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Chapter I 

Introduction 

1.1. Background 

 

For many decades, the quest for better viewing experience has never stopped. Due to 

dedication of people‟s efforts, we went through analogy television to digital television 

broadcasting era. Digital television technology is intended to provide better quality of 

image as well as sound to the world. This new technology conquered drawbacks of 

analog television system and has replaced former ones in many developed countries. 

For instance, ATSC standard in North American is developed by United State and 

further inherited by other countries. ATSC standard uses single carrier system as 

transmission method, whereas DVB standard employed multi-carrier (OFDM) 

scheme. Single carrier occupies entire bandwidth of channel during transmission 

which yields higher data rate. 

 

However, short symbol duration in single carrier will cause problem, it is sensitive to 

time-vary channel. In wireless communication, there is not only one direct path 

between transmitter and receiver, signal reflected from mountain, cloud layer, even 

high building will also be gathered in the receiver. The received signal is the sum of 

weight different delay paths, this phenomenon is call multipath propagation. The 

received signal is not only in time delay, but also fading in signal power. In order to 

compensate multipath channel distortion, equalization is used. According to 

complexity of its algorithms and different applications, equalization can be studied in 

many ways. Also, channel estimation is needed to obtain channel coefficients which 

are fed to equalizer. 

 

Multipath propagation also causes signal block overlapped by the previous as well as 

incoming blocks in single carrier system when consecutive block transmission. This is 

known as inter block interference (IBI). Before eliminating multipath effect by 
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equalizer, IBI has to be cancelled in every data block. This can be analysis in both 

time domain and frequency domain. 

 

1.2. Objectives 

 

The objective of this thesis is to model a baseband transmitter of single carrier system 

based on ATSC standard a_53-Part-2-2007, it is the standard of terrestrial 

transmission of DTV in North American. This project only focuses on baseband 

characteristic of ATSC system, which contains data organization of VSB signal, 

channel coding description, synchronization addition and VSB modulation. 

 

Meanwhile, owing multipath effect within wireless channel in DTV broadcasting, 

received signal requires equalization to compensate distortion of multipath, as well as 

channel estimation to obtain correlative coefficient feed to equalizer. This thesis 

emphasizes on implementation of channel estimation and equalization both in time 

domain and frequency domain. Associated with ATSC modeling, corresponding 

simulations on Matlab are applied. 

 

On top of that, mobility of ATSC-T standard is discussed as well as the system budget 

analysis of our proposal is evaluated on baseband processor BBP2. 

 

1.3. Thesis Guidelines 

 

This thesis consists 8 chapters: 

Chapter I is the briefly introduction of this thesis. 

Chapter II describes DTV standards 

Chapter III models baseband transmitter of ATSC standard a_53-Part-2-2007. 

Chapter IV describes wireless channel model. 

Chapter V introduces different channel estimation algorithms. 

Chapter VI describes equalization theory as well as corresponding simulations. Refer 

to single carrier system, IBI cancellation caused by consecutive blocks transmission is 

studied as well. 

Chapter VII analyzes system budget of our implementations. 

Chapter VIII presents conclusion and future work. 
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Chapter II 

Digital Television Broadcasting System 

Overview 

2.1. Introduction 

 

In the era of rapid development of technology, digital products bring excitement and 

convenience to our modern life. Digital Television (DTV) is one of them and to be 

considered as the most significant development technique in television technology 

because of features such as better picture resolution and the more efficient use of 

spectrum. The characteristic of DTV compared to traditional analog television can be 

treated as advantages in three main aspects, capacity of data, forward error correction 

(FEC) coding, and channel estimation & correction. 

 

Capacity of data 

In digital communication system, source coding is a way of processing data in order 

to reduce redundancy, has been well-developed for years. It is also used in digital TV 

broadcasting. Data compression of source coding produces larger capacity of data in 

digital TV system while analog TV could not. This means that digital broadcasters 

can provide more digital channels in the same space, provide high-definition 

television service. 

 

FEC coding 

FEC coding is another outstanding utility in DTV. FEC coding is to add redundant 

data at the transmitter whereby allow receiver to detect and correct errors 

spontaneously. FEC codes contain block codes and convolutional codes. 

Reed-Solomon code and trellis convolutional codes are employed in ATSC standards 

in this thesis. 
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 Channel estimation and correction 

Analog TV uses cable or wire to send and receive signal. The channel normally is 

stable and less complicated as wireless channel. However, DTV signal is not only 

transmitted through terrestrial method but also satellite even handheld devices. It 

greatly challenges receiver‟s technique. Channel estimation can properly “guess” the 

actual channel by certain algorithm and perform equalization on received message to 

counteract the effect from actual channel. 

 

The most concerned problem in wireless system is multipath, which will cause 

ghosting of images [1] in analog television system. Noise from weak signals and 

many other potential problems will degrade the quality of the image and sound, 

although the program material may still be watchable. With digital television, the 

audio and video must be synchronized digitally, so reception of the digital signal must 

be very nearly complete; otherwise, neither audio nor video will be usable. Short of 

this complete failure, "blocky" video is seen when the digital signal experiences 

interference. 

 

2.2. Single carrier VS Multi-carrier 

 

Generally, from the view of transmission method, DTV system has two major 

classifications, single carrier and multi-carrier systems. Compared to multi-carrier 

system, single carrier system can reduce demands of frequency synchronization. And 

the peak-to-average transmitted power ratio for single carrier signals is smaller which 

will reduce the cost of power amplifier in transceiver. On the opposite, the 

characteristic of multi-path transmission in single carrier methods is sensitive to 

interference. Due to multi-path reception, fading occurs which is frequency and 

location selective. In mobile communication also terrestrial radio transmission, echoes, 

crosstalk, impulse interferers and amplitude and group delay response can affect the 

expectation of users [2]. Therefore, how to reduce the effect of the interference of 

caused by multi-path becomes a huge challenge. One way to do that is to provide 

decent channel estimation and equalization to received signal. Accurate channel 

estimation and equalization brings large fluctuation on bit error rate (BER) in single 

carrier system. However, time domain equalization in single carrier system suffers 

high complexity with increase of delay spreads in multipath channel. So frequency 

domain equalization is applied in single carrier system to reduce complexity. 

 

We know about orthogonal frequency-division multiplexing (OFDM) used in DVB 

standards, which is a multi-carrier system. However, ATSC standards use single 

carrier transmitter method, 8-VSB as modulation scheme. This standard is modeled in 

this thesis. 
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2.3. Digital television broadcast standards family 

 

DVB standard 

 

DVB (Digital video Broadcasting) is a set of internationally accepted open standards 

for digital television. DVB standards are developed by the DVB Project, an 

international industry consortium with more than 270 members. Its objective is to 

agree specifications for digital media delivery systems, including broadcasting. It is 

originally of European origin but now worldwide [3]. 

 

DVB family 

(Europe) 

Modulation 

method 

Channel 

bandwidth 

Data rate Extension 

DVB-S 

(satellite) 

QPSK 33 MHz 38 Mbit/sec DVB-S2 

DVB-C (cable) 64QAM 8 MHz 38 Mbit/sec DVB-C2 

DVB-T 

(terrestrial) 

QPSK, 16QAM, 

64QAM 

5, 6, 7, or 8 MHz 22 to 25 

Mbit/sec 

DVB-T2 

DVB-H 

(handheld) 

QPSK, 16QAM, 

and 64QAM 

8 MHZ 20 Mbit/s DVB-SH 

 

Table 2.1 DVB standard family [4] 

 

ATSC standard 

 

The ATSC standard was developed by the Advanced Television Systems Committee 

for digital television transmission
 
on June 12, 2009 in the United States. It was 

developed in the early 1990s by Grand Alliance, a consortium of electronics and 

telecommunications companies that assembled to develop a specification for what is 

now known as HDTV [5]. 

 

ATSC family 

(North America) 

Modulation method Channel bandwidth Data rate 

ATSC 

(terrestrial/cable) 

8-VSB & E8-VSB 6 MHz 10.76MHz/symbol 

ATSC-M/H 

(mobile/handheld) 

A-VSB 6 MHz Minimum 130kbps 

 

Table 2.2 ATSC standards family [5] 
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ISDB family 

(Japan/Brazil) 

Chinese Digital Video 

Broadcasting standards 

DMB Family (Korean 

handheld)  

ISDB-S (satellite)  DMB-T/H 

(terrestrial/handheld)  

T-DMB (terrestrial)  

ISDB-T (terrestrial) ADTB-T (terrestrial)  S-DMB (satellite)  

ISDB-C (cable)  CMMB (handheld)   

SBTVD/ISDB-Tb (Brazil)  DMB-T (terrestrial)   

 

Table 2.3 Other DTV standards [4] 

 

The worldwide DTV standard distribution is shown in Figure 2.1 [4]. 

 

 
 

Figure 2.1 Digital terrestrial television broadcasting systems by country 
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Chapter III 

System Modeling of ATSC-T Standard 

3.1. System overview 

 

The system is represented as block diagram in Figure 3.1. The ATSC standard 

contains three main subsystems as below [6]. 

 

• Source coding and compression 

Video subsystem source coding and compression 

Audio subsystem source coding and compression 

 

• Service multiplex and transport 

MPGE-2 system overview 

Audio Transmission 

Transport subsystem interfaces and bit rates 

 

• RF/transmission 

Channel coding 

Modulation 
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Figure 3.1 Digital terrestrial television broadcasting model 

 

This thesis is to implement data transmission over channel and evaluate different 

channel estimation and equalization methods to eliminate channel distortion of 

received signal. So we only focus on third subsystem of standard. Also, RF is not 

included due to only baseband signal is used for modeling in this thesis. 

