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Preface

Wireless communication is fundamentally the art of communieating, infor-
mation without wires. In principle, wireless communication,encompasses
any number of techniques including underwater_acoustic communication,
semaphores, smoke signals, radio communication, and satellite communica-
tion, among others. The term was coined in the'early days of radio, fell out
of fashion for about fifty years, and was rediscovered during the cellular tele-
phony revolution. Wireless now impliesqcommunication using electromag-
netic waves—placing it squarely withinthe domain of electrical engineering.

Wireless communication techniques can be classified as either analog or
digital. The first commercial systems,were analog including AM radio, FM
radio, television, and first generation’cellular systems. Analog communica-
tion is rapidly being replaced with'digital communication. The fundamental
difference between,the,twonis that in digital communication, the source is
assumed to be digitak, Medern applications of digital communication in-
clude cellular communication, wireless local area networking, personal area
networking, and high=definition television.

Digital communication is widely taught in electrical engineering pro-
grams; atdoth.the undergraduate and the graduate levels. Many digital com-
municatien.courses take an abstract approach that emphasizes theory. This is
no surprise—the mathematical theory of digital communication is beautiful
and elegant. There has been a growing separation, however, in the abstract
content of a typical course and what is implemented in practice. This differ-
ence is particularly evident in wireless communication systems, which have
their own set of specific challenges. As courses are becoming more abstract,
there is also increasing reliance on simulation to validate the theory. Typical
simulations, though, are constructed under certain simplifying assumptions,
which leaves important practical issues undiscovered. As a byproduct of the
growing rift between theory and practice, and the increasing reliance on simu-
lation, many students are not prepared to apply their knowledge immediately
to a real digital wireless communication system.

Vii



viii Preface

This book is inspired by my own experiences as a graduate student and
working at a startup company. My first summer project at Stanford University
working with Arogyaswami Paulraj was to implement the physical layer of the
receiver for a GSM system. The idea was to implement different space-time
processing algorithms developed in Prof. Paulraj’s Smart Antennas Research
Group and to show practically how multiple antennas can improve system
performance using real transmitted waveforms. | found the implementation
of the space-time processing algorithms to be straightforward (not easy but
for the most part following the theory). Most of my time was spent, however,
dealing with more practical issues like channel estimation, framejsynchro-
nization, and carrier frequency synchronization. | found that the algorithms
for dealing with these practical impairments were vitally important yet | had
never encountered them in multiple courses on digital communication and
wireless communication systems.

I used what | had learned later at a startup company then called Gigabit
Wireless and later lospan Wireless, to develop a prototype of a three transmit
and three receive antenna MIMO (multiple input multiple output) commu-
nication system. This prototype was key to‘demonstrating the promise of
MIMO communication, which in 1998,was not yet an established hot re-
search area. Coincidentally this prototype used multichannel DAC and ADC
products from National Instruments.

As a new Assistant Professorat The University of Texas at Austin, | longed
to teach wireless communication from a practical perspective. | quickly found
one reason why these concepts'were not taught in the typical communication
course—it was not included.in most textbooks. Asaresult, | developed course
notes that include thesesconcepts and will be published in a forthcoming
textbook [3]; the key concepts are included in this lab manual.

I did.niotjust want to teach wireless communication including some theory
about(dealing with practical impairments. | wanted to teach a class where
students.would send and receive actual communication waveforms. Un-
fortunately, when | started developing the course materials in 2003 there
were few viable solutions for the radio frequency components to create
a repeatable and reliable system. All of this changed with the introduc-
tion of hardware platforms with flexible RF upconverters and downcon-
verters, matched to high speed DACs and ADCs that facilitate the concept
of software defined radio. Finally there was a way to create and process
waveforms with high quality and reproduciabilty. Using such equipment,
the students could focus on the algorithms and yet be exposed to practi-
cal wireless system engineering, without having to worry with the chal-
lenging analog front end and RF circuit design issues. The present book
makes use of National Instrument’s Universal Software Radio Peripheral
(USRP) [13]. This low-cost hardware allows Universities to set up mul-



Preface iX

tiple workstations with a moderate budget. | am thrilled that this option
has become available.

This book is a result of five years of development to make a complete
laboratory course that teaches the principles of wireless digital communi-
cation. It consists of a series of labs with three components: a pre-lab, a
laboratory experiment, and a lab report. The idea of the pre-lab is to write
the essential LabVIEW code and getting it to work in a simulator before
doing the laboratory experiment. This models conventional design practices
where communication algorithms are tested in simulation before being tested
over a wireless link. It is important to complete the pre-lab prior to starting
the laboratory experiment. The laboratory experiments were designed to be
completed in a time period of up to three hours. In the lah; the code from
the pre-lab is run over the wireless link, some experimentsiare/performed,
and the results are recorded. The lab report is the final component of the lab.
The purpose of the lab report is to discuss what#vas observed in the lab and
to answer several questions related to wireless communication engineering.
The lab report is an opportunity to synthesize what'was learned.

Digital signal processing (DSP) is at the heart of the approach taken in
this lab manual. No background in digital.communication is assumed, though
it would be helpful. The utility‘of a. DSP approach is due to the bandlim-
ited nature of wireless systemsConsequently with a high enough sampling
rate, thanks to Nyquist’s theorem, it is possible to represent the bandlimited
continuous-time wireless chanhelsfrom its samples. This allows the trans-
mitted signal to be represented as a discrete-time sequence, the channel as
a discrete-time lineax, timesinvariant system, and the received signal as a
discrete-time sequence.

The labs explore both single carrier and multicarrier transmission. Sin-
gle carrier transmission uses quadrature amplitude modulation (QAM) and
raised*cosine pulse-shaping. Over the course of the labs, complexity is added
to the receiver design including functions like detection, channel estimation,
equalization, frame synchronization, and carrier synchronization. In later
labs, the system is extended to incorporate multicarrier modulation in the
form of orthogonal frequency division multiplexing (OFDM) with coding.

This lab manual could not have been possible with the support from many
graduate teaching assistants at The University of Texas at Austin including
Roopsha Samanta, Sachin Dasnurkar, Ketan Mandke, Hoojin Lee, Josh Har-
guess, Caleb Lo, Robert Grant, Ramya Bhagavatula, Omar El Ayache, Harish
Ganapathy, Zheng Li, and Tom Novlan. Some specific contributions deserve
special mention. Roopsha Samanta developed the initial set of laboratory
drafts and software in addition to being the first TA for the course. Ketan
Mandke reworked the software to have a complete system implemented and
a channel simulator, where components could be removed and replaced with
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software from the student. He also revised the lab manual to reflect the new
system implementation. Hoojin Lee undertook the job of creating figures
for the early course material. Josh Harguess created a nice introduction to
LabVIEW presentation. Robert Grant spent time seeing how to convert to
an early version of the USRP platform, when it was just released. Caleb Lo,
Ramya Bhagavatula, Omar EI Ayache, and Tom Novlan all made important
revisions to the notes and software to keep it up-to-date with current versions
of LabVIEW. All the teaching assistants ran the labs, worked with the stu-
dents, collected feedback, and make suggestions and revisions. | sincerely
thank them for their support.

The development of this book and course was supported by severalgroups.
National Instruments made the course possible through its establishment of
the Truchard Wireless Lab at The University of Texas_at Austin. NI pro-
vided summer support that funded the endeavor, and contributed countless
hours of employee time. Several groups from Universitysof Texas at Austin
including the Department of Electrical Engineering and the Cockrell School
of Engineering provided teaching assistant supportite develop and maintain
the course materials. Working on the labs has inspired my research. | am
pleased to acknowledge research suppert fromthe National Science Foun-
dation, DARPA, the Office of Naval Research, the Army Research Labs,
Huawei, National Instruments,sSamsung; Semiconductor Research Corpo-
ration, Freescale, Andrew, Intel, and, Cisco. Their support has allowed me
to train many graduate students'who share my appreciation of theory and
practice.

I hope you enjoy thistbook and doing the laboratory experiments.

ROBERT W. HEATH JRr.
Austin, Texas
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Lab 1: Introduction to Wireless Communications
Lab
Part 1: Introduction to NI LabVIEW

Summary

A software defined radio (SDR) is a communication radio thatuses'software
to implement the algorithms necessary for digital communication; In this lab,
you will be designing and implementing an SDR using/National,Instruments
hardware and software (i.e., National Instruments LabVIEW). Through the
implementation of this SDR you will investigate practical design issues in
wireless digital communication.

