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Frequency Offset Estimation for Satellite
Communications with Adaptive Frame Averaging
Julian Webber, Masanori Yofune, Kazuto Yano, Naoya Kukutsu, Kiyoshi Kobayashi and Tomoaki Kumagai
Advanced Telecommunications Research International, 2-2-2, Hikaridai, Seika-cho, Kyoto, 619-0288, Japan

{jwebber, yofune masanori, kzyano, kukutsu, kumagai}@atr.jp

Abstract—The modified Luise and Reggiannini (L&R) algo-
rithm is one of the frequency offset estimation algorithms suitable
for use with the Digital Video Broadcasting - Satellite (DVB-
S2) standard. Recently we demonstrated an enhanced poly-
polarization multiplexing (EPPM) system incorporating L&R
frequency recovery as a hardware prototype in order to evaluate
its high spectral-efficiency in a real satellite channel. In order to
provide sufficient performance at low SNR, it is recommended to
average the correlation estimates over 2048 frames. In high SNR
regions however, such a large averaging size is unnecessary. In
this paper, two techniques are proposed in order to reduce the
averaging size. The first technique measures the average noise
power and selects an efficient frame averaging length using a
noise look-up-table (LUT). The second technique uses a cyclic
redundancy check (CRC) to determine if sufficient performance
is achievable with the averaging size. Performance results show
that the size of the averaging window can be reduced whilst
maintaining a target BER. The noise LUT adaptive scheme has
been implemented in hardware and we describe the real-time
behavior.

Keywords—satellite communications, polarization multiplexing,
frequency offset estimation, latency reduction, performance investi-
gation, hardware implementation.

I. INTRODUCTION

High spectral efficiency is especially important in satellite
communications due to the constraints of limited transmit
power and fixed-bandwidth whilst facing ever-increasing de-
mands on data throughput. The recent DVB-S2X standards

Manuscript received Oct 31, 2014. This work is supported by Japan Ministry
of Internal Affairs and Communications with the fund of “Research and
Development of Capacity Enhancing Technology for Satellite Communications
by Employing Dynamic Polarization and Frequency Control.
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munications Research Institute International (ATR), Kyoto, 619-0288, Japan.
(email: yofune masanori@atr.jp).
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munications Research Institute International (ATR), Kyoto, 619-0288, Japan.
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extension [1] has brought a number of new design features that
increase the spectral efficiency. Increasing the modulation or-
der on each polarization is a common technique to increase the
throughput. Although multiple-input multiple-output (MIMO)
techniques have revolutionized the mobile communications
space, it is less straight-forward to apply them to satellite
systems due to the very strong line-of-site channel. In this
work, the base-system uses a concept of multiple polarizations,
and we focus on the system frequency recovery.

Most modern transponders operate a scheme called orthogo-
nal polarization multiplexing (OPM) in which they simultane-
ously transmit on vertical (V) and horizontal (H), or lefthand
and righthand circular, polarizations and achieve sufficient
isolation. Multiplexing more than two signals onto the V and
H channels creates interference that cannot be removed by
a linear spatial filter as the number of independent paths is
limited to two. However, by appropriately selecting the signal
constellations at the transmitter and applying powerful digital
signal processing techniques at the receiver, it is possible to
recover the signals and achieve significant efficiency gains
compared to the conventional OPM system.

In general, stricter requirements are made on the phase and
frequency recovery algorithms as the modulation order in-
creases. Improved frequency and phase accuracy are therefore
becoming important issues with extensions to 256-APSK mod-
ulation listed in DVB-S2X and also in our multi-polarization
system. Estimation performance can be improved by increasing
the UW length and increasing the frame averaging size used
in the phase estimation. Here we investigate an adaptive
architecture that reduces the frame averaging size while aiming
to maintain error performances.

There have been a number of research proposals relating
to the optimization of correlation based frequency recovery
algorithms. A technique to optimize the correlation length
depending on the frequency offset was proposed for the L&R
in [2]. In this paper we aim to optimize the frame averaging
size, L. We first proposed the adaptive-L by noise estimation
(herein termed ALNE) architecture in [3] and we extend that
work to describe the hardware performance. In addition, we
propose an alternative technique called adaptive-L by CRC
(ALC).

This paper is organized as follows. The EPPM technique
is briefly introduced in Section II. The frequency estimation
and correction method is described in Section III. The ALNE
and ALC architectures are detailed in Section IV and V
respectively. A software performance investigation is presented

ICACT Transactions on Advanced Communications Technology (TACT) Vol. 3, Issue 6, November 2014                                            533
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Fig. 1. EPPM transmitter architecture.

in Section VI and a discussion of the hardware design in
Section VII. Finally a conclusion is drawn in Section VIII.

II. ENHANCED POLY-POLARIZATION MULTIPLEXING

The enhanced poly-polarization multiplexing (EPPM) sys-
tem transmitter architecture is shown in Fig. 1. In the EPPM
system, the H and V components of the n-th transmitted
symbol, TH(n), TV (n) are expressed as

[
TH(n)

TV (n)

]
=

M∑
m=1

([
αm

βm

]
Xm(n)

)
(1)

where Xm(n) is the m-th stream transmit data symbol to
be modulated, αm, βm are generalized complex mapping
coefficients. An optimized set of mapping coefficients are
computed offline by searching for a constellation set that
has the maximum minimum-Euclidean distance. The enhanced
PPM scheme is a superset that includes the basic PPM scheme.
In PPM, a polarization angle between the V and H planes
determines the I-Q constellation points on the additional po-
larization planes. In the simulations in this paper, we transmit
on 3 data streams, corresponding to a polarization angle of
45 degrees, with QPSK modulation on each stream. Further
details of the technique are described in [4].

III. FREQUENCY OFFSET ESTIMATION

In order to estimate the frequency offset and channel state
information (CSI), an orthogonal Gold code unique word (UW)
is inserted at the start of each frame on V and H polarizations.
The UW length is between 64 and 256 symbols is inserted
and should be minimized in order to maximize the effective
bandwidth efficiency. The target in this paper is to reduce the
length from NUW =256 to 64 symbols while maintaining the
performance.

The L&R frequency offset [5], f̂LR is estimated from the
argument of the sum of correlations, R. The so-called ‘modi-
fied L&R’ computes an average correlation over L preceding
frames prior to calculating the argument and improves the

c (UW )
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z
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Power
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Fig. 2. Block diagram of the frequency recovery showing the additional
architecture for noise power estimation with LUT for L.

performance in noise [6].

f̂LR =
1

πTs(N + 1)
arg

B∑
l=B−L+1

N/2∑
k=1

1

N − k
R(k, l) (2)

R(k, l) =
N∑

i=k+1

x(i, l)x∗(i− k, l) (3)

where Ts is the symbol period, B is the current frame number,
x(i, l) is the UW pilot at position i of frame l, and N is the
correlation length, NUW /2 in this paper.

The frequency recovery consists of four estimators: a coarse
feedback loop and fine feed-forward loop on each of the V and
H channels. The architecture of a single-branch is shown by
the continuous lines in Fig. 2. The optimum performance of
the fine recovery loop is achieved by setting the correlation
length equal to half the UW size, as it achieves the Cramer-
Rao lower-bound on the estimation error [5]. The coarse loop
has a reduced length of between 2-6 symbol delays in order
to achieve a large frequency pull-in range.

A. Frame Averaging

The potential benefits of frame averaging were investigated
by calculating the average residual frequency offset as a
function of the correlation length, N and averaging length, L.
The performance of a NUW =256 system, at Eb/N0=14 dB,
symbol-rate 1.6 MBaud and assuming a ± 3.2 kHz frequency
offset on V and H is shown in Fig. 3. It can be seen that
the absolute residual offset can be substantially reduced by
frame averaging. The residual error reduces at about the same
rate with L for a given value of N . The graph shows that
it is possible to trade-off L and N in order to achieve a
required maximum residual offset. In this work however, we
restrict the value of N to half the UW length, in order to
simplify an adaptive implementation in hardware. Although
the cost of programmable logic memory is now relatively low,
it is beneficial to limit excessive values of L particularly in
conditions where the offset has high temporal variation. This
situation can arise when the phase noise is high or there is
movement of, or within the vicinity of, the satellite user-
station causing Doppler shift. In a practical system, an average
tolerable frequency offset is determined based on the particular
quality of service (QoS) requirements. In the next section we
propose a method to select L adaptively.
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Fig. 3. Average normalized residual frequency offset versus correlation length
for different averaging lengths L.

