان اان  5ذا الخوارزم . و قد تم التوىن الى تق ين اتوسط الخطأ التربي ى باقدار ب ان احاكا  باستخدام الحاسب الآلى له
باقى الطر  التق يدي  ام ياتج ااه تحسن ا حوص فى قوة ا شارة بالاسب  الى كاي  الضوضااء و التاداخن اااد الاساتقبن. بالإضااف  إلاى 

لطريق  التق يدي   ختيار الجذور وياكن تطبيقه اع اخت ف اواىفا  الإرساان ذل  فأن الخوارزم الاقترح ذو كفاءة حسابي  لاا ى ان ا
 .  (OFDM-ZP & OFDM-CP)الحالي   OFDMالاستخدا  فى اصم ان 
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1. Introduction 

 

Orthogonal Frequency Division Multiplex-

ing (OFDM) has received considerable interest 
in the last few years for its advantages in high 

bit rate transmissions over frequency selective 

fading channels [1]. In OFDM systems, the 

high-rate data stream is divided into many 

low-rate streams that are transmitted in par-
allel, thereby increasing the symbol duration 

and reducing the inter-symbol interference 

(ISI). The ISI can be completely eliminated by 

introducing guard interval (Cyclic Prefix-CP) 

between adjacent OFDM symbols, given that 

the cyclic prefix length is greater than the 
length of channel impulse response [2]. The 

cyclically extended guard interval also con-

verts linear convolution of signal and channel 

into circular convolution. As a result, a tradi-

tional complex Time-domain Equalizer (TEQ) 

can be replaced by a simple single tap Fre-

quency domain EQualizer (FEQ). The channel 

estimation method based on a parametric 
channel model is proposed in [3] which uses 

Minimum Description Length (MDL) to esti-

mate the channel order and Estimation of 

Signal Parameters via Rotational Invariance 

Technique (ESPRIT) to acquire mutipath time 
delays. Most Significant Taps (MST) approach 

is used in [4] to estimate the channel order.  

In [5], an algorithm was proposed to estimate 

sparse channels using the Generalized Akaike 

Information Criterion (GAIC). However, all of 

the above mentioned methods require the use 
of known pilot symbols at the receiver. Be-

cause they save bandwidth and are capable of 

tracking slow channel variations, blind chan-

nel estimation and equalization methods are 
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well motivated as they avoid the use of train-

ing sequences [6], and [7]. A numerous blind 

channel estimation and blind equalization al-

gorithms were developed in the literature (cf. 

[8] for a survey on these algorithms and the 

references therein).  
In this paper, a new blind channel estima-

tion method is developed that is applicable to 

both CP- and ZP-OFDM transmissions and 

relies on the finite alphabet property of infor-

mation bearing symbols. The new Modified 
Root selection (MRS) method proposes a 

modification to the Root-Selection algorithm of 

[9]. The root-selection algorithm becomes very 

complex as the channel order increases. The 

MRS algorithm is highly simpler than the root-

selection algorithm and can be applied for 
channels of higher order which can not be 

estimated using the root-selection algorithm. 

It also uses the Generalized Akaike 

Information Criterion (GAIC) to estimate the 

channel order. The MRS algorithm together 
with the channel order estimation yields a 

significant improvement in normalized mean 

squared error in channel estimation. The low 

complexity of the new algorithm allows for 

further improvement of the channel estimation 

accuracy through the use of Phase Directed 
(PD) steps as will be described in section (V). 

 

2. Notations and system model 

 

In the following, let T(.) indicate the trans-

pose and )~(  indicates frequency domain sam-

ples. The MATLAB’s notation A(i:j,k:l) indicates 

the submatrix formed from the ith to the jth 

rows and the kth to the lth columns of the 

matrix A, and indicates element by element 

matrix multiplication. 

The system block diagram is shown in fig. 

1. The data symbols are transmitted in blocks 

of size M: T

MM isisi )](~),...,(~[)(~
10 s , where i is the 

block index. These symbols are first precoded 

using the MxM IFFT matrix 1 M

H

M FF  with en-

try at the (m,n) element exp)M/(1  

))n)(m)(M/(j( 112    to yield the time 

domain block )(iMs . Then the cyclic prefix (CP) 

is appended between each block of symbols. 