This introductory lab is divided into twoparts. In the first part you will
learn about the software used in this lab;“in the second part you will learn
about the RF hardware to be used in lab. This part of the lab will answer the
following questions:

e What software will | need,for:this lab?

e What is NI LabVIEW,and why do we use it in this lab?

e What are some of.the advanced LabVIEW tools used in this lab?
e Is there suchia.thing as good code style in LabVIEW?

Als0, insthis part of the lab, you will build some of the basic components
of the SDR that you will be designing throughout the labs. This lab is meant
to introduce LabVIEW as a tool for the design of digital communications
systems in this course, and to give you a chance to get comfortable with basic
LabVIEW programming concepts.

1 Software and Other Materials for the

Course
Throughout the course you will be required to do some portion of the lab
work (e.g., pre-labs) outside of the lab. This means that you will need to get

access to the appropriate software tools and packages outside of class. The
NI software below will be used in the course.

1



2 Lab 1: Part 1 Introduction to NI LabVIEW

e NI LabVIEW 2010 or later
e NI LabVIEW Modulation Toolkit 4.3.1 or later

Note: Your instructor will provideinformation about how to access LabVIEW
at your University.

2 Introduction to National Instruments
LabVIEW

2.1 What Is LabVIEW?

LabVIEW is a graphical programming language developed by National In-
struments. The basic building block of LabVIEW_is the virtual, instrument
(V1). Conceptually, a VI is analogous to a procedure or function in conven-
tional programming languages. Each VI consists of a/block diagram and a
front panel. The block diagram describes the functionality of the VI, while
the front panel is a top level interface to the Vi, The construct of the VI pro-
vides two important virtues of LabVIEW: code reuse and modularity. The
graphical nature of LabVIEW provides another virtue: it allows developers
to easily visualize the flow of data in their designs. NI calls this Graphical
System Design. Also, since labMIEW is a mature data flow programming
language, it has a wealth of'existing documentation, toolkits, and examples
which can be leveraged in development.

In this course youwilhuse National Instruments RF hardware. LabVIEW
provides a simple“interface for configuring and operating various external
I/0, including the NI RF hardware used in lab. This is the main reason why
you willuse.LabVIEW as the programming language to build an SDR in this
course. You should realize that the algorithms considered here could also be
programmedgih optimized C/C++, assembly, or VHDL and implemented on
a DSP, microcontroller, or an FPGA. The choice of hardware and software in
this lab is mostly a matter of convenience.

In future labs you will need to be familiar with LabVIEW and the docu-
mentation/help available to you. This is the only lab in this course which will
give you the opportunity to learn and practice LabVIEW programming; so
it is important that you take this opportunity to ask the instructor any ques-
tions you might have about LabVIEW programming. The following tutorials
and reference material will help guide you through the process of learning
LabVIEW:

e LabVIEW 101 [11],
e LabVIEW Fundamentals from National Instruments [12],
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e and online LabVIEW tutorials from NI [9, 10].

New LabVIEW programmers should carefully review all of the material in
[11] and [9]. Please remember to refer to [12] and [10] often as they are
excellent references for all basic LabVIEW questions. In order to test your
familiarity with LabVIEW, you will be asked at the end of this lab to build
some simple VIs in LabVIEW and integrate them into a simulator. Bring
any questions or concerns regarding LabVIEW or these tutorials to your
instructor’s attention. For the remainder of this lab you should be familiar
with the basics of LabVIEW programming and where to look for help.

2.2 What Advanced LabVIEW Tools Will KUse?

Many of the algorithms you will implement in the lab (and)in"digital com-
munication in general) use linear algebra. LabVIEW provides a variety of
support for matrix and vector manipulation and'linear algebra. Some of the
functions you will use regularly include matrix inversion (Inverse Matrix.vi),
matrix multiplication (A x B.vi), and reshaping arrays (Reshape Array.vi).
LabVIEW also has many built-in signakprocessing functions which will be
used in the lab, such as the fast Fourier transform (FFT.vi), inverse FFT
(Inverse FFT.vi), and convolution (Cenvelution.vi). The Modulation Toolkit
is a toolset of common digital.communication algorithms which will also be
leveraged in this lab. Note that many of the functions you will implement in
this lab are already, available in“the Modulation Toolkit in some form. The
objective of this course isto understand the principles of wireless digital com-
munication by implementing the physical layer in as much detail as possible.
Once you are familiar with these concepts, you will decide when to use ex-
isting Vs and when to write your own. It is recommended that you explore
the following tool palettes in order to get some exposure to the VIs that you
will likely use'in this course:

e Signal Processing palette

e Digital palette (part of the Modulation Toolkit palette)
e Structures palette

e Complex palette (part of the Numeric palette)

e and Array palette

Appendix A enumerates some common VIs to be used in this course and how
to access them.
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2.3 Code Style in LabVIEW

Googling the phrase “labview code style” will yield a humber of sources
for general code style in LabVIEW. Whatever style you choose to follow,
remember that your code style should accomplish the following:

1. Consistency - All of your code should follow the same code style.
2. Readability - Your code should be user-friendly and easy to maintain.

3. Documented - Documentation should not be few and far between.
Good documentation not only comes in the form of free text labels
(see the Decorations palette, which is part of the Structures palette),
but it also means good variable and function names.

When incrementally designing a moderately complicated system, it can
be tempting to continually add hacks until you end"upwith spaghetti code
(see Figure 1).

The design of a digital communication systemeis.modular and sequential
in nature. Thus it is natural to adopt a code style which makes use of a
great deal of hierarchy and modularity. “Since»many algorithms in digital
communications can often be boiled downtoa recipe (e.g., A then B then C),
it is critical to use sub-VIs whenever pessible.

3 Pre-Lab

In this pre-lab you will build'two sub-VIs: source.vi and error_detect.vi. You
will then plug your code into a simulator provided to you (shown in Figure 2).
The goals of this pre-lab are (1) to understand how to build and use sub-VIs
and (2) to practice using good code style.

The details of each sub-VI that you must construct are given in Tables 1
and 2. In allfuture labs you will be provided with an appropriate simulator.
You will typically reimplement certain blocks within the simulator and use it to
perform some kind of measurement. This incremental process will continue
throughout the course as you learn about each part of a digital communication
system. The general simulator you will use in future labs is composed of many
files. Figure 3 shows an overview of the hierarchy of the various parts of the
simulator.

It should be noted that the simulator you will be provided with will have
full functionality; however, the block diagram of the functional blocks of the
simulator will be locked. This means that although you will be able to see
how the simulator is supposed to function and look at the front panel of all the
VIs, you will not be able to see the block diagram (i.e., the implementation)
of the digital communication sub-VIs.
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Figure 1: Spaghetti code design can be messy.
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Figure 3: Overview of simulatorshierarchy in LabVIEW.

Table 1: Deseription of source.vi

source.vi - generates a random’bit.sequencel
INPUTS length !32 (32 bit length of bit sequence
integer)
output bit, | array of U8 random bit sequence (array of
OUTPUTS |4ssequence | (unsigned unsigned bytes taking value 0
bytes) or1l)

Once you have constructed the VIs for this lab (source.vi and error_de-
tect.vi), be sure to appropriately edit the icon of each VI and connect all of the
relevant terminals. Now you are ready to replace the corresponding blocks
inside the simulator provided to you (shown in Figure 2). After placing your
code in the simulator and verifying that it works correctly, observe what
happens to the bit-error rate as you decrease the noise power in the simulator.
(Note: If your subVI appears greyed out after placing it in the simulator, right
click the subV1 and choose "relink subVI" to fix this issue)

IHint: There are a number of ways to generate a random bit sequence in LabVIEW. For
instance, you could do it using the random number generator provided in the Numeric palette,
or you could just use the Generate Bits.vi module located in the Digital palette (see Modulation
Toolkit palette).
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Table 2: Description of error_detect.vi

error_detect.vi - computes the bit error rate of a bit sequence
estimated | array of U8 estimated bit sequence
bit
INPUTS sequence
key it array of U8 correct bit sequence
sequence
bit-error | DBL Hamming distance? between
rate (double estimated sequence and ke
OUTPUTS . q Y
precision) sequence divided byalengthiof
bit sequence

The simulator will allow you to run multiple iterations and collect statistics
from these runs. In this case, you will only be con€erned with the bit-error
rate (BER) statistics (i.e., the average BER).

