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Abstract

Due to wide modulation bandwidth in optical communication, multipath
channels may be non-sparse and deteriorate communication performance
heavily. Traditional compressive sensing-based channel estimation algorithm
cannot be employed in this kind of situation. In this paper, we propose a prac-
tical parametric channel estimation algorithm for orthogonal frequency divi-
sion multiplexing (OFDM)-based visual light communication (VLC) systems
based on modified zero correlation code (ZCC) pair that has the impulse-like
correlation property. Simulation results show that the proposed algorithm
achieves better performances than existing least squares (LS)-based algorith-
m in both bit error ration (BER) and frequency response estimation.
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1. Introduction

Visual light communication (VLC) technology [1] is becoming increasing-
ly important for future communication systems due to its ability to provide
data transmissions and illumination with high security and energy conserva-
tion. Besides, the light emitting diode (LED) as one of the most popular and
important light sources can promote the widespread use of VLC systems.
However, multi-path distortion caused by the reflections can heavily reduce
the communication qualities of VLC systems. Thus, orthogonal frequency
division multiplexing (OFDM) technique is introduced into VLC systems to
combat the multi-path effect. Due to intensity modulation and direct detec-
tion in most VLC systems, many OFDM-based VLC systems [1, 2, 3, 4, 5, 6]
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resort to the direct current-biased OFDM modulation schemes to enable sig-
nals to be positive which is different from radio OFDM systems.

To ensure stable and efficient transmissions of OFDM-based VLC sys-
tems, channel state information (CSI) must be estimated. One algorithm
is exploiting the pilots which can be generated by block-type and scattered
schemes [1, 3, 4]. Another algorithm is based on the preamble which is a
kind of block-type pilot symbol. Mostly, OFDM-based VLC systems use the
least squares (LS) algorithms [7] to acquire the channel frequency response.
This algorithm is rather simple and easy to implement, but is sensitive to
noise. The linear minimum mean square error (LMMSE) algorithm which is
a modified algorithm of minimum mean square error (MMSE) [8, 9] achieves
better performances than LS algorithm. However, the calculation complexi-
ty is still extremely large and has to know the channel statical information
in advance which makes the two kinds of algorithms less pragmatic to be
employed.

Bajwa et al [10] have introduced compressed sensing technique into chan-
nel estimation and applied it in double selective channel situations for radio
communications. It firstly estimates the number of paths, and then acquires
the delay profiles using estimation of signal parameters via rotational invari-
ance techniques (ESPRIT) [11]. The two processes require an extremely large
amount of calculations. Finally, it calculates the gain of each path by solving
an optimal problem. It is also called parametric channel estimation algorith-
m. This technique can improve estimation performances and decrease the
need for pilots which contributes to a higher spectrum efficiency. This kind
of algorithm is based on the assumption that the communication channel is
sparse in discrete time domain [12, 13]. In VLC application scenarios, sparse
channel does exist in some situations such as the outdoor car-to-car commu-
nication using the headlamps to transmit signals. It is evaluated by SeokJu
Lee et. al [5]. If the channel is not sparse, compressed sensing technique
does not work well. It is pointed in the paper of Xudong Zhu et. al [13] in
which they proposed a sparsity-aware channel estimation algorithm for radio
communication systems. In indoors and near field communication situations,
the maximum path delay of multipath channel may exceed 60ns[14]. And
the modulation bandwidth may exceed 500MHz/s with the help of µ-LED
or laser diode[15]. In this case, the channel is no longer sparse [16] for these
systems. Thus, compressed sensing-based channel estimation algorithm is
useless.