 

3.2. Baseband transmission characteristics 

3.2.1. Overview of block diagram 

 

The main service is illustrated in Figure 3.2. Binary data from input firstly put into 

data randomizer block, then randomized data processed by Reed-Solomon (RS) 

coding (which is forward error correcting (FEC) code), data interleaving and trellis 

coding. The synchronization information is performed by adding Data Segment Sync 

and Data Field Sync, the data packets are formatted into Data Frames for transmission 

[6]. 

 

The service also provides an enhanced mode alternative function of 8-VSB 

transmitter, but we do not discuss it in this thesis. 
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Figure 3.2 Block diagram of main service 

 

3.2.2. Data Organization 

3.2.2.1. Data frame overview 

 

Data organization of ATSC standard is shown in Figure 3.3. Date transport is based 

on frame, one data frame is defined consist two data fields, each data filed has 313 

data segments. The first segment in each data filed is unique as Data Field Sync, it 

contains training sequence used by equalizer in the receiver. The rest of 312 data 

segments carry equivalent signal data. The actual data comes from several packets 

due to data interleaving. Each data segment consists of 832 symbols, and the first 4 

symbols are transmitted in binary form as segment synchronization. The remaining 

828 symbols of each Data Segment are actual data (MPEG-2) with FEC code 

transmitted as 8-level signals (8-VSB modulation) and therefore carry three bits per 

symbol. This gives 2484 bits (828×3) of data per segment [6]. 

 

 

 

Figure 3.3 VSB data frame 
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This value has to be matched with the requirement of transport packet. The length of 

MPEG-2 data is set to 187 bytes in each data segment. RS encoder adds extra 20 

bytes FEC code in each data segment, so the total length of data segment is 

187 data bytes＋20 RS parity bytes =  207 bytes × 8 bits/byte =  1656 bits 

Trellis coding rate is 3/2 due to two interleaved symbols is mapped to three symbol 

representing 8-level signals. So, it requires 3/2×1656 bits = 2484 bits. This does 

match the data carried in each segment. 

 

3.2.2.2. Data rate calculation 

 

The exact symbol rate is given by Equation below [6]: 

S =
4.5

286
× 684 = 10.76 MHz 

The frequency of a Data Segment is given in Equation below [6]: 

f =
S

832
= 12.94 × 103 Data Segments/S 

The Data Frame rate is given by Equation (3) below [6]: 

f =
f

626
= 20.66 frame/S 

 

3.2.2.3. 8-VSB Channel 

 

The transport signal is a 8 level symbols combined with synchronization data and 

FEC codes, and this signal is used to suppressed-carrier modulate a single carrier. The 

lower sideband of the signal shall be removed before RF, and the transmitting 

spectrum is flat except the band edges. This is the result of a nominal square root 

raised cosine response. The bandwidth of the signal is 6MHz and a small pilot shall be 

added to the signal, this is shown in Figure 3.4 [6]. 

 

 

Figure 3.4 VSB channel occupancy 
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3.2.3. Block description of channel error protection 

 

Main channel error protection consists of a concatenated RS encoding, interleaving 

and 4-state trellis encoding for the Main Service. 

 

3.2.3.1. Data Randomizer 

 

A data randomizer is used on all input to randomize the data payload. It XORs all the 

incoming data bytes with a 16-bit maximum length pseudo random binary sequence 

(PRBS) which is initialized at the beginning of the Data filed. The randomizer 

generator polynomial is shown in Figure 3.5 [6]. 

 

The randomizer generator polynomial is defined as: 

G 16 = X16 + X13 +  X12 +  X11 +  X7 +  X6 +  X3 +  X +  1 

The PRBS is generated in a 16-bit shift register that has 9 feedback taps. Eight of the 

shift register outputs are selected as the fixed randomizing byte, where each bit from 

this byte is used to individually XOR the corresponding input data bit.  

 

When the Data Segment Sync interval is prior to the first Data Segment, set initialized 

pre-load value to 0xF180 (load to 1). 

 

 

 

Figure 3.5 Data randomizer 

 

The main purpose of Data randomizer is to fragment long sequence of same binary 

values that may be contained in the transport stream. This step is necessary since long 

sequence of 1s or 0s will make data stream synchronization hard to impalement. And 

also prevent burst errors in successive sequences. 
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3.2.3.2. Reed-Solomon Encoder 

 

Reed-Solomon is an error-correct and detection code by oversampling polynomial 

constructed from the data. Additional redundancy parity bytes are added into a fixed 

block data. The RS encoder used in the VSB transmission subsystem is used by t = l0 

(207,187) code. The RS data block size is 187 bytes, with 20 RS parity bytes added 

for error correction. A total RS block size of 207 bytes is transmitted per Data 

Segment [6]. 

 

Data input for RS encoder should be serial bit stream. The 20 RS parity bytes shall be 

sent at the end of the Data Segment. The construct of RS encoder is shown in Figure 

3.6 [6]. 

 

 

 

Figure 3.6 Reed-Solomon (207,187) t=10 parity generator polynomial 

  

From the figure, the switch is connected to A at first, so the original 187 bytes pass 

through as the output and meanwhile they are fed to shift register as well to generate 

the 20 redundancy bytes. There are exactly 20 register units for the redundancy 

generation. The 187 bytes are shifted into register one by one and compute with the 

coefficient to change to values in 20 registers. After 187 iterations, the values are 

shifted out and added at the end of original 187 bytes. 

 

Block code gives a decent performance in BER, according to RS algorithm, (187,207) 

block code with 20 error control bytes can correct up to 10 error bytes per data 

segment at the receiver side decoder. It is sensitive to burst errors which is better than 

convolutional code. However, the implementation of decoder is much more 

complicated. 
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3.2.3.3. Interleaving 

 

Interleaver can be classified into block interleaver and convolutional interleaver. The 

interleaver employed in the VSB transmission system is a 52 data segment 

convolutional byte interleaver. Interleaving is provided to a depth of about one-sixth 

of a data field (4 ms deep). Only data bytes (including the RS parity bytes) shall be 

interleaved. The interleaver shall be synchronized to the first data byte of the data 

field. Intersegment interleaving is also performed for the benefit of the trellis coding 

process. The convolutional interleaver is shown in Figure 3.7 [6]. 

 

 

 

Figure 3.7 Convolutional interleaver 

 

With data interleaving, long burst errors can be avoided as they are distributed over 

several frames and for the receiver side, these errors can be handled more easily by 

RS decoder. 

 

3.2.3.4. Trellis Coding 

 

The 8 VSB transmission employs a two-thirds rate (R=2/3) trellis code. Particularly, it 

contains one pre-coder. That is, one input bit is encoded into two output bits using a 

one-half rate convolutional code while the other input bit is precoded. Although its 

memory size is 3, only 4 states is denoted here. But for other usage, such as advanced 

8-VSB requirements, 8 states trellis encoder is activated. The encoded trellis code is 

then mapped to an 8 level symbol mapper. The signaling waveform used with the 

trellis code is an 8-level (3 bit) one-dimensional constellation. The transmitted signal 

is referred to as 8-VSB. The process is shown in Figure 3.8 [6]. 
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Figure 3.8 Trellis encoder, precoder, and symbol mapper 

 

Trellis code intersegment interleaving also is used to prevent burst errors in trellis 

encoder. This uses twelve identical trellis encoders and precoders operating on 

interleaved data symbols. The code interleaving is accomplished by encoding symbols 

(0, 12, 24, 36 ...) as one group, symbols (1, 13, 25, 37, ...) as a second group, symbols 

(2, 14, 26, 38, ...) as a third group, and so on for a total of 12 groups [6]. 

 

In creating serial bits from parallel bytes, the MSB shall be sent out first: (7, 6, 5, 4, 3, 

2, 1, 0). The MSB is precoded (7, 5, 3, 1) and the LSB is feedback convolutional 

encoded (6, 4, 2, 0). Standard 4-state optimal Ungerboeck codes shall be used for the 

encoding. The trellis code and precoder intra-segment interleaver is shown in Figure 

3.9 which feeds the mapper detailed in Figure 3.8. Referring to Figure 3.9, data bytes 

are fed from the byte interleaver to the trellis coder and precoder, and they are 

processed as whole bytes by each of the twelve encoders. Each byte produces four 

symbols from a single encoder. [6] 

 

The output multiplexer shown (as the right circle) in Figure 3.9 shall advance by four 

symbols on each segment boundary. However, the state of the trellis encoder shall not 

be advanced. The data coming out of the multiplexer shall follow normal ordering 

from encoder 0 through 11 for the first segment of the frame, but on the second 

segment the order changes and symbols are read from encoders 4 through 11, and then 

0 through 3. The third segment reads from encoder 8 through 11 and then 0 through 7. 

This three-segment pattern shall repeat through the 312 Data Segments of the frame. 

This is referred as symbols offsets [6]. 

 



16 
 

 

 

Figure 3.9 Trellis code intersegment interleaver 

 

After the Data Segment Sync is inserted, the ordering of the data symbols is such that 

symbols from each encoder occur at a spacing of twelve symbols. And a complete 

conversion of parallel bytes to serial bits needs 828 bytes to produce 6624 bits. Data 

symbols are created from 2 bits sent in MSB order, so a complete conversion 

operation yields 3312 data symbols, which corresponds to 4 segments of 828 data 

symbols. 3312 data symbols divided by 12 trellis encoders gives 276 symbols per 

trellis encoder. 276 symbols divided by 4 symbols per byte gives 69 bytes per trellis 

encoder [6]. 

 

The conversion starts with the first segment of the field and proceeds with groups of 4 

segments until the end of the field. 312 segments per field divided by 4 gives 78 

conversion operations per field [6]. 

 

3.2.4. Synchronization 

Synchronization in ATSC contains two parts, Synchronization for data segments and 

fields. 

 

3.2.4.1. Data Segment Sync 

 

The encoded trellis data shall be passed through a multiplexer that inserts data 
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segment sync and data field sync. 