The entries of the resulting redundant block 

)(iCPs  of length P=M+LCP are transmitted se-

quentially through the frequency selective fad-

ing channel h. The channel is modeled as an 

FIR filter with channel impulse response 
T

L ]h,...,h[h 0 where it is assmed that L  

LCP. We also define the Mx1 vector 
T

LM ],...,,h,...,h[h 000 . Let 
T

MCCP ],[ III   

be the PxM matrix representing the cyclic 

prefix appending where IC represents the LCP 

last columns of IM (MxM identity matrix), we 

also define the PxM  matrix H

MCPCP FIF  , now 

the transmitted block is given by:    
 

)(~)(~)( iFii MCPM
H
MCPCP ssFIs  ,     (1) 

 

 
Fig. 1. The OFDM-CP baseband model. 
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 At the receiver end, first the cyclic prefix is 

removed (and so is the IBI (inter block interfer-

ence) assuming that the channel is shorter 

than the cyclic prefix). Denoting by rM(i) the 
received Mx1 vector after suppressing the CP: 

TCP
P

CP
LM )]i(r),...,i(r[)i(r 1  and the 

noise is given by : 
T

PLM )]i(n),...,i(n[)i(n 1 . 

 Due to the appending of the cyclic prefix 

the channel effect is circularized and it can be 

diagonalized using FFT at the receiver [10]. So 

we get: 
 

)()(~ ii MMM rFr   

        )i(s~)hF(diagM MMM  )i(MM nF  

  diagM )i(~)i(~)( MMMM nshF  .      (2) 

 

Where )( MMdiagM hF  is a diagonal matrix with 

diagonal entries (k,k) = )(
)1(

2
k

M
j

e



H , where 

)(

2
k

M
j

e



H is the channel attenuation at carrier 

k. We now define the channel attenuation at 

the carriers corresponding to the CIR hM as: 

MMM M hFh 
~ T

)M(
M

j
M

j
)]e(),...,e(),([

1
22

HH0H






, Eq. (2) 

can be re-expressed as: 

                             

)(~)(~)
~

()(~ iidiagi MMMM nshr  Mh
~

       

           )(~)(~ ii MM ns  .                                 (3) 

 

3. Blind channel estimation 
 

3.1. Introduction 

 
In this section, a new blind channel 

estimation algorithm is proposed. The finite al-

phabet property of the transmitted data sym-

bols is used to get estimates of  )(

2
k

M
j

Q e



H  and 

]1,0[  Mk .  

Based on this finite alphabet property of 

the transmitted symbols, a variety of 

algorithms were proposed in [9], and [11]. All 

of these algorithms are very complex and 
cannot be used practically for channels of 

high order (for example in Hiperlan/2 in which 
L=16). So a modification is proposed to the 

root-selection algorithm of [9] that results in a 

simpler algorithm with improvement in perf-

ormance.   

The new algorithm is developed under the 

following assumptions (also used in [9]): 

1. Symbols are drawn from finite alphabet set 

of size Q; i.e., Q

qqk is 1}{)(~
  . 

2. Noise is zero-mean complex Gaussian 
noise and independent of the data. 

For PSK modulation we have 1)}(~{ isE Q

k  

deterministically. Starting from )}i(r~{ Q
k

E  

)}i(s~{)e( Q
k

k
M

j
Q E

2

H  we deduce that (as-

suming noise free system): 

 

]1,0[)},(~{)(

2

 Mkire Q
k

k
M

j
Q E



H .               (4) 

 

The right hand side can be obtained for 
each k deterministically for PSK modulation. 

The question now is how to get )(

2
k

M
j

e



H from 

)(

2
k

M
j

Q e



H . To express )(

2
k

M
j

Q e



H in terms of h, 

T
Q

T
QL

T
Q

],...,[ hhβ 0    is first defined as 

the Q-fold convolution of the channel with it-

self. Since time domain convolution corre-

sponds to multiplication in the frequency do-

main, we can write: k
M

j
ez

Q
k

M
j

Q ze




2

2

)()(


 HH  

  k
M

j

ez

QL
QL   z... 



