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Abstract

With the increased demand for high-speed wireless communications and accurate
wireless positioning, the requirement for wideband communication systems is be-
coming higher. One of the core modules to ensure the reliable communication is
the channel estimation. Channel estimation is also an essential prerequisite for car-
rier-aggregated positioning system. While traditional CA-based channel estimation
methods only utilize the narrowband responses of individual carriers, the frequency
gaps between them remain unutilized, leading to suboptimal performance.

This thesis investigates a wideband channel estimation method that relies on non-
contiguous carrier aggregation. The proposed approach constructs the wideband
channel estimate by leveraging narrowband measurement from each carrier com-
ponent and applying interpolation algorithms. A phase correction algorithm is also
proposed to solve the problem of phase discontinuity in multiple narrowband meas-
urements. This thesis evaluates the wideband channel estimation algorithm by
MATLAB simulation, comparing different interpolation techniques in terms of es-
timation accuracy and computational efficiency while demonstrating the feasibility
of the proposed approach.

Keywords Channel Estimation, Carrier Aggregation, OFDM, Phase Discontinuity
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Symbols and abbreviations

Symbols
CM*N Set of M x N complex value matrices
I Identity matrix
Operators
AT Transpose of matrix A
AH Hermitian transpose of matrix A
Al Inversion of matrix A
E[] Ensemble Average which is applied to stochastic processes, or
the mean of random variables
-1l Euclidean norm
Af Difference of function f
d . . . .
a@ derivative with respect to the variable ¢
Zf Phase value of function f
° Element-wise multiplication

Abbreviations

CA Carrier Aggregation

OFDM  Orthogonal frequency-division multiplexing
FFT Fast Fourier Transform

IFFT Inverse Fast Fourier Transform
DFT Discrete Fourier Transform

LS Least Square

MMSE Minimum Mean Square Error
MSE Mean Square Error

LO Local Oscillator

PLL Phase-locked Loop

RF Radio Frequency

ISI Inter-Symbol Interference



SNR Signal-to-noise ratio
GPR Gussian Process Regression
TDL Tap Delay Line



1 Introduction

In recent years, with the development of information and communication
technologies, people's demand for various communication services and the
requirements for communication quality have increased. In addition, provid-
ing accurate positioning information is also vital for the next generation com-
munication systems. In communication systems, greater bandwidth trans-
lates to faster data transmission and higher positioning accuracy. To support
wireless systems with a bandwidth beyond 20MHz, Orthogonal frequency-
division multiplexing (OFDM) and Carrier Aggregation technologies (CA)
were introduced and adopted in 4G mobile networks [1].

Orthogonal frequency division multiplexing (OFDM) has become one of the
essential technologies in mobile communication systems since the 4G LTE
(Long-term Evolution) era owing to its ability to mitigate multipath fading
and achieve high spectral efficiency [2]. However, with the increasing de-
mand for higher data rates, OFDM systems with a single frequency band can
no longer meet the requirements. In addition, spectrum scarcity for wireless
communication is also a notable challenge [3].

Carrier aggregation (CA) is one of the key features of LTE-Advanced to make
full use of spectrum resources. CA refers to the use of discrete spectrum re-
sources together to transmit data on multiple frequency bands, thereby in-
creasing the data transmission speed [3] . In an OFDM-based carrier aggre-
gation system, both the number of utilized frequency bands and the specific
bands selected can vary to meet complex communication requirements [4].
High accuracy positioning in 5G and beyond is also a key motivation for CA,
as CA effectively increases the available bandwidth for Time-of-Arrival (TOA)
estimation [5].

In order to enable reliable and high-speed data transmission, the receiver
needs to perform channel estimation, which is used to estimate the channel
response so that the receiver can accurately restore the original data infor-
mation [6]. In high accuracy wireless positioning systems, wideband channel
estimation is a critical prerequisite for the TOA estimation. However, directly
measuring a large contiguous bandwidth channel requires wideband receiv-
ers, which introduces significant challenges in hardware design and cost ef-
ficiency [7][8]. [5] proposed a method to improve positioning accuracy by
using carrier aggregation, where the method relies on independently pro-
cessing each narrowband component in CA. If a continuous wideband chan-
nel response is constructed based on known narrowband components, the
available bandwidth for TOA estimation can be increased, thereby support-
ing more accurate positioning for 5G and beyond.



One possible approach to perform wideband channel estimation without a
wideband receiver is to use multiple narrowband carriers. This idea is partic-
ularly well-suited for non-contiguous CA systems, where narrowband chan-
nel estimates of each carrier component are known. Then, the interpolation
algorithms are employed to fill in the gaps to construct the full wideband
channel response.

Numerous studies [9][10][11] investigated channel estimation algorithms for
a single frequency band. In [12][13][14], multi-band OFDM channel estima-
tion was studied, which shares similarities with contiguous CA systems.
Channel estimation for contiguous CA systems was investigated in [15]. How-
ever, no studies have focused on wideband channel estimation of non-con-
tiguous CA systems. Based on the previous, the objective of this thesis is to
design the wideband channel estimation algorithm for the OFDM-based car-
rier aggregation system. For this purpose, this thesis uses MATLAB to de-
velop a wideband channel estimation simulation platform. The simulation
code includes the signal reception and transmission, wideband channel esti-
mation algorithm implementation, and effect verification. In addition, to en-
sure the efficiency of the algorithm, this thesis compares different interpola-
tion techniques and optimizes the computational resources needed accord-
ing to the error of channel estimation.

The rest of this thesis is organized as follows. Chapter 2 introduces the fun-
damental concepts of OFDM, multipath channels, carrier aggregation, and
channel estimation techniques. Chapter 3 presents the framework of wide-
band channel estimation algorithm, including phase offset correction and in-
terpolation techniques. Chapter 4 describes the structure of the simulation
platform and discusses the performance of the wideband channel estimation
algorithm. Chapter 5 provides the conclusion of the thesis and outlines po-
tential directions for future research.
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2 Basis of OFDM Carrier Aggregation System

2.1 Wireless Multipath Channel Analysis

This section will focus on the wireless channel of the mobile communication
system. In wireless communication, signals are transmitted in the form of
radio waves, and the space through which the signal passes from the trans-
mitter to the receiver is called the wireless channel. Since the wireless chan-
nel may change randomly at any time, the signal will be affected by the
change of the wireless channel during the transmission process of the wire-
less channel. Therefore, it is very important to study the transmission char-
acteristics of the channel and establish the corresponding channel model.

2.1.1 Multipath Propagation Channel

Multipath propagation in wireless communications refers to the signal prop-
agating from transmitter to receiver through multiple paths due to reflec-
tions, diffractions, and scattering in the transmission environment [2]. The
arrival time, attenuation and phase of signals propagating from different
paths are different at the receiving end. Define the frequency of the transmit-
ted signal as w and the received signal as E, (w, t). E,(w, t) is the combination
of multiple waves, and its expression is as follows.

N M
E,(w,t) = E Z Z Crm cos(wt + wpt — wTypy,) €y

n=1m=1

E,Cpm is the amplitude coefficient of each path component, and C,,,,, are nor-
malized with an ensemble average equal to 1. w is the Angular frequency of
the transmitted signal. w, represents the Doppler shift, resulting from the
relative motion between the transmitter and the receiver. There are N differ-
ent paths, and the signal of each path consist of M components with different
propagation delays Ty,,,,.

The power of each individual wave: C2,, can be expressed as:

Cr%m = G(ay)p(ay, Tym)dadT (2)
where G(a,) is the horizontal directivity pattern of the receiving antenna,
which describes the characteristics of the receiving antenna's ability to re-

ceive signals at different horizontal angles a,,. p(a,,, Ty.,,) refers to the distri-
bution of power over time and angle, so p(ay,, T, )dadT represents the
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proportion of incident power within a small angle interval da around angle
« and within a short time interval dT around time T.

For simplicity, in this thesis, we assume a uniform distribution in the angle
of the incident power «, and there is no antenna directivity:

1
p(aT)=5e 3)

Gla) =1 %)

Where T is a measure of time delay spread, which will be introduced in sec-
tion 2.1.2.

Therefore, by substituting (3) and (4) into (2),we obtain:
1 _Tam
C2, = p(ay, Tym)dadT = ool T dadT (5)

2.1.2 Multipath Fading

Fading refers to the distortion of the signal at the time domain or frequency
domain, which can degrade communication reliability. The two main sources
of channel amplitude deterioration are additive noise and fading. The Gauss-
ian white noise channel model is a typical additive noise, and the fading chan-
nel causes multiplicative signal disturbances.

