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Abstract—Orthogonal Frequency Division Multiplexing
(OFDM) has become one of the key techniques in today’s wireless
communications. Although recently wireless communications
are developing very fast, the mobility of those systems often
is limited. In time-variant channels moving transmitters and
receivers create frequency shifts (Doppler effect) which destroy
the orthogonality of the subcarriers. In this paper we propose
a high-mobility feature: A Doppler compensation for multiple-
input and single-output (MISO) OFDM systems which can be
implemented with low complexity based on the fast Fourier
transform (FFT). At the end, we compare different channel
estimation algorithms and show that based on the orthogonal
matching pursuit algorithm the channel can be estimated for
the proposed Doppler compensation algorithm which can be
implemented accurately based on the FFT.

Keywords—Signal processing, Mobile receiver, Doppler-shift
compensation, MISO-OFDM

I. INTRODUCTION

MULTIPLE-input and multiple-output (MIMO) systems
are being implemented as a default choice in recent

years in communications due to their significant increases in
data throughput and link range. MIMO is the use of multiple
antennas at both the transmitter and receiver side to improve
the spectral efficiency and achieve a diversity gain. Recently, it
has been implemented in modern communication systems such
as DVB-T2, IEEE 802.11n (Wi-Fi), 4G, 3GPP Long Term
Evolution, WiMAX, etc. [1], [2]. Although it is beneficial,
the complexity of the systems increases considerably, i.e. the
implementation, channel estimation and reception processes
become more complex. In particular, in mobile wireless com-
munications the channel estimation and equalization processes
are challenging since time-variant channels destroy the or-
thogonality of the subcarriers [2]. Although OFDM is popular
because of the efficient and low complex implementation, the
Doppler effect makes the equalization process very complex
in time-variant channels.

The Doppler compensation process requires channel esti-
mation which becomes even more complex with an increasing
number of transmitters in MISO-OFDM. In the literature
channel estimation is not well learned for MIMO in time-
variant channels. Among all, least squares (LS) based channel
estimation is one of the popular algorithms although it has
several disadvantages. As such, it fails in noisy and time
variant channels, and requires an interpolation which is compu-
tationally complex [3]. A viable alternative to LS is matching

pursuit (MP) algorithm although there are only a few results
on MP-based channel estimation for MISO [4]. For instance,
Wang et.al. proposed an adaptive compressive MP algorithm
for MISO and showed that MP overfits the LS-based channel
estimation [4]. In this work we choose MP algorithms because
of their simplicity, low complexity and excellent performance.
Here, we compare different MP algorithms and finally select
LS-based orthogonal MP (LS-OMP) which can estimate the
channel with low complexity.

After estimating the channel, the compensa-
tion/equalization can be performed in the receiver. Although
one of the reasons why OFDM became very popular
was its simple equalization, in time-variant channels the
Doppler effect makes simple equalization schemes inaccurate.
Therefore, the compensation process becomes complex in
time variant channels. In [1] Jeon et.al. proposed an equalizer
in which a huge channel matrix must be inverted. Since it
was prohibitive to invert such a huge matrix in practice,
they proposed an approximation which in turn makes the
equalization inaccurate. Besides that in [5] Seyedi et.al.
proposed an MMSE based equalizer which is also very
complex. Therefore, they also added an approximation to the
computation which lowers its accuracy.

It is worth to note that both the channel estimation and
Doppler compensation were either very complex (more than
O(N3)) or inaccurate due to the approximations which limited
the mobility. In this paper both the channel estimation and
Doppler shift compensation are addressed for MISO-OFDM
systems which guarantee a high mobility in wireless sys-
tems. The proposed compensation algorithm can compensate
Doppler shifts in time-variant channels with O(N · logN)
complexity.

One of the challenges that we address in this paper
is the channel state information estimation for the Doppler
compensation algorithm. Although estimating the channel state
information is always a challenging task, here the Doppler
compensation algorithm only requires the channel matrix.
To this end, we show that the MP algorithm can construct
the channel matrix accurately enough to compensate for the
Doppler effect.

Our findings are:

• A novel Doppler shift compensation algorithm can
compensate Doppler shifts with low complexity for
MISO-OFDM
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• Channel estimation based on LS-OMP can estimate
the channel information sufficiently enough for MISO-
OFDM to compensate Doppler shifts

• MISO-OFDM improves performance compared to
single-input and single-output (SISO)-OFDM

Notation: ⊗ denotes circular convolution. ||·|| and | · | denote
L2 norm and absolute value. Additionally ∗ and F denote the
complex conjugation operation and Fourier transformation.