B. Distributed Unique Word structure

In general, frequency estimation performance degrades
when shorter UW lengths are used as there are less symbols
used and the maximum distance between them is less. We have
recently shown that the estimation performance can be im-
proved by increasing the distance between the UW constituent
symbols for a given UW length [7]. This technique improves
the estimation performance at low values of L and enables the
benefits of the adaptive architectures to be further exploited
by short UW lengths. The distribution of UW symbols on V-
polarization with a constant separation of D=4 are shown in
Fig. 4. The data symbols are sandwiched between the UW
symbols and the remainder are placed together after the last
UW symbol. In the receiver, the distributed UW symbols are
repacked into a continuous memory array of length NUW . The
frequency estimate is then obtained by dividing the standard
L&R estimate with the spacing, D. The variable D is a system-
level parameter that needs to be known at both the transmitter
and receiver. Therefore it is set at the start-of-packet and
remains constant for the entire transmission.

IV. ADAPTIVE-L BY NOISE ESTIMATION (ALNE)

The frame averaging length is selected based on the average
estimated noise power jointly measured on the V and H chan-
nels. The basic modified L&R algorithm forms the architecture
basis. The additional components comprise a noise estimation
process and a look-up table (LUT) containing appropriate
averaging lengths. The modifications are indicated by the
dashed lines in Fig. 2.

The normalized noise power on each branch, σ2
V/H is esti-

mated by subtracting the known transmitted signal component
from that of the received signal plus noise. An average value is
calculated across N pilots and a sliding-window of W frames

5 10 15 20 25 30

-1

-0.5

0

0.5

1

i

|
P
i|

Fig. 4. The first 8 UW symbols with a constant spacing of D=4 separated
by data symbols.

TABLE I. ALNE LOOK-UP-TABLE CONTENTS.

Index Lower bound Upper bound L

0 0.18 1.00 4096

1 0.12 0.18 1024

2 0.06 0.12 512

3 0.04 0.06 256

4 0.028 0.04 128

5 0.02 0.028 64

6 0.012 0.02 16

7 0.00 0.012 4

as

σ2
V (t) =

1

WN

t∑
n=t−W

N∑
m=1

|rV (n,m)|2 − |rV (n,m)x∗
V (m)|2

(4)

σ2
H(t) =

1

WN

t∑
n=t−W

N∑
m=1

|rH(n,m)|2 − |rH(n,m)x∗
H(m)|2

(5)

where, xV and xH are the transmitted UW on V and H
polarizations, rV and rH are the received UW signals on V
and H polarizations. An average of the two branches is
computed as

σ2
V H(t) =

1

2
(σ2

V (t) + σ2
H(t)) (6)

The average noise power indexes a LUT containing values
of L. The default LUT contains eight entries for the noise
boundaries and the associated values for L, as listed in Table I
and plotted in Fig. 5. The size of L is a power of two, to make
efficient use of reserved memory. Noise boundaries should be
pre-computed off-line through a study of BER performance
simulations with different L. The LUT can be expanded if
more optimal values are determined and can be updated at
run-time via a GUI interface.
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Fig. 6. Calculating the moving average correlation R̄ with example of
updating the value of L at frame 1024.

At start-up, the memory containing the correlation values is
empty and hence the procedure to update L is delayed until
the memory buffer is sufficiently full. An example showing
the memory structure for the first 1536 frames and associated
correlation computations is shown in Fig. 6. The correlation
average, R̄1023, is computed from frames 0 to 1023 inclusive.
After determining the new value of L to be 512, the window
is updated to cover frames 513 to 1024. The correlations
computed at frames 514 to 1025 are used to calculate the
average correlation for frame 1025, and so on.

V. ADAPTIVE-L BY CRC (ALC)

In this second architecture, the Tx appends a cyclic re-
dundancy check (CRC) symbol to the end of each frame as
shown in Fig. 7. A value of D is set at both the Tx and Rx
and is held constant throughout the transmission. At the Rx,

l=1 l=2 l=L

Lset(1)

CRC 

LL fixedLMAX L=16L=64Lset(2) Lset(Np)
Fig. 7. ALC packet structure showing (top) CRC symbol appended after
L frames (bottom) NL blocks with decreasing value of L followed by
transmission with fixed L

Start

n=n+1
L = Lset(n)

Set: n=0, D=~8, 
Lset= {LMAX, 64, 16}

N
n=NL?

Select min. L
with min. fails

Decode LC frames.
CRCf (frame)=1, if fail.

Y

Fig. 8. ALC flowchart for determining the value of L.

a set of L descending values is specified before the start of
packet reception, e.g. Lset = {LMAX , 64, 16}, where LMAX ,
is the maximum value of L to be tested (Fig. 8). It can be set
according to the satellite frequency band, D, or MCS. If the
channel has a low SNR or a high modulation scheme is used,
LMAX is set high e.g. 768. If the channel has high SNR or a
high value of D is set, LMAX can be reduced e.g. 128.

After LMAX frames have been received, a frequency
estimate is made by averaging the L correlation values.
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TABLE II. SIMULATION PROPERTIES.

UW code Orthogonal Gold
UW length (NUW ) 64, 256
Data length 2304 symbols / stream
Modulation 3-streams @ QPSK
Freq. offset ±2,4 kHz
Frequency recovery Modified L&R
Baud rate 1.6M, 3.2M
FEC None, LDPC (R=5/6)
Channel AWGN

The l-th frame data is then demodulated and RxCRC(l)
obtained. TxCRC(l) is then compared with RxCRC(l). If
RxCRC (l) ̸= TxCRC(l), a CRC fail variable Fail(n) is in-
cremented. Next, TxCRC(l+1) is compared with RxCRC(l+1).
Then n is incremented to 1 and the Rx next sets L=Lset(1). As
Lset(1) < Lset(0) the averaging process, and hence frequency
offset estimation, can actually be done using the correlation
contents already held in memory and thus without any wasteful
retransmissions. The smallest value of L that passes the CRC
test is finally selected.

VI. SOFTWARE SIMULATION

A performance evaluation was conducted for the EPPM
system using the parameters shown in Table II. Random PN
data of length 2 bits × 2304 symbols was generated for each
of three streams. The stream data was mapped onto the two
polarizations using EPPM modulation and a UW preamble
inserted of length NUW . The data packet was convolved with a
root raised cosine filter having roll-off factor α=0.5. A ± 4 kHz
frequency offset was applied to V & H. At the receiver,
AWGN is added and the signal matched filtered and down-
sampled. The UW sections are extracted and the frequency
offsets corrected on both V and H-channels. The noise level
is averaged over 32 symbols and indexes the LUT. The data
was estimated by MLD processing. The BER measurements
started after 2048 frames (i.e. the correlation memory was full
for all values of L) and the first value of L had been selected
from the LUT.

The BER performance for NUW =64 is plotted in Fig. 9 and
shows that when the UW length is short and the UW symbols
are adjacent to each other (D=1), the performance is degraded
by selecting small values of L. As Eb/N0 increases however, L
can be reduced whilst maintaining a given BER. By increasing
the UW symbol spacing to D=8, the performances for low-
values of L are substantially improved as shown in Fig. 10. At
the BER 1E-4, it can be seen that L can be reduced from 2048
to 128, with a negligeable loss in performance. The BER
performance for NUW =256 is plotted in Fig. 11. It can be
seen that L can be set to 128 with little performance loss
compared to the maximum value.