 2
0 . To 

determine the coefficients ,...0 QL,  uniquely 

from )(

2
k

M
j

Q e



H , we need QL+1 equations that 

can be available if 1QLM . In practice 

(noisy case), )}(~{ irE Q

k  is replaced by statistical 

averaging and thus )(

2
k

M
j

Q e



H can be estimated 

as: 

                                      

]1,0[,)(~1
)(ˆ

1

0

2









 





Mkir
N

e
N

i

Q
k

k
M

j
Q



H ,   (5) 

where N is the total number of blocks used in 

the averaging. )(ˆ
2

k
M

j
Q e



H  is next collected from 

eq. (5) in an Mx1 vector: 
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T
)M(

M
j

QQ
Q )]e(ˆ),...,(ˆ[

~̂ 1
2

H0HH






. Define the 

matrix QV to be a scaled version of the first 

QL+1 columns of the FFT matrix MF as follows 

)1:1(:,  QLM MQ FV then Qβ can be estimated by 

a simple matrix inversion as: 

                                          

Q
H
QQQQ

M
HVHVβ
~̂1~̂ˆ  t .                (6) 

 
3.2. The root-selection algorithm  

 

Based on the fact that Jβ contains the L 

roots of h with multiplicity J, one can search 

the JL roots of Jβ  and try all the different 

combinations of L roots out of the JL roots to 

find the best L roots that minimize the follow-

ing cost function: 

                                       
2

minargˆ
J

T
J

T
βhhh

h





.         (7) 

 

The total number of trial required is given 

by: 
!)!(

!

LLJL

JLJL

L


C . 

 
3.3. The modified root-selection algorithm 

 
The RS algorithm can only be applied for 

low order channels because the complexity in-

creases as the order of the channel increases. 
For example, if BPSK modulation (Q=2) is 

used with L=8, the number of iterations re-

quired by the RS  870,1216

8  CC JL

L  and if 

QPSK (Q=4) is used the number of iterations 

increases to be 5.1032

8 C million iterations. In 

this section we propose a simple modification 

to the RS algorithm that results in a much 

simpler and computationally efficient algo-

rithm. Starting from the fact that Jβ contains 

all the L roots of )(zH with multiplicity J, then 

we propose first to make L groups each con-

tains J roots. The grouping can be done using 

the following approach: 

1. Select from the JL roots of Jβ the root with 

the minimum absolute value. 

2. Select the J-1 roots that are closest to the 

selected root in step 1. These roots form the 

first group. 

3. Repeat step 1 and 2 on the remaining set 

of roots. 
At the end we will have L groups each 

containing J roots. We estimate the L roots of 

the channel h as the average of the J roots 

within each group. So if the roots in the lth 

group are given as: ]R,...,R[ J
ll

1  then the lth 

channel root ch

lR can be estimated as: 

 





J

j

j
l

ch
l R

J
R

1

1
 for  L,...,l 1 .    (8) 

 
The MRS algorithm described above is 

much more computational efficient than the 

RS algorithm, however, both algorithms are 

highly sensitive to the correct model order es-

timate. In most previous work the channel or-
der L was assumed to be equal to its upper 
bound, the length of the cyclic prefix LCP. The 

accurate knowledge of the correct channel 

length will help in significantly improving the 

performance of the MRS estimator. In this pa-

per, the GAIC criterion is used to estimate the 

length of the channel. This is discussed in the 
next section. 

 

4. The channel order estimation 

 

GAIC has been a popular statistical crite-

rion for model structure selection in system 
identification. It has a cost function of the 

form [12] 
 

)L))(Mln(ln(V)L(GAIC L 1  .    (9) 

 

Where the first term reflects the modeling 
error and the second term is the penalty func-

tion. Here  is a parameter which the user can 
choose, and is our simulations we have cho-

sen  = 2. For our system, the expression for 
the modeling error VL is given by 
 

)ˆln(
N

V L,nL
2

2
 .            (10) 

 

Where 
2

,
ˆ

Ln  is the estimate of the noise vari-

ance for channel length L and is given by: 
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).ĥ*ĥ()ĥ*ĥ(
L

ˆ J
T
LJ

T
L

H
J

T
LJ

T
LL,n  




12

12

                             (11) 

 

Where Lĥ is the MRS channel estimate of the 

channel h assuming channel length L. The 

GAIC estimate of the true channel length is 
obtained by minimizing (9) with respect to L. 