Plot a curve of the average bit-errorrateyversus 1/Ng over a number of
trials, where Ng is the noise power (realize Ny is given in dB in the simulator).
It is sufficient to vary noise power from —10 dB to 0 dB in 2 dB steps. Use
BPSK modulation and choose"an input length of 200 bits. Note that in order
to observe a nonzero error,for low noi se powersyou may need to run in excess
of 10* iterations.

HINT: (X/Y)=in%dB is equal to 10Iog(%), where Xyp

= 10log(Xjinear) @ndYyp = 10l0g(Yiinear). The (- )iinear iS @ linear scale
value, not dB.

Pre-Lab Turn In

Submit your implementations of source.vi and error_detect.vi. Turn in your
plots of average bit-error rate (BER) versus 1/Np.

A typical example of a bit-error-rate plot is shown in Figure 4. You may
use LabVIEW, Excel, or any other graphing utility to generate these plots
(i.e., you only need to use LabVIEW to generate the data, not necessarily to
generate the plots).

2The Hamming distance of two bit sequences is equal to the number of positions in which
the sequences differ.
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Figure 4: BER plot for BPSK<and QPSK modulation in AWGN channel.

4 Lab Experiment

There is no in-lab cemponent,for this lab.

5 Lab Report

Aftergmost’labs you will write a lab report. You will only turn in one lab
report per lab. This means that if a lab has multiple parts (e.g., Parts 1 and 2
of Lab 1), you will only be required to turn in one lab report. The contents of
this report will be explicitly stated in the lab draft. Note: Thismeansthat you
will not be submitting a lab report for this part of Lab 1. Upon completion
of Part 2 of Lab 1, you will be required to generate a lab report.



Lab 1: Introduction to Wireless Communications
Lab

Part 2: Introduction to NI RF Hardware

Summary

In this part of the introductory lab you will learn aboutsthe, NI.RF hardware
to be used in the Wireless Communications Lab. You will acquaint yourself
with the relevant documentation and references/available to you with regard
to the RF hardware. You will build some simpleyexample VI’s from the NI
documentation and use some of the existing,LabVIEW tools (e.g., RF Signal
Analyzer Demo Panel). In the final part of thisilab you will explore some of
the VIs that you will use in future labg'texcontrol the RF hardware. This part
of Lab 1 introduces NI RF hardware as.a tool for digital communication, and
gets you familiar with the help/documentation available for the hardware you
will be working with throughout the<course.

In this lab, for the pre<lab/you are required to turn in only the questions
given in Section 24, There are no pre-lab VIs for this lab. As a part of the
lab session, you will censtruct two VIs by following the instructions given in
the NI documentation;, The questions given in Section 3 need to be answered
during the lab only.,Please do not submit the answers to these questions with
your pre-lab:=Atthe end of this lab, you will submit a lab report, the details
of which are given at the end of this document.

1 RF Hardware in Wireless
Communications Lab

In this course you will use software recofigurable RF hardware from National
Instruments to build a digital communication system. This hardware can be
easily configured using LabVIEW. The RF Hardware used in the lab is the
National Instruments USRP (Universal Software Radio Peripheral). Figure 1
shows a USRP connected to a PC (running LabVIEW). This PC controls the
USRP through the gigabit ethernet cable connecting the two together. In this
section you will learn more about these modules.

10
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Figure 1: Hardware setup in Wireless Communications Lab.

1.1 NI USRP (Transmit)

Let’s begin by taking a look at,the,NlhUSRP when acting as a transmitter.
The USRP receives a waveform from‘the host PC with 16 bits of resolution
sampled at up to 25 MSamples/second. This signal is upconverted to a radio
frequency (RF) before being ‘'semt to an amplifier and then transmitted over
the air. For more information on the NI USRP, please refer to the help files
associated with the,JUSRP(Help=NI-USRP Help=-Devices=NI USRP-
292x Specifications)

1.2 {NWUSRP (Receive)

The NI USRP is also capable of receiving, and does so in the following man-
ner. The received signal is mixed with a desired carrier frequency in order
to down-convert it to a complex 1Q baseband signal sampled at 100 MSam-
ples/second. The digital signal is then downsampled to a rate specified by
the user and passed to the host PC for processing.

When the ADC of the NI USRP samples at the full digitizer rate
(100 MSamp/sec), it can acquire a bandwidth of 20 MHz. Sampling at
such a high rate with high resolution (14 bits) produces a large amount of
data. However, to acquire a signal with smaller bandwidth (a narrowband
signal), it is sufficient to sample at a rate twice that of the signal bandwidth?.

1This sampling rate is known as the Nyquist rate of the system. It is the minimum sampling
rate required to reproduce a bandlimited signal from discrete samples.
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Decimation is the process of reducing the sampling rate of a discrete-time
signal. In practice, this entails applying an anti-aliasing filter and throwing
away some samples. The NI USRP features a digital down converter (DDC),
which allows it to perform decimation in hardware instead of in software
(which can be considerably slower).

Using the DDC, the USRP can acquire narrowband signals at sample
rates much less than the full digitizer rate (100 MSamp/sec), thus reducing
the memory required to store a waveform. For example, a waveform sam-
pled at 100 MSamp/sec for 1 second produces 100 times more data than the
same waveform sampled at 1 MSamp/sec. The effective sample rate of the
USRP (including DDC) ranges from a maximum of 25 MSampisec down to
200 kSamp/sec and is directly configurable by the user. For morejinformation
on the NI USRP, please refer to the associated help files.

2 Pre-Lab

Review the documentation for the USRP (Help=-NI-USRP Help). You will
find that the help files found under Deviees= NI USRP-292x Specifications
and Devices= NI USRP-2920 contain theymost comprehensive information
about the USRP. For a deeper understanding of the specifications, please refer
to the following documents:

e Bandwidth, Samplée'Rate.and Nyquist Theorem [8]
e Understanding RE & Microwave Specifications - Part | [14]
e Understanding/RF & Microwave Specifications - Part |1 [15]

Answer'the following questions about the USRP after reading through the
help files.

1. What is the range of allowable carrier/center frequency supported by
the NI-USRP?

2. Whatis the maximumallowable bandwidth supported by the NI-USRP?
3. What is the maximum sampling rate of the NI-USRP?

4. Why do you think the DDC is implemented? What is its main benefit?
Answer the following general concept questions using [8], [14] and [15].

1. In your own words, describe what the bandwidth of an instrument is.
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2. What is meant by the sampling rate of an instrument?

3. Why are these specifications important for designing a transmitter and
receiver in a wireless communications system?

Pre-Lab Turn In

Submit your answers for all of the above pre-lab questions. As a reminder,
this is all that you need to turn in for the pre-lab. There are no pre-lab VIs to
be submitted for this lab.

3 Lab Experiment

3.1 Building a Basic Sine Generation'VI

For the first task in this lab you will build a basic sine generation VI de-
scribed below. After you have completed building=this example VI, verify
that the block diagram of your VI resembles Figure 2, and that the front panel
resembles Figure 3.

Use the following procedure 4o begin‘using the NI USRP to generate a
signal:

1. Select Start=-Programs=National Instruments=LabVIEW
2010=L abVIEW4to(launch LabVIEW. The LabVIEW dialog ap-
pears.

2. Click News'cheose Blank VI, and click OK to create a blank VI.

3. Display the block diagram by clicking it or selecting Window=>Show
Block Diagram.

4. Navigate to the NI USRP VIs on the Functions=Instrument |/O=
Instrument Drivers=NI-USRP=TX palette. With LabVIEW run-
ning, click here to find the NI USRP TX LabVIEW palette.

5. Create the block diagram shown in Figure 2 by placing the four core
VIs on the block diagram in the order they appear in the NI USRP RX
functions palette.

6. Hover the cursor over the device name terminal on the niUSRP Open
TX Session VI and right-click. Select Create=Control to create a
front panel field where you specify the NI USRP device name.

7. Hover the mouse tool over the 1Q rate, carrier frequency, and gain
terminals of the niUSRP Configure Signal V1.
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Figure 3: Front panel of Basic SneWave Generation VI.

8. Right-click each terminal and select/Create=-Control from the short-
cut menu to create frequency, 1Q-ratepand gain controls.

9. Display the front panel by clicking it or selecting Window=>Show
Front Panel. Fields are displayed in which you can specify a fre-
quency, 1Q rate, and gain.