In multipath propagation, the coherent combination of multiple signals from
different paths at the receiving end causes variations in signal strength. These
variations exhibit a high degree of randomness, leading the wireless signal to
undergo dramatic fluctuations during transmission in a very short period or
a very short distance. Multipath propagation gives rise to this phenomenon,
which is referred to as multipath fading. Multipath fading can lead to two
special selective fading: time-selective fading and frequency-selective fading.
Time-selective fading distorts the received signal in the time domain, while
frequency-selective fading distorts the signal in the frequency domain.

In wideband communication systems, the impact of frequency selective fad-
ing is more significant. Due to the wide channel bandwidth, the different path
delay components generated by multipath propagation are usually distin-
guishable. The time difference between signals from different paths in a mul-
tipath channel arriving at the receiver is called delay spread. Delay spread is
a critical parameter that characterizes the dispersion of the channel. A com-
mon measure of delay spread is the maximum delay spread. It is expressed
as:

12



T = Timax — Tmin (6)

where 7,4, and 7,,;,, represent the maximum and minimum propagation de-
lays T, in equation (1). Root mean square (RMS) delay spread is a more
comprehensive measure of delay spread, which is given by:

. Jz C2y (T — T)? -

2 Cim

Where C2,, is the received power of each path component, and T is the mean
propagation delay:

C2 T
Z Cnm

When the delay spread is large, the signals of different frequency components
experience varying degrees of interference, resulting in some frequency com-
ponents being enhanced while others are depressed. The frequency response
of the channel is no longer flat, some frequency components will be severely
attenuated, while others may be enhanced. This is frequency selective fading.

The different time delays in multipath propagation cause the statistical prop-
erties of signals at different frequencies to become uncorrelated when the
frequency separation exceeds the coherence bandwidth of the channel. Co-
herence bandwidth refers to the frequency interval for which the signals are
still strongly correlated. If the frequency interval of two frequency compo-
nents is less than the coherence bandwidth, they are correlated and have sim-
ilar fading characteristics. If their frequency interval is greater than the co-
herence bandwidth, they are no longer correlated and no longer have the
same fading characteristics [16].

2.1.3 Channel Correlation Properties

By studying the correlation coefficient as a function of frequency separation,
we can determine the coherence bandwidth over which the phase response
remains consistent [17]. In CA systems, potential usage of the channel corre-
lation function includes analysis of the cell coverage, channel state estima-
tion and the frequency diversity gain [18]. In this thesis, understanding the
correlation properties of the channel is critical for the wideband channel es-
timation system design, which will be introduced in Chapter 4. Therefore, in
this section, we will investigate the phase correlation functions based on the
channel model in 2.1.1.

13



E,(wq,t) and E,(w,, t) are two narrow band signals received at frequencies
w, and w,:

E,(wq,t) =x,(t) cosw, t — x,(t) sinw; t
E,(w,,t) = x3(t) cosw, t — x,(t)sinw, t

%)

where x, (t) and x;(t) are the in-phase component of E, (w4, t) and E, (w5, t).
x,(t) and x,(t) are the quadrature component.

According to the central limit theorem, when N and M are large enough,
x;(t) are Gaussian random processes and they are jointly Gaussian distrib-

uted.

So, x;(t) can be expressed as:
x,(t) = E z Camcos(wpt — w1 Tym)
nm

xz(t) =E, Z CnmSin(wnt - wlTnm)
nm

(10)
X3(t) =E, Z Cnmcos(wnt - wZTnm)
nm
x4(t) = Ej Z CnmSin(wnt - wZTnm)
nm

Define frequency separation as s. Define four random variables x;, x,, x5, x4
for fixed time t.

S =Wy, — Wy (11)

x; & x; () i=1234 (12)

Then, the amplitude and phase can be defined as:
X, = 1100560,
X, = 1;5in6,

X3 2 1,080,
X4 = 1,5in0,

(13)

The statistical characteristics are determined by moments of the form E[x;x;].
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E[x;x;] = E§ z (Cnmeq cos(wpt — 0;Tym) cos(wpt - ijpq)) (14)

nm,p,q
where i,j = 1,2,3,4

When i = j, this implies that C,,, = C,, leading to the following result:

2 Eg 2 1 _Z
E[xi] =7zCnm ZbOE%e tdadT (15)
nm nm
2
where by = £ is the mean power.

2

In the limit as N,M — oo:

2T o0 T
2 _ —
E[x{] = boj; j; e TdadT’i — 1234 (16)
= b,

Similarly, through the operation of trigonometric functions and the proper-
ties of the ensemble average, we get

2T o0 1 T
E[x1x3] = bof f —e tcos(sT)dTda
o Jo 2m

17
I (17)
T 01 45272
2T o 1 T
E[x1x4] = boj J —e tsin(—sT)dTda
o Jo 2m
(18)
_ byst
1+ 5272

The in-phase and quadrature components are statistically uncorrelated, so
wheni=1,j=2o0ri=3,j =4:

E[x1x2] = E[x3x4] = 0 (19)
According to the properties of joint Gaussian variable, and applying the

transformation of variables in (13), the joint density of the envelopes and
phases p(r,7,,04,0,) can be expressed as:
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where

p(r1,72,01,0;) =

Ty exo | — rZ + 1} — 2riryAcos(8, — 0, — ) (20)
Cm?d—22) P 2u(1 - 22)
2 2
| 2%) M1 + M3
tangp =—=, A = 21
¢ t u? (1)
n= [E[x12]: = E[xix3],  pp = E[xgxy] (22)

By substituting (17), (18) and (19) into (21) and (22), we obtain the expression
of tan¢ and A, which will be used for the expression of phase correlation
properties expression:

tang = —st (23)

1

=— 24
1+ s272 (24)

By integrating expression (20), we can get the joint distribution of two phases

[16]:

P(epez):j J P(Tp?’z,ebez)dﬁdrz
o Yo

25
_1-2V1-B%+Bcos™'(-B) (23)
- 4m? (1 — B%)3/?
B=2Acos(,—0,—¢), 0<cos !(-B)<m (26)
The correlation of two phases can be expressed as:
2T 2T
Ro(s) = EI0,0,1 = [ [ 0,0,p(01,0,)d0,d, @7)
o Jo
Integration by parts yields a simple series expansion [16]:
1
Ro(s) = |1+ TOL ) + 2701 ) = 52 0 (28)
1
(A, ¢) = %sin‘l(k cos ¢) (29)
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6 O A"
n=1

The phases of two signals 6, and 6, are random variables uniformly distrib-

uted from zero to 2x. Thus:

1
p(6) = 5 (3D

Mean value of 0, 8,, 82, and 63 are:

E[6,] = E[6;] ==
472 32
E[03] = E[03] = —— ¢9
The correlation coefficient of the phase:

Re(s,T) — E[6;]E[6,]
V(E[0?] — E[0,]%)(E[0,] — E[6,]%)

3
pe(s) = == [Ro(s) — m?] (33)

Substituting (28) into (33):

1
pe(s) = 3I'(A, ¢)[1 + 2T'(A, d)] —59(7\) (34)

1.2

Ty
08l \

\
s
P,(8) 0.6 \
\
04 \\\
LW

0.2 \‘\

5 , ———

0 05 1 15 2 25 3

Figure 1. Dependence of the phase correlation coefficient on the frequency
separation s and time delay spread t
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The relationship between the phase correlation coefficient and st is illus-
trated in Figure 1. If we define coherence bandwidth as the frequency interval
pg(s) = 0.5, this condition is met when st = 0.5, which results in a coherence

bandwidth of 0.25mo. Therefore, the expression of coherent bandwidth can
be:

B, =— (35)

This approximation indicates that a larger delay spread leads to a smaller co-
herence bandwidth. It is because, when the delay spread is large, multipath
components are more dispersed in time, causing rapid variations in the chan-
nel frequency response. Consequently, the coherence bandwidth becomes
smaller, implying that signals with a bandwidth greater than B, will experi-
ence frequency-selective fading.

2.2 OFDM Transmission in Wireless Systems

According to Shannon's information theory, channel capacity increases as
bandwidth increases, so increasing bandwidth can increase the data trans-
mission rate. Therefore, mobile communication systems usually use broad-
band signals to meet the needs of high-speed data transmission. However,
when the signal bandwidth exceeds the coherence bandwidth of the channel,
the fading characteristics of the channel for different frequency components
are no longer the same, resulting in frequency-selective fading. This effect
causes inter-symbol interference (ISI), making it difficult for the receiver to
accurately restore the original signal.

OFDM technology is a high-speed multi-carrier transmission technology,
which is an effective modulation technique designed to combat the chal-
lenges posed by frequency-selective channels. Serial data is transmitted in
parallel through multiple orthogonal subcarriers, and the orthogonality be-
tween subcarriers is used to restore the original data of the OFDM signal at
the receiving end, thereby improving the utilization of the spectrum. For an
OFDM system with N subcarriers, its modulation process can be considered
as multiplying the transmitted signal with the frequency component corre-
sponding to each subcarrier and finally outputting the superposition of time-
domain waveforms with different frequency components in the time domain.