The following steps constitute the GAIC test, 
Step 1. Initially set the limit P = Lcp 

Step 2. Calculate the cost function GAIC(L) for 

L = 1,2,…,P. 
Step 3. The GAIC estimate of L is then ob-

tained as 

 

 )L(GAICminargL̂
L

 .               (12) 

 
5. Phase directed algorithm 

 

The channel estimation accuracy of the 

MRS algorithm described above can be further 

improved through what is termed by Phase Di-
rected (PD) algorithm [9].  As described in [9], 
for each k we obtain 

J
k

M
j

J

k

k
M

j

ee

/1
22

)(ˆ)(ˆ 











 HH up to a scalar 

ambiguity 
1

0

)/2( }{ 

 J

n

nJj

k e  . Suppose that 

initial estimates )(ˆ
2

0

k
M

j

e



H are available 

through a the low complexity MRS algorithm. 

Then, for each ]M,[k 10  , we can resolve 

the phase ambiguity by searching over the J 

candidates phase values. 
 

2
/1

22

0 )(ˆ)(ˆminargˆ

J
k

M
j

J

k

k
M

j

k

k ee 













 HH

  .                        (13) 

 
Therefore, we can improve channel 

estimation accuracy through the Directed PD 

steps that can be described as follows: 

1. Get an initial estimate 
0ĥ  of the channel 

using the low complexity MRS method, and 

calculate the frequency domain response 

)(ˆ
2

0

k
M

j

e



H for each ]M,[k 10  . 

2. Resolve phase ambiguities using eq. (13) 

and replace each )(ˆ
2

0

k
M

j

e



H  with 

J
k

M
j

J

k e

/1
2

)(ˆˆ







 

 H  each ]1,0[  Mk  and form 

the vector.  

  T

J/
)M(

M
j

J
M

J/J ])e(Ĥˆ,...,)(Ĥˆ[h
~̂

1
1

2

1

1

01 0



















. 

3. Update the channel estimates in the time 

domain 
111

~̂1ˆ hVh
H

M
 , their frequency 

domain response using 
111
ˆ~̂
hVh new

. 

4. Repeat steps 1, 2 and 3 with 
10
ˆˆ hh   from 

the previous iteration, (say I1) times or until 

the Euclidean norm of the variation in the 

channel is very small.   

In the simulations described in the next 
section, it will be shown that using the PD 

algorithm with only one iteration can signifi-

cantly improve the channel estimation 

accuracy. It should be noted that each itera-

tion of step 3) entails one M-point inverse FFT 
and one M-point FFT. Thus the PD iterations 

have low computational complexity. It is also 
worth recalling that J = 2 for BPSK and hence 

k 1, while for QPSK, 16QAM and 64QAM, 

J = 4 so that k   1,  j. These few phase 

values can be resolved easily via eq. (13). 

 

6. Simulation results 

 
Several OFDM system were simulated 

using M=32, and 64 useful sub-carriers with 

cyclic prefix LCP = 8, and 12 samples. The data 

was taken from BPSK and QPSK constella-

tions. The performance of the channel estima-

tion algorithm is evaluated for a channel 

model with exponential power delay profile 
with 4 significant taps as used in [11] and 

[13]. The performance is averaged over 800 

independent quasi-static channel realizations. 

Channel order estimation was first done using 

the GAIC criterion as described in section 4. 
Then channel estimation is performed using 
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the proposed MRS algorithm with the GAIC 

channel order estimation technique, and com-

pared to the subspace algorithm of [13].  Their 

performances were compared in terms of the 

Time-Domain Normalized Mean Square Error 

(TD NMSE) defined as:  
 






L

k

k

L

k

kk h/hh  

0

2

0

2
NMSE  TD  . 

 

Fig. 2 shows a histogram describing the 

accuracy of the proposed channel order 
estimation algorithm using a 4-tap channel as 
described above. For each Eb/No value the ex-

periment was repeated 1000 times and in 

each time the channel order was estimated. 

Results show that for SNR above 15dB the 

algorithm produces the correct estimate MM=4 
more than 99% of the time. Even for low SNR 

values, the algorithm works considerably well, 

with only few times over-estimating or under-

estimating the channel order by 1-tap.  Figs. 