The required value of Eb/N0 to achieve an error rate of 1E-
4, as L increases for a fixed value of D, is plotted in Fig. 12. A
plateau shows the region where there is little additional benefit
from increasing the value of L further. It can be seen that
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Fig. 9. BER performance of 3 stream × QPSK, NUW =64 with UW symbol
spacing D=1.
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Fig. 10. BER performance of 3 stream × QPSK, NUW =64 with UW symbol
spacing D=8.

L=512 is an efficient setting for the case {NUW =64, D=2}.
In the case of {NUW =256, D=1} and {NUW =64, D=4,8},
L can be set to 64 without any observable degradation in
performance.

The reduction in the size of L compared to a fixed value
of 1024 is shown in Fig. 13 for the case of NUW =64. With
symbol spacing D=2, the averaging length can be reduced
by about 75% whilst maintaining the target BER at 1E-4. In
the case of LDPC with D=4, L can be optimally set to 512
at 4.8 dB and decreased to 32 at 6.0 dB. The optimized settings
depend on the particular modulation coding scheme (MCS) and
a specific LUT for each MCS should be investigated as part
of our future work.

A BER simulation was set-up to investigate the ALC behav-
ior. Three simulations with a different value of D={8,16,32}
were conducted. At the transmitter, EPPM 6-bit modulation
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Fig. 12. Required Eb/N0 to achieve an uncoded BER of 1E-4 as L increases.

with coding rate was R=5/6 was applied. At the receiver, a
± 2 kHz offset was added. The frame averaging size was
determined by the adaptive algorithm which selects a value
of L that achieves the desired lowest sum of CRC fails.
Without, the ALC control, the significantly different D for a
fixed value of L would result in different BER. However, the
error graph shows that each transmission had almost identical
performance (Fig. 14). When a low value of D was used, a
larger value of L was selected automatically in compensation.

Both ALC and ALNE use different techniques to achieve the
same aim. In terms of complexity, the ALNE is preferred as the
noise estimation requires relatively few hardware multiplica-
tions and has no CRC overhead. Further, the noise estimation
may already be required and computed by the LDPC block.
The ALC could however be considered if a CRC module is
already part of the system design.
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a target BER of 1E-4 for NUW =64 without LDPC.
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Fig. 14. ALC error performance for D={8,16,32} with ± 2 kHz offset.

VII. HARDWARE IMPLEMENTATION

Each transceiver board consists of five Xilinx FPGAs with
the frequency recovery and signal processing operations com-
puted on a Virtex XC6SLX100 device. The symbol rate is
variable between 0.05-10 MBaud, the input sampling rate
is 102.4 MHz. The ADC and DAC precisions were 12-bits
and 16-bits respectively. The transmitter and receiver settings
are entered via a GUI on the respective Tx and Rx PCs.
The required Eb/N0, frequency and phase offsets were set on
a SLE900 satellite channel emulator. The transceiver system
is shown in Fig. 15 and further details of the design are
in [8]. The BER is computed by comparing the transmitted
and received signals using an Anritsu MP8931A BER tester.

The estimated frequency offset on each polarization as
measured in hardware is plotted in Fig. 16. The value of
D=12 and L was determined by LUT. The estimated offset
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Fig. 15. Satellite testbed system comprising Tx, channel emulator, Rx and
BER tester.
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Fig. 16. Frequency offset estimate in hardware in response to a ± 2 kHz offset
set by the channel emulator (top) H-polarization, (bottom) V-polarization.

was within ± 8 Hz of the value set in the channel emulator
with 10 dB SNR.

A. Adaptive-L by Noise Estimation
The LUT in hardware was verified by examining frame

versus index results data. The SNR on the SLE channel
emulator was varied from 10 dB to 20 dB in steps of 2 dB.
The frame number at which the index changed is written to
file and from this the variation of L with frame number is
plotted in Fig. 17. After switching on the machine, the LUT
is filled with correlation data. At position O an SNR of 10 dB
is set with the addition switch off in the channel emulator and
hence L reverts to the low value of 16. At position A1, noise
addition is switched on and quickly the value of L changes
to 1024 at postion A2. It stays at this position for about 6000
frames. It briefly reduces to 512 but then returns to 1024. At
position A3, the noise is switched off and the value of L rapidly
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Fig. 17. Variation of L versus frame as SNR increases from ALNE hardware
experiment.

reduces to 16. A similar process is repeated for the remaining
SNR values. That is, the SNR is set to {12,14,16,18,20} dB
at positions {B1,C1,D1,E1,F1} respectively. The respective
noise is added until positions {B3,C3,D3,E3,F3} respectively.

Two further general observations can be made from this
figure. First, there is a downward trend in L observed as
the SNR increases and confirms the desired behavior. The
exact SNR at which the value of L changes depends on the
LUT boundary entries and whose determination is an off-line
optimization task to achieve a desired performance. Second,
occasionaly (e.g. D2 to D3) there are oscillations between two
values of L. When L is large, the estimation performance is
high and the estimation is very accurate. A lower value of
L is subsequently selected by the algorithm. The estimation
performance degrades slightly and subsequently a higher value
of L is required. To avoid the averaging size being updated too
frequently, control circuitry should manage the case when the
measured noise power oscillates across a LUT boundary. This
situation becomes more important when the LUT is small and
thus there are relatively large steps of L.

Various techniques can be applied to control the oscillatory
behavior. A hysteresis can be set so that the new setting of L
only becomes valid if the boundary is crossed for a sufficient
number of frames. Alternatively, the update rate for L can be
set to once per a given number of frames. The optimization can
also achieved by adjusting the boundary positions or changing
the frame averaging LUT entries. This optimization together
with the hysteresis should be added as a future upgrade to the
firmware. A software simulation with {D=12, L=256} was
compared with hardware results for D=12 with L determined
by LUT. There is a close match between the software and
hardware performances as shown in Fig. 18. LUT-B achieves
slightly better performance than LUT-A due to a larger value
of L being used.
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VIII. CONCLUSION

We have proposed two adaptive techniques to reduce the
frame averaging required in satellite frequency offset estima-
tion. These techniques are called adaptive-L by noise estima-
tion (ALNE) and adaptive-L by CRC (ALC). In ALNE, the
window-size for frame averaging was reduced by selecting it
based on the estimated noise power on both V and H branches.
A BER of 1E-4 could be maintained with a reduction in L
of 75% for D=2 with UW length 64 at 11 dB Eb/N0. The par-
ticular algorithm selection partly depends on implementation
complexity and whether CRC and noise estimation modules
are already used in other parts of the system. Further work
should optimize the performance by adding a hysteresis to
avoid excessive switching between boundaries and optimize
the averaging sizes for the LUT across a range of MCS and
channel conditions.
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Abstract— This paper describes composite propagation 

effects of both the median pathloss and shadow fading in the 
large city. In general, the propagation characteristic for the 
power profile of received signal has the relative power reduction 
and fluctuation according to distance to the receiver’s location 
far away from the transmitter. The result of these channel 
propagation losses is due to the reduction of electric field in the 
air according to the separated distance between a transmitter 
and receiver, and due to the multipath effect such as the plane 
reflection and edge diffraction of the propagated radio signals at 
the plane of buildings and roads or vehicles etc. Propagated 
multipath radio signals via different paths may be 
simultaneously received to a target receiver with different field 
strength and phases. Actually, it is not easy to how to predict the 
optimum radio propagation characteristics in the large city from 
a transmitter to target receiver at the specific mobile or fixed 
communication link, because the outdoor environment have the 
different height of transceivers and various structure factors 
such as buildings, roads, and vehicles in the large city including 
the urban, suburban and rural area. Therefore, the 
measurement is currently candidate solution for predicting the 
radio propagation characteristics in the novel environments. In 
this paper, two different stations between a fixed and mobile 
station are considered. Measurement results are compared with 
the general radio propagation model of 3GHz frequency and 
lower. As another issue, we discuss and propose on the closed 
form of the interfering received signal strength intensity when 
two different stations like a fixed system as the repeater and a 
mobile system as Long Term Evolution coexist in the same area. 
In the coexisting environment, two different stations overlap the 
cell coverage and are assigned in the adjacent channel frequency. 
Therefore, the potential interference may cause to their 
reception each other. Here, it is important to analyze the 
interference impact to the victim station as a receiver from the 
interfering station as a transmitter to get out of the interference. 
In this paper, it is assumed that an interfering station as a 
transmitter is fixed repeater and a victim station as a receiver is 
a mobile Long Term Evolution system. For estimating 
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interfering received signal strength intensity, it is issued to 
figure out a radio propagation characteristic. However, it is 
unknown for the available median pathloss model to apply for 
analyzing the performance of Long Term Evolution system from 
interfering fixed repeater in the large city with none line of sight 
in the coexisting environment. Finally, we propose the median 
pathloss characteristic from measuring the electric field 
strength of a fixed repeater as an interfering transmitter and 
calculated interfering received signal strength intensity to a 
victim station. Using both the measurement and the theoretic 
calculation results, the separated distance between an 
interfering transmitter and victim receiver is discussed for the 
protection of a victim station. 
 