II. OFDM WIRELESS SYSTEM MODEL

OFDM has become a popular technique in recent years.
One of the reasons for its usage in many applications is the
fast Fourier transform (FFT) algorithm which performs the
discrete Fourier transform (DFT) with O(N ·logN) complexity.
In the transmitter, the inverse FFT (IFFT) can be written as
below for the symbols X(l), l = 0, . . . , N − 1 which enter
into the IFFT block where they are processed accordingly for
k = 0, . . . , N − 1

x(k) =
1

N

N−1∑
l=0

X(l)exp

(
j2π

k · l
N

)
(1)

After IFFT, the x symbols are converted from parallel to
serial and then transmitted accordingly. In the receiver, the
received symbols are converted from serial to parallel and
entered into the FFT block where they are processed for
l = 0, . . . , N − 1 as follows

X(l) =

N−1∑
k=0

x(k) · exp
(
−j2π · l · k

N

)
(2)

At the end, the channel can be estimated based on the pilot
carriers, and using this channel information the equalization
block can equalize the channel effects.

III. TIME-VARIANT CHANNEL MODEL

In time-variant multipath propagation, the channel is both
time and frequency selective, which can also be termed as
a double selective channel; Each path has different channel
effects such as attenuation, phase shift, time delay and Doppler
shift [2]. In linear time-variant (LTV) channels the received
signal can be written as a convolution of the channel response
h(τ, t) with the input signal x(t) according to the sum-
convolution property as follows

y(t) = x (t)⊗ h(τ, t) + w(t) (3)

h(τ, t) in (3) for LTV can be written for the multipath
propagation model as follows

h(τ, t) =

P−1∑
p=0

ρpe
jφpδ(τ − τp)ej2πνpt (4)

where attenuation, phase shift, time delay and Doppler shift
are denoted with ρp, φp, τp and νp for the p-th path. After

RxTx1

s0, s1 h11

Tx2

-s1, s0
* *h12

Fig. 1. MISO transmittion and reception

denoting ρpejφp with hp and ej2π·νp·t with Dp(t) (4) can be
written as follows

h(τ, t) =

P−1∑
p=0

hpδ(τ − τp)Dp(t) (5)

In the receiver, when the received signal y(t) enters into
the FFT block, the FFT converts it into the frequency domain.
Consequently, after y(t) in (3) entering into FFT, considering
that the convolution in (3) becomes multiplication and the
multiplication in (4) becomes convolution, the output signal
can be written as follows

Y (f) = X(f)

P−1∑
p=0

hpe
−j2πfτp ⊗F(Dp(t)) (6)

In general, the Doppler shift occurs when one or both
of the objects, the transmitter and/or the receiver, is moving.
According to the classical Doppler shift theory the Doppler
shift ν can be written for p-th path as νp = v · fcc · cos(ϕp)
where v is the speed of the object, ϕp is the angle of arrival,
fc is the carrier frequency and c is the speed of light.

The channel response can be time dependent in real
systems which can make the channel parameters nonlinear.
This effect can occur when the objects are moving with an
acceleration. Within this paper we assume the Doppler shift
to remain constant over one OFDM-symbol. In Sec. VIII we
provide a computation to show that in a scenario involving
mobile DVB-T2 reception in a car this assumption perfectly
holds.

IV. MISO-OFDM SYSTEM

MISO transmission is the use of multiple transmitters and
one receiver, where the transmitted base data is the same in
the transmitters but transmitted with slightly modified versions,
Fig. 1. In the receiver, y contains their superposition through
different channels. In this work, the diversity scheme of the
system is based on the Alamouti methodology [6], [7]. As
illustrated in Fig. 2, Tx1 and Tx2 are the transmitters which
belong to MISO group 1 and group 2. Thus, the transmitter in
MISO group 1 transmits the signals without buffering, negation
and complex conjugation. However, the signals transmitted by
MISO group 2 transmitter experience pairwise modification;
Tx2 transmits −s1* while Tx1 transmits s0, and Tx2 trans-
mits s0* while Tx1 transmits s1. Note that the cells s0 and s1
can come from different Physical Layer Pipes (PLPs). In the
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Fig. 2. MISO scattering pilots

receiver the signal components can be recovered accordingly
where y1 and y2 are the received signals at time t and t+ T .
Here, h11 and h12 are the channel transfer functions between
Tx1 and Rx and Tx2 and Rx. After processing in the receiver
after FFT block, the received signal Y can be written for MISO
as follows