Mathematically, the baseband OFDM signal is expressed as:
N-1
x(t) = Z Xy el?™ Kt (36)
k=0
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Where X, is the data sent on the kth subcarrier, and f; is the frequency com-
ponent corresponding to the kth subcarrier.

Due to the multipath propagation, the received OFDM baseband signal is the
superposition of the transmitted signals from different paths after different
time delays. To avoid the ISI, it is usually chosen to add a guard interval at
the end of the OFDM symbol, which is usually set to be greater than the chan-
nel delay spread to ensure that the OFDM symbols do not overlap at the re-
ceiver. Cyclic prefix is the most common way to implement guard interval.
Cyclic prefix refers to copying a length from the end of the OFDM symbol and
adding it to the starting position to offset the impact of the delayed previous
symbol on the next symbol.

After the data is sent, the signal will reach the receiving end, which will sam-
ple the transmitted signal according to the sampling frequency. The sequence
obtained by sampling is:

N-1
x(n) = Z X, e/2m knTs (37)
k=0

T, is the sampling frequency corresponding to the system. The subcarriers of
the OFDM system are generally distributed at equal intervals, which can en-
sure the orthogonality of the subcarriers. The orthogonality of the subcarriers
can be used to complete the signal recovery. For the OFDM symbol, the data
recovery process on the mth subcarrier is:

N-1
X, k=m

X, eJ2mfknTs g=j2mfmnTs — {
kz_o g 0 k#m

(38)

The subcarriers are strictly orthogonal, so the information carried on other
subcarriers will not leak to adjacent subcarriers during the recovery process.
The processing flow in the above process is basically the same as the discrete
Fourier transform formula. Therefore, in the digital system, the inverse fast
Fourier transform (IFFT) and fast Fourier transform (FFT) algorithms can
be directly used to modulate and demodulate the OFDM baseband signal,
which greatly reduces the difficulty of realizing digital circuits.

OFDM has the ability to mitigate the effects of frequency selective fading.
OFDM distributes the data to be transmitted on multiple parallel sub-carri-
ers, ensuring that sub-carriers remain orthogonal and do not interfere with
each other. When the symbol duration of each sub-carrier is long enough
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such that the data rate per sub-carrier is lower than the channel’s coherence
bandwidth, the sub-channel experiences frequency-flat fading.

X[0] x[0]
X([1 x[1]
Add Cyelic
R bps X Serial-to- Prefix, and 1.k s(1)
——af QaAM Parallel IFFT Parallel- |—={ D/A
Modulator . -
Converter to-Serial —J
Converter
cos(2mfut)
X[N —=1] x|N —=1]
Transmitter
¥[0] Y[0]
v Y[1]
Remove
r(t) y[n] | Prefix, and — Parallel- | ¥ An | R bps
LPF AlD Serial-to- FFT to-Serial [ Q_'\ M=
o Demod
Parallel Converter
Converter
cos(2mfiyt)
yIN = 1] YIN — 1]

Receiver

Figure 2. OFDM Transceiver Structure [2].

Figure 2 illustrates the framework of OFDM Transceiver. At the transmitter,
the data stream first enters the QAM (quadrature amplitude modulation)
module to obtain the signal of each subcarrier. After passing the data through
the serial-to-parallel converter, the signal is subjected to an IFFT module to
generate the OFDM baseband signal. In order to combat the ISI caused by
the multipath effect, a cyclic prefix is added to the baseband signal and then
converted back to a serial signal through parallel-to-serial conversion. Finally,
after digital-to-analog conversion and mixing with the carrier, the RF trans-
mission signal is generated.

The processing process at the receiver is the opposite of that at the transmit-
ter. The received signal is first mixed with the local carrier, and then the
OFDM baseband signal is obtained through a low-pass filter and analog-to-
digital converter. After removing the cyclic prefix and performing serial-to-
parallel conversion, the parallel signal is subjected to FFT to convert it back
to the baseband signal of each subcarrier. After parallel-to-serial conversion,
it enters the demodulator and finally recovers the original data stream.

OFDM technology has many advantages: high spectrum efficiency, strong
anti-frequency selectivity, and the ability to use IFFT and FFT to achieve fast
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modulation and demodulation. It is precisely because of these advantages
that OFDM technology is widely used in actual mobile communication sys-
tems. It is not only the core technology of 4G but also plays an important role
in 5G and future mobile communication systems.

2.3 Carrier Aggregation Technology Overview

This section introduces the basic concept of Carrier Aggregation (CA), includ-
ing its classification and deployment scenarios. CA is an advanced technology
that provides a solution to increase system bandwidth for cellular communi-
cation systems. It aggregates two or more carriers together for transmission,
thereby obtaining a larger transmission bandwidth, a higher transmission
rate, and making full use of more discrete spectrum resources. For example,
by combining five component carriers, every 10MHz, we can expand the
bandwidth to 50MHz, thereby achieving high data transmission rates. In ad-
dition, CA can improve network utilization efficiency and user performance
by dynamically allocating all available spectrum [3].

2.3.1 Carrier Aggregation Classification

1 1
< Frequency band A > < Frequency band B >

YV

Component
Carriers (CC)

1 | ] ]
'€ Frequency band A 9: 1€ Frequency band B 9:

A

L

Component
Carriers (CC)
1

<€ Frequency band B >

2

I
:‘€ Frequency band A =

=

Component
Carriers (CC)

Figure 3: Carrier Aggregation Classification [19].

CA mainly has the 3 forms [19] as Figure 3 shows. The detailed description
of 3 carrier aggregation types is as follows.

e Intra-band contiguous Carrier Aggregation: multiple available and
adjacent carriers in the same frequency band. When abundant spec-

trum resources are available, intra-band contiguous CA is a favourable
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option, which imposes lower processing requirements on user termi-
nal equipment and facilitates simpler resource allocation.

Intra-band non-contiguous Carrier Aggregation: multiple carriers
available in the same frequency band, but they are dispersed. In net-
work deployment, a part of the same frequency band is usually occu-
pied by other communication networks, so the discontinuous idle fre-
quency sub-bands are aggregated in this way.

Inter-band Carrier Aggregation: multiple carriers available in differ-
ent frequency bands. This method achieves broadband communica-
tion through cross-band combination, increasing user flexibility.
However, it requires additional complexity in the RF front end of the
hardware implementation.

2.3.2 Carrier Aggregation Deployment Scenarios

The following introduces several common deployment scenarios [20] of car-
rier aggregation technology in detail as Figure 4 shows. For simplicity, there
are only two carrier components in each application scenario, and it is as-
sumed that F1 and F2 are two carriers that can be aggregated.

Deployment Scenario 1: carriers F1 and F2 operate within the same
frequency band, forming an intra-band CA system, and both carriers
are provided by the same base station. Therefore, both carriers expe-
rience similar path loss, resulting in largely overlapping coverage ar-
eas.

Deployment Scenario 2: Both carriers are provided by the same base
station. F1 and F2 operate within the different frequency bands, form-
ing an inter-band CA system. We assume that F2 has a higher fre-
quency, which leads to higher pass loss and smaller coverage. There-
fore, the coverage of F2 is contained within that of F1, forming a subset
of the F1 coverage area, and CA is provided in the entire coverage of
F2.

Deployment Scenario 3: Both carriers are provided by the same base
station, as in the previous two scenarios. However, the antennas of F2
are directed toward the cell boundary of F1 (i.e., the antennas of two
carriers have different directions), which is designed to improve
throughput at the cell boundary. CA is provided in the overlapping
area of F1 and F2, rather than across the entire coverage of F1 as in
Scenario 2.
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Figure 4. Carrier Aggregation Deployment [20].

e Deployment Scenario 4: Unlike the previous three scenarios, F1 and
F2 no longer share the same base station. F1 provides macro coverage,
while F2 is deployed in hotspot areas with high user density using Re-
mote Radio Head equipment to enhance system throughput. CA can
be applied to users located within the overlapping coverage of RRH
and macro cells.

e Deployment Scenario 5: This scenario is an enhanced version of Sce-
nario 2. Building upon the original inter-band CA system, a Frequency
Selective Repeater is incorporated into F2 to extend its coverage while
remaining within the coverage area of F1. As a result, CA is available
across the entire coverage area of F2, the same as in Scenario 2.

2.4 Channel Estimation

As mentioned above, due to the influence of the wireless channel, the signal
will fade when passing through the wireless channel. The fading and signal
loss problems of the wireless channel are relatively serious, and the fluctua-
tion range is large. Therefore, it is necessary to predict and estimate the wire-
less channel for reliable communication.