Keyword— interference, wave, pathloss, fading 

 

I. INTRODUCTION 
ONG Term Evolution (LTE) has been developing to 
transport increasing traffics of mobile communication 

data [1]. Studio transmitter link (STL) station does transport a 
radio station’s audio data from the broadcast studio to a 
repeater in another location. The transmitter studio link (TSL) 
is the return link, which transports telemetry data from 
remotely located a repeater back to the broadcast studio. STL 
and TSL station are a kind of the fixed microwave link station. 
Figure 1 shows the frequency allocation and arrangement 
between STL and LTE uplink bands. Two stations operate 
each other in adjacent frequency bands. Let us consider the 
potential LTE interference impact from STL station’s 
emission at 1.7GHz frequency bands in the coexisting case 
both LTE base station and STL system in the same service 
area. 
    In this situation, the analysis and its results on the potential 
LTE performance impact due to the interference of STL 
station in the large city were not known to us, yet. Therefore, 
we tried to derive a theoretic LTE interference impact from 
the harmful power of STL station in the adjacent frequency 
bands. 

    To calculate interfering STL and desired LTE station’s 
received signal strength intensity to the LTE reception, let us 
consider theoretic median pathloss and shadowing model, 
because interfering or wanted transmitter power is reduced by 
the separated distance between a transmitter and a victim 
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Fig. 1.   Frequency assignment of both STL and LTE uplink. 
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receiver. In addition, radio propagation characteristic varies 
to the outdoor environment factors such as building, ground, 
and etc. 

In this paper, general radio propagation models in the 
various environments like urban, suburban, and open area are 
considered. Extended Hata model is general and feasible 
median pathloss model within lower than 3GHz frequency 
bands in the mobile communication service. Extended Hata 
model is used to calculate pathloss according to the separated 
distance in none line of sight (NLOS) as well as line of sight 
(LOS) environment [2]. In the free space environment case, 
reference ITU-R P.525 model is available to calculate the 
median pathloss between a wanted transmitter and desired 
receiver in open area [2].  In referred [1]-[2], using median 
pathloss and long term fading characteristics with log-normal 
distribution, we can calculate available cell area 
corresponding to the minimum sensitivity level of desired 
receiver. If referred general model of [1]-[2] are always good 
in agreement with measurement results, we could use 
theoretic median pathloss model and shadowing value 
without waste time for long measurement process and 
database analysis. However, composite median pathloss and 
shadowing characteristics according to separated distance in 
the large city including dense urban and suburban 
environment was not known to us. Therefore, we measured 
radio propagation characteristics in the large city and found 
various median path loss characteristics, when STL station 
transmits the audio data from the broadcast studio to a 
repeater in another location. Currently, the median path loss 
value getting from the referred theoretic model [1]-[2] is not a 
good match with our measurement results in the specific 
environment like the large city including the dense urban and 
suburban, because theoretic median path loss model is very 
general model in the specific site environment and is not good 
agreement with all environments. Also, a choice of the median 
pathloss model for the link budge calculation on the 
transceiver station is not difficult. For example, mobile 
operators choose Extended Hata model within lower than 
3GHz frequency bands for calculating the site coverage in 
macro or micro or hotspot environment. In the other hands, 
TV broadcasters use the reference ITU-R P. 1546 model in 
the point to multi point environment with time varying and 
spatial rates of the radio signal profile [3]. However, this 
simple choice may happen a large error in the specific 
environment like the large city including the dense urban and 
suburban. This error may happen to inaccurate the median 
pathloss calculation and we could have faults calculating an 
interference impact to the LTE reception in the adjacent 
frequency bands from an interfering STL signal power. 

 Actually, for the link budge calculation, the mobile LTE 
operators use Extended Hata model in the LOS and NLOS 
environment in the urban or suburban. The other fixed STL 
microwave broadcasters use the free space loss model in the 
open area and the reference ITU-R P. 1546 model in the LOS 
and NLOS environment over the coverage of 1km and higher. 
This is the reason that each mobile or fixed station’s 
environment has different conditions, which they include the 
transmitter antenna height, the receiver antenna height, the 
transmission distance, and the receiver sensitivity, etc. 

In this paper, we talks to derive the composite median path 

loss and shadowing value for the LTE protection from the 
interference impact of interfering STL transmitter. As an 
approach, we measured the transmission power of STL station 
during moving with a vehicular from the STL broadcast 
studio to a repeater in another location. The measurement 
frequency is at 1.7GHz bands and it is within in-bands of LTE 
bands at the adjacent STL frequency bands. As the fixed STL 
microwave broadcasters, we considered two stations with 
different link paths in the large city. One STL station is Far 
East Broadcasting Company (FEBC) and, while the other is 
Seoul Broadcasting Station (SBS). 

Finally, we found to shall be used composite median 
pathloss with shadow fading to correspond to various urban, 
suburban, and rural environments in the large area. 
Measurement results are in good match with the results of 
composite different median pathloss models of various urban 
and suburban. 

II. STATION PARAMETERS 
To calculate interfering transmitter and desired LTE 

received signal strength intensity to a LTE reception, let us 
consider fixed STL with wireless services as interfering 
transmitter. 

Fixed wireless service utilizes a transmission tower similar 
with a cell phone tower on the top of the building. The 
equipment installed upon transmission tower communicates 
with one of a repeater for the wireless transmission of the 
information data. STL station as a transmitter station means a 
kind of the transmission tower providing the fixed service and 
does transport a radio station’s audio and video data from the 
broadcast studio to a repeater in another location. A repeater 
as a receiver installs the transceiver equipment on the top of 
mountain to communicate with a fixed wireless broadcast 
studio on the top of buildings in the city. A repeater and the 
broadcast studio include a grid meshed or dish shaped antenna 
connected to the radio transceiver. The antenna beam of the 
broadcast studio should be faced to the pointing direction of a 
repeater for LOS access to reduce pathloss between a 
transmitter and receiver. This is the reason that the 
obstructions of a hill and several high buildings can adversely 
affect to the performance impact of the quality of service 
(QoS). As the fixed STL microwave broadcasters operating at 
1.7GHz frequency bands [4]-[7], we considered two stations 
with different link paths in the large city. One STL station is 
FEBC and, while the other is SBS. The STL transmitter sends 
the radio station’s audio analogue or digital data from the 
broadcast studio transmitter to the radio transmitter operating 
as a receiver in another location. STL radio links can be 
analogue or digital type and considered broadcast auxiliary 
services (BAS). Table 1 shows system parameters of STL 
stations and these values are assumed. 

SBS is digital type and FEBC’s station is the older 
analogue system. Two STL stations operate in the frequency 
of 1.7GHz bands with the channel bandwidth of 230 kHz. 
Antenna type is the same grid parabola with 26dBi including 
the feeder loss of 2dB. The antenna height (sea level) of the 
FEBC and SBS transmit station is 35m or 70m, relatively. The 
antenna height (sea level) of receiving station is the same 
height of 625m. Receiver is located in the tower of on the top 
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of Mt. Gwanaksan. The antenna 3dB beamwidth of STL 
stations is 6.5degree in the elevation axis as shown in Figure 
2. 