Y =

(
Y1
Y2∗

)
= HMS · S +W (7)

Y1 = H11S0 −H12S1 ∗+W1 (8)

Y2∗ = H11S1 ∗+H12 ∗ S0 +W2 (9)

where HMS , S, W are the channel transfer function matrix,
transmitted signal after processing and noise vector which can
be written as follows

HMS =

(
H11 −H12

H12∗ H11∗

)
, S =

(
S0

S1∗

)
, W =

(
W1

W2∗

)
.

To get S back in the receiver there are several approaches
[6]. One of the simplest approaches to solving this problem
is the simple matrix HMS inversion which is based on Zero-
Forcing (ZF) algorithm, and can be written as follows

Ŝ = H−1MS · Y (10)

Using (10), data can be decoded back in the receiver as a
result of the solution Ŝ.

V. DOPPLER SHIFT COMPENSATION

In the receiver, the FFT block converts y into the frequency
domain, (2). In the FFT, the channel response h is also
converted accordingly which can be written as a circular con-
volution, (6). Generally speaking linear equalization process
is based on the channel matrix inversion where the carriers
can be recovered from channel effects by the simple operation
Y · H−1. However, the inversion of the channel matrix H
is very complex which turns most algorithms impractical.
In this paper, we show that the circular convolution in (6)

can be written as a matrix multiplication, and this matrix
can be inverted using an FFT according to [8]. Hence one
of the multipliers can be constructed as a circulant matrix
Hp(f) ⊗ F(Dp) = Hc · F(Dp) and the circulant matrix Hc

written as follows

Hc =


Hp0 Hp(N−1) · · · Hp1

Hp1 Hp0

...
. . .

...
Hp(N−1) · · · Hp0

 (11)

The matrix above is a circulant matrix, and it was proven that
it can be inverted based on the FFT [10], [12]. Hence complex
matrices can be diagonalized in terms of a Fourier matrix
which are subject to FFT. The elements of Hc above can be
represented by a characteristic polynomial Pγ , and the diagonal
matrix Ω can be constructed using the Fourier transformation’s
primitive n-th root of unity ω := e

2πj
N . By denoting the Fourier

matrix with F (= FN ) and its Hermitian adjoint with F ∗, Hc

can be written as follows

Hc = F ∗P (Ω)F (12)

As shown above, using the Eigenvalues P (ωk), Hc can be
inverted as suggested in O(N ·logN) operations. The complete
proof of this problem can be found in [10].

Doppler Shift Compensation based on FFT

Above we show that the convolution can be written as
a matrix multiplication and inverted with low complexity.
Here, we show the inversion of H using an FFT and its
implementation. To this end, if we apply FFT to (5), and denote
F(hp(t)δ(τ − τp)) with Hp(f) we get

H(f) =

P−1∑
p=0

Hp(f)⊗F(Dp(t)) (13)

which is a channel transfer function in frequency domain.
Finally, we can compensate the Doppler shifts and other
channel effects by dividing the received signal Y (f) to H(f)
with linear division operation. For MISO we have to estimate
both H11 and H12 and calculate the inverse of small HMS

matrix in (10).

VI. CHANNEL ESTIMATION

Channel estimation is one of the most complex parts of
the Doppler compensation since the channel information is
necessary for equalization.

Here, we consider Alamouti-based MISO in frequency di-
rection with two transmitters and the slightly modified version
of the second transmitter’s symbols. The MISO processing and
pilot modification for the signal from transmitters in MISO
group 1 is unmodified. In contrast, the group 2 is modified in
the reverse order in frequency for each pair of the constellation,
Fig. 1. Since some pilots are inverted in the MISO group 2
signal, the pilots for the same position can be calculated using
the sum (sum) and the difference (diff ) pilots. This is done
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by interpolation both in time and in frequency direction as
shown in Fig. 2. After calculating the sum and diff pilots
for the same positions we can find values for the channel 1 as
(sum − diff)/2 and for the channel 2 as (sum + diff)/2.
Finally, we can estimate both channels. If you look at Fig.
2 you can see that the channel coherence time will need to
be longer due to the interpolation in time - between symbols.
Similarly, the density of the pilots will decrease twice in MISO
in comparison to SISO. To achieve the same performance in
the channel estimation, the number of the pilots should be
increased twice.