 

A two-level (binary) 4-symbol Data Segment Sync shall be inserted into the 8-level 

digital data stream at the beginning of each Data Segment [6]. 

 

A complete segment shall consist of 832 symbols: 4 symbols for Data Segment Sync, 

and 828 data plus parity symbols. The same Data Segment Sync pattern occurs 

regularly at 77.3μs intervals, and is the only signal repeating at this rate. The Data 

Segment Sync pattern shall be a „1001‟ pattern [6]. 

 

3.2.4.2. Data Field Sync 

 

The Data Field Sync consists 313 segments. Each Data Field (24.2 ms) shall start with 

one complete Data Segment of Data Field Sync. Each symbol represents one bit of 

data (2-level). The arrangement of the 832 symbols in this segment is defined below 

[6]. 

 

 

 

Figure 3.10 8-VSB data segment and field sync 

 

3.2.4.3. VSB data field sync 

 

Two kinds of training sequences are used. And these sequences are used in channel 

estimation and equalization [6]. 

 

PN 511: 

This pseudo-random sequence is defined as X9 + X7 + X6 + X4 + X3 + X + 1 with a 

pre-load value of „010000000‟ [6]. 

 

PN63: 

This pseudo-random sequence is repeated three times. It is defined as X6 + X + 1 with 
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a pre-load value of „100111‟. The middle PN63 is inverted on every other Data Field 

Sync [6]. 

 

 

 

Figure 3.11 VSB data field Sync 

 

Synchronization is significant communication system, especially radio 

communications. If we deploy ATSC to handset devices or satellite communications, 

duo to time-varying channel, the synchronization has to be considered well. However, 

our system is only simulated on Matlab, which is purely synchronized, so we skip this 

part and assume the system is already time synchronized. 

 

3.2.5. Modulation 

3.2.5.1. Bit-to-Symbol Mapping 

 

The outputs of trellis decoder are mapped to signal levels of (–7, –5, –3, –1, 1, 3, 5, 7). 

Data Segment sync and Data Field Sync are -5 and +5 [6]. 

 

3.2.5.2. VSB channel employment 

 

The VSB modulator receives the 10.76 Msymbols/s, 8-level trellis encoded composite 

data signal (pilot and sync added). The DTV system performance is based on a linear 

phase raised cosine Nyquist filter response in the concatenated transmitter and 

receiver, as shown in Figure 6.17. The system filter response is essentially flat across 

the entire band, except for the transition regions at each end of the band. Nominally, 

the roll-off in the transmitter shall have the response of a linear phase root raised 

cosine filter [6]. 
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Figure 3.12 Nominal VSB system channel response (linear phase raised cosine 

Nyquist filter) 

 

3.2.5.3. 8-VSB constellation 

 

In 8-VSB, the digital information is transmitted exclusively in the amplitude of the RF 

envelope and not in the phase. This is unlike other digital modulation formats, where 

each point in the signal constellation is a certain vector combination of carrier 

amplitude and phase. This is not possible in 8-VSB since the carrier phase is no 

longer an independent variable under our control, but is rather "consumed" in 

suppressing the vestigial lower sideband [7]. 

 

Our eight levels are recovered by sampling an In-phase synchronous detector. 

Nothing would be gained by sampling a Quadrature component detector since no 

useful information is contained in this channel. The signal constellation diagram is 

therefore a series eight vertical lines that correspond to our eight transmitted 

amplitude levels. By eliminating any dependence on the Q component, the 8-VSB 

receiver need only process on I channel, thereby cutting in half the number of DSP 

circuits required in certain stages. The result is greater simplicity, and ultimately cost 

savings, in the receiver design [7]. 

 

3.3. VSB terrestrial receiver 

 

The receiver implantation is denoted in the Figure 3.13. It contains Signal Processing 

module and Data Processing module. Signal Processing is processing the received RF 

signal in order to get rid of the distortion and recover to original transmitted signals. 

Data Processing is to decode data and correct errors from raw data. Each of them is 

consisted with several basic components. Depends on different requirements, different 
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components are deployed separately. 

 

 
 

Figure 3.13 ATSC receiver diagram [8] 

 

3.3.1. Signal processing 

 

The basic signal processing components in ATSC system are Tuner, IF filter and 

synchronous detector, Equalizer, Phase tracker. 

 

3.3.1.1. Tuner 

 

The tuner receives the 6 MHz signal (UHF or VHF) from the antenna. Its input has a 

band-pass filter that rejecting all other non-television signals that may fall within the 

frequency range of the tuner. In addition, a broadband tracking filter rejects other 

television signals, especially those much larger in signal power than the desired signal 

power [9]. 

 

Further, its first IF frequency was chosen high enough that the input band-pass filter 

selectivity prevents first local oscillations leaking from the tuner front end and 

interfering with other UHF channels, but low enough that second harmonics of UHF 

channels fall above the first IF passband [9]. 

 

3.3.1.2. IF filter and Synchronous detector 

 

The received passband signal with I-phase and Q-phase components is processed by 

IF filter and Synchronous detector to a complex baseband signal. 

 

3.3.1.3. Equalizer 

 

The equalizer compensates distortions such as echoes in linear channels. These 

distortions can come from the transmission channel or from imperfect components 

within the receiver (but we only consider channel impact in this thesis). This part of 

design and relevant algorithms are fiercely discussed in latter chapter in this thesis, we 

implemented different equalizers for single carrier system approached by different 

structures as well as algorithms. 
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3.3.1.4. Phase tracker 

 

Phase tracking mechanism is used to track phase offset between different oscillations 

in the receiver front end. Phase offset usually happens when local oscillations cannot 

be ideal synchronized or delay bring-in by other receiver components.  

 

The phase tracker also removes effects of AM and FM hum that may be introduced in 

cable system and it is capable to provide amplitude-tracking and an offset tracking as 

long as phase tracking [9]. 

 

Due to time is perfectly synchronized in Matlab, we do not need phase tracker in this 

modeling. 

 

3.3.2. Data processing 

 

In data processing, according encoders used in transmitter, we employ relevant 

decoder and collocated in sequence. In ATSC standard, decoders are placed with 

Trellis Decoder, Data de-interleaver, RS forward error corrector and Data 

de-randomizer. 

 

3.3.2.1. Trellis Decoder 

 

Trellis decoder should use the inverse algorithm as we implement the encoding part in 

the transmitter. The basic idea is to use 12-parallel trellis decoder where decode trellis 

every 12 times. Before trellis decoding, Segment Sync has to be removed. The 

complexity of trellis decoder depends on the states of decoder, since we have 2
3
 states, 

perform ML decoding on each of the trellis decoder [9]. 

 

3.3.2.2. Data de-interleaver 

 

The data de-interleaver performs the exact inverse function of convolutional 

interleaver. 

 

3.3.2.3. RS forward error corrector 

 

RS decoder uses 20 parity bytes performed on 187 data bytes to correct and detect 

errors, which is up to 10 errors. 

 

3.3.2.4. Data de-randomizer 

 

The data de-randomizer uses the same Pseudo sequences as in the transmitter, using 

the same feedback and output taps. 
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Owing decoding is not key point to this thesis, we did not implement them but 

understand the theoretical background. 
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Chapter IV 

Wireless Channel  

The performance of wireless communication system is mainly constrained by wireless 

channel. Signal propagation path between transmitter and receiver is always 

complicated since different terrains and obstacles will cause various effects on 

transmitted signal. Unlike wired system, channel is wireless system is not fixed and 

not easy to predict, it varies from time to time.  

 

In digital TV transmission system, the biggest threat is the time-varying multipath 

fading channel. The impact of this kind of channel is much more significant than 

AWGN channel, since it causes severe distortion on the received signal. For any 

modulation technique, system BER will be influenced a lot under such circumstance. 

 

4.1 Multipath Propagation 

 

In the presence of obstacles like buildings and mountains in free space, transmitted 

signal will reach receiver from multiple paths due to reflection, refraction etc. So the 

received signal will be a combination of these signals with different propagation delay 

and attenuation which finally results in a fading signal. 
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Figure 4.1 Multipath propagation [10] 

 

 

To describe the phenomena in mathematical way, assume transmitted signal: 

    s t = ej2πft  

Time-varying multipath fading channel impulse response: 

h τ, t =   αn t δ τ − τn t  

n

 

where n is the number of paths, αn(t) denotes attenuation factor at time t, τn(t) is 

the propagation delay for path n. 

 

Each path consists of large number of sub-paths, so the received signal is 

r t =  h τ, t s t − τ 

+∞

−∞

dτ 

By using equation 2.1 in equation 2.2, we get: 

r t =   αn (t)ej2πf(t−τn  t )

n

=   s(t)αn(t)e−jθn (t)

n

 

Here θn t = 2πfτn t  is phase shift. Equation above shows the received signal 

waveform is distorted by the reflected echoes results in a random attenuation of the 

transmitted signal. This phenomenon caused by multipath is referred as fading.  

Phase shift is the main factor for fading while for the worst case, components with 

opposite phase will be added destructively and tend to eliminate each other. 

Combination of phase shift and amplitude attenuation causes added destruction on 

transmitted signal. 
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Here is an example of multipath, it‟s quite obvious the received signal is combination 

of signal with reflected echoes which results in a distorted signal.  

 

 
 

Figure 4.2 Effect of multipath on transmitted signal [11] 

 

4.2 Doppler Effect 

 

The received signal is also affected by the motion of the receiver, transmitter or even 

the moving objects between them. The effect of these motions is referred as Doppler 

shift. It will cause frequency shift. For a DA converter operated at frequency fc , in the 

receiver side, the frequency of AD converter should be adjusted as fc ± fm . Here fm  

is the maximum Doppler shift. In this thesis, channel is assumed to be static. So 

Doppler Effect is not considered in our simulation. 

