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Abstract

Multipath propagation and Doppler shift mainly affect the signal transmission through
the wireless channel. Digital Video Broadcast-Terrestrial (DVB-T) uses Orthogonal
Frequency-Division multiplexing (OFDM) modulation to transmit compressed digital
audio, digital video and other data in a MPEG transport stream. Single-Frequency
Network (SFN) which allows two or more transmitters to carry the same data operat-
ing on the same frequency at the same time is also used in DVB-T. The application of
the OFDM modulation and the operation SFN can bring some issues (e.g. multipath
propagation) associated with the signal receiving at the same time. Due to the mul-
tipath propagation, the receiver always obtains a number of signals containing various
amount of delay compared to the first arrived signal. The Doppler shift also appears

when transmitter or receiver is in relative motion of each other.

The goal of this thesis is to estimate the effect of the delays and Doppler effect sepa-
rately by using different methods and to equalise the received signal. The main adopted
method is applying matching pursuit algorithm in the frequency domain to estimate
delays and Doppler shift. Thereafter, the received data is equalised. The simulation is
performed on GNU Radio DVB-T project. The performance is analysed on Matlab.
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Chapter 1

Introduction

1.1 Motivation

Since Television (TV) has been used to share and obtain information, it brings great
convenience and lots of entertainment. In modern life, people hope to receive television
signal through different devices in different circumstances, such as TV in the front of a
bus. In order to timely meet the customers’ demand for digital TV, different transmission
standards have been issued by the Digital Video Broadcasting (DVB) project, including
DVB-C/-C2 for the cable network, DVB-S/S2 for satellite broadcasting, DVB-H for
handheld devices, DVB-T /T2 for terrestrial broadcasting. Among those, Digital Video
Broadcasting-Terrestrial (DVB-T) is the basic standard and has been widely used for
television signal transmission. This thesis analyses the DVB-T standard and investigates

the strategies to improve the performance of the received signal.

1.2 Basic definitions

1.2.1 Digital Video Broadcasting (DVB)

Digital Video Broadcast-Terrestrial (DVB-T) is a digital television standard for broad-
cast transmission of digital terrestrial television [1], which is published as EN 300 744.
According to [1], 166 countries have adopted or deployed either DVB-T or DVB-T2.
The below figure shows the adoption of the DVB-T /T2 standard.
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F1GURE 1.1: Digital terrestrial television systems worldwide.

2]

The DVB-T system transmits compressed digital audio, digital video and other data
in an MPEG transport stream, using coded orthogonal frequency-division multiplexing
modulation.

DVB-T provides choices of three different modulation schemes (QPSK, 16QAM, 64QAM).
Several newer standards have been developed based on DVB-T, such as DVB-H (Hand-
held), which was a commercial failure and no longer in operation [2], and DVB-T2, the

second generation of DVB-T.

1.2.2 OFDM

Orthogonal Frequency-Division Multiplexing (OFDM) [3] has been used in a number of
wireless communication systems, such as Wireless LAN (WLAN) and DVB system. The
main idea of OFDM modulation is using multiple sub-carriers within the same channel to
transform digital data. Each sub-carrier can be modulated with Quadrature Amplitude
Modulation (QAM) , Quadrature Phase-Shift Keying (QPSK), or other schemes.

1.2.3 Single-frequency network

Single-Frequency Network (SFN) [4] is a broadcast network including several transmit-

ters simultaneously transmitting the same signal over the same frequency channel and
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the same time [5]. The picture below illustrates the simplified SFN model.

FIGURE 1.2: Single-Frequency Network Model

In a SFN, the signal at the receiver is the superposition of all signals with different delays
coming from all the transmitters. In DVB-T, SFN is used among main transmitter
towers.

According to [1], the “2K mode” is suitable for single transmitter operation and for
small SFN networks with limited transmitter distances. The “8K mode” can be used

both for single transmitter operation and for small as well as large SFN networks.

1.3 Structure of the thesis

The structure is organised as follows:

Chapter 2 is the theoretical part. This chapter reviews the OFDM modulation, DVB-T
standard and data frame, channel model, GNU Radio and compressive sensing.
Chapter 3 firstly analyses the channel characters and mathematically expresses the main
factors, then describes different channel estimation methods and focus on the matching
pursuit estimation method, which contains the delay and Doppler effect elements esti-
mation. The channel estimation is a key part, the accuracy of it directly determines the
quality of the system transmission.

In chapter 4, previous to equalisation of the signal, the channel response is reconstructed
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according to the estimated results. And different channel equalisation methods are dis-
cussed.

The last task is the implementation of the theory. The performance of channel tracking
and equalisation are also analysed in chapter 5.

Chapter 6 is the conclusion part.



Chapter 2

Theoretical overview

In this chapter, the theoretical part will be reviewed, including OFDM, DVB-T, GNU

Radio, channel model and compressive sensing.

2.1 Orthogonal frequency-division multiplexing

In OFDM, a series of sub-carriers are used to carry signal data. Those sub-carriers are
orthogonal to each other in spacing. The use of OFDM which allows more sub-carriers
per bandwidth resulting in an increase in spectral efficiency [3]. The OFDM signal can

be mathematically expressed as [6],

N-1
) o n i (N
g0 =Y [an(®) +-ba(0)] -7 I 1)
~——
n=0 center signal at zero

The complex signal data a,(t) + j - by(t) can be written as an (%) + j - by (%5), T is the
time duration of the OFDM symbol. N is the FFT length. The above equation can be

rewritten as:

= iT , iT ny i (N=D)
9i = Z an(ﬁ)"‘]'bn(ﬁ) T T (2:2)

n=0 center signal at zero

N—IDFT
The first part of Eq.2.2 is the inverse discrete Fourier transform over N samples. The

function of second part is to center the signal at zero.
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2.1.1 OFDM system implementation

Transmitter

Receiver

FiGUure 2.1: OFDM system model

Fig. 2.1 shows the operating principle of OFDM system. Digital signal passes through the
serial-to-parallel converter by performing an Inverse Discrete Fourier Transform (IDFT).
The cyclic prefix is added in the front of each symbol. After passing through the channel,
the receiver first removes the cyclic prefix, then performs the Discrete Fourier Transform

(DFT), and finally equalise the received data according to the channel estimation.

e Guard Interval: The guard interval is the space between the symbols used to
eliminate Inter-Symbol Interference (ISI). ISI happens when echoes or reflections
from one symbol interfere with another. Adding time between symbol transmission
allows these echos and reflections to gathered before the next symbol is transmitted
[7].

e Cyclic Prefix: Cyclic Prefix (CP) is a repetition of the end of the symbol which
is placed at the start of the symbol. As similar to guard interval, the CP is used to
eliminate ISI from the previous symbol. Fig. 2.2 shows cyclic prefix in the OFDM
symbol.
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OFDM Symbol

CP Data & Pilots CP Data & Pilots

FIGURE 2.2: Insertion of Cyclic Prefix

The below figure shows the theory of an OFDM symbol in the frequency domain and
time domain. In the frequency domain, sub-carriers are each independently modulated
and orthogonal to each other. In the time domain, in order to prevent inter-symbol

interference, guard intervals are inserted between each of the symbols.

Cuard Interval A Frequency

Time

FI1GURE 2.3: Orthogonal frequency-division multiplexing

[6]

2.1.2 Advantages of OFDM

e By using multiple orthogonal sub-carriers, the spectral use efficiency is increased[8].

e The Inter-Symbol Interference (ISI) can be eliminated by inserting Cyclic prefix
in front of each OFDM symbol.
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e OFDM is computationally efficient by using FFT techniques to implement the

modulation and demodulation functions.

2.1.3 Disadvantage of OFDM

e OFDM is more sensitive to carrier frequency offset than single carrier systems.

e High peak to average power. This is due to OFDM signal has a noise like amplitude
with a very large dynamic range, which requires RF power amplifiers with a high

peak to average power ratio.

e OFDM is sensitive to Doppler shift.

2.2 The DVB-T standard

The MPEG-2 is a data compression method for the video data standand, which was
developed by the Moving Pictures Expert Group (MPEG). As shown in Fig.2.4, the
following processes are applied to the data stream from output of the MPEG-2 transport
multiplexer[1, 9, 10].