Continuous waveform generation is controlled by means of a STOP button.
A STOP button is typically‘used within a While Loop. This example places a
While Loop aroundtheWrite TX Data VI so that signal generation continues
until you_click STOP:

Build a While Loop and STOP button by completing the following steps:

1. Display the block diagram by clicking it or selecting Window=-Show
Block Diagram.

2. Selectthe While Loop on the All Functions=>Structurespalette. With
LabVIEW running, click here to find the While Loop on the Structures
palette.

3. Enclose the niUSRP Write TX Data (Poly) VI in the While Loop.

4. Hover the mouse tool over the L oop Condition terminal of the While
Loop.

5. Right-click the Loop Condition terminal and select Create Control
from the shortcut menu to create a STOP button on the VI front panel.
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6. Create an error indicator by right-clicking on the error out terminal of
the niUSRP Close Session VI and selecting Create=Indicator.

Now we need to produce a waveform to be transmitted. We will be trans-
mitting a sinusoid at a carrier frequency that is specified by the carrier fre-
guency control. This means that the baseband signal we will be passing to
the NI USRP is simply a constant signal. To generate this signal, complete
the following steps:

1. Using the quick-drop functionality described in Lab 1, Part 1, place the
Initialize Array function down on the block diagram.

2. Right-click the element input of the I nitialize Array functionand se-
lect Create=Constant. Double-click on the constantthat was<reated
and change itto 1.

3. Right-click on the dimension size input and select Create=Control.

4. Wire the output of the I nitialize Array function block to the data input
of the niUSRP Write Tx Data (poly) VI

5. Finally, wire the STOP button/that'was created for the While Loop to
the end of data? input of,the niUSRP Write Tx Data (poly) VI and
select CDB from that VIS drop down menu.

Remember that in order to operate your sine generation VI, you must
properly configure the SRR, P Address for the USRP (an input to niUSRP
Initialize.vi). You_can, find"the IP addresses for all of the USRP devices
connected to your PC,by using the NI-USRP Configuration Utility. Once
that is properly.configured, set the rest of the parameters as follows and run
the VI:

e carriersfrequency = 2.4 GHz
e 1Q rate (samples/s) = 400k
e Qain (dB) =20

e waveform size = 10000

e active antenna = TX1

You will now test your VI using the niUSRP EX Spectral Monitoring
(Interactive) VI, which can be found in the Functions palette. This spectrum
analyzer tool will allow you to observe the frequency domain response of your
basic sine wave transmitted over a wireless link. The following directions
describe the basic operation of the Spectral Monitoring V1.
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1. First, open the Spectral Monitoring VI. This can be accessed from
Functions Palette=Instrument |/O=Instrument Drivers=
NI-USRP=Examples=niUSRP EX Spectral Monitoring (Inter-
active).vi.

2. Verify that the USRP IP Address match the values specified in the
NI-USRP Configuration Utility.

3. After opening the example VI, you will want to modify the hardware
settings on the front panel. Use the parameters listed below for this
experiment.

e Center Frequency = 2.4 GHz

o 1Q Sampling Rate [s/sec] = 400k
e Acq Duration [sec] = 50m

Questions

Answer the following questions regarding, the NI USRP.
1. What is the IP Address foreyour NI"'USRP?

2. Describe what happens to'the.spectral response of the transmitted signal
when you place an obstruetion between the antenna of transmitter and
that of the receiver (i.e:, blocking the line of sight component of the
waveform),

Turn In

Demonstratesto the instructor that your basic sine generation VI is working
properly. “You will need to start the Spectral Monitoring VI and show that
your basic sine generation VI produces a carrier signal at 2.4 GHz.

Submit your answers to the above questions in your lab report. More
details about the requirements for the lab report are discussed near the end of
this document.

3.2 Programming the RF Signal Analyzer

In the second part of this lab experiment you will build a Continuous 1Q
Acquisition VI and itshould look like the Continuous I1Q Acquisition VI shown
in Figure 4. Add all of the appropriate controls and indicators necessary to
control the sub-VIs in your code.
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To test your acquisition VI, you will graph the real and complex parts of
the signal acquired by niUSRP Fetch Rx Data (poly).vi. To do this:

1. Place two waveform graphs on the front panel of your V1. These can be
accessed from the All Controlstool palette (All Controls=Graph=
Waveform Graph.vi).

2. Retrieve the real and imaginary waveform components from the 1Q
Waveformoutput of niUSRP Fetch Rx Data (poly).vi. Use Get Complex
| Q Component.vi to retrieve these components from |QWaveform. This
VI can be accessed from the All Functionstool palette on the block dia-
gram (All Functions=-M odulation=Analog=-Utilities=>Get Com-
plex 1Q Component.vi).

3. On the block diagram, connect the terminal for each,waveform graph
to its corresponding waveform for the real and imaginary parts of the
acquired signal (inside of the While-Loop structure).

You will use the basic sine generation VI createdsin the previous section
to test your acquisition V1. In order to do s@, you must first set up the param-
eters for the receiving USRP. Set the input parameters for nilUSRP Configure
Sgnal.vi listed below. Notice the carrier signal generated by your basic sine
generation VI will be offset from the,center frequency of your acquisition VI,
effectively creating a 100 kHz single-sideband (SSB) modulated waveform
at baseband.

e Carrier Frequency =%2.4001 GHz @ transmitter} and {2.4 GHz @
receiver}

o 1Q rate = 800k
e Qgain =20'dB
e numbersof samples = 10000

e active antenna = RX1

You should now be ready to continuously acquire a signal. After setting
the parameters described above, run both VIs and observe the in-phase and
quadrature-phase waveforms (i.e., real and imaginary parts respectively) of
the acquired signal.

Questions

Answer the following question about the NI USRP.

1. What are the three elements in the data cluster output from niUSRP
Fetch Rx Data (poly).vi? Give the name and data type of each element.
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Turn In

Demonstrate to the instructor that your acquisition V1 is working properly. It
must correctly display both | and Q phases of the acquired signal.
Submit your answers to the questions in your lab report.

3.3 Looking Ahead

For the rest of this course, Vs for RF hardware configuration and operation
will be provided to you. This will allow you to focus on the details of the
digital communications algorithms you will be implementing. “Even though
you will be provided with the VIs necessary for controlling the RE hardware,
you will be expected to understand what these VIs do andshow.they work.

You will be using the VIs listed below in lab to,eenfigure andboperate the
RF hardware. Explore the front panels and block diagrams of these VIs.

e TXRF.init.vi - initializes a USRP transmit session with the appropriate
RF parameters.

e TXRF_send.vi - executes a transmit operation (i.e., sends a complex
waveform), and closes thet?USRP session.

e RXRF_init.vi - initializes an USRP receive session with the appropriate
RF parameters.

o RXRF_recyvi = acquires a complex waveform, and closes the USRP
session.

Questions

Answer the following questions about the VIs you will be using in lab. Hint:
The help filesfor VIs can be accessed fromthe block diagram. Right-click on
the VI you wish to find out more about and select “ Help”

1. In RXRF_config.vi the | Q rate parameter is used by niUSRP Configure
Sgnal.vi. Canthe USRP supportany arbitrary 1Q rate? If not, what will
the USRP do when an unsupported bandwidth parameter is requested?

Turn In

Submit all of your answers in your lab report.
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DIRECTIONS FOR SUBMISSION OF THE LAB
REPORT

Your lab report should accomplish the following tasks.

1.

Answer all of the questions asked in lab (i.e., do not reanswer pre-lab
questions).

Discuss problems you encountered in Lab 1, Part 1 and how you over-
came these obstacles.

In 2-3 sentences describe the basic operation of the NI_USRP when
transmitting (e.g., what are the inputs/outputs for the USRP?).

In 2-3 sentences describe the basic operation ofsthe, NI-USRP when
receiving (e.g., what are the inputs/outputs for the USRP?).

Discuss problems you encountered in this\part of Lab 1 and how you
overcame these obstacles.



Lab 2: Baseband QAM Modem
Part 1: Modulation and Detection

Summary

In Lab 2, you will build a baseband digital modem that can use binary phase-
shift keying (BPSK) or quadrature phase-shift keying (QPSK) modulation.
The complexity of the transmitter and the receiver will grow imwsubsequent
labs as more kinds of receiver impairments are considered{ The main con-
cepts in this lab include constellation mapping, oversamplingypulse shaping,
matched filtering, maximum-likelihood detection,_and probability of error
calculation.