Table 2 shows system parameters of LTE station and these 

values are assumed. 
LTE base station supports moving mobiles, and multi-cast 

as well as broadcasting data. We assumed the channel 
bandwidth of 5MHz x 2 supporting the frequency division 
multiplexing (FDD). LTE stations operate in the frequency of 
1.7GHz bands. Antenna type is the linear antenna with 
x-polarization and with 15dBi gain including the feeder loss 
of 3dB. Antenna height (sea level) of LTE base station is 15m. 
LTE base station is a receiver in the uplink. The antenna 3dB 
beam-width of LTE station is 7.0degree in the elevation axis 

as shown in Figure 3. 

III. MEASUREMENTS  

A. Measurement Path 
We assumed coexisting scenarios between STL and LTE 

station in the large city. The antenna height (sea level) of 
FEBC and SBS transmit station is 35m or 70m as shown in the 
Table 1, relatively. The antenna height (sea level) of LTE 
base station is 15m in the Table 2. STL transmit stations are 
assumed as the interfering transmitters and LTE base station 
is assumed as a victim receiver to protect from the interfering 
STL transmit stations. To derive the interfering received 
signal strength intensity to LTE base station receiver, we tried 
to find the available median pathloss model in the case of both 
the transmitter antenna height of 35m and higher, and the 
receiver antenna height of 15m and higher. However, we 
didn’t look for the available radio propagation characteristics. 
Finally, we measured the median pathloss characteristics and 
calculated interfering received signal strength intensity to a 
victim LTE base station. Using both measured and theoretic 
calculation results, the separated distance between the victim 
station and interfering station is discussed for the protection 
of a victim station. Figure 4 shows the STL link (Link 1) of 
FEBC transceiver between the broadcasting transmit station 
on ground and receiving station on the top of Mt. Gwanaksan. 
The measurement of FEBC transmit power was performed 
within the measurement region 1 during moving the car in the 
large city. Figure 5 shows the STL link (Link 2) of SBS 
transceiver between the broadcasting transmit station on 
ground and receiving station on the top of Mt. Gwanaksan. 
The measurement of the transmit power of SBS was 
performed within the measurement region 2 during moving 
the car in the large city. The distance of Link 1 and Link 2 in a 
straight line between the transmit antenna pointing of the 
broadcasting transmit station and receiver antenna pointing of 
the receiver is about 10km and 12.4km, respectively. 

TABLE I 
STL STATION PARAMETERS [4] –[7] 

Parameters FEBC 
(TFT8300) 

SBS 
(SL9003) 

Analogue/Digital Analogue Digital 
Channel bandwidth (㎑) 230 230 

Transmit power (W) 5.0 1.0 
Operating frequency (㎓) 1.7GHz bands 1.7GHz bands 

Antenna gain (dBi) 26 
(grid parabola) 

26 
(grid parabola) 

Antenna HPBW (degree) 6.5 
(elevation) 

6.5 
(elevation) 

Antenna height (m) Transmitter   35 
Receiver     625 

Transmitter   70 
Receiver     625 

 
TABLE II 

 LTE STATION PARAMETERS [8] 

Parameters Values Units 

Downlink peak rates 100 Mbps 
Uplink peak rates 50 Mbps 
Transfer latency < 5 msec 
Scalable carrier channel bandwidth 1.4~20 ㎒ 
Duplexing FDD  
Antenna gain 15 dBi 

Antenna HPBW 7.0 
(elevation) degree 

Antenna downtilt -3 degree 
 

Fig. 2.   STL station’s antenna elevation pattern (e.g. grid parabola) [4]. 
 

Fig. 3.   LTE base station’s antenna elevation pattern (e.g. Linear) [4]. 
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B. Measurement Environment 
Figure 6 shows the measurement scenario using a vehicular 

in order to measure the median pathloss and long term fading 
characteristics at 1.7GHz bands in the large city. 

Measurement was performed on road in the large city 
including huge or small buildings and hills with moving car 
from the STL transmit station. A car with the measurement 
system has been moved from the STL transmit station 
(Transmitter) to near by the front of the STL receiving station 
(Receiver) on the top of Mt. Gwanaksan. The measurement 
system includes the vector network analyzer, the low noise 
amplifier, the band-pass filter, and the omni antenna. The 
antenna height (hv) on the top of a car is 2.5m. We defined the 
antenna height of STL station as follows; STL transmit 
antenna height is H1 and STL receiving antenna height on the 
top of Mt. Gwanaksan is H2. 

IV. RESULTS & ANALYSIS  

A. General Median Path loss Models 
For comparing measurement with theoretic analysis results, 

we looked for the general candidate median pathloss model. 
[2], [4] 

In this model, for line of sight in the open area, the free 
space model is used. 
 

                    (1) 
The free space pathloss is proportional to the square of the 

separated distance in km between the radio transmitter and 
radio receiver.  In addition, it is proportional to the square of 
the operating frequency in the unit of MHz of receiver in (1). 
Free space pathloss is the minimum radio propagation loss in 
the signal strength of electromagnetic wave that would result 
from the unobstructed direct line of sight path through the air 
in the open area. Free space pathloss is examples applied to 
the fixed microwave link or broadcasting link or 
telecommunication link over the short distance in the open 
area, etc. 

For the telecommunication link operating at 3GHz and 
lower bands, Extended Hata model is typically used. Extend 
Hata pathloss is the radio propagation loss in the signal 
strength of electromagnetic wave that would result from the 
obstructed none line of sight as well as the unobstructed line 
of sight path through the air in the urban, suburban, and rural 
area. Extended Hata model was developed by European study 
committee (COST 231). This model is an extension of 
Okumura-Hata model, being applicable for the frequency to 
3GHz and lower bands, with receiving antenna heights from 
1m to 10m and the transmitting antenna heights of 30~200m. 
It is used for the prediction of pathloss for mobile wireless 
system in urban, suburban, and rural environments. 

 
In case of urban environment, 

 

        (2) 
 

In case of suburban environment, 
 

          (3) 
 
In case of rural environment, 
 

     (4) 
 
where, 
 

                        (5) 

                                                                 (6) 
 

where, f is frequency in MHz, d is distance between a 
transmitting antenna and receiving antenna in km, H1 is the 

Fig. 5.   Measurement route II (e.g. SBS transmit station to a receiver on  Mt. 
Gwanaksan) [4]. 

 

Fig. 4.   Measurement route I (e.g. FEBC tansmit station to a receiver on  Mt. 
Gwanaksan) [4]. 
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transmitting antenna height above the ground level in meter, 
hv is the receiving antenna height above the ground level in 
meter. a(hv) is the correction factor of the receiving antenna 
height. b(H1) is the correction factor of the transmitting 
antenna height. 

The long term fading has different variation values due to 
separated distance between a transmitter and receiver in urban, 
suburban, and rural environment. Shadow fading calls for the 
long term fading or the slow fading, because channel 
characteristics vary slowly and location between a transmitter 

and receiver. The standard deviation of the long term fading 
to the separation between a transmitting antenna and 
receiving antenna with the distance range from 0.1 to 0.2km is 
17 dB in the roof below. For the distance range of 0.2km to 
0.6km, the standard deviation is s.t.d = 17-20(d-0.2)dB. For 
the separation distance range larger than 0.6km, there is 9dB 
[2], [4]. 