3-a and 3-b show the performance of the MRS 

algorithm for different values of the assumed 
channel order (MM), for the cases of BPSK and 

QPSK modulations, respectively. In these 

simulations, the channel estimation was done 

using the MRS algorithm assuming the chan-

nel orders MM = 4 (correct), 6, 8, 10 and 12. 
MM = 12, corresponds to the length of the cy-

clic prefix, which is usually the value used in 

most systems, when no channel order estima-

tion is performed. As we can see in the figures, 

over-estimating the channel order significantly 

degrades the MRS channel estimation per-
formance. The figures also show the perform-

ance of the proposed MRS algorithm when 

used together with the GAIC channel order 

estimation technique. The performance results 

in this case are almost the same as the case 
when the exact channel order estimate was 

assumed, i.e. MM = 4. 

The results shown in figs. 4-a and 4-b are 

similar to those in fig. 3 but for the case were 

the MRS channel estimation algorithm is 

followed by PD steps as described in section 5. 
Only a single PD iteration was used in the 

simulations. The results also show the 

sensitivity of  the  algorithm  estimates  to  the 

Histograms for Channel Order Estimates
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Fig. 2. Histogram for evaluating performance of the 
channel order estimate at different SNR. 

 
the correct channel order, and show also a 

significant degradation when the channel 

order is over-estimated. However comparing 

results in fig. 4 to those in fig. 3, show the 

performance improvement in the channel 

estimation accuracy when PD steps follow the 
initial MRS estimate. 

Figs. 5-a and 5-b compare the perform-

ance of the proposed MRS method with the 

GAIC model order estimation technique 

followed by PD iterations of [9] compared to 
the subspace method presented of [13] and 

[14] for BPSK and QPSK modulation.  It 

should be noted that the subspace method re-

quires a certain number of received blocks (2P 

for OFDM-CP and P for OFDM-ZP) to be 

applied. The subspace method achieves a 
performance that is constellation independent 

on the expense of higher complexity (2 SVD of 

large matrices) and higher memory require-

ment for solving the resulting system of 

equations. The proposed method is highly less 
complex. In addition, Fig. 5-a shows the im-

provement in the performance of the proposed 

algorithm to the subspace method, even with 

no PD iterations for BPSK modulation. In the 

case of QPSK, Fig. 5-b shows that the 

subspace method performs better than the 
MRS algorithm with no PD iterations. 

However, the improvement in the proposed 

MRS with PD clearly exceeds the performance 

of the subspace method. It should be noted 

that the PD iterations have low computational 
complexity as was explained in section 5. 

 

7. Conclusions 

 

A modification to the Root Selection (RS) 

algorithm is proposed leading to  the  Modified  
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         (a)                      (b) 

 

Fig. 3.  Performance of the proposed MRS algorithm using different assumed channel orders, when the actual channel 
order is 4. (a) for BPSK, (b)  for QPSK. 

 

 
         (a)                   (b) 

 

Fig. 4. Performance of the proposed MRS algorithm with a single phase directed iteration, using different assumed 
channel orders, when the actual channel order is 4. (a) for BPSK, (b) for QPSK. 

 

 
           (a)              (b) 

 

Fig. 5. Comparing the performance of the proposed MRS algorithm with channel order estimation to the subspace 
algorithm: (a) for BPSK, (b) for QPSK. 

 



I. Ghaleb / Channel estimation 

560                                           Alexandria Engineering Journal, Vol. 44, No. 4, July 2005 

Root   Selection    (MRS)   algorithm.    The   

RS algorithm is based on finite alphabet 

property of the transmitted symbols. The new 

algorithm is highly less complex than the RS 

algorithm and can be applied for channels of 

high order. The RS becomes very complex and 
impractical for high order channels. The 

proposed MRS algorithm uses a combination 

of the RS algorithm and the GAIC technique to 

blindly estimate the channel order then 

estimate the channel coefficients. The low 
complexity of the proposed MRS algorithm 

allows for further improvement of the channel 

estimation accuracy through the use of Phase 

Directed (PD) steps. The performance of the 

proposed modified algorithm is compared with 

the subspace method of [13], [14]. The 
subspace achieves a performance that is 

constellation-independent but the new method 

is highly less complex and is independent of 

the channel zero locations. The subspace 

method fails if one (or more) channel zero is 
located on a sub-carrier [13].  
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