In radio communication systems, some compressed sensing-based algo-
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rithms coarsely estimate the gains and delays of channels by using the con-
stant amplitude zero autocorrelation code (CAZAC)[17]. However, CAZAC
sequences cannot be used in VLC systems due to the intensity modulation
and direct detection (DD) as the amplitude of CAZAC is constant. Also, all
the subcarriers must be exploited to generate CAZAC sequences which means
this sequence cannot be used in pilot-based channel estimation algorithms.
Motivated by the parametric channel estimation algorithm and CAZAC se-
quences, we propose a novel algorithm based on the modified zero correlation
code (ZCC) pair to acquire CSI. Compared with CAZAC sequences, the mod-
ified ZCC pair can be generated into real value signals by using pilot data.
Thus, modified ZCC pair can be used in VLC systems. The rest is orga-
nized as follows. In Section II, the system model is presented, including the
channel model and DCO-OFDM-based VLC system. Then, we give detailed
descriptions on the modified ZCC pair and our algorithm in Section III. In
Section IV, performance and simulation results are analysed. In the end, the
conclusion is drawn in Section V.

2. System Model

2.1. DCO-OFDM-based VLC system

In order to make the transmitted signal be positive, a common scheme is
to add a direct-current (DC) offset value to signals. In this case, this kind
of OFDM system is called DC offset OFDM (DCO-OFDM). At the receiver,
we just need to subtract a DC value and the signal we get is what we need.
So we do not need to consider this process.

To overcome the effect of multipath, the cyclic prefix (CP) is introduced in
the OFDM systems. Considering a DCO-OFDM system with N sub-carriers,
the baseband model is given as

x(n) =
1√
N

N−1∑
i=0

Xie
j2π ni

N ,−NCP ≤ n ≤ N − 1 (1)

where n denotes the index of signal in time domain and Xi denotes the
modulated data on the k-th sub-carrier. The NCP represents CP length. To
make x(n) be real, Xi must follow the Hermite symmetry property which is
shown as

X = [X0, X1, . . . , XN/2−1, X(N/2), X∗
N/2−1, . . . , X

∗
1 ] (2)
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Besides, X0 and X(N/2) should be real.
The whole system is shown in Fig.1 and the mapping type is multilevel

quadrature amplitude modulation (MQAM). Then the mapped data are in-
verse Fourier transformed into real-valued data and CP is added. After that,
the sequence will be transmitted through digital to analog converter (DAC)
and LED transmitter. We add a DC bias voltage for the LED transmitter
because signals of the VLC systems are non-negative. After signal coming
through line of sight (LoS) or non-line of sight (NLoS) path channel, the pho-
todetectors (PD) receive signals by direct detection. Then the CP is removed
and received data are Fourier transformed, demodulated and recovered into
the original data.

Figure 1: Indoor geometric distribution model of the system and the schematic of a DCO-
OFDM-based VLC system

The effect of multipath channel can be written as

y(n) =
L−1∑
l=0

h(l)x(n− τl) + w(n) (3)

where h(l) represents the VLC channel time domain response and w(n) de-
notes the total noise consist of the ambient light shot noise and thermal noise
which can be modeled as white Gaussian noise[14].

The received signal in frequency domain can be expressed as

Y (k) = X(k)H(k) +W (k), (4)
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where H(k) follows the equation as

H(k) =
L−1∑
l=0

g(l)e−j2π
τlk

N , 0 ≤ k ≤ N − 1 (5)

As long as we acquire the gains and delays of multipath channels, we would
get the channel impulse response. Thus, the main task is estimating the
gains and delays of multipath channels.

2.2. VLC Channel Model

A realistic VLC channel is determined by many factors, such as realistic
light source, different types of reflections and the light wavelength. For ex-
ample, in home environment, the LOS response depends on the LOS length
and its power is bigger than that of NLOS components caused by a large
number of reflections from walls, floor and other objects like glass shown in
Fig. 2 .

Figure 2: Indoor geometric distribution model of the system

As pointed in [18], the maximum path delay in home environment is about
60ns and there is often one LOS response while the NLOS responses are
extremely small. However in manufacturing cell environment, the maximum
path delay may exceed 80ns. Also, there are more strong LOS responses
as many light traces are reflected by metal materials and NLOS responses
cannot be neglected.
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Overall, we can model the VLC channel as multipath channel. The VLC
channel can be modeled as

h(τ) =
L−1∑
l=0

g(l)δ(τ − τl), (6)

where g(l) and τl denote the gain and delay of the l-th transmission path,
δ(τ) denotes the Dirac function and L represents the number of path. h(τ)
can be made discrete at a sampling speed. For simplicity, we assume that τl
is an integer. Since VLC systems can only transfer intensity signals, g(l) ≥ 0.