The system considered in this lab is illustrated in Figure 1. This modem
transmits symbols and applies a detection algorithm assuming only an ad-
ditive white Gaussian noise (AWGN) channely, The transmitter maps bits to
elements of a symbol constellation. The,sequence of symbols is upsampled
then filtered in discrete-time by a‘transmit pulse shape. The filtered sequence

Transmitter
bits —| ! ﬁ'@_' ] | D;C & —x®
AWGN Channel v T
x(t) z(t) =x(t)+v(t)
Receiver
20— CID | gyl ——@T petcion e s
f .

TZ

Figure 1. The system under consideration in this lab. The transmitter uses digital
pulse-shaping and upsampling to create the transmit waveform. The baseband signal
encounters additive white Gaussian noise during transmission. The receiver uses
digital pulse-shaping and downsampling, followed by detection, to find a good guess
of the transmitted symbols.

22
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is then passed to the discrete-to-continuous converter. The receiver samples
the received signal and filters it with the receiver pulse shaping filter. The
filtered symbols are passed to a detection block which determines the most
likely transmitted symbol for that observation. The detected symbols are
passed to an inverse symbol mapping block to produce a good guess of the
transmitted bits.

This lab is broken up into two parts. In this first part, you will build the
modulation and decoding blocks of the modem in LabVIEW. After verifying
the correctness of your design using a simulator, you will implement your
code in lab using RF Hardware to see how your code works over a real
wireless link. The goal of this part of Lab 2 is to introduce the basic concepts
of modulation and detection. In the second part, you will implement apulse-
shaping filter (on the transmitter side) and the matched filter(on.the receiver
side).

You will be required to turn in two VIs (modulate.vi. and demodulate.vi),
plot the BER curves for QPSK and BPSK, and answer/the questions in Sec-
tion 2, as a part of the pre-lab submission. The labreport for this part of the
lab will need to be submitted with the lab,report in Part 2 of Lab 2 (i.e., there
is no lab report required for this part of-the'lab).

1 Background

This section provides«someyreview of the concepts of digital modulation
and maximum likelihgodidetection. The emphasis is on BPSK and QPSK
modulation, withfmaximum likelihood detection assuming AWGN.

1.1 /Modulation

Digital moedulation consists of mapping a sequence of bits to a (finite) set
of analog waveforms which are suitable for transmission over a particular
channel. There are many different kinds modulation. This and subsequent
labs focus on what is known as complex pulse amplitude modulation. With
this modulation technique, symbols are modulated onto pulse-shapes.

The source for digital modulation is a sequence of bits {6[n]}. The bit
sequence is passed to the physical layer of a radio by higher layers.

The sequence of bits is processed by the symbol mapping block to produce
a sequence of symbols {s[n]}. Essentially, each value s[n] is a complex
number that comes from a finite set of symbols called the constellation and
written as

C={s0, ..., SmM—2, Sm-1} -
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The entries of the constellation are different (possibly complex) values. The
size of the constellation, or cardinality, is denoted |C| = M where M is
the number of symbols in the constellation. For practical implementation
M = 2b where b is the number of bits per symbol so that a group of b input
bits can be mapped to one symbol.

This lab considers two of the most common modulations found in com-
mercial wireless systems.

e Binary Phase Shift Keying (BPSK) has
C ={+1, -1}.

This is arguably the simplest constellation in use. The bit. labeling is
provided in Table 1. BPSK is a real constellation,since/it does not
contain an imaginary component.

e Quadrature phase shift keying (QPSK) is\a complex generalization of
BPSK with

C={1+,,-1+05-1%j1—-j}

Essentially QPSK uses BPSK'for the real and BPSK for the imagi-
nary component. QPSK is,also,known as 4-QAM. The bit labeling is
provided in Table 1.

For implementation andyanalysis, it is convenient to normalize the con-
stellation to have unitenergy. This means scaling the constellation such that

1 M-1
> lmlP =1
m=0

The normalized QPSK constellation is illustrated in Figure 2.
The symbols are pulse-shaped and scaled by 4/ E to produce the complex
baseband signal

x(t) = VE Y slnlgw(t —nT). (€

n=—oo

The scaling factor E, is used to model the effect of adding energy or power
to x(¢). The scaling factor will be added typically in the RF by controlling
the gain of the transmit power amplifier. The pulse-shape is given by the
function gix(¢). To preserve energy, the pulse-shaping function is assumed
to be normalized such that [f"oo |g(t)|2dt = 1. The symbol period is given
by T. The symbol rate is1/T.
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Figure 2. QPSK or 4-QAM constellation with generally accepted bit to/symbol

mappings based on Gray labeling.

Input Bit | Symbol
0 1
1 -1
(a)
Input Bits “ju.Symbol
00 1+
20 -1+
11 —1—
01 1—j
(b)

Table 1. Symbol Constellation Mappings for (a) BPSK and (b) QPSK

We refer 0 x(r) as a complex pulse amplitude signal because complex
symbols modulate a succession of pulses given by the function g (z). Effec-
tively, symbol s[n] rides the pulse g (r —nT). The symbol rate corresponding
tox(¢) inEq. (1) is1/T. The units are symbols per second. Typically in wire-
less systems this is measured in kilo-symbols per second or mega-symbols
per second. Be careful to note that 1/ 7 is not necessarily the bandwidth of
x(t), which depends on g (¢). The bit rate is /T (where recall there are
2 symbols in the constellation) and is measured in bits per second. The bit
rate is a measure of the number of bits per second the baseband waveform
x (1) carries.

Complex baseband signals are used for notational convenience. The sig-
nal x(¢) is complex because the resulting wireless signal is upconverted to
“ride” on a carrier frequency. After upconversion, the resulting passband
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signal will be x,(t) = Re{x(t)}cos2r f.t) — Im{x()}sin2r ft). Up-
conversion is performed in the analog hardware. The signal x,(z) will be
launched from the transmit antennas into the propagation environment.

For practical implementation, the pulse-shaping is performed in discrete-
time. One way to implement the pulse-shaping is illustrated in Figure 1.
The idea is to use a discrete-to-continuous converter operating with a sample
period of T, = T /L where L > 0 is an integer that denotes the oversampling
factor. The symbol sequence is upsampled by L and then filtered by the
oversampled pulse-shaping filter defined by gix[n] := g (nTx).

1.2 Detection at the Receiver

When a signal propagates through the wireless channelf it will be affected by
noise and other types of channel distortion. They type of.distortion impacts
the architecture of the receiver and the design of.the signal processing algo-
rithms. In this lab, it is assumed that the transmitted=signal is only impaired
by AWGN. This assumption will gradually’be,relaxed in future labs.

The AWGN communication channekis aigood model for the impairments
due to thermal noise present in any wireless communication system. Mathe-
matically

2(H),=w(t) + v(1),

where x (¢) is the complex baseband signal, v(z) is the AWGN, and z(z) is the
observation. The assumption that v(¢) is AWGN means the noise is an inde-
pendent and identically“distributed (i.i.d.) complex Gaussian random vari-
able. In the presence of thermal noise, the total variance is 03 =N, =kT,,
where ks Beltzman’s constant k = 1.38 x 10~23]/K and the effective noise
temperature of the device is 7, in Kelvins. The effective noise temperature
is a function,of the ambient temperature, the type of antennas, as well as the
material properties of the analog front end.

Under the assumed transmitted structure, the optimum receiver structure
involves matched filtering, sampling at the symbol rate, and detection. The
structure that will be implemented in this lab is illustrated in Figure 1. The
received signal z(¢), which is assumed to be bandlimited, is sampled with
a sampling rate of 1/7,. The sampling rate should be such that Nyquist is
satisfied. In this lab we assume that 7, = 7T/M where M is the integer
oversampling factor. The received signal is filtered by gx[n] = gix(nT;)
where g« (1) = gi(—1) is the matched filter. After the digital filtering, the
signal is downsampled by M to produce the symbol-rate sampled signal given
by y[n]. The digital filtering is performed such that y[n] is the equivalent
to y(r) = [, gm(t)z(t — v)dt sampled at nT.
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Under assumptions about the transmit and receive pulse-shapes, described
in more detail in Part 2 of Lab 2, a model for the received signal is

yinl = VEgsln]+ vlnl, )

where v[n] is i.i.d. complex Gaussian noise with \/.(0, o2) where 02 = N,
for complex thermal AWGN. More background on matched filters and pulse-
shapes is provided in Part 2 of Lab 2.