Programme
MUX

Video Encoder
Audio Encoder
Data Encoder

Transport
MUX

1

Source coding and MPEG-2 multiplexing

o Guard DAC
adaptation, External External Internal Internal Mabper Frame OFDM . tuar | ]

energy [| encoder [ interleaver [| encoder [~ | Interleaver [ pp | adaptation [7] M [nerval = an
dispersal insertion front-end

|
adaptation, L: External [ External
energy encoder interleaver

| dispersal h !
PN S T TR [ S — |

[ Internal
encoder TPS and pilot]

signal

Terrestrial channel adapter

FIGURE 2.4: Functional block diagram of the DVB-T transmitter

1]

e Transport multiplex adaptation and randomization for energy dispersal
The input stream shall be organized in fixed length packets, following the MPEG-2
transport multiplexer, as Fig.2.5. The total packet length of the MPEG-2 transport
multiplex (MUX) packet is 188 bytes, including 1 sync-word byte. In order to
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ensure adequate binary transitions, the data of the input MPEG-2 multiplex shall

be randomized in accordance with the PRBS generator.

SYNC MPEG-2 transport MUX data
1 byte 187 bytes

FIGURE 2.5: MPEG-2 transport MUX packet

External coder
The external coder implements Reed-Solomon code, RS(204, 188) encoding with
length 204 bytes, dimension 188 bytes, t=8 bytes error correcting capability.

External interleaver

The convolutional interleaving process should be based on the Forney approach
which is compatible with the Ramsey type III approach, with I = 12. The in-
terleaved data bytes shall be composed of error protected packets and shall be

delimited by inverted or non-inverted MPEG-2 sync bytes.

Internal coder

The internal coder implements punctured convolutional encoding with mother code
1/2. The allowed puncturing rates cab be 2/3, 3/4, 5/6, 7/8. The puncturing
pattern and transmitted sequence after parallel-to-serial conversion for the possible
code rates are shown as Fig.2.6, where X and Y refer to the two outputs of the

convolutional encoder.

Code Rates r Puncturing pattern Transmitted sequence
(after parallel-to-serial conversion)
1/2 X:1 X 1Y4
Y:1
Y:11
3/4 X:101 X4 YqYs5 Xg
Y:110
Y:11010
7/8 X:1000101 X1Y1 Yy Y3 Y, Xg Y Xg
Y:1111010

FIGURE 2.6: The puncturing pattern and transmitted sequence after parallel-to-serial

conversion for the possible code rates

[9]

Internal interleaver

The Internal interleaver performs symbol interleaver and bitwise interleaver. The



Chapter 2. Theoretical overview 10

result should be prepared for mapping of the number of bits to the constellation
according to the used modulation type.

The Bit-wise interleaving, the input, which consists of up to two bit streams, is
demultiplexed into v sub-streams, where v = 2 for QPSK, v = 4 for 16-QAM, and
v = 6 for 64-QAM. In the non-hierarchical mode, the single input stream is demul-
tiplexed into v sub-streams. In the hierarchical mode the high priority stream is
demultiplexed into two sub-streams and the low priority stream is demultiplexed
into v-2 sub-streams. This applies in both uniform and non-uniform QAM modes.
The purpose of the symbol interleaver is to map v bit words onto the 1512 (2K
mode) or 6048 (8K mode) active carriers per OFDM symbol. The symbol inter-
leaver acts on blocks of 1512 (2K mode) or 6048 (8K mode) data symbols.

e Mapper
The DVB-T standard uses Orthogonal Frequency Division Multiplex (OFDM)
transmission. All data carriers in one OFDM frame are modulated using either
QPSK, 16-QAM, 64-QAM, non-uniform 16-QAM or non-uniform 64-QAM con-
stellations. The Gray mapping is applied.

e Pilot and Transmission Parameter Signalling (TPS) insertion
In order to achieve the synchronization and equalisation at the receiver, the stan-
dard adds three types of pilots: continual pilots, scattered pilots and TPS to the

data frame. The data frame will be discussed in detail later.

e Frame adaptation
The function of frame adaptation is to combine the signal data and the reference

signal together.

e Orthogonal Frequency Division Multiplexing (OFDM) transmission
The OFDM modulation is used in DVB-T for creating frequency domain bins and

perform an IFFT to convert them to time domain.

e Guard interval insertion
In order to prevent ISI, the guard interval is inserted in front of each symbol. The
length of guard interval can be 1/32, 1/16, 1/8, or 1/4 of the original block length.

e DAC and front-end
In order to transform the signal, firstly, the digital signal need to be transformed
into an analogue signal by a digital-to-analog converter (DAC), and then modu-

lated to radio frequency by the RF front end.
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2.2.1 DVB-T data frame

In DVB-T, transmitted signal is organized in frames and super frames.

has a duration of T, and consists of 68 OFDM symbols. Four frames constitute one

super-frame [1].

TABLE 2.1: Main parameters of DVB-T system

Paramenters 8K mode | 2K mode
Number of carriers K 8192 2048
Value of carrier number Kmin 0 0

Value of carrier number Kmax 6 816 1704
Duration T, 896 us 224 us
Carrier spacing 1/T, 1116 Hz | 4 464 Hz
Spacing between carriers Kmin and Kmax (K-1)/T,, | 7,61 MHz | 7,61 MHz

Each frame

As shown in Tab.2.1, in the 2K mode, there are 1705 useful carriers; In the 8K mode,
each OFDM symbol is constituted by 6817 useful carriers. Each symbol has a duration
of Ts. It contains two parts: a useful part with a duration T;, and a guard interval with
a duration A.

In addition to the transmitted data, an OFDM frame also contains: scattered pilot cells,
continual pilot carriers, and Transmission Parameters Signalling (TPS) pilot carriers.
The pilots can be used for frame synchronization, frequency synchronization, time syn-
chronization, channel estimation, transmission mode identification. These three kinds

of pilots are as follow:

e Scattered pilot cells:
For the symbol index [ (the symbols in an OFDM frame are numbered from 0 to

67), the carriers are indexed by k € [Kin, Kmaz] which belong to the subset

k= Kmnin+3-(l mod 4)+12p, p € Integer, p=>0 (2.3)

are scattered pilots.
Fig. 2.7 shows the scattered pilots organization in DVB-T data frame.

The scattered pilots are modulated according to a PRBS sequence (see Appendix
B).
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Subcarrier Index

| Jojejoolo/oleloloele] loleloo/o]eloleolor
olole] eloeleololoeoolele] oleleloleor
elolojoeole. Jeololoeoolololoole) loleer
olololoolo/olole] oleoeloleloeolololel L
| Jojole/olooleloloee] [0/6]00/0)0lelee)
olole] elooleloloeoolele] 00)0lolee)
000 0000000000000 0 @000
elolojooloolole] oo olololoololololel L
L Jojoleo/elooleloloee] [0/60]00/0)0l0le0)
OO00@O000O0O000OOOOeOO 0000 + ¢

@ : Scttered pilots
O : Data or other pilots

OFDM Symbols

<

FIGURE 2.7: Scattered pilots organization

e Continual pilot cells:
In addition to the scattered pilots, continual pilots are also inserted. These pilots
are on the same position in every symbol. All the continual pilots are modulated

according to reference sequence. The corresponding modulation is given by:
Re{cm ikt =4/3%2x(1/2 —Wy) (2.4)

Im{cm i} =0 (2.5)

Where Wy is Pseudo Random Binary Sequence (PRBS) value [1].

The locations of continual pilots can be found in appendix B.

e TPS carriers:

Transmission Parameter Signalling (TPS) carriers are used for the purpose of sig-
nalling parameters related to the transmission scheme. The TPS carriers are trans-
mitted at a normal level. The TPS data itself is Differential Binary Phase Shift
Keying (DBPSK) modulated. The DBPSK is initialized at the beginning of each
TPS block.

DBPSK is a modulation with one bit per symbol. The modulation scheme: a
logical one is represented by a change of the phase, a logical zero is represented by

the same phase. The locations of TPS pilots can be found in appendix B.
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2.2.2 The second generation DVB-T2

DVB-T2 is the extension of the television standard DVB-T, which was built based on
DVB-T. This thesis will focus on the research of DVB-T [11].

2.3 GNU Radio

GNU Radio is an open source project that provides a collection of software modules to
perform the operations of signal processing [12]. GNU Radio is widely used in hobby-
ist, academic and commercial environments to support both wireless communications
research and possible implementations tests.