 

4.3 Channel Types 

 

In this section, several types of channels will be discussed. Based on multipath time 

spreading property, channel can be classified as flat fading and frequency selective 

fading channel. Coherence time Tc  (which is approximately the inverse of maximum 

Doppler shift) is used to describe how fast the magnitude of the received signal varies. 

Channel can be divided into fast fading and slow fading channel according to this 

parameter. 
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Figure 4.3 Type of multipath channel 

 

4.3.1 Flat fading channel 

 

For the large number of paths, if the delay of each path is within the duration of signal 

symbol, the received signal can be regarded as one path with same delay which is a 

combination of those non-distinct paths. This kind of channel is referred as flat fading 

channel since the spectrum property of the received signal is flat. In this case, there is 

no Inter Symbol Interference (ISI).  

 

4.3.2 Frequency selective fading channel 

 

For paths with delay close to or larger than symbol period, the delay should be 

considered. The received signal is a combination of the signal with different delays 

which will result in ISI. This kind of channel is called frequency selective fading 

channel. The total channel in the figure showed above is a frequency selective fading 

with each distinct path experiences flat fading. 

 

4.3.3 Fast fading and slow fading 

 

For coherence time relative smaller than symbol period, channel varies fast during a 

symbol period which is referred as fast fading channel whereas a slowing fading. In 

this case of fast fading, channel state has to be estimated frequently to track these 

changes. 
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4.4 Statistical Channel Models 

We know each path is comprised of large number of scattered components. According 

to the central limit theorem, the channel impulse response with the combination of 

individual components can be modeled as a Gaussian process. Depends on different 

application scenarios, the channel models vary. 

 

 

4.4.1 Rayleigh fading channel  

 

If there is no dominant component to the scatter, then such a process will have zero 

mean and phase evenly distributed between 0 and 2π radians. The envelope of the 

channel response will follow Rayleigh distribution, this kind of channel is referred as 

Rayleigh channel. 

 

Normally, there will be no line-of-sight (LOS) path in heavily built-up urban area 

since there are many objects in the environment that scatter the radio signal [12]. In 

this scenario, a Rayleigh model is relatively more applicable. 

 

4.4.2 Rician fading channel 

 

If apart from those random components, there is a strong signal component presenting 

in the received signal, such as from a direct path from transmitter, the fading process 

is described as Rician fading. 

 

4.5 Channel Model used in this thesis 

 

We will use a combination of multipath channel and AWGN channel since noise 

effect is significant in multipath channel especially in deep fade channel. 

 

Channel is assumed to be time-invariant, that means channel is unchanged during data 

demodulation. So an L-tap discrete multipath channel impulse can be expressed as a 

form of vector: 

h =  h1 h2 … . . hL    

h is symbol-spaced that means tap delay equals one symbol duration 

 

In chapter 4, we will use real-valued multipath channel since our focus is to illustrate 

the characteristics of different equalization methods. So multipath will only cause 

amplitude attenuation on received signal. Channel with deep fade will be employed to 

http://en.wikipedia.org/wiki/Scattering
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evaluate the performance of linear and non-linear equalizer. 

 

For the simulation in chapter 5, Rayleigh block fading channel is adopted in 

frequency equalization.  

 

Multipath with long delay is used in consecutive blocks equalization. In this section, 

we only consider average power attenuation for each path. 
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Chapter V 

Channel Estimation 

5.1. Estimation Description 

 

The effect of multipath fading channel on transmitted signal can be regarded as a 

linear finite impulse-response (FIR). In time domain, the received symbols result in 

Inter Symbol Interference (ISI), where symbol will be interfered by the adjacent 

symbols. Equalization is exactly the method to reverse the effect of ISI and get 

original signal back. 

 

 

 

Figure 5.1 Block diagram of channel equalization 

 

Here is a simplified block diagram of channel equalization. The original signal is 

distorted after the multipath channel. Before equalization, a channel estimator is used 

to gather information of the channel based on analysis of received signal. Different 

channel estimation and equalization methods will be discussed in the following 

sections.  

 

To get a better recovery of the distorted signal at receiver side, it is important to have 
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a precise estimation of the channel impulse response. Since inaccurate estimation of 

channel will cause accumulative errors in symbol demodulation. 

 

Generally, channel estimation schemes can be divided into data aided estimation and 

blind estimation. From the view of processing domain, channel estimation can be 

performed in both time domain and frequency domain.  

 

5.2. Data aided Estimation Method 

 

Channel is usually estimation based on training sequence. As indicated in ATSC 

standard, PN sequence is inserted in the beginning of each data field. So the receiver 

can use these known data and the corresponding received data to perform channel 

estimation. The basic method for channel estimation are Least Square (LS) and 

Minimum Mean Square Error(MMSE). LS method is simple but high MSE (Mean 

Square Error) while MMSE can provide a more accurate estimation however a high 

complexity as well. Moreover, MMSE method requires knowledge of channel 

correlations. In this thesis, we will only consider LS method which will be given in 

section 5.4 and 5.5. 

 

In reality, wireless channel is time-variant, so adaptive estimator which can track the 

state of the channel is required. The most commonly used algorithm is Least Mean 

Square (LMS), we will discuss it in later chapter. 

 

5.3. Blind Estimation  

 

It doesn't need any aided data from transmitter hence a high spectral efficiency. So the 

receiver needs plenty of received data to get an accurate estimate of the channel. In 

this thesis, our interest is in data aided channel estimation. This method will not be 

discussed. 

 

5.4. Time Domain Estimation 

 

In this part, channel estimation based on LS algorithm will be introduced. 

Assume training sequence as 

𝑥 =  𝑥1 𝑥2 … . . 𝑥𝑀    

 

Where complex channel impulse h expressed as: 

 =  1 2 … . . 𝐿    

The received signal y can be expressed as: 
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𝑦 =  𝑦1 𝑦2 … . . 𝑦𝑀    

Each received symbol is a convolution result of transmitted symbols and channel: 

yn =  hlxn−l

L

l=0

+ wn  

Where w is the AWGN noise. 

 

In time domain, we can divide the training sequence into a L × P matrix: 

 

X =  

xL xL+1

  ⋮ ⋮
⋯  xL+P−1

⋮ ⋮
x1 x2

x0 x1

⋱    xP        
⋯ xP−1

  

 

where P = M − L + 1 is the reference length 

The received symbols should also be chosen in the reference length which can be 

expressed as a 1 × P matrix: 

Y = [yL  yL+1 ⋯  yM  ] 

LS channel estimation is to find h to minimize the following squared error quantity: 

h = arg min
h

 y − X h 2 

According to [21], we get 

                                                         h LS = E xy =
1

P
X Y H                                                         (5.1) 

Where (.)
H 

means conjugate transpose operation. h LS  is the estimated channel 

impulse response. 

 

5.5. Frequency Domain Estimation 

 

Estimation is frequency domain is relatively straightforward.  

By performing Discrete Fourier Transformation (DFT), the training sequence symbols 

can expressed in frequency domain as: 

𝑋 =  𝑋1 𝑋2 … . . 𝑋𝐾    
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The same for the received data: 

𝑌 =  𝑌1 𝑌2 … . . 𝑌𝐾    

Where K is Fourier transformation points. 

LS estimation in frequency domain is to find H to minimize the following squared 

error quantity 

H = arg min
H

 Y − XH 2 

Channel frequency response can be derived by simply dividing the received data with 

training sequence in frequency domain 

H LS =
Y

X
 

Here H LS  is the estimated frequency response. 
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Chapter VI 

Channel Equalization 

Since the effect of frequency selective multipath channel can be analyzed as N-tap 

filters, so the principle of equalizer is to construct the filter with inverse tap 

coefficient. The equalization method varies depending on different channel condition. 

Generally, channel equalizer can be classified into time domain equalizer and 

frequency domain equalizer. In this chapter, we will focus on time domain equalizer.  

Equalization in frequency domain will be investigated in next chapter. 

 

6.1. Time Domain Equalization 

 

The basic idea of time domain equalization is to make the equalized impulse response 

satisfies Nyquist criterion for ISI avoidance. In time domain, the received signal is a 

convolution result of transmitted signal and multipath channel. That is the received 

symbol is linear addition of adjacent symbols multiplied with channel coefficients. 

 

Mathematically, the baseband signal over channel described in time domain: 

y t = x t   h(t) + n(t) 

y t  is the received signal. x(t) is the transmitted signal. h(t) is he channel transfer 

function, n(t) is the noise. 

For impulse response of equalizer as: 

heq  t =  Cnδ(t − nT)

n

 

Cn  is coefficient of filter. So the equalized signal should be [15]: 
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d (t) =  x(t)  h(t)  heq (t)  +  n(t)  heq (t) 

If the noise is ignored, that is to set n(t)=0. In this case, to get output of equalizer 

equals the transmitted signal. The equalizer impulse response g t  should be [15]: 

g t = h(t) heq (t) =  δ t  

This gives the satisfaction of Nyquist criterion for ISI avoidance. 

 

From the perspective view of structure, equalizer can be divided into linear equalizer 

and non-linear equalizer. 

 

6.1.1. Linear Equalizer 

 

A linear equalizer can be implemented as a FIR filter. Linear Transversal Equalizer 

(LTE) which is a typical linear equalizer will be illustrated in this section. It consists 

of delay elements and coefficient. Filter coefficients are normally referred as tap 

weight. Delay elements are used to generate past values of the signal. So equalized 

signal is a linear addition of past and current value multiplied with these coefficients.  

 

 

 

Figure 6.1 Structure of Linear Transversal Equalizer 

 

To analyze the principle of linear equalization in mathematically way,  

we assume received signal which is the input of the equalizer as: 

yk =  hjxk−j

L

j=0
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Where  yk  is the received symbols, xk  is the transmitted symbols, L is the length of 

multipath channel. So the equalized symbols x k  can be expressed as 

x k =  cjyk−j

j=∞

j=−∞

 

Normally, there will be error between x k  and xk , so we need to optimize the 

coefficients to minimize the error. The criterion can be Zero-forcing and Minimum 

Mean Square Error (MMSE). 