3. Modified Zero-correlation-code pair and proposed algorithm

3.1. Modified Zero-correlation-code pair

In previous work, Zero-correlation-code (ZCC) pair [6] is proposed to
synchronize signal in OFDM-based VLC systems by using the impulse-like
periodic correlation relationship. This can be exploited in pilot-based channel
estimation with some modifications.

Let ap and bp+q be the results that An and Bn are inverse Fourier trans-
formed into with different order. Then, the two parts can be expressed as

ap =
1√
N

N−1∑
n=0

An · ej2πpn/N , (7)

bp+q =
1√
N

N−1∑
m=0

Bm · ej2π(p+q)m/N . (8)

If An ∗B∗
n = 1, there will be periodic correlation relationship as

N−1∑
p=0

ap · b∗p+q

=
1

N

N−1∑
p=0

N−1∑
n=0

N−1∑
m=0

An · ej2πpn/N ·B∗
me

−j2π(p+q)m/N

=
1

N

N−1∑
p=0

N−1∑
n=0

N−1∑
m=0

An ·B∗
m · ej2πp(n−m)/N · e−j2πqm/N
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=
N−1∑
n=0

N−1∑
m=0

An ·B∗
m · δ(n−m) · e−j2πqm/N

=
N−1∑
n=0

An ·B∗
n · e−j2πqn/N

= δ(q) (9)

where δ(q) denotes the Dirac sequence and δ(0) = 1 and δ(N) = 1.
In channel estimation, scattered pilots are mostly wide used. Inspired by

Eq. (9), we just exploit the scattered sub-carriers with a fixed step P which
means that

An ·B∗
n = 1, n = i+ k · P, (10)

Eq. (9) can be derived as

N−1∑
p=0

apb
∗
p+q =

N−1∑
n=0

An ·B∗
n · e−j2πqn/N

= e−j2πqi/N

⌊N
P
⌋−1∑

n=0

e
−j2πqPn

N

= e
−j2πqi

N
1− e

−j2πqP⌊N
P

⌋
N

1− e
−j2πqP

N

, (11)

which reflects that the correlation result is approximately impulse-like. If the
result of N

P
is an integer, Eq.(11) is totally periodically impulse-like.

N−1∑
p=0

apb
∗
p+q =

N

P
· e−j2πqi/Nδ(qP ), (12)

And the period is N
P
. This property can be used in channel estimation.

3.2. Proposed algorithm

Inspired by some compressed sensing-based channel estimation algorithms
in radio communications systems using CAZAC [17], the proposed algorith-
m’s main part is to estimate the channel characteristics via modified ZCC
pair.
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If we denote xa(n) as the transmitted pilot data in one OFDM symbol
and xb(n) as the pair symbol that can be generated via Eq.(7) and Eq.(8)
with the relationship of Eq.(10), there will be

∑N−1
n=0 xa(n)x

∗
b(n) = ⌊N

P
⌋ and∑N−1

n=0 (x(n+ i)− xa(n+ i))x∗
b(n) = 0 when −NCP ≤ i ≤ 0. The correlation

calculation is absolutely periodic within the whole symbol region and ape-
riodic out of the range shown in Fig. 3. Therefore, the original pilot data

Figure 3: The illustration of multipath effect on the correlation calculation

should be carefully chosen.
Recently, in the fifth generation (5G) communication systems, the com-

munication systems of Physical layer for dynamic spectrum access and cogni-
tive radio (PHYDYAS) [19] is proposed. The prototype filter they proposed
has good performance in many aspects. We introduce this into the modified
ZCC pair sequence generation.