The software in GNU Radio is divided into modules. The modules that perform the
signal processing are programmed in C++4, e.g. signal filters, FFT modules. The other
group of modules include the software needed to interconnect these signal processing
modules and configure them according to our needs. Those modules are programmed in
Python and act as some kind of glue that makes the whole system one unit [13].

The main reason to choose the GNU Radio framework as a software solution results
from its efficiency and high flexibility [14]. The steps of building a new GNU Radio

model is shown in appendix A.

2.3.1 GNU Radio DVB-T

The GNU Radio DVB-T project (gr-dvbt) [15] is an out-of-tree modules project (A GNU
Radio component that does not exist in the GNU Radio original source tree, developed
by B. Diaconescu), which implements DVB-T transmitter and receiver [16].

Fig. 2.8 shows the GNU Radio DVB-T receiver. As we can see, after the signal is
received, the first step is to detect the start of the OFDM symbol, which is achieved
by OFDM symbol acquisition block. And the cyclic prefix is taken out. The signal is
changed to the frequency domain by FFT implementation. In order to extract the useful
data, the pilots need to be cut out.

The functions of the following blocks, including demapping, decoding and deinterleaving,

are the inverse action of the transmitter blocks.
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FIGURE 2.8: GNU Radio DVB-T receiver

2.4 Channel model

2.4.1 AWGN channel

Additive White Gaussian Noise (AWGN) channel model is a simple channel model which
only linearly adds white noise with a constant spectral density and a Gaussian distribu-

tion of amplitude.
y(t) = x(t) = h(t) + n(t) (2.6)

where h(t) is the signal magnitude change, n(t) is white Gaussian noise. The AWGN

channel is widely used to simulate the background noise.

2.4.2 Time selective channel

The channel characteristics of the time selective channel depend on the varying time.
This could be caused by the moving transmitter or receiver. The complex gain of the

channel can be written as [8]:

an (t) = ap (t) - 290 (2.7)
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Where a and 6 are the channel attenuation and the phase rotation respectively. For the

multipath condition, the overall complex gain can be written as:

N
a(t)=> an(t) (2.8)
n=1
Then the channel response will be:
ht,7)=a(t)-6(r) (2.9)

where § (7) is the unit-impulse function.

2.4.3 Frequency selective channel

The channel characteristics of the frequency selective channel are rely on the frequency.
The channel complex gain is assumed to be constant. The channel response of the

frequency selective channel can be written as:

N

h(t,7) = an(t)-6(t—Tn) (2.10)

n=1

The response of frequency selective channel mainly effects by different path delays.

2.4.4 Rayleigh multipath channel model

Rayleigh multipath channel model is a doubly selective channel model (both time and
frequency selective) when adding Doppler effect. When the signal pass through Rayleigh
channel model, the signal’s magnitude will fade according to Rayleigh distribution. The
arriving time of different path is various. The channel impulse response of Rayleigh

multipath channel could be expressed as:

h(t) =Y an (t) - /D5t - 1,) (2.11)
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FI1GURE 2.9: Rayleigh channel model

The Rayleigh channel model is showed as Fig. 2.9. After signal x(t) passes through
different path with a certain delay 7, different phase rotation and attenuation are added

to each path.

2.5 Compressive Sensing

The compressive sensing is a signal processing technique for efficiently acquiring and
reconstructing a signal, by finding solution to underdetermined linear systems [17, 18].
This is based on the principle which is through optimization, the sparsity of a signal
can be exploited to recover it from far fewer samples than the Nyquist rate. There are
two conditions under which recovery is possible. The first one is sparsity which requires
the signal to be sparse in some domain. The second one is incoherence which is applied

through the isometric property which is sufficient for sparse signals [19].

2.5.1 Problem statement

Given a vector y € C™, and a matrix A € C"™*", find a vector x € C"
y=Ax (2.12)

In the case data is sparse or compressible, the matrices A with m < n.
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2.5.2 Coherence

Definition The coherence of a matriz A, u(A) is the largest absolute inner product

between any two columns a;, a; of A [17]:

| <aiva’j> |
A) = max —————— 213
iA) 1<i<n || a; [l2]| a; ||2 o

Theorem If the sparsity k with:
1 1
Fes (14 ) 2.14
2 1(A) (@14

then for each measurement vector y € C™ there exists at most one signal x € ), such
that y = Ax.

This theorem provides an upper bound on the level of sparsity k.

2.5.3 Signal Recovery Algorithms

The [;-minimization and greedy methods are two major approaches to sparse recovery.

2.5.3.1 Basis pursuit

The idea of Basis Pursuit is to replace the difficult sparse problem with an easier opti-

mization problem (/; minimization algorithms).

n
r=arg min ||z |1= T .
g in, 12 =3 || (2.15)
The [; minimization can approach an exactly recovery for k-sparse signals and closely
approximate compressible signals with higher probability. However, I; minimization

approach is too slow for large scale application.

2.5.3.2 Greedy algorithms

Greedy algorithms rely on the iterative approximation of signal coefficients and support,
either by iteratively identifying the support of the signal until a convergence criterion is
met, or alternatively by obtaining an improved estimation of the sparse signal at each
iteration that attempts to account for the mismatch to the measured data. One of the

widely used greedy approaches is Orthogonal Matching Pursuit (OMP)[20, 21].
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OMP constructs a sparse solution to a given problem by iteratively building up an ap-
proximation; the vector y is approximated as a linear combination of a few columns of
A, where the active set of columns to be used is built column by column [22]. At each
iteration the locally optimum solution is calculated. This is done by finding the column
vector in A which most closely resembles to a residual vector r. The residual vector
starts being equal to the vector that is required to be approximated i.e r = y and is
adjusted at each iteration to take the previous vector into consideration.

The following notation is used: < , > denotes the inner product. The basic idea of
OMP is as follow:

Algorithm : Orthogonal Matching Pursuit [23]
Input:

e CS matrix/dictionary A, data y

e Stopping criterion
Output:

e Sparse representation ¥
Procedure:

1. Initialize the residual 7y = y, the index set Vi = (), and the iteration counter ¢t = 1.

2. Let vy = 7, where a; gives the solution of max < r¢,ap > where a; are the column

vectors of A.
3. Update the set V; with v, : V; = Vi_i | {w}.

4. Solve the least-squares problem:

t
. . ~ 2
min |y ;:1 T(v;)@u; |2 (2.16)

5. Calculate the new residual using 7.

¢
TE =T — Z () o, (2.17)
j=1

6. Sett=¢t+1
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7. Check stopping criterion; if the criterion has not been satisfied then return to step
2, while the choose ¢ ¢ V; .

The next chapter will detail discuss how to use OMP for channel estimation.



Chapter 3

Channel estimation

The channel estimation is based on the channel characteristics. In this chapter, the
channel response is mathematically analysed. Then different estimation algorithms will

be discussed.

3.1 Channel characters analyse

3.1.1 Multipath Propagation

When a signal is transmitted, the path is not single rather than a number of different
paths with different delay elements. The receiver picks up a superposition of multiple
copies of the attenuated transmit signal. The delay time for a corresponding path will
be donated with 7.

Suppose that the signal z(t) is transmitted through a channel, there are n propagation

paths, the received signal is given by:
y(t) = prxe(t — 11) + pex(t — m2) + ... + ppx(t — 1) (3.1)

where p, represents the corresponding path attenuation factor. 7, represents the delay
for the corresponding path. After Fourier transform into frequency domain, the received

signal can be expressed as :
Y(f) = X(f)(pre 2T + ppe 2T 4 g ppem 72T (3.2)

where X (f) is the transmitted data in the frequency domain. In the frequency domain,
the linear phase progression is dependent on the delay and the carrier frequency. It also

has a circular repetition of 2.

20
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3.1.2 Doppler shift

The moving of the transmitter, receiver and/or scatters cause Doppler effect on the
transmitted signal, which results in frequency shift. The Doppler shift will be denoted

by vr. The corresponding signal in time domain can be expressed as:
X(f 4+ vp)e—oux(t)eTi2met (3.3)

The Doppler shift in frequency domain results in linear phase progression in the time
domain. In other words, Doppler shift effect causes time-dependant phase shift in the

time domain.