 

6.1.1.1. Zero-forcing 

 

Zero-forcing algorithm is to adjust the coefficient to minimize ISI by forcing impulse 

response at one time instance as maximum value 1 and for other time instance, the 

values are zeros. For equalized channel impulse as: 

pn =  cjyn−j

j=∞

j=−∞

 

The equalized symbols can be expressed as   

x k = xk +  xnpk−n

n≠k

 

The second component is exactly ISI we have to cancel. According to zero-forcing 

algorithm, here we set equalized channel impulse at sampling time k as 1, for other 

time they are zeros. That is 

pn =  cjyn−j =   
1, n = 0
0, n ≠ 0

 

j=∞

j=−∞

 

 

The equation showed above uses infinite coefficients. It‟s impossible in reality.  

Normally, finite number of coefficients is used. Here we take 2N+1 coefficient as an 

example. So equalized impulse response is: 

pn =  cjyn−j =   
1, n = 0
0, n ≠ ±1, ±2… , ±N

 

j=N

j=−N

 

 

To investigate the relation between the number of taps and equalization performance, 

a simulation is illustrated. For a multipath channel with 5 taps:  
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Figure 6.2 Channel impulse response with 5 taps 

 

Each tap corresponds to delay of one symbol. The following three figures show the 

equalization result using number of taps as 3, 5, and 11. 

 

 

 

Figure 6.3 ZF-Equalization with 3 taps 
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Figure 6.4 ZF-Equalization with 5 taps 

 

 
 

Figure 6.5 ZF-Equalization with 11 taps 
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As shown above, after equalization with 3-tap, the equalized symbol has interference 

from adjacent symbols. With the tap number increased as 5, the ISI problem is much 

mitigated however there still some interference occurs. ISI is completely eliminated 

with the tap number as 11.  

 

 

 

Figure 6.6 BER performance of ZF-Equalization with 3,5,11 taps 

 

We test QPSK signal based on the scenario mentioned above. From the figure above, 

BER decreases with the increase of tap numbers. Note here in this case, 11 taps are 

long enough to completely cancel ISI since length of channel is short. In reality, the 

delay will be much longer than the one in the simulation. That means much more taps 

in equalizer are required. The complexity introduced will be tremendous in presence 

of channel with long delay. 

 

6.1.1.2. MMSE 

 

Zero-forcing equalization doesn‟t take the effects of noise into consideration. 

MMSE equalizer consists of the sum of squares of all the ISI terms plus the noise 

power at the equalizer. Since actual output includes noise [13]. This method aims to 

minimize MSE between expected output and equalized output. So the drawback of ZF 

equalization can be avoided. Here MSE can be denotes as 

E[e(k)e∗(k)]   
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where  

e k = x k − xk  

 

According to [13], the optimum coefficient can be derived from the following 

equation: 

c = Ryy
−1 Ryx  

where Ryy  is the autocorrelation of the received symbols. 

Ryx  is the cross-correlation of the received symbol and training symbol. This variable 

is actually the estimated channel impulse derived by LS channel estimation method. 

It can be derived by using equation (5.1).  

Ryy  can be expressed in a form of vector and matrix: 

Ryy = E ykyk
∗ =

1

P
Y Y H ; 

Here Y  is the matrix we mentioned in the last chapter 

Y =  

yL yL+1

  ⋮ ⋮
⋯  yL+P−1

⋮ ⋮
y1 y2

y0 y1

⋱    yP        
⋯ yP−1

  

where P = M − L + 1 is the reference length 

 

6.1.1.3. Adaptive tap weight adjustment 

 

The method discussed above is called preset equalizer. It involves a measurement of 

channel impulse response like in MMSE method correlation matrix computation is 

required. For time-variant channel, these methods are not feasible. So, adaptive 

equalizer is required. It utilizes a recursive algorithm to estimate the channel 

condition and update the channel coefficient continuously based on training sequence.  

The proper values for filter coefficient will be derived after using all the known data,  

 

The most used adaptive algorithm is least mean-square (LMS) algorithm, rules for 

this algorithm is as following: 
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Figure 6.7 Structure of Adaptive Equalizer 

 

Assume input signal: 

y(k) = [yk …… yk−n] 

The equalization weights are  

c k =  c0k  c1k  c2k …… cnk   

So the equalized signal is  

x k = yk ∗ ck
T  

Error signal ek  is given by ek = xk − x k;  here  xk  is the training sequence.[14] 

ck+1 = ck + α ∗ ek ∗ yk  

For each iteration, a new group of filter coefficient is updated to minimize the MSE 

until the value of MSE becomes steady. This process is referred as convergence. 

Here MSE is controlled by the error signal ek . Note here Step size parameter α which 

controls the adaptation rate should be chosen properly otherwise convergence can‟t be 

guaranteed.  

 

As shown in the figure above, typically, an equalizer adopting LMS algorithm starts 

tap weight adjustment by using training sequence. Afterwards, the equalizer will 

switch to decision-direct mode to continue adjusting by comparing equalized symbol 

with the output of decision device. 
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6.1.2 Nonlinear Equalizer 

 

Nonlinear Equalizer is used in application where the channel distortion is too severe 

for a linear equalizer to handle. Here we take the typical nonlinear equalizer Decision 

Feedback Equalizer (DFE) as an example. The basic idea behind DFE is once an 

information symbol has been detect and decided upon, the ISI that it induces on future 

symbol can be estimated and subtracted out before detection of subsequent symbols. 

[15].The following figure is realization of DFE in a form of transversal filter. It 

consists of feed forward filter (FFF) and a feedback filter (FBF).  

 

 
 

Figure 6.8 Structure of DFE 

 

The FBF is driven by decisions on the output of the detector and its coefficients can 

be adjusted to cancel the ISI on the current symbol from past detected symbols. The 

equalizer has n+1 taps in FFF and w taps in FBF, so the output is: 

x k =  cjyk−j

n

j=0

+  wixk−i

m

i=1

 

 

A DFE has significantly smaller MSE than LTE. LTE is well behaved when the 

channel spectrum is comparatively flat. if the channel is severely distorted or exhibits 

nulls in spectrum, the performance of an LTE deteriorates and MSE of a DFE is much 

better than a LTE.  
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Simulation: 
 

Here we use a channel called Proakis-B channel [16], which is characterized by the 

following discrete impulse response:  

h t = 0.407D−1 + 0.815 + 0.407D  

where D denotes unit delay of one symbol period. This channel response corresponds 

to a very deep fade since there is deep spectral null in the channel frequency response. 

 

 

Figure 6.9 Frequency response with deep null 

 

QPSK and 16-QAM symbols without any pulse shaping are used as test signal, 1500 

symbols are transmitted over this channel, the beginning 500 symbols are training 

symbols for channel estimation. And AWGN is also added at the receiver side.  

 

Here is the BER result of QPSK and 16-QAM in different SNR: 

 

SNR(dB) 5 10 15 20 25 30 35 40 

LE  0.623 0.583 0.491 0.363 0.312 0.234 0.203 0.14 

DFE  0.521 0.419 0.24  0 0 0 0 0 

 

Table 6.1 QPSK BER result of LE and DFE in channel with deep fade 

 

SNR(dB) 5 10 15 20 25 30 35 40 

LE  0.717 0.661 0.548 0.532 0.482 0.412 0.409 0.378 

DFE  0.604 0.563 0.476 0.396 0.167 0 0 0 

 

Table 6.2 16-QAM BER result of LE and DFE in channel with deep fade 
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It‟s quite obvious from these two charts. DFE method outperforms LE method 

especially for higher coding rate. BER of LE method is still pretty high even in high 

SNR. As we can see from figure below, QPSK modulation gets zero BER at SNR 

20dB while it‟s 30dB for 16-QAM modulation since QPSK can tolerate larger noise. 

 

 

 

Figure 6.10 QPSK Equalized with DFE in SNR=20dB 

 

 

 

Figure 6.11 QPSK Equalized with DFE in SNR=30dB 
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To show the performance of linear equalization method in this channel more obvious. 

The constellation of QPSK at SNR 50dB is illustrated here. Normally, the noise effect 

can already be ignored. However, constellation of QPSK is in a mess with linear 

equalizer in this case. The same is for 16-QAM.  

 

 

 

Figure 6.12 QPSK Equalized with LE in SNR=50dB 
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Figure 6.13 16-QAM Equalized with LE in SNR=50dB 

 

For the scenario of multipath with channel with deep fade, in term of frequency 

response, linear equalizer places too much gain near the area with spectral null in 

order to compensate for distorted signal. So the noise in the corresponding part will be 

enhanced significantly. The noise effect will be spread over the whole time domain. 

Thus, DFE is more appropriate for severely distorted wireless channel.  

 

6.2. Frequency domain equalization 

 

We have discussed different equalization techniques in prior chapter, now we focus 

on single carrier (SC) system and study its equalization methods. The equalization 

approaches in single carrier system are various, both in time domain and frequency 

domain. And well number of algorithms are developed and employed in many 

applications. However, the implementation of time domain equalization (FEQ) and 

frequency domain equalization (FEQ) techniques are distinct as well as its complexity. 