MP channel estimation algorithms

As a channel estimation algorithm we implement MP
algorithms e.g., Basic MP (BMP) and orthogonal MP (OMP)
which chooses the most dominant taps based on a dictionary
[12], [13]. The channel dictionary D contains elements
dj , j = 1, . . . ,M where M = K · L for K number of
time shifts and L number of Doppler shifts. The algorithm
will iterate for P possible paths while selecting a new dj
dictionary element at each iteration based on the maximum
rank-one projection. The set of indexes and coefficients are
denoted with Ip (all selected p taps) and cp. Here, bj will
update the residuals based on the pilot symbols Ypilot. We
get Ypilot symbols back in the receiver according to (6).
Finally, the algorithm can be formulated as the following parts,

1) Initialize
a) Calculate b0,j = dhj Y for j = 1, . . . ,M
b) Add Ip vector to store selected projection indexes

2) Iterate for p = 1, . . . , P

a) p-th maximal projection ip will be calculated as

ip = arg max
j=1,...,M,j /∈Ip−1

| bp−1,j |2

||dj ||2
(14)

b) ip will be stored in Ip = {Ip−1, ip}
c) Coefficients will be calculated as

ĉp =
bp−1,ip∣∣∣∣dip ∣∣∣∣2 (15)

d) The residual vector will be updated as

bp,j = bp−1,j − ĉpdhj dip (16)

In above algorithm eq.(15) calculates the coefficients for the
BMP algorithm. For the LS-OMP algorithm coefficients will
be calculated based on LS minimization as follows

ĉp,ls−mp = arg min
c
||y −Di,pc||2 = [Dhi,pDi,p]−1Dhi,py (17)

where Di,p , [di1 , . . . , dip ]. For the Gram-Schmit (GRS)
algorithm which is another OMP algorithm, coefficients are
calculated after the orthogonalization of dip vector [14].

As a stopping criterion we introduce a robust and accurate
stopping criterion for the MP which also considers the SNR
to get a better threshold, and can be written as { Tp > p |

TABLE I. MISO GROUP 1 CHANNEL PARAMETERS

Attenuation Delay (µs) Angles
Path 1 0.057662 1.003019 90◦

Path 2 0.176809 5.422091 0◦

Path 3 0.407163 0.518650 15◦

Path 4 0.303585 2.751772 30◦

Path 5 0.258782 0.602895 45◦

Path 6 0.061831 1.016585 60◦

TABLE II. MISO GROUP 2 CHANNEL PARAMETERS

Attenuation Delay (µs) Angles
Path 1 0.057662 2.003019 90◦

Path 2 0.176809 2.422091 0◦

Path 3 0.407163 1.51865 15◦

Path 4 0.303585 0.751772 30◦

Path 5 0.258782 3.602895 45◦

Path 6 0.061831 0.016585 60◦

abs(Tp−1-Tp) < 1e−5·10−(
SNR
30 ) }. Here abs() is the absolute

value, | is logical or, and T0 is set to 1 in the beginning of the
algorithm. This stopping criterion is based on the SNR level
which makes the stopping criterion more robust to the noise.
For the BMP algorithm the stopping criterion is based on the
generalized Akaika information criterion (GAIC) [15].

VII. COMPUTATIONAL COMPLEXITY

We divide the complexity into two parts: The complexity
of the Doppler shift compensation and the complexity of
the channel estimation. In the Doppler shift compensation
algorithm the most complex operation is the matrix inversion.
Fortunately, the proposed algorithm can invert the channel
matrix based on FFT with O(N ·logN) operations. Apart from
that the rest of the operations is linear.

The complexity of the channel estimation is another impor-
tant part of the Doppler shift compensation. The complexity of
the MP channel estimation can be divided into two parts. The
first part is the inner products in the algorithm which equals
to O(2M2 + 2M). The second part is the complexity of the
iterations to select the dictionary elements and the coefficient
calculation which equals to O(4MP − 2P 2 +P ). The overall
complexity will be O(2M2 + 2M + 4MP − 2P 2 + P ) for
MP. Here, M is the number of the dictionary elements, and
P is the number of the paths. This complexity can be de-
creased by applying different dictionary storage and processing
techniques. When the coefficients are calculated according to
the LS algorithm, the inner product Dhi,pDi,p in the equation
(17) will turn into p dimensional square matrix where p is
the index of the iterations. In this case, based on a stable QR
decomposition, the complexity of LS will be O(p3).