3.1.3 Delay-Doppler spreading function

In this section, C and A denote the circular and diagonal matrices respectively. C

sin(mx)

— - As mentioned before, the main

denotes the complex space. sinc(z) is defined as
effects underlying dynamic channel are Doppler effect and multipath propagation. The

channel transfer function [24] is formulated for i-th sample and m-th delay bin as follows:

[y

K—-1L—-
hli,m] = (Upa)e?2™ i sine(m — &) (3.4)
0

k=1 I= T
where T is the system sampling period. K and L are the numbers of the maximum
delays and the Doppler shifts respectively. Uy, is the channel gain matrix. The channel

response matrix in the time domain can be expressed as [25]:

K—1L-1
Hr = (Uk,ZAT,lCT,k) (3.5)
k=1 (=0
where Ar; € CN*¥ is the Doppler shift matrix in the time domain. If only consider

(CN><N

about Doppler shift component, Ar; € will be a a diagonal matrix, which can be

expressed as [26] :

AT,l — diag(ejzm’lto, ejQTertl, . e]27rultN,1) (3.6)

N is the length of OFDM samples. Cr, € CN*N is the delay matrix in time domain.
Because the received signal is a weighted superposition of the different echoes. So when

only the delay component 7, is considered, the corresponding channel matrix in the time
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domain will be a circular matrix, which can be expressed as:

cko O o CRM
Ck1 Cko e 0 cpm—1
C) = (3.7)
0 Ck’,M—l o o Ck,M—].

where ¢y, = sinc(m — 7). After Discrete Fourier transform, the channel response in
’ s

the frequency domain can be expressed as:

K—-1L-1
Hp =F( Z Z Uy A Cry) FH
k=1 =0
—1L
= ( Uy, FAr, FYFCr, FY)
11

=
|

b
Il
|

o

where Hp is the channel response in the frequency domain with F € CNXN — For=

—j2mnk

\/—lﬁexp( ~—)- The delay matrix in the frequency domain will be:

FCriF7 = Apy (3.9)

As Eq.3.9, delay matrix in the frequency domain is a diagonal matrix.

3.2 Traditional channel estimation methods

The channel estimation [27] steps are as follow. The first step is to estimate the channel
response of pilot locations. Least Squares (LS) estimation method [28] is the easi-
est method. This method estimates the effects (including Doppler effect, path delays,
and noise) together. The carrier complex gain and the phase rotation will not exactly
equalised. In order to more clearly estimate the Doppler shift and multipath propagation
effects, matching pursuit method is one of the best choices for the channel estimation.

After getting the channel characteristics of pilots carriers, the following step is to get all

of the sub-carrier channel characteristics.

3.2.1 The reference carriers

The scattered pilots are used as channel taps for channel estimation. The scattered

pilots are placed according to the formula below:

k= Kmnin +3- (Il mod 4) + 12p, p € integer,p > 0,k € [Kmin, Kmaz] (3.10)
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Where k represents the sub-carrier index where k=0 means the first used carrier (ex-
cluding the guard band) and [ is the symbol index. K, and K4, are the first data

carrier index and the last data carrier index separately.

3.2.2 LS Estimation

The Least Squares (LS) estimation is the simplest channel [29]. The estimation of the

channel at scattered pilot sub-carriers based on LS estimation can be written as:

Yo(k)

Hps =
Xp(k)

(3.11)

where X,(k) and Y, (k) are input and output at the k" scattered pilot sub-carrier re-
spectively.

After the frequency response H,, of the pilots is obtained, the total channel frequency
response Hj, can be obtained by H, interpolation. This part will be discussed in the

next chapter.

3.3 Matching pursuit estimation methods

The basic theory of compressive sensing has been discussed in chapter 2. The concept
of using Matching Pursuit to estimate the channel response by matching the received
signal with the dictionary which builds on the transmitted references signal under the
effects of different delays or Doppler shifts [26, 30-32]. Two popular adopted algorithms
are Basic Matching Pursuit(BMP) and Orthogonal Matching Pursuit(OMP) algorithm.

3.3.1 Delays estimation

The character of the delays’ effect has been analysed in section 1. In the frequency
domain, delay causes the linear phase progression with a circular repetition of 2w. The
different arrived OFDM signal has a different phase progression pattern. The idea of
the delays estimation is comparing the phase progression pattern of the received signal
and the dictionary, which contains all phase progression patterns corresponding to all

possible delays.
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3.3.1.1 Dictionary construction

When using matching pursuit algorithm to estimate the delays happen in the time do-
main channel, the essential part is the construction of the dictionary. The transmitted
signal value and positions X (f) of the scattered pilots have been defined by the DVB-T
standard. The scattered pilots’ positions have been defined by Eq.3.10, the correspond-
ing values are also defined (Appendices B). The value of received scattered pilots can be
easily extracted from the received symbol if their positions is known. When the signal
passes through the channel, the receiver gets a number of paths signal. Others paths’
signal has certain time delays compared to the first arrived path signal. The received

path signal Y'(f) in the frequency domain with the delays 7 can be expressed as:
Y(f) = X(f) = (e777) (3.12)

The received data is the discrete data. So f in the Eq.3.12 can be written as:

f= <k — Z) X 12 (3.13)

Where £ is scattered pilots position index, which was defined according to Eq.3.10. N
is the total number of the carrier index, T% is the carrier spacing which has been defined
in Tab.2.1.

The dictionary construction steps can be showed as Fig.3.1. The general steps are:

e Extract the reference signal from the OFDM symbol. Here reference signal is the
scattered pilots carriers. In the figure, the black color represents the reference

signal carriers.
e Adding the possible delay range to the reference signal. The delay range width

should not over the length of the guard band.

The dictionary is a combination of the reference signal (scattered pilots) under the effect

of all possible delays (from 0 to K times delay scale).
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FIGURE 3.1: Delay dictionary construction

3.3.1.2 Basic matching pursuit

The basic MP algorithm is an iterative procedure which can sequentially identify the
dominant channel taps and estimate the associated tap coefficients. At each iteration, it
selects one column that correlates best to the approximation residual from the previous
iteration [30, 33].

After the dictionary construction, as Tab.3.1, the dictionary, the received symbol and
the stopping criterion will be inputs. The first step is to store the received scattered
pilots’ value as residual vector ry. The following step is the calculation of the rank one
projection ry on all the columns d; of the dictionary D. The column s, (first iteration
p = 1) of D which has maximum rank-one projection with r¢ is calculated by:

|d?7"p71|2
Sp = CLng:L,__ ,K7j¢1p—1 max W (314.)
J

where I),_; is the index set of all the previous iterations.
The Z, which is associated with d,, is calculated as:
h
dspr_l

T, = —2— (3.15)
Tolds, I
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Then the residual vector need to be updated.

v =1~ ds, (3.16)

with 7o = y. The Eq.3.14 and Eq.3.15 with d;’rp = bp_1,j. So the by, ; can be calculated
as: .
d’d; —
bp,j = bp—lvj - Hc-jlsiﬁsz—l,sp = bp—lvj - xpdj dsp (3-17)
P
The stopping criterion can be the number of iteration times or other complicated method

calculating results [34].

TABLE 3.1: Basic matching pursuit Algorithm

Input: Dictionary D, received signal y, stopping criterion

rg = ﬁ 1

bOJ‘ :d?ro, fOI“jZl,-" ,K 2
_ A [bo,; |*

$1 = argmax;j—i.. K T 3

Il = {81} 4

~ bo.s

T 4, P g

bl,jzbo,j—fld?dsl forj=1,---  K,j¢ I 6

the pth iteration, p > 1 7

b1 5 2

Sp = argmax;_i . g j¢r, % 8

I, = {Ip—lv Sp} 9

~ b —1,s

fL'p = szisp”g 10

bpj = bp—1,; — Tpdlid,, for j=1,---  K,j¢1I, 11

Output:1,,, T,

The outputs include the selected columns number and the corresponding 7.

3.3.1.3 Orthogonal Matching Pursuit

Another widely used matching pursuit method is Orthogonal Matching Pursuit(OMP).
When using Orthogonal Matching Pursuit(OMP) algorithm, the dictionary structure
is the same as the Basic Matching Pursuit(BMP) algorithm. The basic matching pur-
suit algorithm is based on the assumption that different columns of the dictionary are
orthogonal to each other. While this orthogonality between the selected columns can
not always be guaranteed. When the selected columns are not orthogonal, the value

calculated by the Eq.3.15 will not be correct. Consequently the residual vector obtained
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form the Eq.3.16 will not be minimum. In order to solve this issue of BMP, the OMP
algorithm has been proposed [30].