B. Results Comparison 
Measurement was performed on the road in the large city 

including huge or small buildings and hills with moving car 
from STL transmit station as shown in Figure 6. The received 
signal strength intensity (RSSI) of SBS or FEBC STL 
measured to the measurement system within the car show in 
Figure 7 and Figure 8, relatively. Figure 7 shows on the RSSI 
results of SBS and Figure 8 shows on the RSSI results of 
FEBC on both measurement and theoretical Extended Hata 
pathloss. We used the received antenna of omni directional 
type. The height of the received omni antenna on the top of 
roof is 2.5m on the ground level. In Figure 7 and Figure 8, 
x-axis means the separated distance in a straight line between 
the STL transmitting antenna and received antenna. The 
maximum separated distacne of FEBC and SBS is 10 and 
12.4km, respectively. But, the height of STL antenna on 
ground level is enough high to install on the tower on Mt. 
Gwanaksan. RSSI level is measured by enough distance to be 
able to approach near to the tower on Mt. Gwanaksan. For 
Figure 7 and Figure 8, the maximum measurement distance of 
FEBC is about 7 km out of 10km, and SBS is about 8.2km out 
of 12.4 km. As shown in Figure 4 and Figure 5, the 
measurement region 1 in Link 1 path and measurement region 
2 in Link 2 path are the area moving the car from the STL 
transmitter to the front of Mt. Gwanaksan in order to measure 
the RSSI level, respectively. The RSSI level according to 

(a) measurement vs. free space model 

 
(b) measurement vs. Extended Hata model 

Fig. 8.   Comparison on measurement and analysis results (FEBC’s RSSI in 
the large city). 

 

 
(a)  measurement vs. free space model 

(b) measurement vs. Extended Hata model 
Fig. 7.   Comparison on measurement and analysis results(SBS’s RSSI in the 

large city). 
 

Fig. 6.   Measurement method [4]. 
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separated distance from a transmitter and receiver varied due 
to the around environment including multiple buildings, many 
cars, and the park etc. 

Figure 7 and Figure 8 show different RSSI characteristics 
according to distance considering the car moving path. The 
reduction of RSSI level according to the distance means 
pathloss value including the long term fading. Figure 7(a) 
shows that results of both measurement and the free space 
pathloss are compared each other. 

The RSSI values to receiving antenna with the antenna 
height of 2.5m from the SBS transmit station with the antenna 
height of 70m in the urban area are -70 ~ -100dBm in the 
measurement results and -40 ~ -60dBm in the free space 
pathlss results. Figure 8(a) shows that measurement and 
Extended Hata (urban, suburban) pathloss results are 
compared each other. The RSSI values to receiving antenna 
with the antenna height of 2.5m from the FEBC transmit 
station with the antenna height of 35m in the urban area are 
-60 ~ -100dBm in the measurement results and -25 ~ -52dBm 
in the free space pathlss results. Figure 7 and Figure 8 show 
the long term fading characteristics. 

Approximately, the fluctuation value is 10 ~ 13dB in SBS 
and is 6 ~ 10dB in FEBC from the STL transmit station to the 
Mt. Gwanaksan path. The standard deviation of shadowing in 
COST231 model [2] provides 3 ~ 4dB ranges. In COST231, 
the value has smaller variation than measurement results in 
the large city including the urban and suburban environment. 
This difference is due to the radio propagated environment 
including the reflection and diffraction at the buildings, 
obstructs, and forest etc. As shown in Figure 7 and Figure 8, 
the measurement results of pathloss according to the 
separated distance are good mapping with Extended Hata 
urban and Extended Hata suburban pathloss except for the 
measurement point of the near location from pointing station 
as a transmitter, although relative shadowing variation is 
larger than reference COST231 value of 3 ~4dB. Finally, the 
median pathloss is able to apply for estimating the reduction 
characteristics of the signal power in addition to high 
variation of the shadow fading with log-normal distribution in 
the case of the large city at 1.7GHz bands. 

C. Interference Calculation 
As shown in Figure 1, the interfering STL transmit signal 

cause the potential interference impact to the LTE base station 
reception at the frequency of 1.7GHz bands. LTE is assumed 
as the reverse FDD system. To calculate the interfering STL 
signal strength intensity and desired LTE received signal 
strength intensity to the LTE reception, let us consider the 
theoretic median pathloss and shadowing characteristics as 
shown in Figure 7 and Figure 8, because the interfering and  
wanted transmitter power are reduced according to the 
separated distance between the transmitter and receiver. We 
found facts that the median pathloss and long term fading 
characteristic is applied to estimate different attenuation 
characteristics according to the separated distance between 
the interfering transmitter of the fixed pointing station and the 
reception of the mobile communication station such as LTE 
system in the large city as shown in Figure 7 and Figure 8. 

Figure 9 shows the interference analysis scenario to the 
LTE reception due to the interfering STL transmit station 

when the LTE base station is located in straight line between 
STL links (Link 1 and Link 2) as shown in Figure 4 and Figure 
5, respectively. For the calculation of the interference impacts 
between different systems such as the LTE receiver and STL 
transmitter in this paper, we used the measurement results at 
1.7GHz bands in the large city shown in Figure 7 and Figure 8. 
Measurement was performed on the road using the receiver 
with the antenna height of 2.5m of the omni directional 
antenna type. The measurement results are calibrated on the 
receiving antenna height because the antenna height of 
receiver in the measurement is 2.5m, while the antenna height 
of the LTE base station is 15m. Therefore, the correction 
value due to difference of the receiver antenna height between 
2.5m in the car and 15m in the LTE base station is required. 
We used the correction value of about 11dB based on the 
measurement according to the receiver antenna height 
difference. 

We derived the interfering received signal strength 
intensity to the LTE base station reception from the emission 
power of the STL transmit station in the adjacent channel 
usage. The emission power of the STL transmits station 
means the totally interfering signal power received to the LTE 
base station receiver to the out of band spectrum of STL 
transmit station. 

Figure 10 shows the emission characteristic of the FEBC 
station and Figure 11 shows the emission characteristic of the 
SBS station based on the realistic conducted power 
measurement. Equation (7) is derived to calculate the 
interfering received signal strength intensity to the LTE base 
station reception [4]. 

 
                      (7) 

 
where, iRSSI depicts the totally received interfering signal 

strength intensity including the antenna gain and correction 
value  in dB as the difference of the received signal 
strength intensity due to the difference of between 2.5m and 
15m of the received antenna height,  means the 
received interfering signal strength intensity to the reception 
of the LTE base station based on the measurement results as 
shown in Figure 7 and Figure 8. As shown in Figure 10 and 
Figure 11, the out of band (ooB) emission power of the fixed 
STL transmit station is potentially influenced to the system 
performance to the reception of the LTE station. The totally 

 
Fig. 9.   Desired and interfered link [4]. 
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emission power is calculated as the total transmit power 
received within the separation frequency (∆F) bands from the 
offset (Fc+a) frequency to the end frequency (Fc+b) of the 
channel bandwidth of 5MHz of the LTE base station. 

  depicts the total antenna gain of the LTE 
base station including both the antenna height of the STL 
transmitter and LTE base station with the antenna up or down 
tilting. For example, we assumed that the LTE base station 
has the down tilt of 3dB, the antenna end of the STL transmit 
station is pointed to the end of the STL receiving station. Also, 
the antenna gain considers the direction of the elevation angle 
to derive the total antenna gain. For predicting on the 
interference impact to the LTE base station reception, we 
must define the permissible totally received interfering signal 
strength intensity to the victim station. In this paper, a 
permissible interference limit is -108dBm/5MHz to the victim 
system as the LTE base station. This value is derived from the 
protection ratio of LTE base station. LTE protection ratio is 
I/N, which the ratio the totally received interfering signal 
strength intensity to noise power of the victim station such as 
the LTE base station [8]-[9]. The protection ratio of I/N is 
defined as - 6dB. This means that the permissible totally 
received interfering signal strength intensity to the reception 
must be less than the total noise power. Total noise power is 
derived as the equation (8).  

 
                                                      (8) 

 
where, kT depicts boltzmann constant of k and ambient 

temperature of T. This kT value is about -170dBm/Hz in the 
general communication system. B is the bandwidth of 5MHz 

of LTE base station and NF depicts the noise figure of 5dB of 
LTE base station receiver. 