Channel estimation technology is a key technology of wireless systems. A

high-performance and reliable communication system must estimate the
channel response and then equalize the signal according to the estimation
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result at the receiving end. OFDM systems usually use pilot-assisted methods
to estimate the channel transfer function by inserting known pilot signals in
the OFDM resource grid. The pilot-based channel estimation algorithm can
better track channel changes and improve system performance [22].

The basic steps of pilot-based channel estimation are:

(1) Insert the pilot symbol into the specific position of the signal at the
transmitter.

(2) At the receiver, use received signals and the known pilot signals to es-
timate the channel response at the pilot position.

(3) Finally use filtering, interpolation and other methods to obtain the
channel response in the entire frequency domain and time domain.

Classical methods for estimating the channel response at the pilot position
include the least squares (LS) algorithm, the minimum mean square error
(MMSE) algorithm and the DFT-based channel estimation algorithm.

2.41 Least Square Algorithm

The LS (Least Squares) algorithm is the simplest method among the channel
estimation algorithms, which is computationally efficient, and easy to imple-

ment. This section presents the derivation of the LS method as follows.

We insert pilot signals into the transmitted OFDM data, and define the trans-
mitted pilot signal as X,,:

X, = diag[X,(0),X,(1),--, X, (N — 1)] (39)
The received pilot signal is Y,,:
Y, = [¥,(0),Y,(1),-, Y, (N — 1)] (40)

Define the true channel response as H,,, and the additive noise as Z The rela-
tionship between the received signal and the transmitted signal is given by:

Y, = X,H, +Z (41)

Define the estimated channel response as H;s. The goal of the LS method is
to minimize the square error of the received signal J(H, ):
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](Hp) = ”Yp - XpﬁLS”i = [(Yp - XPﬁLS)H(YP - XpﬁLS)] (42)

By equating the partial derivative of (42) to zero, we can obtain the channel
response H,q:

Hys = X;'Y, (43)
_ Y, (k
H,s[k] =)%,k=0,1,2,---,N—1 (44)
p

From the above expression, it is evident that the LS channel estimation algo-
rithm involves only a single division per subcarrier, which has low computa-
tional complexity. However, this method is sensitive to noise because it does
not consider the effect of noise.

2.4.2 MMSE Algorithm

The MMSE (Minimum Mean Square Error) algorithm utilizes the prior in-
formation of the channel and considers the impact of noise, resulting in bet-
ter estimation accuracy compared to the LS method. The derivation of the
MMSE method is as follows.

The MMSE Error of channel estimation can be expressed as:
Fo} H ~
MSE = E|(H, - B)" (H, - 1) (45)
where H is the estimated channel response, and H,, is the true channel re-

sponse. The purpose of the MMSE method is to determine a matrix W to
make WY, approaches H,, which minimizes (45).

LetA = WY, and substitute it into (45), we can get the formula:
H
MSE = E|(H, - WY,)" (H, - WY,)] (46)

To minimize the MSE, let the partial derivative of MSE with respect to W
be zero, and we can get the estimated channel response:

H= RHpr (RYpr)_IYp (47)
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Where Ry,y, is the cross-correlation matrix of H, and Yy, Ry,y, is the auto-
correlation matrix of ¥,,. They can be expressed as (48) and (49):

H
Riyy, = E(HpYS) = E [H,(X,H, + 2)" |
= E(H HY X} + HpZH) (48)

— H
= RHpHpo

H
Ryyy, = E(tpY4) = E[(XpHy + 2) (X H, + 2)” |
= E(X,H,HI X} + X,H,Z" + ZHI X} + ZZH) (49)
= XpRHpHpXZI)-I + O'I\ZII

Among them, Ry, = E(H,H,') is the autocorrelation matrix of true channel

response, ¢/ represents the noise variance of the channel, and I represent
the identity matrix. Therefore, equation (47) can be expressed as:

7 -1
Hymse = RHpHpX;If(XpIE(HpHIIf)Xg +oil) Y,
= Ru, 11, X (Ru,m, + oD X517, (50)

= Ru, 1, X5 (Ru,m, + ofD) " Hys

It can be observed that the MMSE algorithm is found on the LS algorithm
and takes the influence of noise into consideration. Therefore, its estimation
performance is usually superior to that of the LS method. In OFDM systems
with cyclic prefixes, the frequency domain channel matrix is a diagonal ma-
trix, making the matrix inversion operation can be performed with relatively
low complexity. Nevertheless, obtaining the prior knowledge Ry, remains

a challenge in practise [9].
2.4.3 DFT-Based Channel Estimation Algorithm

The channel estimation algorithm based on discrete Fourier transform (DFT)
has important application value in OFDM systems. The algorithm achieves
an effective trade-off between performance and complexity between the LS
method and the MMSE method. LS algorithm is simple to calculate, but it is
sensitive to noise and has relatively low estimation accuracy. In contrast, the
MMSE algorithm shows good performance in a noisy setting, yet it suffers
from high computational complexity, making it hard to satisfy real-time re-
quirements. The DFT-based method can improve the accuracy compared
with the LS method while ensuring low computational complexity through
joint processing of the frequency domain and time domain [23].
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In OFDM systems, the guard interval between each OFDM symbol is usually
designed to be greater than the channel delay spread to ISI. The channel im-
pulse response typically exhibits a concentrated distribution characteristic in
the time domain due to the multipath effect. Most of the energy is concen-
trated around the dominant propagation paths, which may correspond to the
first few specific sampling points, while the energy at other locations is rela-
tively small [24][25]. This energy concentration characteristic provides an
important theoretical basis for the DFT-based method.

The core idea of the DFT-based method is to suppress noise by converting
the frequency domain and time domain, taking advantage of the characteris-
tic that the channel energy is concentrated in a few specific sampling points.
Define H as the channel estimate of an OFDM symbol with N subcarriers, ob-
tained by the LS channel estimation algorithm. Taking the IDFT of the chan-
nel estimate:

IDFT(H) = h[n] + z[n] £ h[n],n =0,1,---,N — 1 (51)

where z[n] donates the noise component of the time domain. In time-domain
representation, the energy of the channel response is mainly concentrated in
the first few sampling points, while the noise is evenly distributed throughout
the time-domain response. Based on this characteristic, the algorithm sets a
threshold and sets the sampling points with lower energy to zero, thereby
effectively suppressing the interference of noise. Define the threshold of
channel delay as L, the operation of this step can be expressed as.

hin] + z[n],n=10,1,2,---, L — 1

forr = { 0, otherwise (52)

Then, DFT is applied to the remaining L sequence to convert the processed
time domain response back to the frequency domain:

ﬁDFT[k] = DFT(EDFT) (53)
Note that the maximum channel delay L should be known in advance. In a

low signal-to-noise ratio environment, this algorithm can effectively improve
system performance and has important practical application value.

27



3 Wideband Channel Estimation Framework

3.1 Problem Formulation

This section details the specific scenarios encountered in the wideband chan-
nel estimation algorithm and the challenges associated with its implementa-
tion. Subsequently, the basic structure of the algorithm is introduced.

3.1.1 Channel Estimation in Carrier Aggregation Systems

Assume that there is an Intra-band non-contiguous CA system, and we have
obtained a set of channel estimates H;,i = 1,2 --- K at discrete frequency band
through K narrowband receiver. We aim to estimate the channel response
H(f™) in these unknown frequency bands that exist between the known fre-
quency bands f* as figure 5 shows.

Hi H(f*) Hi+-1

Subcarriers (Frequency Domain)

OFDM Symbols (Time Domain)

Figure 5. Channel Estimation of Frequency Bands f*

To evaluate the performance of an interpolation method, we define an error
metric based on the relative difference between the interpolated channel es-
timate and the true channel response. In this thesis, we use the minimum
mean square error (MSE) to provide error measure of wideband channel es-
timates. The interpolation error of a channel block can be expressed as:
|2

N
1
MSE = NZlHestimated,i - Htrue,i (54)
k=1

where Hy.; represents the true value of channel response at the i-th fre-
quency band, Hgimateq,; 1S the corresponding estimated channel response. N
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donates the total number of elements of the channel matrix, and k represents
the index of sampling points.

3.1.2 Phase Discontinuity in Carrier Aggregation Systems

When a receiver changes its operation frequency, the Local Oscillator (LO)
will be subject to a random phase offset since the phase-locked loop (PLL)
will experience a transient process. In carrier aggregation implementations,
each receiver has an independent LO and PLL, and there is no inherent phase
synchronization between them [26][27][28]. These factors result in inde-
pendent phase offsets across frequency bands, leading to phase discontinui-
ties when combining the estimated channels. The following content describes
the phenomenon of phase discontinuity in detail.