The first thing to do is to generate the original unmodulated data g.
Step1: Define S as a vector of N/8 + 1 length consisting of 1 and −1:

S = [1, · · · 1, · · · − 1, . . .− 1]T .
Step2: S is multiplied by a matrix diag([1, j,−1, j3, . . . jN/8−1, jN/8]) to

be SS. This is also called offset quadrature amplitude modulation process.
Step3: Define SSS as a vector with Hermite property via
SSS = [SS(0), SS(1), · · ·SS(N/8), SS∗(N/8− 1), · · ·SS∗(1)]T .
Step4: Finally, we get the original data g before IFFT process using
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Figure 4: The aperiodic correlation results of modified ZCC pair using PHYDYAS filter
with different sub-carrier steps

PHYDYAS filter via g = G · SSS. Here, G is expressed as

G =



G0 0 . . . 0
G1 G3 . . . 0
G2 G2 . . . 0
G3 G1 . . . 0
0 G0 . . . 0
... 0

. . .
...

G3 0 . . . G1

G2 0 . . . G2

G1 0 . . . G3


N×N

4

(13)

where G0,G1,G2 and G3 are given in [19].
We then get original pilot data by spreading elements of g to each pilot

sub-carriers. For example, if the sub-carrier step is 4, then X0 = g(0) and
X4 = g(1). Also, XN−4 = g∗(1) and etc. If the sub-carrier step is 2, then
X0 = g(0), X2 = g(1) and XN−2 = g∗(1). Then xa(n) and xb(n) can be
generated via Eq.(7) and Eq.(8) with the relationship of Eq.(10) and has
good aperiodic correlation results shown in Fig.(4).

If we choose all the sub-carriers as pilots, then the nearby symbols will
not affect correlation results. In this case, we can get each path gain via the
following equation.

h̄(k) =
N−1∑
n=0

y(n+ k)x∗
b(n)
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=
N−1∑
n=0

L−1∑
l=0

(h(l)x(n+ k − l) + w(n+ k))x∗
b(n)

=
L−1∑
l=0

h(l)
N−1∑
n=0

x(n+ k − l)x∗
b(n) + w̃(k) (14)

h̄(k) =
L−1∑
l=0

h(l)δ(k − l) + w̃(k) (15)

When we just choose a small amount of sub-carriers,
∑N−1

n=0 x(n + k −
l)x∗

b(n) = δ(k− l) is not equal to δ(k− l), thus Eq.(15) is no longer equal. It
should be multiplied with a matrix given in subsequent discuss. We rewrite
Eq.(14) in matrix form as

h̄ = Ah+ w (16)

where h̄ = [h̄(0), h̄(1), . . . , h̄(L−1)] and h = [h(0), h(1), . . . , h(L−1)]. The h̄
is the coarse estimated channel response and h is the real channel response.
The A can be expressed as

A =


A(0) A(1) . . . A(L− 1)
A(−1) A(0) . . . A(L− 2)

...
. . .

...
A(−L+ 1) A(−L+ 2) . . . A(0)

 (17)

where

A(k) =

{ ∑N−1
n=0 xa(n+ k)x∗

b(n) k ≤ 0∑N−1−k
n=0 xa(n+ k)x∗

b(n) k ≥ 0
(18)

Therefore, the gain estimation is calculated via h = A−1h̄.
Therefore, the whole algorithm can be listed as:

1. Parameters: IFFT length N , pilot step STEP

2. Initialization: Spread elements of g to pilot sub-carriers and generate
xa(n) and xb(n). Generate matrix A according to Eq.(17) and Eq.(18).

3. Calculate the correlation results between y(n) and xb(n) as h̄.

4. Calculate the estimated channel impulse response h = A−1h̄

5. Calculate the channel frequency response via Eq.(5)
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4. Simulation and Analysis

We compared the mean squared error (MSE) and bit error rate (BER)
performances of proposed algorithm with the LS-based channel estimation
algorithm. In this paper, LS-based channel estimation algorithm is based on
spline interpolation of scattered pilot.