A symbol detector is an algorithm that given the observation y[rn] produces
the best §[n] € C according to some criterion. In this lab we consider the
maximum likelihood (ML) criterion which solves

S[n] =arg max Fusnlls[n] =), (3)

where fy;(-) is the conditional distribution of y[n] givenss[#],and is known
as the likelihood function. For additive white Gaussian'noise, theconditional
probability has a simple form. This allows the detection problem in Eq. (3)
to be simplified to

Stnl = argminin fyjs(ylnlisin] = s) £aggmin |y[n] — VEs2 (4)

Essentially the algorithm works_as follows.» Given an observation y[n], it
determines the transmitted symbohs ‘&,Cs scaled by /E, that is closest to
y[n] in terms of the euclidean distance in the error term y[n] — /E,s. The
algorithm in Eq. (4) can be simplified by exploiting structure and symmetry
in the constellation.

Note: If x is a Gemplex symbol, then [1x[12 = x2,, + x2,.,, Where xreal

imag’
and ximag are the real and‘imaginary parts of x respectively.

2 Pre=Lab

To prepare for this part of the lab you will be required to build the modulation
and decoding blocks of Figure 1. Tables 2 and 3 describe the details of the
VIs you must implement. Plug your code into transmitter.vi and receiver.vi
and run Simulator.vi (see the VI hierarchy in Figure 3) to verify functionality
and correctness. Do not use the Modulation Toolkit (MT) Vs to implement
these two VIs (i.e., do not just create a wrapper around an MT VI).

Note: From this point forward, please uniquely name your VIs so that
they do not exactly match those of the VIs in the simulator (i.e., instead of
modul ate.vi, use yourname_modul ate.vi).

Note that both modulate.vi and decode.vi do not have an input to specify
modulation type. Modulation type is a parameter that can be found bundled
in the Modulation Parameters cluster, which has already been inserted into
the template VIs for you.
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Table 2: Description of modulate.vi

modulate.vi - maps bit sequence to symbols using appropriate constellation;
modifies symbol energy of output symbol sequence
input bit array of U8 input bit sequence (each array
sequence | (unsigned element takes on value 0 or 1)
bytes)
. string determines type of
I A .
INPUTS tmogu ation constellation map (i.e., BPSK
P or QPSK)
Symbol double determines the per-symbol
Energy energy of the output sequence
(default = 1)
output array of CDB appropriately modulated
OUTPUTS | symbols (complex output symbols
doubles)

Table 3: Descriptioniof decode.vi

decode.vi - performs ML detection,on a,given symbol sequence
input arraysof CDB input symbols to be decoded
INPUTS symbols (complex
doubles)
estimated, | array of U8 decoded output bit sequence
OUTPUTS |,bit (unsigned
sequence | bytes)

You have been provided with templates for the VIs you need to create for
this lab that already have all the inputs and outputs wired for you. What
is required of you is to finish constructing the block diagram to provide the
functionality of the VIs.

Throughout the course, several of the VIs you will create will have a
modulation parameters cluster passed into and out of them. The modulation
parametersin contains many of the parameters needed by your VIs and will
be unbundled from them. This has already been done for you in the template
VIs if necessary. Some VIs will also have modulation parameters out, so that
the cluster can be passed on through to the VIs that follow. Please ensure that
these clusters remain wired the way they are in the template VIs, as changing
how they are wired will cause VIs further down the line to break.
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Figure 3: Simulator hierarchy.

Error clusters will allow you te, prepagate error messages through your
code, which will help in debugging your LabVIEW code. If a subV1 in your
code requires an error cluster as aninput, wire error in to the appropriate
subVI before passing it onyto error out; otherwise, directly connect these two
terminals together.

After you have.created your subVIs properly (i.e., wiring all inputs and
outputs and editing the icon appropriately), insert them into the simulator
provided, to. you for‘this lab. To do this, first open up transmitter.vi and
receiver.vi and'replace the modulate and decode subVIs with your own (refer
to Figures 5 and 6 for where to find these subVIs in the block diagrams).
Then youyean open up Smulator.vi and, using the default parameters, run
the simulator to verify that your VIs operate according to the specifications
provided in Tables 2 and 3.

Using the simulator and the code you have written, plot average bit-error
rate (BER) versus signal-to-noise ratio as in Part 1 of Lab 1, but make sure to
obtain data for both BPSK and QPSK modulation!. Remember that if signal
power is held constant, then decreasing noise power, Np, is equivalent to
increasing SNR [i.e., you can assume unit power, giving SNR = — Np(in dB)].
Also, to observe errors at high SNR (or low Np) you need to run significantly
more iterations in the simulator.

1please ensure that the y-axis is in a logarithmic scale.
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Answer the following questions about PSK modulation;

1. PSK is a constant envelope modulation scheme. This means that all
symbols have equal energy after modulation. What is the energy of the
BPSK and QPSK modulated symbols shown in Tables 1(a) and 1(b)
respectively?

2. In modulate.vi, what should be the default value for the Symbol Energy
of the modulated sequence?

3. Consider a uniformly distributed random bit stream {b,} (i.e.,
Prob{b, = 1} = Prob{b, = 0}). Suppose {b,} is BPSKamodulated
such that each symbol has energy E;. In an AWGN, channel, what is
the average probability of bit error as a function of, SNR.when using
ML estimation? You may assume that noise_is a'real-valued Gaussian
random variable with variance 22, [i.e., Af(0, Z2)}:

HINT: you may |leave the answer in termsef the Q-function, which is
derived from the A/(0, 1) distribution:

Pre-Lab Turn In

1. Submityourimplementation ofmodulate.vi and decode.vi. Remember,
you will be penalized(if you do not wire the error cluster inputs and
outputs in your code. Note: If you need to generate any additional
subVIs for this or, anyafuture labs, please submit these subVls along
with your other‘preslab Vis.

2. Turn in aplot which compares the BER curves for BPSK and QPSK
modulation. You will need to collect average BER statistics using your
codefor SNR values of 0 to 10 dB (in 2 dB increments). Remember to
use a légarithmic scale for BER and a dB scale for SNR in your plot?.
You'must use your LabVIEW code to generate the data for your plots.

3. Submit your answers to all of the questions in the pre-lab section.

3 Lab Experiment

In this lab you will run your implementation of modulate.vi and decode.vi
over a real wireless link. Remember to use your version of source.vi and
error_detect.vi, which you have already built in Part 1 of Lab 1. Using your

2HINT: If X is a real number, then X5 = 10log X. Thus, SN Ry = 10Iog(ﬁ—g), where
Eg isthe average signal power (or symbol energy) and N is average noise power.
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code from Part 1 of Lab 1 in conjunction with the new blocks you have created,
you will complete the framework for the transmitter and receiver blocks in
lab. This framework will be provided in lab. The task of plugging your code
into this framework may seem trivial at this point, but as the course progresses
you will incrementally re-implement each block in the framework.

Figure 4 describes the hierarchy of files you will be using in lab. Rounded
rectangles in the block diagram represent files which you will be able to
alter. The files top_tx.vi and top_rx.vi are the top level of the transmitter and
receiver respectively. This level connects the digital communications blocks
of the transmitter and receiver (in transmitter.vi and receiver.vi)\with the
VIs needed to control the NI RF hardware. You explored the REhardware
and these control VIs in Lab 1, and will need to recall haw toymodify the
parameters/settings for the RF hardware using these Vls:

Figure 4: Hierarchy of code dramework used in lab.

3.1 InsertYour Code

The block diagram of transmitter.vi is shown in Figure 5. Replace source.vi
and modulate.vi with your code by right-clicking on the appropriate VI and
selecting Replace =Select aVI.
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Figure5: Block diagram of transmitter.vi.

Similarly, you will need to replace decode.vi and error_detect.vi in re-
ceiver.vi with your code. The block diagram of receiver.vi,is shewn'in Fig-
ure 6. Add error cluster appropriately.