Therefore, the permissible totally received interfering 
signal strength intensity to the victim station is 
-114dBm/5MHz. Figure 12 and Figure 13 show the totally 
received interfering STL (SBS in Figure 12 and FEBC in 
Figure 13, respectively) signal strength intensity to the LTE 
base station when the receiving antenna height of the roof top 
to the measurement vehicular is 2.5m and the receiving 
antenna height of the LTE base station 15m, respectively. To 
limit the received interfering signal strength intensity, the 
separation distance is required between the STL transmit 
station as the interfering transmitter and the LTE base station 
as the victim station. If the permissible totally received 
interfering signal strength intensity to the reception is 
-114dBm/5MHz, the satisfied distance between the SBS 
station and LTE base station is 2.2km over in Figure 12 and 
the satisficed distance between the FEBC station and LTE 
base station is 2km over in Figure 13. 

V. CONCLUSION 
This paper described to derive composite median path loss 

and shadowing value for the protection of the LTE base 
station from the interference impact due to STL transmitter. 
As an approach, we measured the STL’s transmission power 
during moving with a vehicular from the STL’s broadcast 
studio to the STL receiver in another location. As the fixed 
STL microwave broadcasters, we considered two STL 
stations with different link paths in the large city. One STL 
station is FEBC and, while the other is SBS. Finally, we found 
to should be used the composite median pathloss with long 
term fading corresponding to the various urban and suburban 

 
Fig. 11.   SBS Station’s Emission Characteristics [4]. 

 

Fig. 12.   SBS Station’s iRSSI. 

Fig. 13.   FEBC Station’s iRSSI. 

 
Fig. 10.   FEBC Station’s Emission Characteristics [4]. 
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environments in the large area. Measurement results are in 
good match with the results of composite different median 
path loss. In addition, to calculate the interfering STL signal 
strength intensity and desired LTE received signal strength 
intensity to the LTE reception, we considered the theoretic 
median pathloss and shadowing characteristics. For 
predicting the interference impact to the LTE base station 
reception, we defined the permissible totally received 
interfering signal strength intensity to the victim station. If the 
permissible totally received interfering signal strength 
intensity to the reception is -114dBm/5MHz, the satisficed 
distance between the SBS transmit station and the LTE base 
station is 2.2km over and the satisficed distance between 
FEBC transmit station and the LTE base station is 2km over.  

For the coexistence between the STL station and LTE base 
station, it is expected to use the required minimum separation 
distance. And, the antenna correction factor is very important 
value to predict the radio propagation phenomenon such as 
the pathloss and shadowing for high accuracy and is available 
to calculate the interference impact in the adjacent channel 
bands. 
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 

Abstract—Previously, various rectification methods using 
compressed lookup table have been studied for real-time 
hardware stereo vision system. These loss compression methods 
may occur distortion that could corrupt disparity estimation 
process. Differentially encoded lookup table method which is 
lossless compression has no distortion with reasonable 
compression ratio. However, the method is limited to 
low-resolution and low warping movement. In this paper, we 
propose an adaptive binary encoding method. Our proposed 
algorithm has approximately 10~26% compression ratio which 
is comparable to the previous method and tolerates 
high-resolution video. 
 

Keyword—real-time processing, high-resolution rectification, 
lookup-table, adaptive binary encoding, lossless compression  
 

I.  INTRODUCTION 

STEREO vision system has four steps. The first step is 

rectification as a pre-processing. A role of rectification 

is to align epipolar lines. And the second step is disparity 

estimation to obtain disparity-map. In the third step, filtering 

techniques are utilized to enhance disparity-map. Finally, 

disparity-map is used for various applications such as visual 

fatigue decrease, object segmentation and tracking, motion 

control and etc. Since rectification not only aligns epipolar 

lines but also decreases search-range for disparity estimation 

process, it is essential process to achieve real-time processing. 

Figure 1 shows reduced search-range. 

Rectification could categorize into real-time calculation 

and pre-calculation using a LUT (Lookup table). Since 

real-time calculation consist a large amount of computation, 

many research tried to simplify calculation of epipolar 
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geometry matrix as in [2]–[4]. And a hardware architecture 

using FPGA (Field-programmable gate array) is also used to 

achieve real-time processing as in [5]–[7]. However, 

simplified calculation methods are not suitable for real-time 

processing. And FPGA methods could process in real-time, 

but they consist of complex hardware architecture. 

On the other hand, pre-calculation using a LUT has fast 

processing-time with compact hardware architecture as in [8]. 

But disadvantage of this method is high memory 

consumption. To overcome this issue, loss and lossless 

compression techniques are applied. One of the loss 

compression methods subsamples rectification mapping data 

and reconstructs using interpolation as in [9], [10]. Although 

the loss compression method has much higher compression 

ratio than the lossless compression method, it also has 

distortion, and could be critical for the performance of 

disparity estimation process. To avoid distortion, reference 

[11] uses differential encoding and decoding using only 

subtraction and accumulation that consumes only 1.3Mbytes 

for a 1280 by 720 image with 27% compression ratio. 

Another recent research using the run-length encoding 

technique with different order as in [12] shows high 

performance. However, these methods limit data magnitude 

bits, so data magnitude have to be less than 3 for differential 

coding and 1 for run-length coding which are not suitable for 

high-resolution rectification. 

In this paper, we propose an adaptive differential encoding 

method. We analysed probability of appearance of 

A Real-time Rectification using an Adaptive 

Binary Encoding for High-resolution Video 
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Fig. 1.  Example of reduced search-range[1]. 
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differential values and built two codebooks for high 

performance and resolution including two and four modes. 

The first mode in the both codebooks is comprised of 

minimum bit size to decrease compression ratio, and the 

fourth mode in the codebook with four modes could extent bit 

size for magnitude to tolerate high-resolution video. 

The rest of paper is organized as follows. We will 

introduce basic concept of rectification using LUT in Section 

II. Our proposed algorithm will be presented in Section III. 

Proposed hardware architecture will be presented in Section 

IV. Experimental result will be given in Section V, and finally, 

we will draw the conclusion in Section VI.  

II. BASIC CONCEPT OF RECTIFICATION USING LUT 

Rectification is used for various applications such as 

ortho-photo or ortho-image as in [13], [14], multi-view 

camera system as in [6], [15], intelligent vehicle using stereo 

vision system as in [16], [17] and etc. Difference between 

stereo vision system and others is that position of each 

camera is fixed, which needs only one set of rectification 

parameters if there is no individual movement of each camera 

and uses it consistently. Therefore, we are allowed to 

pre-calculate rectification mapping data and rectify images 

by loading mapping data from LUT memory.  

Rectification using LUT could divide into calibration and 

rectification procedures. The calibration procedure is to 

calculate rectification movement using intrinsic parameters, 

extrinsic parameters and camera calibration factors and 

obtain rectification mapping data. The mapping data includes 

coordinate information that moves pixels on the original 

image to the rectified image. This procedure processes in 

software environment. And the rectification procedure 

compensates input images using mapping data from the LUT 

memory. Since complex computation is mostly calculated in 

the calibration procedure, the rectification procedure could be 

designed compact hardware architecture and be suitable for 

real-time processing. However, there are four different 

mapping data set which are X and Y coordinate information 

from left and right images. And it affects high memory 

consumption. Therefore, each mapping data set ought to be 

compressed. Compressed LUT methods are simply added 

encoding and decoding parts before and after LUT memory, 

respectively. And complexity increase depends on which 

compression method is utilized. Compressed LUT methods 

classify loss and lossless compression. Figure 2 shows 

overall flow of rectification using LUT 

A. Loss compression 

The loss compressed LUT method usually applies 

down-sampling to reduce a size of LUT in the encoding 

process and interpolation to fill void pixels in the decoding 

process as in [9], [10]. Given that interpolation change 

calculated values based on relationship with adjacent values, 

a rectified image is distorted. Although rectified image using 

a loss compressed LUT shows reasonable PSNR over 30 dB, 

it could occur critical errors in the disparity estimation 

process. To avoid potential errors, the lossless compression is 

more suitable. 