Zp = argmin th — Dsflm Hi (3.18)
= [Dsstp} Dspy

the Eq.3.18 is the LS minimization based on the atoms selected form each iteration.

Where D, = [ds1 e dsp] . The main difference between BMP and OMP is the difference

of their T calculation algorithms are different. The implementation part will apply the

OMP algorithm.

3.3.1.4 Stopping Criteria

When applying matching pursuit algorithm, the stopping criterion is critical. The stop-
ping criterion decides the iteration times and then decides the accuracy of the searching
result. It can be a limit to the number of iterations or the requirement that y ~ Dx
[17]. During this thesis implementation, we assume the number of paths is known, and

the iterative threshold is set based on the number of paths.

3.3.2 Doppler estimation

The channel characters have been analysed at the beginning of this chapter. It is known
that Doppler shift could cause time-dependant phase shift in the time domain. The
theory of the Doppler estimation in the time domain is based on this fact. While lacking
reference signal in the time domain, it brings great challenge when trying to estimate

Doppler shift in the time domain.

3.3.2.1 Doppler estimation in time domain

After the delay elements are found, the delays caused channel matrix can be constructed
and then converted to the time domain through IFFT transformation. The Doppler
effect dictionary can be build in a similar way to the delay elements dictionary.

The disadvantages of Doppler estimation in the time domain are:
e Without reference signal in the time domain. The three kinds of pilots (scattered
pilots, continual pilots and TPS pilots) are inserted in the frequency domain.

e When estimating Doppler shift in time domain, the delay matrix should also be

considered. After finishing the delay elements search, the delays channel matrix
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in frequency needs to be changed to time domain through IFFT firstly, which

increases the calculation complexity.

e If using IFFT of frequency domain pilots as the reference signal, which means use

all the carriers, the dimension of the dictionary would be too high.
e The effect of Inter Carrier Interference (ICI) can not be avoided.

e The estimated Doppler effect result is not accurate, which is a combination of

multipath Doppler shift.

e The equalisation needs to be finished in the frequency domain, which means the

result need to be recovered to frequency again through FFT transform.

Due to the lake of pilots in the time domain for DVB-T data frame and the high com-
plexity of this approach, this scheme is not suitable for DVB-T standard channel Doppler

shift estimation.

3.3.2.2 Doppler estimation in frequency domain

It is impractical to figure out the Doppler effect in the time domain. Another option is

to evaluate the Doppler effect in the frequency domain.

Doppler effects in frequency domain characters

The Delay-Doppler spreading function in the time domain can be expressed as Eq.3.4.
After IFFT, it will be as Eq.3.8. The part of Doppler shift diagonal in the frequency
domain is:

FAr, FY = Cpy (3.19)

The Doppler shift diagonal in the frequency domain will be a circular matrix.

We assume that the delays are estimated exactly through matching pursuit method.
Thus phase progression model of each path can be reconstructed. The basic idea of esti-
mation Doppler in the frequency is to estimate this matrix path by path. For each path,
the value of weights within a short length is assumed to be constant. Each short length is

a piece. The next step is to use matching pursuit algorithm to estimate each piece pilots.

Doppler dictionary

Without considering the effects of the noise, one of the main two factors has been
estimated through delays estimation. And the delay effects of each path can be re-
constructed. The atom Doppler dictionary is a piece of the path with different phase

mode. The dimension of the Doppler dictionary is dependent on the scattered pilots
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piece length and the number of the previous searched number delay elements.

Ny
- [2) -

For one path, the search time is:

where N, is the total number of scattered pilots in the symbol. L, is the length of the
search piece.
The total search times which also depends on the number of delay elements for one
OFDM symbol is:

ttotal = ts X L (3.21)

where L is the number of paths, which is equal to the number of founded delay elements.
Doppler estimation

For each piece, the weight can be estimated by calculating the z4 through matching

pursuit algorithm.

¢ BMP Doppler weights estimation

TABLE 3.2: BMP Doppler weights estimation

Input: Dictionary D, received signal y, stopping criterion

rg=y 1
boj = dlirg, forj =1, K 2
L ={1} 3
~ b,

1 = ”dol‘l‘g 4
bij=boj —Tr1didy for j=1,--- \K,j ¢ I 5
the pth iteration, p > 1

I = {Ipfhp} 6
~ _bpip

T a2

bp,j:bp—l,j_fpd?dp for j=1,--- 7K7J¢Ip 8

Output:1,, =

Unlike delay elements estimation, the Doppler estimation do not need to choose

the column with maximum rank-one projection.

e OMP Doppler weights estimation
-1
z, = [DZDP} D'y (3.22)

When using OMP to estimate the Doppler weights, it is much more efficient.
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Doppler weights estimation happens in the frequency domain. The Doppler weights are
estimated piece by piece. Each piece is a certain width of carriers.
The matching pursuit delays estimation combined with Doppler weights estimation in

the frequency domain was proposed in [35] and named as Rake-MP (RMP) algorithm.
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Channel response reconstruction

and equalisation

The channel characteristics of the estimation scattered pilots sub-carriers are obtained
through channel estimation by using different algorithms. The following step is to build
the channel response matrix by using the channel estimation result. Finally, use the

channel response matrix to equalise the received signal data.

4.1 LS estimation channel response reconstruction

By using Least Squares (LS) estimation method, the channel characters scattered pilots
are calculated by Eq 3.11. The follow steps involve getting all sub-carriers channel
characters by using interpolation algorithm. When the pilot interval is shorter than
coherent bandwidth, after the frequency response of pilot sub-channel is estimated,
interpolation is used in the frequency domain to get the channel estimation [36]. Different

interpolation methods will yield different accuracy.

4.1.1 Interpolation algorithm
The widely used channel interpolation algorithms are piecewise constant interpolation,

the first order linear interpolation, second order interpolation and cubic spline interpo-

lation [37][28] .

31
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e Piecewise Constant Interpolation
The simplest estimation method is the piecewise constant interpolation. The chan-

nel is estimated by the previous pilot. And the channel estimation is given by;

H(k)=H(mL+1)= H(m) 0<I<Lm=0,1,..N,—1 (4.1)

e Linear Interpolation
Linear interpolation performs better than the piecewise constant interpolation.
The channel estimation at the data sub-carrier is obtained by estimation of the
response of two adjacent pilot sub-channels. But the precondition is the linearity
of the transmitted functions of adjacent sub-channels. The linear interpolation

algorithm is shown as below:

H(k) = H(mL+Il) = (H(m—i—l)—H(m))%%—H(m) 0<I<Lm=0,1,..N,—1
(4.2)

e Second Order Interpolation
The second order interpolation is a high order interpolation method. The channel
response at the data sub-carrier is calculated by using linear combination of three

adjacent pilots:

H(k)=H(mL+1)
=CiHm—1)+CoH(m)+ C_1H(m+1)

c1 = 3 (4.3)
where ¢ cg = —(a—1)(a+1),a = %
c_q= a(a2+1)

Theoretically, the high order interpolation should give better channel estimation
because of using more pilots. However, the computational complexity is increased

with the increasing of order.

e Cubic interpolation algorithm
The cubic spline interpolation method produces a smooth and continuous polyno-

mial fitted to the given data points, which is given by

H(k)=H(mL+1) =
arH(m +1) 4+ agH(m) + Loy H (m + 1) — LagH' (m) (4.4)
0<i<Lm=01,.N,—1
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!

H (m) is the first order derivative of H(m), and

3(L=1)?  2(L-1)®

L L (4.5)
_ 32 _ 23
ap = .2 3

a1 =

4.2 Matching pursuit channel response reconstruction

The Delay-Doppler spreading function Eq.3.4 has been discussed in Chapter 3. The
Doppler effect and multipath propagation have been mathematically analysed. Because
there are only reference signal in the frequency domain. The channel estimation is
performed in the frequency. So the channel response matrix will be constructed in the

frequency domain.