Let H,(f) and H,(f) be the channel estimate of two aggregated bands, meas-
ured separately. The corresponding phase responses are:

¢(f1) = 4H(f1)

(55)
¢(f2) = 4H(f2) + AB,ffset

where A8, ¢ represents the unknown phase offset introduced by LO return-
ing.

Figure 6 shows the frequency response of two adjacent frequency bands with-
out phase shift. It is obvious that band 1 and band 2 are connected smoothly.
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Figure 6. Frequency Response without Phase Offset
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Figure 7 shows the frequency response of two adjacent frequency bands,
where band 2 has the random frequency offset caused by LO. Band 1 and
band 2 are obviously discontinuous. The phase response of band 2 is shifted

by AQoffset-

Phase Response

— Phase response of band 1
Phase response of band 2 | 7

200 400

600 800 1000
Frequency Axis

1200 1400

Figure 7. Phase Discontinuity of Carrier Aggregation

This phase offset creates a discontinuity between the two bands, making di-
rect interpolation inaccurate. Therefore, phase correction algorithm must be
performed after getting the narrowband channel estimate.

3.1.3 General Structure of Wideband Channel Estimation
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Figure 8. General Structure of Wideband Channel Estimation
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The wideband channel estimation algorithm of this thesis involves multiple
steps to reconstruct the full-channel response across non-contiguous fre-
quency bands. The estimation process includes OFDM signal reception, nar-
rowband channel estimation, phase offset correction, and interpolation for
wideband channel construction. Figure 8 illustrates the general structure of
the proposed algorithm.

The algorithm begins with the reception of OFDM signals, followed by nar-
rowband channel estimation for carrier components. Due to potential phase
discontinuities between different bands, phase offset correction is applied to
ensure phase continuity. Finally, an interpolation process is performed to
construct a complete wideband channel estimate from the narrowband esti-
mates. The following sections provide a detailed explanation of each step.

1. OFDM signals reception
Receivers of each carrier component convert the RF signal to the base-
band signal. The received baseband signal is processed through an
OFDM demodulator using the FFT to transform it into the frequency

domain.

The received OFDM symbols at subcarrier k in frequency band i can
be expressed as:

Y;(k) = Hy(k)X;(k) + N; (k) (56)

Where Y;(k) is the received symbol, H;(k) is the channel response,
X; (k) is the transmitted symbol, and N; (k) is the additive noise.

2. Narrowband Channel Estimation
The narrowband channel response of each narrow band H; can be es-
timated by the channel estimation algorithms in 2.4. The result is a set
of narrowband channel estimates at discrete frequencies.

3. Phase Offset Correction
Because of the phase discontinuity discussion in 3.1.2, a phase correc-

tion algorithm should be implemented to ensure phase continuity
across frequency bands.

Hcorrect,i = H; X e~ /Aboffset (57)
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where H;,,recr i 1S the corrected channel response at frequency band i,
and A6 e i the estimated phase shift obtained by the phase correc-
tion algorithm, which will be introduced in 3.2.

4. Interpolation for Wideband Channel Estimate Construction

The narrowband channel estimates of each carrier component need to
be interpolated to construct the complete wideband channel response.
In this thesis, we utilize the known channel estimates H,y;yec; and
Hcorrect i+1 to estimate the channel response at an unknown frequency
f*, which lies between these two frequency bands.

ﬁ(f*) = T(Hcorrect,i'Hcorrect,i+1) (58)

Where F represents the interpolation algorithm. Frequency band i, f*
and frequency band i + 1 are adjacent, ensuring continuity in the es-
timated wideband channel response.

After integrating the interpolated channel estimates with the narrowband
channel estimates from individual carrier components, we obtain a continu-
ous and complete wideband channel estimate. This algorithm framework en-
sures that phase-aligned interpolation is applied to reconstruct an accurate
wideband channel estimate across non-contiguous frequency bands.

3.2 Phase Offset Correction

To address the issue of phase discontinuity, this thesis proposes a phase off-
set correction algorithm based on the continuity of the first-order derivative
of the channel phase response [29]. The key idea is that while the phase re-
sponse itself has a discontinuity due to the random phase offset, the first-
order derivative of the phase response should be continuous across frequency
bands. By leveraging this property, we can reconstruct a seamless phase re-
sponse for the entire wideband channel.

We now assume that in a non-contiguous Carrier Aggregation system, the
channel responses of sub-bands f; and f, are obtained by narrowband chan-
nel estimation. The frequency band between f; and f, is f*. The channel es-
timate of f; has no phase offset, and the channel estimate of f, has a phase
offset.

Figure 9 shows the process of the phase offset correction algorithm in this
thesis. This algorithm interpolates the differential of the phase response of
two discontinuous frequency bands and then integrates to obtain a
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continuous phase response. Subsequently, subtract the originally measured
phase from the reconstructed phase of the second band. Finally, an averaging
operation is applied to mitigate errors and estimate the overall phase offset
of the second band.

HIf,) H(f) H(f,)

/ Compute Phase ) Compute Phase )
Response Response
(f1) J ¢(f2)
Compute ‘ ‘ Compute ‘
differential differential

A¢(f1) —-‘ Interpolation }—— 4¢(f2)

49(5)

‘ Sum ‘

() = ) A¢(Hdf

Compute the average phase
difference of band2

i

l 26 = mean(¢(f2) — ¢(f2))

Figure 9. Phase Offset Correction

A detailed description of the steps is provided below:
1. Compute the phase response for each frequency band

Given the channel frequency response H(f) for two bands, extract the
phase response using the unwrapped phase function:

$(f) = unwrap ( LH(f)) (59)

Therefore, ¢ (f;) and ¢ (f,) represent the phase responses of bands 1
and 2, respectively. The phase of a signal is restricted within [, 7],
which causes phase discontinuities when phase change exceeds this
range. To address this, the unwrapping operation removes these dis-
continuities to obtain a continuous phase function.

33



2. Compute the phase response differential

The first-order derivative of the phase response provides a smooth
and continuous characteristic. Compute the phase responses differen-
tial for both bands.

d
df

d

Ap(f1) = daf

d(f1), Ap(f2) = d(f2) (60)

The discontinuity presents in ¢ (f,) is eliminated in 4¢(f,), making it
suitable for interpolation.

3. Interpolate the differential of the phase response

Given 4¢(f;) and 4¢(f,), perform interpolation across the frequency
gap to obtain a smooth and unified differential phase response 4¢(f)
. The interpolation method can be Kriging-based, spline-based, or an-
other suitable technique ensuring a smooth transition. The principle
and implementation of the interpolation algorithm will be introduced

in 3.3.
4. Calculate the sum to construct the phase response

The phase response for the entire wideband channel is obtained by
calculating the sum of interpolated phase response differential:

()= 4 (61)

5. Apply phase correction
Although the phase response has been obtained in the previous step,
the integral operation may cause cumulative errors in practice. To re-
duce the impact of the error, this step implements phase offset correc-

tion by performing an overall phase shift on band 2.

Compute the average phase difference between the reconstructed
&(f>) and the original ¢(f3):

28 = mean ((2) — (1)) (62)

Apply a phase shift correction to the original second-band channel re-
sponse:
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eorrected(fy — H(fz)e_j@ (63)

This ensures that the phase response of band 2 is aligned with that of
band 1, leading to a seamless wideband channel estimate for the next
step.

The algorithm uses the continuity of the differential phase response to effec-
tively correct the phase shift caused by LO switching. The first-order deriva-
tive is interpolated and then integrated back to obtain the phase response.
After obtaining the average value of the phase shift, the channel estimate is
phase corrected. This method ensures that the estimated wideband channel
maintains phase continuity in each frequency band, providing a prerequisite
for the subsequent interpolation operation of the channel estimate.

3.3 Interpolation for Wideband Channel Reconstruction

In carrier aggregation-based wideband channel estimation, interpolation
plays a crucial role in reconstructing the channel response over the entire
bandwidth. Since the channel is measured at separate, non-contiguous fre-
quency bands, interpolation methods are needed to estimate the missing fre-
quency components and ensure a continuous and accurate channel response.
The selection of an interpolation algorithm impacts the accuracy of the re-
constructed channel, as well as the time and resources required for compu-
tation.

This section introduces and compares three different interpolation methods:
linear interpolation, spline interpolation and Kriging interpolation.

3.3.1 Linear Interpolation

Linear Interpolation is the simplest method, assuming that the function var-
ies linearly between known points. The interpolated value H(f) at unknown
frequency f* is given by:

H(fi+1) — H(f})
fi+1 - fz

AH(f) =H{) + " =f) fisf<fin (649

Where H(f;) and H(f;;) are the known data points at f; and f;, .
Although computationally efficient, this method can introduce severe errors

when the function exhibits significant nonlinear changes. Therefore, linear
interpolation is not suitable for channel estimation in most cases.
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3.3.2 Spline Interpolation

Spline interpolation is a numerical interpolation method that approximates
data points through piecewise polynomial functions. The most common
spline interpolation method is cubic spline interpolation, which uses piece-
wise cubic polynomials to fit data points and ensures the continuity of func-
tion values and their first-order and second-order derivatives at the piece-
wise points.