3.2 Communication Over aWireless Link

Before you begin testing your code over a real wireless link, set the following
baseband parameters on the front panel ofitopitx.vi and top_rx.vi:

e Packet length = 100 bits
e Modulation type = QPSK

Leave all other modulation parameters set to their default value. The
following RF parameters have already been set up in the HW parameters tab
of top_tx.vi and top_rx.vi‘foryou:

e Carrier frequency
e X Gain

e RX Gain

e Trigger Level

e Capture Time

The wireless digital communication system used in lab generates a small
burst of data, transmits it over awireless link, and decodes the received signal.
To run the system:

1. Start the top level of your transmitter (i.e., run top_tx.vi).
2. Wait until the Transmitting indicator is lit.

3. Start the top level of your receiver (i.e., run top_rx.vi).
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Open the front panel of top_rx.vi to see the constellation of the received
signal. Note that a queue has been used to pass the key bit sequence to the
receiver for error detection. Also notice, on the front panel of top_tx.vi there
is a control for the channel model parameters used by transmitter.vi. These
parameters are used to apply a desired channel model to the transmitted signal.
The real wireless channel will convolve with this artificially imposed channel
model to create a kind of equivalent channel.

Answer the following questions about the digital communication system
in lab:

1. What is the name of the queue used to pass the generated bit'Sequence
from top_tx.vi to top_rx.vi (i.e., the bit sequence needed toperform error
detection)?

2. Describe what happens to the received constellationas you increase
noise power in the top level of the transmitter, (i.e., top_tx.vi).

3. Based on your observation of the received signal constellation, explain
which modulation scheme (BPSK of QPSK) performs better (on aver-
age) in noisy channels, and why..Assume that both schemes are using
the same average symbol energy.

Lab Turn In

Demonstrate to the instructorthat your code is working properly. You will
need to show the instructor that both BPSK and QPSK modulation work in
your system. Please answer the questions above. You will be required to
submit these answers)ima future lab report (i.e., in Lab 2, Part 2).



Lab 2: Baseband QAM Modem
Part 2. Pulse Shaping and Matched Filtering

Summary

In Part 1 of Lab 2, you implemented the digital modulation and detection
parts of a baseband QAM modem. This part of the lab will deal with pulse
shaping in digital communication systems. You will implement the pulse
shaping and matched filtering blocks of the baseband QAM_ modem, shown
in Figure 1.

Transmitter
B Symbol
bits ——| Mﬁpping m’@_' O[N] —’| D;C }—»JEX—> X(t)
AWGN Channel v(t) T,
x(t)*é—o 2(0) =x®)+v(t)
Receiver
Z(t)_'| C/ID |—> gpx[n] ——| Detection ISr;/\::;JSSI Map —VERS
T yln]
TZ

Figureds’ Thessystem under consideration in this lab. The transmitter uses digital
pulse-shaping and upsampling to create the transmit waveform. The baseband signal
encounters additive white Gaussian noise at the receiver. The receiver uses digital
pulse-shaping and downsampling, followed by detection, to find a good guess of the
transmitted symbols. Symbol synchronization could be included as well but is not
illustrated in the figure.

We begin by discussing the motivation and mathematical model for pulse
shaping. You will then build the pulse shaping, up-sampling, and matched
filtering blocks of the modem in LabVIEW. After verifying the correctness
of your design using a simulator, you will implement your code in lab using
the NI-USRP to see how your code works over a real wireless link. The goal
of this part of Lab 2 is to understand the motivation for pulse shaping and
observe the properties of various pulse shaping filters.

35
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Inthis lab, you will have to turn in two Vs (pulse_shaping.vi and matched_fil -
tering.vi), and answer the questions given in Section 2, as part of the pre-lab
submission. The lab reports for Parts 1 and 2 of Lab 2 have to be submitted
as a single lab report at the end of this lab.

1 Pulse Shaping and Matched Filtering

The objective of the course is to construct the digital signal processing blocks
necessary to operate a wireless digital communication link. A digital signal
(from the digital source, constructed in Part 1 of Lab 1) can not be transmitted
over a communication channel. The digital signal needs to be mapped to an
analog waveform that can easily be transmitted over the channel.

The model for transmission and reception considered.in Lab 2is illustrated
in Figure 1. The transmitter creates a complex/pulse amplitude modulated
signal of the following form:

x(t) = VE Y Slalgn( —nT). (1)

n=—0od
Conceptually, the mapping of bits towvaveforms can be viewed in two steps.

1. Source bits to symbols—This involves mapping the bits emitted by
the (digital) source toy(possibly complex) symbols, s on a constellation,
C determined by the modulation scheme. This was accomplished in
Part 1 of Lab'2.

2. Symbolsito pulses—This involves creating an analog pulse train to
pbe transmitted over the wireless channel, using the complex symbols
generated in the first step. This is done using a pulse-shaping filter
gix (@) at the transmit side.

The receiver processing depends on the type of distortion in the com-
munication channel. Assuming an additive white Gaussian noise (AWGN)
channel, the receiver performs analogous operations as at the transmitter.

1. Pulsesto symbols—In this step, the symbols are recovered from the
received pulses using a matched filter at the receive side.

2. Symbolsto bits—This involves mapping the symbols received to bits
(depending on the modulation scheme chosen), using some form of a
detection technique. This was accomplished in Part 1 of Lab 2 using
the maximum likelihood detection algorithm.
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To implement the maximum likelihood detector as described in Part 1 of
Lab 2 using single-shot detection, the pulse shaping filters gix(z) and grx(¢)
have to satisfy some properties.

e The transmit pulse shape is normalized such that | lge(1)|2dt = 1.
This is primarily for convenience in our notation to avoid additional
scaling factors.

e The receive filter gi(r) = g (—1t), which simplifies to g (t) =
gi (—1) since the pulse-shaping function is usually real. This means
that the receive filter is a matched filter. Effectively the filteringby g (¢)
becomes a correlation with gi(¢) thanks to the relationship, between
convolution and correlation. The choice of a matched filtenmaximizes
the received signal-to-noise ratio and thus gives the,maximum likeli-
hood detector its best performance.

e The composite filter g(1) = [ gix(t)gw (&, — 7)dt is a Nyquist pulse
shape. This means that it satisfies g(nT) ="8[n]. The Nyquist pulse-
shape property eliminates intersymboliinterference, allowing the de-
tector to take a very simple form.as described in Part 1 of Lab 2.

Defining the bandwidth of the transmitted signal x () requires some math-
ematical subtleties. From the perspective of measuring the power spectrum
of a signal, the following définition” of power spectrum for the transmitted
signal is sufficient:

PyCf) = Ex |G (f)I? )

where it is assumed that the transmit constellation is normalized to unitenergy.
It is clear that |Gtx(f)|2 determines the bandwidth of x(¢), where G (f) is
the frequeney.response of the pulse-shape gix(¢). By normalizing the transmit
pulse@hape, [, P.(f)df = E, where E, is known as the symbol energy
and E /T as tée power.

A simple choice for gix(¢) is the rectangular pulse-shape. Unfortunately,
such a pulse-shape would have poor spectral properties, since the Fourier
transform of a rectangular function is a sinc function. This means that a lot
of bandwidth would be required to transmit the signal.

Another choice for gi(7) is the sinc function. A sinc pulse has ideal
spectral properties. For example, if g () = % then G (f) = T
for f € [—1/2T,1/2T] giving an absolute bandwidth of 1/27. This is
the smallest bandwidth a complex pulse amplitude modulated signal could
have with symbol rate 1/ 7. Unfortunately the sinc pulse shaping filter has a
number of problems in practice. Ideal implementations of g(¢) do not exist in
analog. Digitalimplementations require truncating the pulse shape, whichisa
problem since it decays in time with 1/¢. Further the sinc function is sensitive
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to sampling errors (not sampling at exactly the right point). For these reasons
it is of interest to consider pulse shapes that have excess bandwidth, which
means the double sided bandwidth of the pulse-shape is greater than 1/ 7.

1.1 A Common Pulse Shape

The most common Nyquist pulse, besides the sinc pulse, is the raised cosine.
The raised cosine pulse-shape has Fourier spectrum

IA
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and transform
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The parameter « is the rolloff factor, 0°< "« < 1 (sometimes 8 is used
instead of «) and is often expressed ‘as-percentage excess bandwidth. In
other words, 50% excess bandwidth would correspond to &« = 0.5. At large
values of « the tails of the time-domain pulse decay quickly, but the spectrum
roll off is smoother (i.e., Thyrequires more excess bandwidth). Reducing the
time-domain tails ofithe'pulse’shape reduces the amount of ISI introduced by
sampling error. Thus rolloff factor « can be used to tradeoff excess bandwidth
for resistance to"1SI caused by sampling errors. The raised cosine pulse is
illustrated in Figure=2.