VIII. RESULTS

In this section, we demonstrate three important issues:
The proposed channel estimation, the Doppler compensation
algorithms and the Doppler shift under acceleration. For simu-
lations we implement our algorithms in the DVB-T2 common
simulations package (DVB-T2 CSP), [11]. The selected sys-
tem parameters are MISO-OFDM with 1/8 guard interval, 8k
mode, 256-QAM modulation and PP2 pilot symbols. Here,
we assume the synchronization to be perfect; The carrier fre-
quency and sampling interval are 862 MHz and ts = 7/64µs
respectively. As a channel we implement co-located Rayleigh
MISO Channels adopted from [6], Tab. (I,II); The maximum
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Fig. 3. Channel estimation algorithms for MISO-OFDM system

0 5 10 15 20 25 30 35 40 45
10

−4

10
−3

10
−2

10
−1

10
0

SNR (dB)

B
E

R

 

 

MISO ideal

MISO proposed

MISO w/o Doppler c.

Fig. 4. Comparison between the proposed and conventional MISO

Doppler shift is 200 Hz in the channel with each path under
different angles as given in Tab. (I,II).

First, we demonstrate different channel estimation algo-
rithms and compare them based on the bit error rate (BER).
Here, we consider a dictionary D with elements of 1 ns time
delay and 1 Hz Doppler shift differences. As shown in Fig.
3 the LS-OMP algorithm outperforms the GRS-based OMP
and BMP algorithms, and becomes very close to the ideal
channel information curve where the ideal channel information
means the correct channel information known in the receiver.
The GRS-OMP algorithm have a random deviation due to the
coefficient estimation sensitivity. Although BMP is slightly
better than GRS-OMP algorithm it also fails to estimate
coefficients accurately.

To demonstrate the Doppler compensation algorithm we
compare the system without Doppler compensation (conven-
tional) to the system with the proposed algorithm in Fig. 4.
As you see the difference is very small between the ideal and
the proposed channel estimation algorithm LS-OMP up to 15
dB, after which the BER becomes 0 in case we apply forward
error correction (FEC). It is worth to note that the accuracy
of the channel estimation depends on the completeness of the
dictionary. The BER curve gets closer to the ideal case if the

0 5 10 15 20 25 30 35 40 45
10

−4

10
−3

10
−2

10
−1

10
0

SNR (dB)

B
E

R

 

 

SISO proposed

MISO proposed

SISO w/o Doppler c.

Fig. 5. Comparison between SISO and MISO

size of the dictionary is increased.

We also compare MISO and SISO using LS-OMP in Fig. 5.
Here, MISO is better than SISO, showing that MISO benefits
from the diversity property.

Finally, we calculate the Doppler shift under different
acceleration rates a as introduced in Sec. IV. If we know
the sampling interval ts and the number of the samples N
in one symbol, we can calculate the Doppler shift difference
between the beginning and the end of the symbol. First, we
calculate the velocity difference ∆v between the beginning
and the end of the symbol as ∆v = a · N · ts then calculate
the Doppler difference as ∆fd = ∆v · f0/c. ∆fd will be
49m/s2 · (7/64)µs · 9216 · 862MHz/c = 0, 14Hz for the
Formula One car1, under heavy braking with the acceleration
of 49m/s2 This shows that even under really high acceleration,
the Doppler shift can be assumed to be constant within one
OFDM-symbol.

IX. CONCLUSION

In this work we proposed a novel Doppler shift compensa-
tion algorithm with the LS-OMP channel estimation algorithm
based on FFT. Using this compensation algorithm MISO-
OFDM wireless communication systems can achieve high
mobility with low complexity and high accuracy. We also
compare different channel estimation algorithms and choose
LS-OMP as the best among all. Besides them we show that
even in a high acceleration rate this algorithm will be robust.
Intuitively, this work can be generalized for MIMO also where
the number of the receivers is more than one.

The created dictionary can be inaccurate in real scenarios
due to the storage and under completeness issues. Future work
should therefore include the dictionary processing, storage and
size issues.
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