In this chapter, complexity of TFQ and FEQ is discussed in the first place, which 

gives a sound reason to perform FEQ in SC system. Then, theoretical analysis of FEQ 

and its methodology are studied respectively. Also, relative simulation regarding SC 

is performed in the last section of this chapter. 
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6.2.1. Complexity of TEQ and FEQ 

 

Time domain equalization TEQ is a conventional anti-multipath method which is 

mostly used in single-carrier system. TEQ deploys a transversal filter after receive 

filter with different coefficients on each delay unit. Ideally, if the length of the filter 

can be set to infinite, the distorted signal can be completed equalized. However, it is 

impossible in practice. The behavior of TEQ is not only limited by the length of filter 

but also the precision of coefficients. There is a tradeoff between system budget and 

equalization performance. If the length of filter is set too long, it will increase overall 

budget as well as system complexity. The same way, if the precision of coefficients 

cannot be guaranteed, it is meaningless to enlarge the length of the transversal filter. 

 

Frequency domain equalization (FEQ) is often used in multi-carrier system like 

Orthogonal Frequency Division Multiplexing (OFDM). The received signals can be 

transformed to frequency domain using FFT, so equalization can be performed by a 

bank of single tap frequency filter. It is well known that FEQ reduces the complexity 

(per sample) from order O (L) to O (log (L)) [20] making it the more efficient choice 

as L becomes large. Here L is the length of channel response. 

 

Due to this attractive advantage, frequency domain equalization is also immigrated 

into single carrier system referred as single-carrier frequency equalization(SC-FEQ) 

which has almost the same low complexity as OFDM system. What‟s more, SC-FEQ 

inherits advantages of OFDM system, avoids drawback of OFDM like high PAPR. 

SC-FEQ is already adopted in Metropolitan area network (MAN). 

 

6.2.2. Single block FEQ 

 

Note that single block FEQ is by meant that apply FEQ only on one data block or 

sequence per time. Data blocks are transmitted separately, and the first block is 

always known as preamble by using training sequence. Preamble is only used in 

channel estimation. And equalization is based on the estimated coefficient and 

performed on rest of data blocks. 

 

6.2.2.1. Theoretical analysis 

 

A multipath fading channel distorts the amplitude of the original signal and shifts the 

phase as well. Thus, frequency domain equalizer is to make the compensation by 

adjusting amplitude or phase of the channel frequency response.  

 

Recall Nyquist criterion for (Inter-symbol interference) ISI avoidance in frequency 

domain is the following equation:  
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 H  f +
k

T
 

∞

k=−∞

= T 

 H  f +
k

T
 ∞

k=−∞  is the sum of frequency response H(f) with different sample 

frequency at k/T (k=0,±1, ±2, ±3…). H(f) is the frequency response of cascade of 

the transmit filter, the channel filter, and the receive filter. 

 

So, the frequency response of the equalizer filter is: 

Heq =
T

 H(f +
k
T)∞

k=−∞

 

Which means frequency domain equalization is to generate the inverse channel 

transfer function: 

H f ∗  Heq (f) =  1 

where Heq (f) is the transfer function of equalizer in frequency domain. 

 

Assume channel frequency response is 

H f = |H f |ejθ(f) 

 H f   represents amplitude frequency response, θ(f) denotes phase frequency 

response. For an ideal channel transmission,  H f   should be constant and θ(f) 

should be a linear function of the phase within the channel bandwidth. Thus, 

Heq  f  is denoted as: 

Heq  f =
1

|H f |
 e−jθ(f) 

 

According to frequency response of Heq  f , equalizer will adjust the both amplitude 

and phase of channel frequency response. It is shown in Figure 6.14. 
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Figure 6.14 Amplitude compensation of FEQ 

 

FEQ will compensate amplitude distortion in corresponding channel response which 

fading occurs. That gives amplitude frequency is flat after equalization. (Noise is not 

into consideration in the diagram) 

 

Down to phase level, phase representation can be analyzed as group delay is shown 

[23]: 

τ f = −
1

2π

dθ(f)

df
 

The combination of channel delay frequency characteristic and equalizer delay 

frequency will also be flat after equalization. 

 

6.2.2.2. Construct of SC-FEQ 

 

The implementation of SC-FEQ varies from construct and also algorithm. Figure 6.17 

illustrates the block description of one common FEQ design. 

 

 

 

Figure 6.15 SC-FEQ block description 

 

Consider the system is linear. The received continuous time sequence from multipath 
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channel inputs into a FFT, transformed to frequency domain, and then multiplies with 

equalizer coefficients, which the coefficient is obtained by channel estimation. 

Different channel estimation algorithms produces dissimilar throughput. Then, the 

output is transformed by an IFFT to time domain. The equalization process is 

implemented in frequency domain, the FFT length is decide by the length of data 

block. After equalization, the data shall be detected and decoded afterwards. 

 

As we discussed in prior chapter, many algorithms can be applied into FEQ. 

Zero-forcing (ZF) and Minimize Mean Squared error (MMSE) are the most studied 

ones in many literatures. In order to evaluate the behavior of FEQ in SC, we will 

discuss ZF and MMSE respectively. 

 

6.2.2.3. Zero-forcing 

 

Recall ZF principle in previous chapter, the received signal can be written as: 

r t = x t ⊗ h t + n(t) 

In frequency domain, it can be expressed as: 

R = S ∗ H + N 

Assume we have perfect knowledge of the channel. That is the estimated channel h , 

and h = h. We know that ZF is to reduce the value of  s ∗ h − r 
2
, where s  is the 

estimated signal. So in frequency domain, 

S =
R

H 
 

Here H is in a form of diagonal matrix with channel vector in frequency domain on 

the diagonal. For each received symbol,  

S  k =
R k 

H  k 
=

S(k) ∗ H(k)

H (k)
+

N(k)

H (k)
= S(k) +

N(k)

H (k)
 

Apparently, in order to implement ZF equalizer, noise, which refer to the second part 

of the equation above, is desired to be minimized. That is, to make compensation of 

the fading caused by multipath channel, ZF equalizer as well as will increase the 

power of noise of substantially of the received signal. 
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6.2.2.4. Implementation of SC-FEQ 
 

Data blocks are transmitted in the sequence (𝑝[𝑛],𝑏𝑖[𝑛]). 𝑝 𝑛  is the preamble. 

Followed by data block 𝑏𝑖[𝑛], and the received data block is shown as 

(𝑝𝑟𝑎𝑘𝑒 [𝑛],𝑦𝑖[𝑛]). Assume the channel has m taps in time domain. 

 

Channel estimation 

1. Through multipath channel, every received data block is represented as the sum 

of different delayed paths. And the first block is preamble, we write rake time 

domain function of preamble (𝑇𝐷𝐹𝑟𝑎𝑘𝑒 ) 

TDFrake [n] =  α𝑖

N

𝑖=1

p[n − mT] 

 where α ∈ (0,1), presents attenuation coefficient. Also, we know that original 

 time domain function 𝑇𝐷𝐹𝑜𝑟𝑖𝑔𝑛𝑎𝑙 [𝑛] is equal to 𝑝[𝑛]. 

2. Based on 𝑇𝐷𝐹𝑟𝑎𝑘𝑒 [𝑛], perform FFT. 

Rrake [f] = FFT TDFrake [n]  

 𝑅𝑟𝑎𝑘𝑒  𝑓  is the weighted output of 𝑇𝐷𝐹𝑟𝑎𝑘𝑒 [𝑛] in frequency domain. And 

 𝑅𝑟𝑎𝑘𝑒  𝑓  can be described in amplitude and phase function 

Rrake [f] =  Rrake  f  ejθ  

 Also, 

Rorignal [f] = FFT TDForignal [n]  

3. Estimate channel by 

H[f] =
Rrake [f]

Rorignal [f]
 

Equalization 

4. Perform FFT on 𝑦𝑖[𝑛],  

Y𝑖[f] = FFT y𝑖[n]  

5. Multiply estimated channel coefficient (multiply the inverse function of 𝐻[𝑓]) 

X𝑖 f =
Y𝑖[n]

H[f]
 

6. IFFT on every equalized 𝑋𝑖 𝑓  

x𝑖[n] = IFFT X𝑖[f]  

The 𝑥𝑖[𝑛] is the desired sequence. 
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Simulation: 

 

Scenario   

Signal QPSK 

SNR 20 

FFT length 1024 

Channel estimation LMS 

Equalization ZF FEQ 

 

 
 

Figure 6.16 QPSK signal before FEQ 

 

 

 

Figure 6.17 QPSK signal after FEQ 
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We can see that ZF gives a good performance based on certain SNR. Moreover, delay 

spread is also important to the behavior of equalization. We would like to evaluate the 

tradeoff of equalization performance between different delay spread. 

 

Simulation 

 

Scenario: 

The simulation evaluates the time (symbol) of multipath channel delay over channel 

by using ZF FEQ. The channel is designed to only with 2 taps in time domain. We 

want to increase delay between these two taps to see signal BER value before and 

after FEQ. 

 

Delayed 

number of 

symbols 

2 3 4 5 

BER 

No FEQ/FEQ 

0.0774/ 

6.2695e-004 

0.0771/ 

8.6523e-004 

0.0766/0.001

1 

0.0766/ 

0.0013 

 

Delayed 

number of 

symbols 

6 7 8 9 10 

BER 

No FEQ/FEQ 

0.0764/ 

0.0014 

0.0765/ 

0.0018 

0.0765/ 

0.0018 

0.0768/ 

0.0020 

0.0766/ 

0.0024 

 

Table 6.3 Comparison of FEQ result in different delay spread 

 

From the table above, we can see that more delayed in time, higher BER to 

corresponding channel. 

 

6.2.2.5. MMSE 

 

Compared to ZF in FEQ, MMSE is more capable to handle additive noise brought 

from channel. MMSE is to minimize the mean square error E( s − s 2). It takes the 

noise energy, into consideration. So the drawback of ZF equalization can be avoided. 