B. Lossless compression 

The lossless compressed LUT method utilizes lossless 

compression technique such as Huffman, differential, 

run-length and etc. Among them, a differential encoding 

method is used with high compression ratio and compact 

hardware architecture as in [11]. It shows good trade-off 

between complexity and compression ratio. However, since it 

limits differential magnitude of sequential pixel values on 3 

to minimize memory consumption, an error is occurred on 

the current coordinate if magnitude of differential value is 

more than 4. Moreover, when one error is occurred, it is 

propagated on the current line by accumulation of erroneous 

difference. Therefore, the previous differential encoding 

method operates properly only with low warping movement. 

 
Fig. 2.  Overall flow of rectification using LUT 

 
Fig. 3.  Distribution of difference values (a) differential values of X coordinate (b) 
differential values of Y coordinate (c) ratio between the highest probability case 

and others. 
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III. PROPOSED ALGORITHM 

Adaptive compression method basically uses characteristic 

of input. Reference [18] adjusted sampling frequency depend 

on frequency of ECG (electrocardiogram) signal. Especially, 

ECG signal with low frequency sampled with low sampling 

frequency, which decrease amount of data. In the same 

manner, our proposed method adjusted size of memory bits to 

store coordinate data depend on magnitude of differential 

values. Size of memory bits is minimized to decrease 

compression ratio for the highest probability case and also 

maximized to have enough bit size to store maximum 

magnitude for the opposite case. Therefore, compression 

ratio is decreased with increasing the highest probability 

case. 

As shown in figure 3(a) and 3(b), variance of differential 

coordinate values from 50 stereo image sets is distributed 

around 1, 0 for X and Y coordinate, respectively. Moreover, 

as shown in figure 3(c), since the ratio between the highest 

probability case and others increases with higher resolution, 

our proposed method is more suitable for higher resolution. 

To satisfy above-mentioned conditions, we composed two 

codebooks as shown in table 1. 

The codebook I is used for small magnitude, which 

consists of two modes. The first mode is for the highest 

probability case; 1 for x axis, 0 for y axis. And the second 

mode encodes rest of cases. The codebook II is used for large 

magnitude, which consists of four modes. The difference value 

that has the highest probability case sets as mode ‘00’ to 

decrease compression ratio. And to cover larger range of 

magnitude, the codebook could rearrange by expansion of 

magnitude bit in mode ‘11’. 

Let’s assume that we have differential value 0 and -5 in y 

axis. First, 0 is able to encode with two codebooks. In the 

codebook I, 0 in the y axis is in the mode ‘0’. And mode ‘0’ 

has no sign bit and magnitude bit. Therefore, 0 is encoded as 

‘0’. On the other hands, in the codebook II, 0 is included in 

mode ‘00’. And mode ‘00’ is the same as mode ‘0’ in the 

codebook I. Therefore, 0 is encoded as ‘00’. Second, -5 

cannot be encoded using the codebook I due to large 

magnitude. However, the codebook II can encode -5 that is 

included in mode ‘10’. Sign is minus and magnitude is 5. We 

can assign mode bit as ‘10’, sign bit as ‘1’, magnitude bit as 

‘10’. Therefore, -5 is encoded as ‘10110’. Our proposed 

method chooses a proper codebook based on magnitude. 

Selected codebook is stored to the codebook table register in 

the decoder. The encoding flow is shown in figure 4.  

IV. PROPOSED HARDWARE ARCHITECTURE 

Our proposed hardware architecture consists of LUT 

memory, a decoder and a pixel address generator. First, the 

decoder reads differentially encoded data from LUT memory 

and decode into X and Y coordinate values. Then the pixel 

address generator reconstruct X and Y coordinate values into 

pixel address on the original image. The decoder consists of 

data controller and codebook table registers and the pixel 

address generator consists of one accumulator for X 

coordinate, one accumulators and one multiplier for Y 

coordinate and one adder to combine X and Y coordinate 

values. Overall hardware architecture is compact with low 

latency and simple computation, which is suitable for 

real-time processing.  

Decoding flow is processed as followings. First, each data 

controller obtains the information about which codebook is 

used and reads encoded data from LUT memory. Second, 

data is decoded from the binary codes to the differential 

values using the stored codebook. Lastly, we accumulate 

differential values to decode into coordinate values, and 

generate pixel addresses. The proposed hardware architect is 

shown in fig. 5. 

TABLE I 
TWO CODEBOOKS FOR ADAPTIVE BINARY ENCODING 

Codebook I 

Range of 

magnitude 

1 for x axis 

0 for y axis 

-1, 0 ,2, 3 for x axis 

-2, -1, 1, 2 for y axis 

Mode bit 0 1 

Sign bit - 1 bit 

Magnitude 

bit 
- 1 bit 

Total bit 1 bit 3 bits 

 

Codebook II 

Range of 

magnitude 
0 ±1~ ±2 ±3~ ±6 ±7~ 

Mode bit 00 01 10 11 

Sign bit - 1 bit 1 bit 1 bit 

Magnitude 
bit 

- 1bit 2 bits 3 bits~ 

Total bit 2 bits 4bits 5 bits 6 bits~ 

 

 
Fig. 4.  Encoding flow 
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V. EXPERIMENTAL RESULT 

Our proposed method is designed using OpenCV for the 

encoding process and Verilog for the decoding process. For 

the evaluation, we applied two methods. The first one is a 

binary image of difference to show distortion. The equation 

for binarization is as: 

B(x, y) =  {
0, 𝑅𝑒𝑐𝑡𝑖𝑚𝑔(𝑥, 𝑦) = 𝑂𝑟𝑖𝑖𝑚𝑔(𝑥, 𝑦),

1, 𝑅𝑒𝑐𝑡𝑖𝑚𝑔(𝑥, 𝑦) = 𝑂𝑟𝑖𝑖𝑚𝑔(𝑥, 𝑦).
      (1) 

Since distortion is the same as difference, distortion 

regions represent with white pixels in the result images. As 

shown in figure 6, the result images of the loss compression 

method have white regions, whereas our proposed method 

does not. 

The second method is compression ratio. Compression 

ratio (CR) is defined as:  

CR =  
𝐶𝑜𝑚𝑝𝑟𝑒𝑠𝑠𝑒𝑑 𝑑𝑎𝑡𝑎

𝑈𝑛𝑐𝑜𝑚𝑝𝑟𝑒𝑠𝑠𝑒𝑑 𝑑𝑎𝑡𝑎
                        (2)  

We compared to previous differential encoding method as 

in [11] and two codebooks with various resolution conditions 

and 50 stereo image sets. As shown in figure 7, compression 

ratio of our proposed method has minimum 18.9% and 

maximum 26.1% lower than the previous one. And 

difference of compression ratio in the same resolution 

becomes larger with higher resolution. 

As shown in figure 8, differential encoding shows only 

31.69% compression ratio regardless of stereo environment 

due to fixed encoding bits. On the other hands, our proposed 

methods show different results as per stereo environment, 

since it has different encoding bits depend on modes. And for 

performance, our proposed methods have approximately 

two-third and one-third lower compression ratio with the 

codebook II and the codebook I, respectively. 

VI. CONCLUSION 

In this paper, we proposed an adaptive differential 

encoding method for high-resolution video. Our proposed 

method effectively encodes satisfying two conditions such as 

minimization to decrease compression ratio and 

maximization to tolerate large magnitude values. And 

decoding process also achieves compact hardware 

architecture with processing in real-time. Compression ratio 

is approximately from 10.8% to 26.1% depending on 

resolution with no distortion. And the higher resolution 

shows the lower compression ratio which is suitable for 

image processing with high-resolution. 

 
Fig. 5.  Proposed hardware architecture 

 
Fig. 7.  Compression ratio results with various resolutions 

 
Fig. 6. Differential binary image 

 
Fig. 8. Compression ratio results with 50 stereo image sets 
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