4.2.1 Delays channel matrix

Assume the channel estimator got n paths signal, the corresponding delays and X are
T+ T and Xl e X'n Without considering other effects, the channel matrix can be
built as following. The first step is to build the phase index for each path, as similar as

the delay elements dictionary columns construction, which can be written as:
. —j2m (17%) X carrierspacing X T, (4 6)
P,(i)=e :

Where i is the channel index, the range is 1--- Ny¢ The final channel matrix is the
combination of the each path phase index after multiplying the corresponding &, which
will be : .
H(Z) _ ZX * e—j27‘r(i—%)XcarrierspacingXTn (4 7)
= " .
1

4.2.2 RMP channel matrix

The Rake-MP (RMP) algorithm performs Doppler scales estimation in the frequency
domain after getting the delay taps. Applying the Doppler scales estimation method,

the X for each path was estimated piece by piece, for each path the channel response is:

M
H(Z) - Z Xvm * e_jQW(i—%)Xcarrierspacingxrn (4.8)
1
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Where X, is the Doppler scale weight of m!* piece. The final channel response is the

combination of all the paths, which will be:
n M
H(Z) — ZZXN % e—jQW(i—%)XcarrierspacingXTn (49)
11

where Xnm represents the X for nth path m'" piece.

4.3 Channel equalisation

In order to improve the quality of the received signal , it is necessary to perform the
equalisation. In this section, the widely used equalisation methods, one tap equaliser

and Minimum Mean Square Error (MMSE) equaliser, will be discussed [38].

4.3.1 One tap Equaliser

The one tap equaliser applies the inverse of the frequency response of the channel [29].
For a channel with frequency response H(f), the zero forcing equaliser E(f) can be

constructed as:

B(f) = == (4.10)

The one tap equaliser is simple and can be easily adopted.

4.3.2 MMSE equaliser

The Minimum Mean Square Error (MMSE) equaliser is a method based on the minimiza-
tion Mean Square Error (MSE) E||e|?] , where e is the error signal, which is calculated
by subtracting the transmitted signal from the received signal [39]. The MSE can be

written as:
MME =|Y — HrX|? = (Y — Hr X)) (Y — HpX)

4.11
=Yy —YUH X - HEX"Y + HEXPH X (4.11)
In order to minimize the MSE, the Eq. 4.11 take the derivative with respect to Hr,

which can be written as:

OMSE

_ _opH(v _ _
S = 2HI(Y — HrX) =0 (4.12)

So the X can be written as:
X =HH(HpH) 'Y (4.13)
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After adding a small ridge, Eq. 4.13 will be as:

N
X = Hi (HrH + M5+=)) 'Y 4.14
H(HrH + A gys) (414
Where A(STNR)denotes a diagonal matrix with all the diagonal elements equal to SNR.

The complexity of MMSE equaliser is much higher than the Zero Forcing Equaliser.

4.3.3 Equalisation algorithm selection

Comparing to one tap equaliser, MMSE equaliser is more complex. It also requires the
value of SNR. It is hard to exactly estimate the SNR value in DVB-T receiver. Another
important reason is that the final channel response is a vector which can be viewed as a
diagonal matrix. So when applying MMSE equaliser, it has the same performance with

the one tap equaliser. During the simulation section, one tap equaliser will be applied.



Chapter 5

Implementation and performance

analysis

In this chapter, the channel estimation and equalisation algorithms are implemented in
the GNU Radio DVB-T. The performance of different algorithms will be analysed. When
applying to the hardware, another essential factor is the complexity. The complexity of

different methods will be also discussed in this chapter.

5.1 Implementation

The Tab.5.1 shows the simulation parameters, the applying mode is 8K. There are 8192

carriers, which contains 6818 useful data carriers, others are guard band.

TABLE 5.1: GNU Radio DVB-T simulation parameters

Transmission mode 8K mode
NFFT length 8192
Guard Interval 1/32

Number of scattered pilots 525
Duration time T3, 896us
Carrier spacing 1/7, 1116 Hz
Modulation scheme QPSK

The choosing modulation scheme is QPSK. The carrier spacing is 1116 Hz. The reference
signal is the scattered pilots carried data. There are 525 scattered pilots in each OFDM
symbol.

36
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5.1.1 GNU Radio DVB-T

The Fig.5.1 show the GNU Radio DVB-T transmitter. In chapter 2, the Fig.2.4 has
shown the functional block diagram of the DVB-T transmitter. The below figure is the

implementation of the functional block diagram.

Options Variable
1D: top_block ID: samp _rate
Generate Options: Wx Gui | | Value: 32k
reed_solomon_enc
p:2
File S m: 8 convolutional_interleaver outout h'““:_t:;:;’
File: ..gr—eﬂVD:f:;::ftest_ts energy_dispersal I GF polynom: 285 Blocks (12 Bytes): 544 Cnn:tella:i::iy;,e; sk
e e s B oo Hierarchy Type: Non Hierarchical
K: 239 Depth of shift registers: 17 e v
Shorten size: 51
Blocks: 32
reference _signals

10 Type: Complex
Constellation Type: QPSK.
Hierarchy Type: Non Hierarchical
Code rate HP: 12

Code rate LP: 12

Guard Interval: 1/32
Transmission Mode: 8K

Include Cell ID: No

Cell Id: 0

dvbt_map
Constellation Type: QPSK

Hierarchy Type: Non Hierarchical
Transmission Mode: 8K
Gain: 1

symb. er_i

Transmission Mode: 5K -
Direction: Interleave

bit_inner_interleaver
[ Type: OPSK.
Transmission Mode: 8K

FFT
FFT Size: 8192k OFDM Cyclic Prefixer
Forward/Reverse: Reverse FFT Length: 8.192k
Window: windov: rectangular. CP Length: 256
Shift: Yes Length Tag Key:
Num. Threads: 10

Multiply Const
Constant: 2.20971m

UHD: USRP Sink
Device Address: add...68.10.2
Samp Rate (Sps): 10M

ChO: Center Freq (Hz): 1286
ChO: Gain Value: 15

TSB tag name:

WX GUI FFT Sink
Title: FFT Plot
Sample Rate: 10M
WX GUI Scope Sink :“erb:::ﬁ:: 126
Title: Scope Plot per Div:

Y Divs: 10
Sample Rate: 32k Re”_:‘ml - =
XY Mode: On -
. Ref Scale (p2p): 2
Trigger Mode: Auto A File Sink

Y Axis Label: Counts B File: ...dvbt/appsitestBB.bin
Refresh Rate: 15 Unbuffered: Off

Freq Set Varname: None Append file: Overwrite

Num Items: 8.192k

FIGURE 5.1: GNU Radio DVB-T transmitter chain

The GNU Radio DVB-T receiver is shown as Fig.5.2. The new block, omp_estimator
is added between FFT block and de_mod block. The steps can be found in Appendix
A. The omp_estimator block contains different channel estimation and equalisation

algorithms, which can be chosen manually.
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Options
1D: top_bleck

‘Generate Options: WX GUI

Variable
ID: samp _rate
Value: 32k

Multiply Const
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ofdm_sym _acquisition
FFT Length: 8.192k

Occupied Tones: 6.817k
Cyclic Prefix Length: 256
SNR: 30

omp_estimator
10 Type: Complex
[ n Type: QPSK

FFT
FFT Size: 8192k

Shift: Yes
Num. Threads: 1

bit_inner_deinterleaver
Constellation Type: QPSK
Transmission Mode: 8K

Vector to Stream
Num Items: 6.048k

File Sink
File: test outts

Unbuffered: Off
Append file: Overwrite

Forward/Reverse: Forward
‘Window: window.rectangular...

Code rate HP: 12

I Code rate LP: 12
Guard Interval: 1/32

Transmission Mode: BK

Include Cell ID: Yes

Cellld: 0

SNR: 10

Equalizer Type: One_tap

Hierarchy Type: Non Hierarchical

symbol_inner_interleaver
Transmission Mode: BK
Direction: Deinterleave

viterbi_decoder
Constellation Type: QOPSK
Hierarchy Type: Non Hierarchical
Code rate: 12
Block Size: 768
Initial State: 0
Final State: -1

energy descramble
Blocks(188 Bytes): &

FIGURE 5.2: GNU Radio DVB-T receiver chain

demod_reference_signals
10 Type: Complex
Constellation Type: QPSK
Hierarchy Type: Non Hierarchical

Code rate HP: 12
HI Code ::t: LP: 12

Guard Interval: 132
Transmission Mode: 8K
Include Cell ID: No
Cellld: 0

dvbt_demap
Constellation Type: QPSK
Hieracrehy Type: Non Hierarchical
Transmission Mode: 8K
Gain: 1

convelutional_deinterieaver
Blocks (12 Bytes): 136
Number of Shift registers: 12
Depth of shift registers: 17

reed_solomon_dec
p:2

m: &

I ‘GF polynom: 285

N: 255

K: 239

Shorten size: 51
Blocks: 8

The estimation and equalisation implement after FFT. The equalisation performance

will be evaluated after demap block.