Assume there are n + 1 known data points:

(xo: 3’0)» (xl: yl)' L] (xnr yn) (65)

The goal of spline interpolation is to find a set of cubic polynomials H;(x)
that connect these points:

H;(x) = a; + bi(x — x;) + c;(x — x)* + d;(x — x)° (66)

where x € [x;,x;,1],and i = 0,1, ...,n — 1 meaning there are n cubic polyno-
mials.

To ensure smoothness and accuracy, the following constraints must be satis-
fied:

1. Interpolation Condition:
Hi(x) =y, Hi(X41) =Yy, 1=01,..,n-1 (67)
2. First Derivative Condition:
Hi(x;41) = Hipq1(x41), £=01,...,n—2 (68)
3. Second Derivative Condition:
H{'(xi41) = Hi}1(xi41), i=01,..,n—2 (69)
4. Boundary Conditions:
Hy'(x0) =0, Hy_1(xy) =0 (70)
Which means that the spline has zero curvature at the endpoints.

Ho(xo) = f'(x0),  Hp1(xn) = f'(x0) (71)
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This enforces a specified slope at the boundaries.

Taking cubic spline interpolation as an example, derive the calculation pro-

cess of spline interpolation

Firstly, for each interval [x;, x;,,], define the Cubic Spline Equations:
H;(x) = a; + b;(x — x;) + ¢;(x — x)* + d;(x — x;)*

Since there are n intervals, we have 4n unknowns: a;, b;, ¢;, d;.

Determining a; using Interpolation Condition:
a; =Yi
Therefore:
bihi + c;hf + dihi = i1 — y;
where h; = x;,, — x; is the step size
The second derivative:
H{'(x) = 2¢; + 6d;(x — x;)
From the second derivative condition we can derive:
¢ +3d;h; = ciyq
which forms a system of equations for c;.

Defining M; = S;’(x;), we can get:

M;
Ci=7

According to the interpolation condition (67):

Yir1 = Hi(xi41) = a; + hib; + hic; + hid;
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Substituting the formula (73), (77), and (78) into (79), and we can derive the
expression of b;:

o —v. h h.
= T Sy — 2 (Mg — M) (80)

b:
l h; 2

In order to solve M;, we start with the first derivative:

H{(xi41) = by + 2¢;(xpq — %) + 3d; (g — %)

81
= b; + 2¢;h + 3d;h? G
H{y1(Xi41) = bigq + 2¢; (X401 — Xi41) + 3d; (K1 — Xi41)? (82)
= bitq
By Substituting (81) and (82) into the first derivative condition:
bi + ZhiCi + 3hlzdl = bi+1 (83)
Substitute the formula (77) and (80) into (83):
hym; + 2(h; + hjy )My + hipymiy, = 6 Yivz 7 Yin Y1 yi] (84)
hivq h;
This leads to a tridiagonal matrix equation:
AM = B (85)
Where A is the Tridiagonal Matrix:
2(hg + hy) hy 0 0
hy 2(hy + hy) h, = 0
A= 0 hz Z(hz + h3) . h : (86)
: : : ' n—2
0 0 0 -2 2Ry + hns)
M is the vector of the second derivatives:
M,
m=| M (87)
Mn—1
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B is the Data-Driven Vector which contains values calculated from known
data points:

Y2=Y1 Y1~ Yo
hq hy
Ys~Y2 Ya— N
B=6 h, hy (88)

Yn — Yn-1 _'yn—l —Yn-2
hn—l hn—z

After calculating M;, we can get the spline coefficient:

M. M. — M, o —v. h h.
= d=—ti— =TI Cly Xy (89)
l l

Therefore, for a given unknown point x* in the interval [x;, x;,,], the interpo-
lation value is given by equation (66):

Hi(x*) = a; + bi(x" — x) + ¢;(x" — %)% + dy(x™ — x)° (90)
3.3.3 Kiriging Interpolation

Although spline interpolation can ensure good smoothness, it has limitations
when processing channel data with complex spatial correlation. Spline inter-
polation is mainly based on the geometric position of data points for fitting
and does not consider the physical statistical characteristics behind the data.

Kriging interpolation is a regression algorithm that interpolates random pro-
cesses based on covariance functions, and is an implementation of best linear
estimation (BLE). It combines known data points in a linear manner. On the
basis of satisfying unbiasedness, it achieves an estimation with the minimum
variance by optimizing the weights [30]. Therefore, it can better adapt to the
complex and changeable characteristics of wireless channels and provide es-
timation results that are more in line with the actual channel state.

The following is the derivation of the kriging algorithm:
Kriging method assumes that the interpolated value at an unknown point x*,

donated as H(x*) is a linear combination of the observed values at known
points xq, x5, ..., Xg:
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AG) = ) Al () (91)

where K is the number of known data points, A; are the interpolation weights,
and H(x;) are the observed values at known data points.
Define the interpolation error as:

e(x*) = H(x*) — H(x") (92)
The mean squared error (MSE) is given by:

K
E[e?(x)] =E (H(x*)— 7\#(%))
2

2

K
= E[H?(x*)] - 2 Z MLE[H(x")H(x;)] (93)
+ z Z MAE[Hx)H (x)]
i=1j=1

To minimize the error, take the derivative with respect to 2;:

OE[e*(x")]

K
= —2C(x, %) + zz;\jc(xi,xj) ~0 (94)
i

j=1

Where C(x;, x;) is the covariance coefficient of H(x;) and H(x;). C(x",x;) is
the covariance coefficient of H(x*) and H(x;).

Rearranging:
K
ijc(xi,xj) —C(tx), i=12,.. K (95)
j=1

Define Cy,own as the K X K covariance matrix of known points:

C(x1,x1)  Cxq,x2) C(x1, xg)
C(x,, C(xy, C(xs,

Cronown = (2, %1) S (2, %2) (xzS Xk) (96)
Clxg,x1) Clxg,xq) - Clxg, xg)
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Ceross @S the K X 1 covariance vector between known points and the unknown

point:

C(X*! xl)
C(x*,x,)

CCTOSS

C(X*' xK)

A as the weight vector:

Then, the system of equations can be written as:

Crnownt = Ceross
Solving for A:

2’ = Ck_'l’ll(JWTlCCTOSS
The interpolated value is computed as:

ﬁ(x*) = }\THknown

Where Hyp,own is the vector of the observed point:

Hynown = [H(x1) H(xp)

(97)

(98)

(99)

(100)

(101)

(102)

Kriging interpolation provides a statistically optimal estimation approach by
leveraging the correlation properties of the data and minimizing estimation
variance. However, prior knowledge of the correlation matrix is required for
Kriging interpolation. An inaccurate correlation model can significantly de-
grade its performance. In contrast, spline interpolation constructs an inter-
polation function by ensuring local smoothness and satisfying given interpo-
lation constraints, without the need for precise prior knowledge about corre-

lations matrix [31].
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4 Simulation Results and Performance Evaluation

The preceding chapters provided background knowledge and a theoretical
framework for the carrier aggregation based wideband channel estimation
and phase correlation algorithm.

In this chapter, we introduce the MATLAB simulation of wideband channel
estimation of this thesis and then evaluate its performance. First, we describe
the simulation setup, including the system parameters, channel models, and
the methodology for obtaining narrowband channel estimates. Then, this
thesis introduced the method of channel response covariance matrix gener-
ation methods, and compare different interpolation methods, finding the
best length of interpolation algorithm. Finally, we combine the interpolated
and corrected narrowband estimates to construct the full wideband channel
estimate and evaluate its overall accuracy.

4.1 Simulation Setup

This section outlines the simulation framework used to evaluate wideband
channel estimation via carrier aggregation and interpolation. The simulation
aims to generate a wideband channel and extract the narrowband compo-
nents corresponding to multiple carrier components to generate the corre-
sponding narrowband channel. Then, OFDM signals is transmitted, and the
wideband channel estimation algorithm is implemented.

4.1.1 Channel Generation

In the simulation of this thesis, a channel generator is designed to generate
the wideband channel and corresponding narrowband channel for signal
transmission and performance evaluation. The Channel Generator contains
two parts: wideband channel generation and narrowband channel extraction.

To generate the wideband signal, this thesis configures an NR carrier with a
system bandwidth of 49.5MHz, which corresponds to 275 resource blocks
(RBs), where each RB consists of 12 subcarriers, and the subcarrier spacing
is 15KHz. To simulate multipath propagation effects, we configure a Tap De-
lay Line (TDL) channel model with TDL-C profile, which is commonly used
to represent non-line-of-sight propagation [32]. Table 1 shows the key pa-
rameters of the wideband channel configuration.