In order to minimize the mean square error S  [17] 

S = G ∗ R 

G = (HHH + σ2I)−1HH  

G is referred as MMSE equalizer matrix. Where  HHA + σ2I is the auto-covariance of 

R, I is identity matrix, σ
2
 denotes the noise variance.  
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Simulation 

 

Scenario   

Channel 4-tap Rayleigh frequency selective fading channel 

Algorithm LS/MMSE 

 

 
 

Figure 6.18 LS/MMSE comparison 

 

Obviously, MMSE equalization has a better BER result, but it requires more 

operations than ZF equalizer since calculation of matrix G is quite complex. 

 

6.2.2.6. Case study 

 

Consider applying FEQ in practical, we designed the following scenarios to represent 

different circumstances. 

 

 Two paths with short delay 

 Two paths with long delay 

 10 paths even distributed 

 Many short delay paths 

 

All experiments are adapted to same scenario in table 6.4. 
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Scenario  

Signal QPSK 

SNR 25 

FFT length 1024 

Channel estimation LMS 

Equalization ZF FEQ 

Sampling rate 10Msymbols/s 

 

Table 6.4 Scenario of case study 

 

1. Two paths with short delay: 

 

Path Delay (us) Attenuation (dB) 

1 0 0 

2 1.3 -3 

3 2.5 -10 

 

 
 

Figure 6.19 Constellation diagram of Case 1 
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2. Two paths with long delay: 

 

Path Delay (us) Attenuation (dB) 

1 0 0 

2 5 -3 

3 15 -10 

 

 

 

 

Figure 6.20 Constellation diagram of Case 2 

 

3. 10 paths are even distributed: path delay interval is 1.5us, amplitude attenuation 

for each path is 0 -3 -4 -5 -6 -7 -8 -9 -10 -15 (dB) respectively. 
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Figure 6.21 Constellation diagram of Case 3 

 

4. Many short delay paths: 5 paths with 0.1us delay each, amplitude attenuation for 

each path is 0 -3 -4 -5 -6 -7 -8 -9 -10 -15 (dB) respectively. 
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Figure 6.22 Constellation diagram of Case 4 

 

Conclusion: 

 

Case 1 is a simple model which only has two delay paths, and both of them are short 

delays. The equalized result is fairly clear since that short delay is easy to be handled 

in our l K FFT. Short delay means the relative phase shift is small. Surely, the phase 

shift of two short delay paths can be corrected in the capacity of 1K FFT. 

 

Case 2 also has two simple delay paths but with long delay spread. Long delay in time 

gives much more phase shift in frequency domain. We see that the result of equalized 

signal is worse than case 1 but still acceptable. That means 15us of delay spread is 

approaching the maximum delay of our FFT can tolerate. 

 

Case 3 is the most complicated one in our experiment. It spans delay spread from zero 

to 15us with 10 individual paths. As the result shown, the constellation is not well 

converged at each QPSK signal point. The leaked out points indicate that the sum of 

path component‟s phase shift are shifted too much and out of the range which FFT 

can handle. Those signals are still processed, but only the out range part of shift are 

processed. For example, a delay path with phase shift at 361 degree is same to FFT of 

1 degree. The FFT only shift back 1 degree and ignored the rest 360 degree shift. In 

constellation diagram of case 3, some of the point are irregular appeared. So it is 

important to investigate what is the maximum delay of certain FFT can handle and 

how many paths can be assigned in this FFT. 

 

Case 4 contains many even short delay paths compared to others. In reality, this 

happens when signal reaches to zero layer receivers, and the height of the received 

antenna is low. That means reflections from ground or other barrier with short delay 

spread are collected at receiver. But we observed that the equalized result is perfect. 

Since phase shift of each short delay path is small, FFT can assign more frequency 

spectrum to each phase offset and correct them. This is one of the advantages of FEQ 
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compared to TEQ as we mentioned in previous chapter. FEQ can handle much more 

delay components than TEQ with less computing complexity as long as the maximum 

phase shift is not exceed the capacity of FFT (360 degree). 

 

According our discussion in case 3, the 15us delay can be tolerated in our FFT (in 

case 2), but with more even distributed paths assigned, equalization is not well 

performed in the result. To get a better equalization, we can reduce the path from the 

longest delay path until the constellation is getting convergence. And the number of 

the paths remains will indicate the maximum equalization capacity of our FFT. But 

due to time limited, we do not implement it, and it can be finished in later study. 

 

6.2.3. Consecutive blocks equalization 

6.2.3.1. Inter Block Interference 

 

In digital TV system, block symbols are transmitted continuously. Frequency domain 

equalization is on a block basis. For each received block, due to multipath effect, the 

extended symbols from previous block will overlap with the current block (Figure 

6.19) which is referred as Inter block Interference (IBI). 

 

 

 

Figure 6.23 IBI illustration 

 

6.2.3.2. Analysis of the effect of IBI 

 

For a multipath channel with short delay, the IBI effect can be neglected, since not 

many symbols are not affected in next block. A de-interleaver IN the receiver side 

will correct these few errors caused by IBI. 

 

Refer to the ATSC standard we discussed earlier, transmitting 832 data symbols takes 
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77.3 us. In reality, multipath delay will be 10-25us, so the length of spanned symbols 

will be around 1/5 of the block length. Obviously, we have to cancel IBI before single 

block equalization otherwise too many errors inducing in decoder part will cause a 

degradation of the system. Normally, method to mitigate the effect of IBI can be IBI 

self-cancellation (add Cyclic Prefix) and iterative IBI cancellation. 

 

6.2.3.3. IBI self-cancellation 

 

In OFDM system, the principle to reduce the effect of IBI is to add cyclic prefix (CP).  

 

 

 

Figure 6.24 Structure of CP [20] 

 

As shown in Figure 6.24 above, CP is to repeat of the end of the symbol at the 

beginning before transmission. In the receiver side, CP will be removed.  

 

 

Figure 6.25 Procedure of CP addition and removal 

 

The purpose of adding CP can be analyzed in these two ways. One is to cancel IBI. 

On the other hand it is to guarantee a circular convolution which equals to the effect 

of FFT operation in frequency domain. 
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Figure 6.26 Illustration of purpose of adding CP 

 

If the length of impulse response is shorter than the length of CP, IBI will be avoided 

completely. For block identification, the received ith block is identified as the figure 

above. We know CP is a partial repeat of original data, so the data out of the 

identification bound will be compensated since part of CP is included in block 

identification method. No transmitted data is lost so that FFT will function correctly 

during frequency equalization. The original signal can be recovered by single tap 

frequency domain equalization.  

 

6.2.4. Iterative IBI cancellation 

 

The method of adding CP reduces much work at the receiver side. However, the 

length of CP is normally set longer than length of channel which will introduce 

redundancy and waste the channel bandwidth. In reality, multipath delay can be 

around 10-25 μs. In OFDM system, the length of CP will be chosen as 1/4, 1/8, 1/16, 

1/32. In the case of long delay, redundancy introduced by CP will be larger. From the 

view of bandwidth utilization efficiency, DVB system will lose 6% to 23% more 

bandwidth than ATSC system [19]. Moreover, CP is not available in ATSC system as 

we mentioned before in ATSC standard for transmitter. So it's necessary to design a 

new method to cancel IBI. 

 

The main idea of IBI cancellation is design a method that perform the same function 

as CP. That is to cancel IBI from the previous block and add the IBI the current block 

generates that affect the next block so that cyclic convolution can be derived.  

 

First, we would like to investigate how the IBI is generated. 

 

6.2.4.1. How IBI is generated 

 

Assume length of data block is N, so symbols in a block can be expressed as vector x:  
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𝑥 =  𝑥1 𝑥2 … . . 𝑥𝑁   ; 

Multipath channel impulse response can be expressed as vector h (tap delay equals 

symbol duration) with length L: 

 =  1  2 … . . 𝐿   ; 

Normally, N is much longer than L. 

Mathematically, convolution computation can be represented in the form of matrix, so 

h can be denoted as N*(N+L-1) matrix C[18]: 

C = 

 
 
 
 
 
 
 
 
 
 
h1 0 …
h2 h1 …
⋮ ⋱ ⋱

… … 0
… … 0
⋱ ⋱ ⋮

hL … h2

0 … …
⋮ ⋱ ⋱

h1 … …
… … 0
⋱ ⋱ ⋮

… … hL

… … …
⋮ ⋱ ⋱
𝟎 … …

… h2 h1

𝐡𝐋 … 𝐡𝟐

⋱ ⋱ ⋮
… 𝟎 𝐡𝐋  

 
 
 
 
 
 
 
 
 

 

The received symbols are: 

y = h ⊗ x + n 

therefore it can be represented as 

y = C ∙ x + n 

with length N+L-1.  

 

For block identification, the first received N symbols are identified as the received 

symbols. The rest L-1 symbols is actually the extended symbols caused by multipath 

channel that is exactly IBI which will overlap with the beginning of next block. We 

can separate the rows marked as red apart and add the rest rows with zeros to 

construct a new N*N matrix. So IBI can be subtracted out directly using the result of 

previous block with this matrix [18]. 

CT= 

 
 
 
 
 
 
0 0 …
⋮ ⋱ ⋱
… … …

hL … h2

⋱ ⋱ ⋮
… … hL

… … …
⋮ ⋱ ⋱
0 0 0

… … 0
⋱ ⋱ ⋮
… … 0  
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6.2.4.2. The necessity to add cyclic structure 

 

In last chapter for single block equalization, we just identify the N block as the 

received symbol and ignore the IBI it generates. The equalization result with the 

non-cyclic convolution is only an approximation. It doesn‟t cause much difference 

since in our simulation since delay in the channel is very short. For the case of 

channel with long delay, the performance will be influence a lot. We will show it in 

the later simulation. 

 

6.2.4.3. IBI cancellation 

 

In this part, perfect synchronization is assumed. So we can start block demodulation 

from PN sequence. In reality, PN sequence also has IBI from the data block in 

previous segment. Here to simplify the analysis, IBI effect on PN sequence is omitted. 