5.2 Channel tracking performance

The channel tracking performance will be analysed by comparing the channel responses

constructed by different estimation algorithms. The channel tracking performance shows

the performance of the quality of channel estimation. The performance is analysed based

on Matlab platform. The channel is simulated by Matlab Rayleigh channel model since

it is easy to analyse. The performance of LS channel estimation combined with four

different interpolation algorithms are analysed separately. Then the performance of LS

channel estimation is compared with matching pursuit method and RMP estimation. If

channel response curve close to the Rayleigh channel model response curve, the perfor-

mance is better.
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5.2.1 LS estimation

The Fig.5.3 shows the channel tracking performance of LS estimation combined with
four different interpolation algorithms (Piecewise Constant Interpolation, Linear Inter-

polation, Second Order Interpolation, Cubic Interpolation).

s Magnitude
T T T T
— Rayleigh channel response
—LS + Piecewise Interpolation response
oL 4
s 4
0 1 1 1 1 1 1 1 1 1
0 50 100 150 200 250 300 350 400 450 500
samlples
Phase
6 T T T T T
— Rayleigh channel response
4 —LS + Piecewise Interpolation response
1 1 1 1 1 1 1 1 1

0 50 100 150 200 250 300 350 400 450 500
samlples

FIGURE 5.3: LS + Piecewise Constant Interpolation

As Fig.5.3 shows, the performance of LS channel estimation combined with piecewise
constant interpolation algorithm can not fit the actual channel response tightly. Because
it assumes that the channel gains of the 11 carriers after scattered pilot are constant.

This interpolation will not be applied for the later equalisation section.

s Magnitude
T T T T
— Rayleigh channel response
—LS + Linear Interpolation
oL
1k 4
0 1 1 1 1 1 1 1 1 1
0 50 100 150 200 250 300 350 400 450 500
samlples
Phase
6 T T T T
—Rayleigh channel response
4 —LS + Linear Interpolation
4 4
1 1

1 1 1 1 1 1 1
0 50 100 150 200 250 300 350 400 450 500
samlples

FIGURE 5.4: LS + Linear Interpolation
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The Fig.5.4 is the results of LS channel estimation combined with linear interpolation.
The performance is much better than piecewise constant interpolation algorithm, in

terms of both the phase and the magnitude change.

3 Magnitude
T T T T
—Rayleigh channel response
—LS + Second Order Interpolation
oL B
1k B
0 1 1 1 1 1 1 1 1 1
0 50 100 150 200 250 300 350 400 450 500
samlples
Phase
6 T T T T
—Rayleigh channel response
4 —LS + Second Order Interpolation
1 1 1 1 1 1 1 1 1

0 50 100 150 200 250 300 350 400 450 500
samliples

FIGURE 5.5: LS + Second Order Interpolation

As Fig.5.5 shows, the performance of LS channel estimation combined with second order

interpolation algorithm. The performance is a little better. But the advantage is not

obvious.
Magnitude

3 T T T T
—Rayleigh channel response
—LS + Cubic Interpolation

oL B

1L B

0 1 1 1 1 1 1 1 1 1

0 50 100 150 200 250 300 350 400 450 500
samliples
Phase

6 T T T T
—Rayleigh channel response

4+ —LS + Cubic Interpolation

1 1 1 1 1 1 1 1 1

0 50 100 150 200 250 300 350 400 450 500
samlples

FIGURE 5.6: LS + Cubic Interpolation

The Fig.5.6 shows the performance of LS channel estimation combined with Cubic In-
terpolation interpolation algorithm. The performance is improved on the peaks. While

the computational complexity is much more high.
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After comparing the performance of different interpolation algorithms, we found linear
interpolation can fit the Rayleigh channel response closely and its computational com-
plexity is not high. The linear interpolation algorithm will be adopted for the channel

response construction after LS estimation.

5.2.2 Matching pursuit methods

After confirming the interpolation algorithm for LS estimation, the performance of the
matching pursuit algorithm will be analysed and compared with that of LS estimation

method.

Magnitude
T

T T T
—Rayleigh channel response
3 —LS + Linear Interpolation response ||

MP Delays estimation
— RMP estimation

0 50 100 150 200 250 300 350 400 450 500
Phase

T T T T
8 —Rayleigh channel response
6l ——LS + Linear Interpolation response | |

MP Delays estimation

4 —RMP estimation M
2 |
0 \f\j\‘/\/\/—’
2ok 4
4 1 1 1 1 1 1 1 1 1

0 50 100 150 200 250 300 350 400 450 500

FIGURE 5.7: Channel tracking performance, 6 paths, mazimumDoppler = 0.001% x*
carrierspacing

The Fig.5.7 shows different algorithms’ channel tracking performance under 6 path and
very low (almost without) Doppler shift. For the phase and magnitude, the gap among

three methods is very small.
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4+ — RMP estimation M
2
0
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FIGURE 5.8: Channel tracking performance, 6 paths, mazimumDoppler = 1.0% x*

carrierspacing

As Fig.5.8, under 6 paths and mazimumDoppler = 1.0%*carrierspacing circumstance,
RMP estimation has significantly better performance. The Doppler equalisation is nec-

essary.
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— RMP estimation
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MP Delays estimation
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FIGURE 5.9: Channel tracking performance, 6 paths, maxzimumDoppler = 10.0% x*
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If the Doppler shift is increased to higher, maximumDoppler = 10.0% * carrierspacing,

the RMP also shows better performance in terms of both the phase and the magnitude

tracking.
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5.3 Equalisation performance

BER

max Doppler = %0.001 * Carrier spacing
-=-max Doppler = %1.0 * Carrier spacing
-+max Doppler = %10.0 * Carrier spacing
I I I

1'3
00 5 10

15
SNRin dB

FI1GURE 5.10: Equalisation performance, 6 paths, LS algorithm under different Doppler
shift

The Fig.5.10 shows the equalisation performance of LS algorithm under different Doppler
shift. As the increasing of the Doppler shift, the bit error rate (BER) becomes higher.

o
w
o
102F e
-+ Before equalization
=+LS + Linear Interpolation
MP Delays
-=-RMP
10'3 T 1 1 1 1
0 5 10 15 20 25 30
SNRin dB

Equalisation performance, 6 paths, maximumDoppler = 0.001% =
carrierspacing

FIGURE 5.11:
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Fig.5.11 shows the equalisation performance of different algorithms under 6 path and
very low Doppler shift. Due to the very low Doppler shift, close to zero, the matching
pursuit delays estimation method show a little better performance than LS (almost

close), but still slightly worse than RMP estimation performance.

!
¥ §
i
3

BER

-+ Before equalization
-=LS + Linear Interpolation

MP Delays
~+~RMP
10'3 T 1 L L L
0 5 10 15 20 25 30
SNR in dB
FIGURE 5.12: Equalisation performance, 6 paths, maximumDoppler = 10% x
carrierspacing

Fig.5.12 shows the BER curves of under high Doppler shift and 6 path circumstance.
Because the Doppler effect is not taken into consideration, the matching pursuit delays
estimation shows the worst performance among these three methods. The Doppler effect

estimation is necessary. The RMP method shows obvious advantage.

After comparing performance under multi-paths and different Doppler shift range, we
found that the gap among different algorithms is small if the Doppler is very low. As

the increasing of the Doppler, the advantages of the RMP method are more obvious.

5.4 Complexity analysis

The complexity of the estimation algorithm is another important issue. In order to
guarantee the efficiency and the fluency signal of the signal receiving, the complexity of
estimation must be lower when applying to the hardware.