Carrier Frequency 3GHz
System bandwidth 49.5MHz
Subcarrier spacing 15KHz
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Channel model TDL-C
Delay spread 10ns
Max Doppler shift 10HZ

Table 1: Wideband Channel Configuration

The wideband channel H,;;.pqnq 1S finally generated by MATLAB’s perfect
channel estimation function, which generate the channel response matrix ac-
cording to the channel configuration we discuss. In this thesis, H,,;4epqnq iS @
3300 x 140 matrix, which means that the frequency axis has 3300 subcarri-
ers and the time axis has 140 OFDM symbols.

To ensure the accuracy of the interpolation result during the channel inter-
polation operation, the frequency separation of the two carrier components
should be small enough so that the two carrier components have a high phase
correlation. So, we set the bandwidth of the narrowband channels as
9.36MHz, which corresponds to 624 subcarriers. There are 4 carrier compo-
nents in this system, all of which are covered by the wideband channel
Hyiqgepana - Multiple narrowband channels H,,{i},i = 1,2, 3,4 are obtained
by extracting 624 x 140 cells of the wideband channel matrix H,;jepqna @S
the figure 10 shows:
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Figure 10. Extraction of Narrowband Channel Models from Wideband
Channel

The narrowband channels Hy,,;, are used for the signal transmission simula-
tion, which will be introduced in the next section. The spacing between the
five narrowband channels is the same. So, there are 3 intervals that need to
be filled by the interpolation algorithm, and the bandwidth of each interval
is 4.02MHz, which corresponds to 268 subcarriers.
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4.1.2 Signal Transmission and Reception

Firstly, we allocate the DM-RS blocks to the OFDM resources grid to ensure
the accuracy of channel estimation and data demodulation. After OFDM
modulation and demodulation, we restore the transmission resource grid X;:

X, €CVNs =12 4 (103)

Where N, is the number of subcarriers, and Ny is the number of OFDM sym-
bols. For the considered system, these parameters are set to N, = 624, and
N, = 140 respectively.

After OFDM demodulation, the narrowband channel response Hy,;, is ap-
plied to the received signal X;. By preforming element-wise multiplication of
resource grid X; and corresponding narrowband channel Hg,,, the signal
transmission in the TDL channel is simulated. Therefore, the received re-
sources grid of each narrowband channel can be expressed as:

Xreceviea,i = Xi © Hopli} i=12-,4 (104)
4.1.3 Wideband Channel Estimation Implementation

The Least Squares (LS) channel estimation method is employed to acquire
the channel response for each carrier component. The estimation process uti-
lizes known reference symbols within the received signal grid to estimate the
channel transfer function for each carrier aggregation band. Then, random
phase offsets are added to each carrier component independently, which
closely simulates the phase offset that occurs at the receiving end due to the
LO returning.

Following the initial estimation, the phase correction algorithm (as described
in section 3.2) is implemented to maintain phase consistency across different
bands. This crucial step addresses phase discontinuities of carrier aggrega-
tion systems.

Subsequently, the estimated narrowband channels undergo interpolation to
effectively fill the frequency gaps between carrier aggregation bands. The in-

terpolation algorithm ensures smooth transitions between adjacent bands
and provides a reliable approximation of the true wideband channel response.

4.2 Covariance Matrix Generation for Kriging Interpolation
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In the interpolation approach, the Kriging method relies on an accurate co-
variance matrix to model the correlation among channel estimates at differ-
ent frequencies. This section details the methodology for generating the co-
variance matrix based on Monte Carlo method and the method based on
Gaussian Process Regression (GPR) model.

The expression for the covariance matrix is given by [33]:
C = E[hh®] + oI (105)

where h accounts for the channel response, and oI represents the noise var-
iance term. Because the estimated narrowband channel probably contains
noise, so we need to add the noise variance term to guarantee the accuracy of
the covariance matrix.

4.2.1 Monte Carlo Method

Monte Carlo simulation is a statistical technique that relies on repeated ran-
dom sampling to approximate the expected behaviour of a system. To obtain
an empirical covariance matrix for the Kriging interpolation, we simulate the
wideband channel generation multiple times and accumulate the correlation
information across iterations. Following are the steps of covariance matrix
generation:

(1) Wideband Channel Sample Generation: Each wideband channel sam-
ple is obtained using the method described in 4.4.1.

(2) Mean Computation: The mean channel response is computed across
all Monte Carlo realizations to ensure proper normalization.

(3) Accumulation of Centralized Outer Products: The outer product of the
mean-centred channel response vector with its transpose is computed
and summed over N iterations to capture the statistical correlation.

(4) The final covariance matrix is obtained by averaging over N iterations
to get E[hh*] and then adding noise variance term o21.

By leveraging Monte Carlo simulations, the estimated covariance matrix be-
comes more reliable as the number of iterations increases. In this thesis, we
set the times of iteration N as 1000 for both mean computation and accumu-
lation of outer products, which ensures statistical stability and accuracy in
estimating the covariance structure of the wideband channel.

4.2.2 Method based on Gaussian Process Regression Model
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In this section, we introduce the Gaussian Progress Regression Model to gen-
erate the covariance matrix of the channel response. Different from the
Monte Carlo method with a large number of random simulations mentioned
above, this method is data-driven and constructs the covariance matrix of the
channel by learning from a relatively small number of sample data. The fol-
lowing is the process of method based on GPR model:

(1) First, we use the same method as before to generate N wideband chan-
nels. Since GPR can only process real-valued targets, this thesis ex-
tracts the real part of the channel response for training.

(2) Then, we use the GPR model to train the data. This thesis uses the
normalized frequency domain sampling point as the input feature and
the real part of the channel response as the output variable for GPR
training. We use the commonly used Squared Exponential Kernel as
the kernel function, which is defined as [31]:

k(x;,x;) = o® exp( G lej) > (106)

where x; and x; represent the i-th and j-th frequency sampling points.

o? is the signal variance corresponding to the kernel function. [ is the
scale parameter that controls the smoothness of the function.

(3) After the training is completed and the GPR model is obtained, the
covariance matrix in the frequency dimension can be constructed ac-
cording to its kernel function definition. Assuming the frequency sam-
pling point set is {x;, x;, -*- x);}, the covariance matrix C can be calcu-
lated by the following formula, which is determined by the kernel
function:

cGi,j) = o? exp< (x‘yxf) ) (107)

4.3 Selection of Suitable Number of Sample Points for Inter-
polation

In this section, we aim to determine the suitable number of known sampling
points for error convergence in interpolation. Specifically, when the number
of sampling points is less than this threshold, the error will decrease signifi-
cantly as the number of sampling points increases; but once this point is
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reached, the further increase in the number of sampling points makes the
decrease in error negligible, and the error enters a state of convergence.

In the process of wideband channel estimation, interpolation is required in
both phase correction and final broadband channel construction. Therefore,
it is very important to find the minimum number of points, which can ensure
the accuracy of the interpolation algorithm while avoiding unnecessary in-
creases in computing time.

4.3.1 Interpolation of Perfect Channel Estimate

This section investigates the use of kriging and spline interpolation to inter-
polate the perfect channel estimate to construct a wideband channel estimate.
We aim to determine the optimal number of sampling points required for
accurate channel response construction. Among them, kriging interpolation
uses two different channel covariance matrices, one is generated by the
Monte Carlo method in 4.2.1, and the other is generated by the GPR model-
based method in 4.2.2. We will also compare the impact of the channel co-
variance matrices generated by the two methods on kriging interpolation.

In an ideal scenario, the estimated narrowband channel response is obtained
without any external noise or estimation error, which is called perfect chan-
nel estimation. The interpolation result can be considered as an upper bound
for the performance of the wideband channel estimation of this thesis. Since
real-world channel estimates inevitably contain errors, understanding the
behaviour of interpolation in an idealized setting helps us determine the lim-
its of achievable accuracy.

In this simulation, we only interpolate an unknown gap. As a result, there are
two segments of known data: one located to the left of the unknown gap, and
the other to the right of the unknown gap. It should be noted that for inter-
polation of perfect channel estimate, the noise variance term of the covari-
ance matrix is zero: a2 = 0.

The number of known sample points is varied to study its impact on the in-
terpolation accuracy. Specifically, the number of sample points per segment
is varied from 2 to 50, and the corresponding interpolation error is computed
for both Spline and Kriging methods.