 

 

Figure 6.27 Sequence of received blocks  

 

PN sequence is used for channel estimation. As PN sequence is known to receiver, it‟s 

relative easy to demodulate data block1. IBI from PN sequence can be generated by 

the tail matrix. Demodulation of data is executed in a hybrid domain. Cancellation of 

IBI and addition of cyclic structure are performed in time domain. Equalization is 

performed in frequency domain. [18] 

 

 

Figure 6.28 Structure of alternative IBI cancellation Method [18] 
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The following is the steps we using in our simulation: 

 

1. Channel estimation based on PN sequence. 

2. Generate IBI using tail end matrix. 

3. Subtract IBI from received block. 

4. Perform FFT to transfer data block to frequency domain.  

5. Execute equalization in frequency domain (FEQ) using ZF method. 

6. Perform invert FFT to transform data into time domain. 

7. Make initial symbol decision(ML detection) on data block with IBI cancelled. 

8. Generate estimated cyclic extension o and add it with the block. 

9. Repeat step 4-7 to obtain the desired estimated symbols 

 

Demodulation of the rest blocks can follow same procedure as the first data block. 

 

Simulation 

 

Scenario   

Channel Block fading multipath channel 

Channel length 106 

Data block size 832 

Block number 313 (First block is PN sequence) 

Channel estimation LMS 

CP length 110 

 

In this simulation, we will make comparison between these two IBI cancellation 

methods using 8VSB symbols according to ATSC standard. A 3-tap multipath 

channel with long delay is adopted here. Average power attenuation of each path is 0 

dB, -5 dB, -10dB. For a sampling rate of 19.28 Mbps , the approximate delay of each 

path is 0us, 5us and 10us.  

 

 

 

Figure 6.29 Tested Channel impulse response 

 

The following figure shows the estimated impulse response at SNR=20. The learning 

curve of LMS algorithm is also illustrated below. Channel estimation is accurate after 

hundred times of iterations. 



64 
 

 

 

 

Figure 6.30 Estimated impulse response 

 

 
 

Figure 6.31 LMS channel estimation Learning Curve 

 

In this simulation, actual iteration for IBI cancellation is only one time since 

demodulation of each block is accurate enough. Two iterations are employed for 

adding cyclic structure. The final SER results of two IBI cancellation methods are 

shown below. Blue curve denotes iterative IBI cancellation method including results 

for each separated step. Green curve is the SER result of equalization with CP, which 

has the best performance. 
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Figure 6.32 Comparison of two IBI cancellation methods 

 

Equalization1: Equalization without removing IBI 

Equalization2: Equalization with only removing IBI 

Equalization3: Equalization with removing IBI and adding cyclic extension 

 

6.2.4.4. Results analysis 

 

Without equalization, received 8VSB symbols are almost all wrong.  Equalization 

with IBI cancellation, performance is slightly improved but still far away from 

satisfaction. The followed two blue curves show clearly the importance of adding 

cyclic structure. From the curve of Equalization3 which is the total result of iterative 

IBI cancellation method, it achieves almost same performance as the method with CP. 

Actually, method of adding CP is less “risky” since removing CP will result in a 

perfect cancellation of IBI. For the alternative method, it depends a lot on the prior 

demodulated block. It will cause accumulative errors if the first data block is not well 

demodulated. For the CP method, the demodulation of each block is independent with 

each other, the performance of demodulation only depends on channel estimation. 

 

Both methods have their advantages and drawbacks. IBI cancellation enhances 

bandwidth utilization efficiency however the matrix operation will increase system 

complexity as well. And an accurate initial estimation of beginning blocks is critical 
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to alternative IBI cancellation method. 

 

As mentioned in the beginning of this chapter, we assumed a “simple‟ scenario so 

each block can be demodulated in a relatively easy way. Actually, the real situation is 

more complicated. Since data is transmitted in a continuous mode, even perfect 

synchronization is assumed, PN sequence also has IBI from last data block from prior 

segment. This makes channel transfer function harder to estimate. For the method of 

adding CP still works as IBI from PN sequence is already cancelled by removing CP.  

For the alternative method, we have to subtract IBI from prior block first.   

 

 
 

Figure 6.33 PN sequence with IBI 

 

And update the channel iteratively based on the temporarily demodulated block result. 

An accurate initialization of channel is very important, otherwise, demodulation of the 

rest blocks will result in “disaster”. Iterative cancellation method is a good approach 

to solve IBI problem, but there is still much to be improved on the algorithm. Because 

of the time constraint, we would like to leave this part as our future work. 
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Chapter VII 

Mobility and System Budget Analysis 

According to our previous analysis, all simulation results are running on MATLAB, 

which provide an “ideal” environment without concerning any requirements in 

practice. However, we know that whatever any perfect design on software, the 

designer still faces restricts from hardware when it comes to reality. Based on our 

previous assumptions, we would like to perform our implementation on a real system 

with hardware support, in order to give an overall understanding of our study. 

 

7.1. Mobility analysis 

 

In wireless communications, since the transmitter and receiver moves, channel is not 

time invariant. Mobility causes several different effects in a wireless transmission, but 

the most important concern is the rate of channel change. Low mobility means the 

channel is estimated by preamble or PN sequence and uses the estimated channel until 

next estimation. However, high mobility means the channel changes very fast, 

especially, when fast fading happens, channel estimation by means of preamble or PN 

sequence is required to be performed more frequently. 

 

Mobility can be represented as channel coherent time [22]: 

Tc =  
9

16πfm
2

 

Tc  is channel coherent time, while fm  is the maximum Doppler shift to the channel. 

 

VSB data organization in ATSC standard is shown in Figure 3.3, one data field with 

313 segments is about 24.2ms, and the first data segment in each field is the preamble. 

So the channel estimation has to be applied in every 24.2ms. If this value is the upper 

bound of channel coherent time, then we can get maximum Doppler shift by the 
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previous equation fm=17.5Hz. This is a very small value, which the corresponding 

speed of the moving object is relative low. In DTV transmission, the speed is about 

7.9km/h
1
, which is far from satisfying high mobility requirements, only handheld 

device with walking speed is acceptable. 

 

However, DTV broadcasting receiver normally is not a moving object, but it may stay 

close to high speed moving objectives, such as express train, then the user is a static 

zero-layer of receiver. This will also cause Doppler shift. In this situation, we know 

that the Doppler shift with high speed train is much more than 17.5Hz, so the relative 

channel coherent time should be less than 24.2ms as well. Consequently, ATSC-T 

applications cannot survive under this circumstance. Therefore, ATSC-M/H inherits 

from ATSC-T and modifies the drawbacks to support mobility requirements. 

 

7.2. Hardware resource budgets 

 

BBP2 is a programmable multi-standard baseband processor which designed by 

department of Computer Engineering, ISY, Linköping University. Assume we use 

this baseband processor to implement our equalizer combined with ATSC standard, 

processing consecutive blocks of single carrier system. The procedure is shown in 

Figure 6.26, and we schedule the procedure into tasks in Figure 7.1. 

 

 

 

Figure 7.1 Task schedule 

 

Remind data frame organization of VSB in Figure 3.3 in chapter 3.2.2.1. One data 

block transmission costs78.5μs. And the target frequency of BBP2 is 240MHz [22], 

                                                             
1
 Speed at 120km/h refers 266Hz Doppler shift in practice. 

Estimate 
channel

IBI 
cancellation

FEQ Decoding
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we calculate the maximum acceptable clock cycles of one data block is: 

78.5μs × 240MHz = 18840cc 

This number is the maximum acceptable clock cycle of BBP2 processes one VSB 

data block.  

 

Now we approximate clock cycles for each task, it is shown in Table 7.2, operation of 

clock cycles consuming is referring to Table 7.1. 

 

 

 

Table 7.1 Clock cycles of BBP2 operation [22] 



70 
 

 

Operation Clock cycle 

FEQ  

FFT  1500 

Multiply inversion function 259 

IFFT  1500 

Total 3259 

 

IBI cancellation  

IBI matrix generate  L-1 

Generate IBI 208 

IBI cancellation  L-1 

Cyclic structure adding  L-1 

Total 3L+205 

 

Decoder  

Convolutional decoder .etc Approx. 3000cc 

 

Estimator  

FFT 1500 

Calculate inverse function 2K+259 

IFFT 1500 

Total 5307 

 

Table 7.2 Clock cycles of each task 

 

Note: Channel length is L.  

 

If we set channel length is up to 100, which is enough for practice, the entire clock 

cycle of the procedure is approximately 13000cc (One time FFT and IFFT for both 

FEQ multiply and channel estimation). This number is still lower than the maximum 

acceptable clock cycle we calculated before. Therefore, this system is achievable on 

BBP2. 
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Chapter VIII 

Conclusion and Future work 

This thesis, and the work behind it, is an attempt to model a single carrier system 

based on ATSC standard a_53-Part-2-2007, as well as understand variety 

equalization techniques. By plenty of simulations running on Matlab, we compared 

mainly time domain and frequency domain equalizer on different instances. 

Frequency domain equalizer with less complexity is achieved involved with 8-VSB 

signal, also IBI is discussed and eliminated from time domain. This is approved by 

introducing BBP2 baseband processor into implementation and analysis the roughly 

system budget consuming. 

 

Although we only implement transmitter part of the ATSC system, still lots of 

modules are missing. The entire working transmitter-receiver system is desired 

anyway. In the end of this thesis, IBI issue of single carrier system is proposed, our 

alternative way of IBI cancellation is assumed that received preamble is not 

overlapped by previous data block. That means there is no need to cancel IBI in 

preamble block. However, IBI cancellation should be performed on every consecutive 

block in single carrier system. Furthermore, IBI cancellation in time domain causes 

huge hardware consuming, alternative way of IBI cancellation in frequency domain 

can be latter proposed in future. 
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