Table 1: The parameters of simulation

Parameters Value
Number of subcarriers 512
CP length 64
Frame length 16 OFDM symbols
Bandwidth 500MHz
Constellation order 16QAM
Pilot distribution Scattered
Simulation trial number 100000
Room area W×H×L 2×4×3m3

Receiving node(PD)area 1cm2

Conversion efficient of photoelectricity 0.5A/W
Receiver field of view(FOV) 60◦

The VLC channel we use is the indoor manufacturing cell channel given
by [20]. As to the signal-to-noise ratio, in paper [1], authors have tested
the OFDM-based VLC systems using common LEDs and revealed that the
average SNR values are over 18dB. If we choose better LED lamps, the
average SNR value will exceed 20dB. Therefore we set the SNR range as
[20dB 40dB].

LS-based channel estimation algorithm is a kind of frequency-domain
channel estimation method. Once we obtain the channel frequency domain
response of each pilot subcarrier, we can recover the whole frequency response
via spline or linear interpolation. However, if we choose linear interpolation,
the systems will suffer from performance degradation. If we choose spline
interpolation, the performance will be improved but systems have to resort
to complex calculations to fulfill this task. The inverse of diagonally dominant
matrix needs to be solved to acquire the parameters of spline interpolation
process before we calculate the channel frequency response. Apart from
the calculation of inverse matrix, the LS-based channel estimation algorithm
requires at least 3N multiplication process to recover the whole CSI.
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The proposed algorithm is a kind of time-domain channel estimation al-
gorithm which is different from LS-based algorithm. Since we do not know
the real channel length, we regard the channel length as NCP for all kinds of
channels assuming that the channel length is smaller than CP length. We can
directly store the inverse matrix of A to reduce computational complexity.
If NCP < N

STEP
, the diagonal values of A are roughly near to 1 and the rest

are rather small which means A turns into an identity matrix. Thus, our al-
gorithm is less computationally complex compared with LS-based algorithm.
As to the channel recovery, what we need to do is to calculate the channel
frequency response via Eq.(5) which means we can input the gain and delay
data into the FFT module. In this case, we do not need extra computation
and the whole computation complexity of our algorithm is NCP · (N +NCP ).
Overall, our algorithm is less complex than LS-based algorithm.
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Figure 5: The frequency response MSE comparison of LS-based algorithm and proposed
algorithm

Fig.5 shows the MSE (mean square error) performance of frequency re-
sponse estimation for the LS-based and proposed algorithms with four amounts
of pilots being used. For both algorithms, the more pilots are used, the better
performance would be. As shown in the figure, all the MSE values decrease
with enlarging SNR. If the OFDM-based VLC systems exploit 12.5% pilots,
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the MSE value of LS-based algorithm is very large even when SNR value
is large. While the MSE value of proposed algorithm using 12.5% pilots is
lower than that of LS-based algorithm, and would still gradually drop to a
level which is smaller than that of LS-based algorithm using 25% pilots.
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Proposed algorithm (pilots 12.5%)

Figure 6: The BER result comparison of LS algorithm and proposed algorithm

Fig.6 shows the BER performance of the LS-based and proposed algo-
rithms. Similar to the situation in frequency response results comparison,
when using 12.5% pilots, the BER performance of LS-based algorithm is al-
most the same within the [20dB 40dB] SNR range. The BER performance
of systems using 100% pilots is approximately equal to that of 50% pilots
for both algorithms. The proposed algorithm achieves a better BER perfor-
mance than LS-based algorithm no matter how many pilots are used.

5. CONCLUSION

In summary, we have proposed a practical parametric channel estimation
algorithm for DCO-OFDM-based VLC systems. When the modulation band-
width is wide, multipath channels may be non-sparse for the DCO-OFDM-
based VLC systems and deteriorate communication performance heavily.
Compressive sensing-based channel estimation algorithm cannot be employed
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while our algorithm can work well in this case. Simulation results reveal that
our algorithm achieves better performances than the existing LS-based algo-
rithm in both BER and frequency response estimation while does not need
complex calculations.
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