The LS estimation needs to estimate each OFDM symbol channel response, the com-
putational complexity of the channel estimation for each OFDM symbol will be O (N).
N is the number of carriers in each OFDM symbol. In DVB-T, an OFDM frame con-
tains 68 OFDM symbol. The computational complexity for each OFDM frame will be
O (MN). M is the number of OFDM symbol in each OFDM frame.
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If only estimate the delays by using orthogonal matching pursuit algorithm, we assume
that in each OFDM frame the delays are constant. The computational complexity will
be O (KLN). K is the delay range. L is the number of paths. Although it involves
dictionary building and its dimension may be high, which depends on the delay range.
The delays just need to be estimated once. For each OFDM frame, the computational
complexity still is O (KLN).

If the Doppler shift is high, the RMP estimation has to be applied. For each OFDM
symbol, the Doppler estimation computational complexity will be O (LN). For each
OFDM frame, the computational complexity will be O (KLN + LNM).

Compared to the Doppler estimation in the time domain, the complexity of Doppler
estimation in the frequency domain is much lower. First, the Doppler estimation in the
frequency domain will not perform IFFT. In addition, the complexity of OMP in the
time domain will be O(QLN), where @ is the total number of possible Doppler shifts.



Chapter 6

Conclusion

The Doppler shift and the Multipath propagation are the main factors affecting the
signal transmission through wireless channel. In order to clearly estimate the Doppler
shift and multipath propagation effect, the channel characteristics are mathematically
analysed.

The Digital Video Broadcasting-Terrestrial (DVB-T) standard is the basic standard and
has been widely used for television signal transmission. The different channel estimation
algorithms (LS estimation, matching pursuit delays estimation and RMP estimation)
based on DVB-T standard are discussed. The matching pursuit delays combined with
Doppler estimation in the frequency domain (RMP) is mainly analysed. Then different
equalisation algorithms are discussed and confirm that the one tap equaliser is adopted.
The simulation is based on GNU Radio DVB-T project, which implements the DVB-T
transmitter and receiver. A new block, which contains the channel estimation algorithms
and equalisation algorithms, is added to the GNU Radio DVB-T.

The performance is analysed on Matlab. The channel is simulated by Matlab Rayleigh
channel. Because it is easy to build the real channel response and then convenient to
track the channel and compare the performance. Compared to other interpolation al-
gorithms, LS estimation combined with linear interpolation has a good performance in
terms of both for the phase and the magnitude tracking. Its computational complexity
is lower compared to second order and Cubic interpolation algorithms.

Then received data under different circumstance is equalised by using different algo-
rithms. Under multi-paths and very low Doppler shift condition, we found that matching
pursuit delays estimation almost has a slightly better performance than LS estimation
but worse than that of RMP estimation in the frequency domain. If increasing the
Doppler shift, the advantages of the RMP method are more obvious. Finally, the com-
plexity of different methods is analysed. The RMP in the frequency domain has a better

46
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performance and its complexity is not high compared to the traditional method (the

Doppler shift is estimated in the time domain).



Appendix A

Creating a new GNU Radio

module

An out-of-tree (OOT) module is a GNU Radio component that does not exist within
the GNU Radio source tree [12].

e The first step is to create a new module,which is name as modname.
gr_modtool newmod modname
There will be a new directory called gr-modname.
Structure of a module. All files written in C++ is put into lib/. Python stuff goes
into the python/ directory.

For documentation, docs/ contains some instructions on how to extract documen-

tation from the C++ files and Python files.

The apps/ subdir contains any complete applications (both for GRC and stan-

dalone executables) which are installed to the system alongside with the blocks.

The directory, examples/ can be used to save (guess what) examples, which are
a great addendum to documentation, because other developers can simply look

straight at the code to see how your blocks are used.

The build system brings some baggage along, as well: the CMakeLists.txt file (one
of which is present in every subdirectory) and the cmake/ folder. You can ignore
the latter for now, as it brings along mainly instructions for CMake on how to find
GNU Radio libraries etc. The CMakeLists.txt files need to be edited a lot in order

to make sure your module builds correctly.

e Writing a block in C++

$gr_modtool add — t general functionl

48
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On the command line, a block is adding, its type is ’general’ and it is called
functionl. gr,odtool then asks you if your block takes any arguments (it doesn’t,
so we leave that empty), whether or not we want QA code for Python (yes, we do)

and for C++ (no, we don’t right now).

Flesh out the XML file. The .xml provides the user interface between the OOT
module displayed in the GRC and the source code. Moreover, the XML file defines
an interface to pass the parameters specific for the module. Hence, to access the

module inside GRC, it is important to modify the .xml files manually.

Install the block in grc.

After finished the implementation of our block, now it’s important use its func-
tionality under GRC. So we build our OOT and install the underlying blocks. To
do so, we need to execute the following commands:

$mkdir build.

$cd build.

$cmake.

The creating a new GNU Radio module steps are from GNU Radio website [12].
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Signals in DVB-T

B.1 Duration of symbol part for the allowed guard inter-

vals

Mode BK mode 2K mode
Guard interval 1/4 1/8 1116 1132 114 1/8 1116 1132
AITy
Duration of symbol 8192xT 2048 x T
part Ty 896 us (see note) 224 ps (see note)
Duration of guard 2048 xT |1024xT |512xT 256 x T 512xT 256 x T 128 x T 64xT
interval A 224 us 112 ps 56 ps 28 ps 56 us 28 s 14 s 7 us
Symbol duration 10240xT [9216xT [8704xT [8448xT |2560xT (2304xT |2176xT (2112xT
Tg=A+Ty 1120pus  [1008ps [952pus  |924pus  [280ps  [252pus  [238ps  |231 s

FicGure B.1: Duration of symbol part for the allowed guard intervals for 8 MHz
channels

[9]

B.2 PBRS sequence generation

The PRBS sequence is generated according to Fig.B.2. The PRBS is initialized so that
the first output bit from the PRBS coincides with the first active carrier. A new value

is generated by the PRBS on every used carrier.

50
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1 1 1 1 1 1 1 1 1 1 1
1-bit 1-bit 1-bit 1-bit 1-bit 1-bit 1-bit 1-bit 1-bit 1-bit 1-bit
delay [P delay [P delay [P| delay [P] delay [P] delay [P{ delay [P{ delay [P{ delay delay [—% delay

«(

FiGURE B.2: Generation of PRBS sequence

1]

PRBS sequence starts: 1111111111100...

The polynomial for the Pseudo Random Binary Sequence (PRBS) generator shall be:
R | (B.1)

The PRBS is initialized so that the first output bit from the PRBS coincides with the
first active carrier. A new value is generated by the PRBS on every used carrier (whether

or not it is a pilot) [9)].

B.3 Continual pilot carriers

There are 177 continual pilots in the 8K mode and 45 in the 2K mode, are inserted

according to blow table.

Continual pilot carrier positions (index number k)
2K mode 8K mode

0 48 54 87 141 156 192 0 48 54 87 141 156 192

201 255 279 282 333 432 450 201 255 279 282 333 432 450

483 525 531 618 636 714 759 483 525 531 618 636 714 759

765 780 804 873 888 918 939 765 780 804 873 888 918 939
942 969 984 1050 1101 1107 1110 | 942 969 984 1050 1101 1107 1110
1137 1140 1146 1206 1269 1323 1377|1137 1140 1146 1206 1269 1323 1377
1491 1683 1704 1491 1683 1704 1752 1758 1791 1845
1860 1896 1905 1959 1983 1986 2037
2136 2154 2187 2229 2235 2322 2340
2418 2463 2469 2484 2508 2577 2592

FiGUuRE B.3: Carrier indices for continual pilot carriers

1]
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B.4 TPS pilot carriers

The TPS is transmitted in parallel on 17 TPS carriers for the 2K mode and on 68 carriers

for the 8K mode. Every TPS carrier in the same symbol conveys the same differentially

encoded information bit. The following carrier indices contain TPS carriers:

2K mode 8K mode
34 50 209 346 413 34 50 209 346 413 569 595 688
569 595 688 790 901 790 901 1073 1219 1262 1286 1469 1594
1073 1219 1262 1286 1469 | 1687 1738 1754 1913 2050 2117 2273 2299
1594 1687 2392 2494 2605 2777 2923 2966 2990 3173
3298 3391 3442 3458 3617 3754 3821 3977
4003 4096 4198 4309 4481 4627 4670 4694
4877 5002 5095 5146 5162 5321 5458 5525
5681 5707 5800 5902 6013 618 6331 6374
6398 6581 6706 6799

FIGURE B.4: Carrier indices for TPS carriers

1]
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