Figure 11 illustrates the comparison of normalized errors between Kriging in-
terpolation and Spline interpolation as a function of the number of sample
points. The covariance matrix 1 represents the matrix generated by the Monte
Carlo Method in chapter 4.2.1, and the covariance matrix 2 represents the
matrix generated by method based on GPR model in chapter 4.2.2. It’s
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obvious that Kriging interpolation has better performance, with MSE reach-
ing the order of magnitude 1071°. It can be seen that the Kriging method with
covariance matrix generated by Monte Carlo method (covariance matrix 1)
has the best performance, with the lowest MSE at most points. The Kriging
method using the Covariance Matrix generated based on the GPR model
method (covariance matrix 2) has a larger error than the former overall, and
there is a certain degree of fluctuation.

For the kriging method using covariance matrix 1, the minimum number of
known sampling points for error convergence is about 10. At this point, the
MSE reaches a very low value. For the Kriging Interpolation with covariance
matrix 2, the target number of sampling points for error convergence is about
20. When the number of known points was greater than 20, the error did not
decrease significantly.
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Figure 11. Interpolation Error vs. Number of Sample Points (Perfect Nar-
rowband Channel Estimation)

4.3.2 Interpolation of Imperfect Channel Estimate

In real-world scenarios, narrowband channel estimation is affected by vari-
ous imperfections, including thermal noise and inaccuracy of estimation al-
gorithms itself. Since the narrowband channel estimate is imperfect, it is es-
sential to evaluate how interpolation techniques perform under practical
conditions.
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The simulation process of this section is similar to the process of 4.2.2. Figure
12 shows the comparison of mean square errors between Kriging interpola-
tion and Spline interpolation as a function of the number of sample points.

107 @
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Figure 12. Interpolation Error vs. Number of Sample Points (Imperfect Nar-
rowband Channel Estimation)

For the imperfect channel estimates, kriging methods still have better per-
formance when there are enough sampling points. The kriging method with
covariance matrix generated by GPR model preforms relatively stable, and
the error gradually decreases as the number of sample points increases. The
curve of the Kriging method utilizing covariance matrix 1 becomes flat after
40 points.

4.4 Performance of Wideband Channel Estimation

In this section, we aim to evaluate the performance of the wideband channel
estimation algorithm. We will first present the performance of the phase cor-
rection algorithm and then analyse the overall system performance. The in-
dicators of the evaluation algorithms of the two modules both use the mean
square error as defined in (54). We repeated the experiment under different
signal-to-noise ratio (SNR) and recorded the mean square error results of the
phase correction algorithm and the wideband channel estimation algorithm
under each SNR.

Based on the results presented in Section 4.2, we employ the Kriging inter-
polation method and set the number of sampling points to 40. This
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configuration enables the interpolation algorithm to achieve lower estima-
tion error while simultaneously avoiding wasting computing time.

4.4.1 Phase Offset Correction

Our simulations are all carried out in the simulation platform mentioned in
Section 4.1. There are 4 narrowband channel estimates for this wideband sys-
tem. We defined the phase of band 1 as benchmark for the other band, so the
phase correction algorithm is applied to bands 2, 3, and 4 sequentially. The
phase correction of each frequency band is based on the previous frequency
band.

The phase correction results at one time index are shown in Figure 13. From
left to right, these are the phases of band 2, band 3, and band 4. The image
shows the phase of the perfect channel estimate, the phase of the narrowband
channel estimate without correction, and the phase of the narrowband chan-
nel estimate after the phase correction. Even though the random phase offset
causes a relatively large phase shift in each frequency band, our algorithm
successfully corrects the phase offset, making the corrected phase very close
to the phase of perfect channel estimates.
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Figure 13. Comparison of Phase before and after Phase Correction

In each SNR case, we perform multiple experiments and take the average to
obtain the mean square error of channel estimate after phase offset correc-
tion H;,i = 1,2,3,4. Through the error of H;, we can indirectly evaluate the
performance of the phase correction algorithm. Given that the phase of H1 is
set as the phase reference for other bands, its error rate can be used as a ref-
erence indicator in the absence of phase offset and is used for comparative
analysis with the error rates of Band 2, Band 3, and Band 4. Figure 14 shows
the curve of MSE of different frequency bands with SNR.
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Figure 14. Phase Correction: The MSE curve of different frequency bands
with SNR

In the case of high SNR, the phase correction algorithm can effectively con-
trol the error of narrowband channel estimates, which below 0.1. Although
this error is substantially larger than the error of band 1, it remains within an
acceptable range. However, when the SNR is low, the phase correction algo-
rithm demonstrates poor performance, leading to significant errors in the es-
timated channel responses.

In addition, an increasing trend in the error of H; is observed from band 2 to
band 4 in the high SNR range. This can be attributed to the cumulative effect
of errors during the correction process. Specifically, the phase offset of band
3 is estimated based on band 2, and similarly, the correction of band 4 de-
pends on the estimate of band 3. Therefore, any residual error in earlier
bands may propagate and amplify in subsequent bands, resulting in a gradual
increase in estimation error.

The evaluation of the phase offset correction algorithm shows that it is effec-
tive in addressing the phase discontinuity problem in carrier aggregation.
Although a cumulative error effect is observed, the phase correction algo-
rithm keeps the error within an acceptable range, which serves as a prereq-
uisite that facilitates the reliable implementation of subsequent channel in-
terpolation operations.
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4.4.2 Overall Performance Analysis

In this section, we aim to evaluate the performance of our last module of the
wideband channel estimation algorithm: interpolating the narrowband chan-
nel estimates after phase correction. As in the previous section, this section
also evaluates the performance of the system by calculating the mean square
error under different SNR.

The amplitude of the perfect wideband channel estimate, generated based on
the parameters and methodology described in Section 4.1.1, is shown in Fig-

ure 15.
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Figure 15. Perfect Wideband Channel Estimate

The amplitude of the constructed wideband channel estimation result at a
30dB SNR is shown in Figure 16. H;,i = 1,2,3,4 are the narrowband channel
estimates of each carrier component, and the area pointed by the arrow
G;, i = 1,2,3 is the channel estimate obtained by interpolating the gaps be-
tween narrowband channel estimates. It can be seen intuitively from this fig-
ure that the wideband channel estimates are very close to the actual channel
response, indicating that the algorithm of this thesis can successfully con-
struct the wideband channel estimate.
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Figure 17. Interpolation: MSE of different frequency gaps varies with the
SNR

Figure 17 demonstrates the mean square error for interpolation result of dif-
ferent frequency gaps (G,, G, and G5) as a function of SNR. The inaccuracy of
the interpolation results in low SNR regions is mainly due to the impaired
performance of our phase correction algorithm under such conditions. When
the SNR is low, the narrowband channel estimates are significantly biased,
which propagates the error throughout the interpolation process, resulting
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in significant inaccuracies in the final interpolation results. In the high-SNR
regime, the algorithm demonstrates good performance and can achieve rela-
tively small errors. By comparing Figure 17 and Figure 14, we can find that
the channel estimates of Gaps obtained by interpolation are close to the chan-
nel estimates obtained by the LS algorithm on both sides. This shows that the
algorithm has a good performance in the interpolation stage. In addition,
there is an error transmission effect in the interpolation stage. It can be
clearly seen that for most SNR values, the error of G5 is greater than that of
G,, and the error of G, is greater than that of G,.
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5 Conclusions and Future Work

5.1 Conclusions

In this thesis, a wideband channel estimation algorithm using a non-contin-
uous CA system was proposed. The algorithm first estimates the channel of
each sub-band in the CA system using the LS method, and then uses the
phase offset correction algorithm based on the continuity of the first-order
derivative to solve the phase discontinuous problem in the CA system. Finally,
the blank spaces between the carrier components are interpolated to obtain
the full-band broadband channel estimate of the frequency band covered by
this carrier aggregation system.

In the implementation of the interpolation algorithm, this thesis compares
the performance of the spline interpolation algorithm and the kriging inter-
polation algorithm and finds that the kriging interpolation algorithm that
uses prior information of the channel performs better than the spline inter-
polation algorithm. This thesis also finds a suitable number of sample points
for interpolation, which allows the interpolation algorithm to maintain high
accuracy without consuming unnecessary computing time.

In the simulation of this thesis, a wideband channel with a bandwidth of
49.5MHz was generated. The performance of the proposed wideband chan-
nel estimation algorithm was evaluated with a CA-OFDM system consisting
of four component carriers, and the bandwidth of each carrier component is
9.36 MHz. The phase offset correction in the algorithm and the final wide-
band channel estimate construction both showed small errors, which demon-
strates the reliability of the wideband channel estimation algorithm of this
thesis.

5.2 Future Work

This thesis focused on a specific CA configuration with four component car-
riers. Future work could generalize the algorithm to support different config-
urations of carrier components, including different spacing between carrier
components and different bandwidths. In addition, alternative channel esti-
mation techniques can be investigated, such as deep learning-based methods,
which may improve the estimation accuracy in both narrowband channel es-
timation stage and interpolation stage.
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