The'transmitter does not use the raised cosine pulse directly. The reason is
that thewaised€osine pulse shape corresponds to g (r) while we use g (¢) at the
transmitterand gy (7) at the receiver. Recall the g(1) = [ gix(7)gux(r — 7)dT
and that gix(z) = gix(—t). In the frequency domain this means that G(f) =
G ()G (f). Consequently we choose g () to be a “square root” of the
raised cosine. Such a pulse shape is known as a square root raised cosine, or
a root raised cosine and is written

4 COS[(L+ a)mt/T]+ W

gsare(t) = 1— (dat/TY

Of particular interest note that gsqrc(#) is even, thus if g (r) = gsqre(t) then
aix(t) = gix(—1) = gix(¢) and the transmit pulse shape and receive pulse
shape are identical. The square root raised cosine is its own matched filter!
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Figure 2: Spectral response of the.raised cosine pulse shaping function g(7).

1.2 Practical Implementation of Pulse Shaping

Recall that the Nlyquist theorem states it is sufficient to sample a given signal at
a sampling freguency is at least twice the largest frequency in the signal, to be
able to reconstruct the signal effectively. Sampling at a rate higher than what
is required bythe Nyquist theorem is known as oversampling. Oversampling
at the analog front ends of a digital communication system (DAC and ADC)
will make the design of all the filters much simpler. The increased bandwidth,
due to a larger sampling frequency, will relax the sharp cutoff requirements on
the filters needed to remove aliasing effects. Oversampling in digital systems
is also important for efficient synchronization.

The upsampling and downsampling processes are critical in order to reap
the benefits of oversampling. Upsampling a sequence {s[n]} by a factor L is
equivalent to inserting L — 1 zeros between every sample of the sequence.
Downsampling a sequence {y[n]} by a factor M is equivalent to throwing
away M — 1 out of every M symbols (i.e., ydownsamp[k] = y[kM]). Up-
sampling and downsampling are used to facilitate the digital implementation

of g (t) and gy (1).
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Simple explanations of transmit and receive pulse shaping using the con-
cepts of upsampling and downsampling are provided in this lab. More effi-
cient implementation computationally is possible using filter banks but that
is not required to complete the assignment.

Transmit Pulse Shaping

The challenge with implementing transmit pulse shaping is that the symbol
rate may be less than the sample rate required for pulse shapes with excess
bandwidth. For example, for a square root raised cosine pulse shape, the
Nyquist rate is (1 + «)/ T while the symbol rate isonly 1/T.

Let T, be some sampling period such that 1/ 7 is greaterthan twice the
maximum frequency of g (z). For simplicity we take T,"= T/L. Other
choices of T, would require a resampling operation. (Thetcontinuous-time
complex baseband signal is

x(t) = VE: Y slnlgu(t—nT). )

n=—09,

Since x(¢) is bandlimited by virtue of the bandlimited pulse shape gix (),
there exists a sequence {c[n]} such that

_ (SN —nTo)/Ty)
x(t), = E. Z c[n] =TT,

n=—o0

where c[n] = x (nZg)aSubstituting Eq. (3) gives

cnl = Y slmlgx(nT, —mT)
= Y slmlgxln —mL], (4)

where gix[n] = gix(nTy). Using multi-rate signal processing identities, it
can be shown that Eq. (4) is the result of upsampling s[m] by L, then filtering
with gix[n].

Receiver Pulse Shaping

It is easier to justify the digital implementation of receiver pulse shaping.
Let z(z) denote the complex baseband input to the continuous-to-discrete
converter. Assume that z(¢) has already been bandlimited by the RF in the
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analog front end. Let 7, = T/M for some integer M such that 1/7, is
greater than the Nyquist rate of the signal. This is known as oversampling.
Let z[n] := z(nT;,). Using results on filtering bandlimited signals, it can be
shown that

T. > zimlgn((nM —m)T.) (5)

m=—0oQ

y[n] = fgrx(f)z(nT - 1)

[e.0]

Y zlmlgx[nM —ml, (6)

m=—0o0

where gix[n] = T,gx(nT;). Using multi-rate signal processing,identities, it
can be shown that Eq. (6) is the result of downsampling thefiltered oversam-
pled signal z[n] by gi[n].

1.3 Pulse Shaping in LabVIEW

LabVIEW provides many useful digital signal processing tools. In this
lab, you will use MT Generate Filter Coefficients.vi, a Modulation Toolkit
VI found in the Modulation palgette (Function=Addons=-M odulation=
Digital=UtilitiesssMT Gener ate Filter Coefficients.vi). This Modula-
tion Toolkit VI allows you to generatesa pulse shaping filter (e.g., root raised
cosine) and its associated matched filter based on a set of input parameters.
You will need to use this VI to.build the pulse shaping and matched filtering
blocks of Figure 14,The inputs to this VI [modulation type, pulse shaping
filter, filter parameter-and+filter length (symbols)] can be obtained from the
pulse shaping parameters available in the modulation parameters cluster.

As a note aboutseode style in LabVIEW, when building a VI requiring
many inputs/outputs (i.e., about five or more of each), you should bundle
related, inputs/outputs into clusters. Clusters, found in the Cluster palette,
allow you 10 group together terminals of different datatypes. Please refer
to [12] for more information on how to build a cluster or access the elements
of a cluster. For an example of a cluster you will be using in the lab, please
look at the pulse shaping parameters terminal, which can be accessed from
the front panel of top_tx.vi.

2 Pre-Lab

To prepare for this part of the lab you will be required to build the pulse
shaping and matched filtering blocks of Figure 1. Tables 1 and 2 describe
the details of the VIs you must implement. You will plug your code into
receiver.vi and transmitter.vi and run the simulator provided to you in order
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Table 1: Description of pulse_shaping.vi

pulse_shaping.vi - oversample input and apply transmit pulse shaping filter
input array of CDB input symbol sequence
INPUTS (complex
doubles)
tput i
OUTPUTS outpu array of CDB oyersampled |nput cgnvolved
with pulse shaping filter

Table 2: Description of matched_filtering.vi

matched_filtering.vi - apply matched filter corresponding to pulse'shaping param-
eters
input 1Q Waveform received sequence
1
INPUTS complex cluster
waveform
output 1Q Waveforme, [“received sequence convolved
complex | clustef with matched filter
OUTPUTS waveform

to verify functionality and correctness. Please name your VIs as per the
convention yourname_Viname.vi.

You have been proyided with templates for the VIs you need to create for
this lab that alreadyhave all the inputs and outputs wired for you. What
is required,of you is to finish constructing the block diagram to provide the
functionality,of the VIs.

Throughout the course, several of the VIs you will create will have a
modul ation parameters cluster passed into and out of them. The modulation
parametersin contains many of the parameters needed by your VIs and will
be unbundled from them. This has already been done for you in the template
VIs if necessary. Some Vs will also have modulation parametersout, so that
the cluster can be passed on through to the VIs that follow. Please ensure that
these clusters remain wired the way they are in the template VIs, as changing
how they are wired will cause Vs further down the line to break.

Figure 3 shows the dependencies between the files that make up the sim-
ulator. The top level of this simulator, simulator.vi, connects top_tx.vi to

11Q Waveform clusters contain three elements: t0, dt, and Y. Please recall from Part 2 of
Lab 1 what these elements are and what their data types are.
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Figure 3: Hierarchy of code framework for new simulator.

top_rx.vi and provides each with theappropriate inputs. The parts of the
simulator you will be modifyingare located in transmitter.vi and receiver.vi
shown in Figures 4 and 5 respectively.

You will be putting your,Vls«nto transmitter.vi and receiver.vi, replacing
the locked versions‘thatyare already there. After doing this, you will then
open up simulatorsvi, that you will use to confirm your VIs operate correctly
before implementing them on the NI-USRP.

Notice that pulse_shaping.vi and matched_filtering.vi do not take any pa-
rameters ag’inputs. All of the pulse shaping and oversampling parameters you
need to'Use for these VIs can be accessed from the modulation parametersin
cluster. After building these VIs, replace the existing code in the simulator
with your code. Replace a subV1 in the transmitter or receiver with your code

Figure 4: Block diagram of transmitter.vi.
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Figure5: Block diagram of recei
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by right-clicking on the appropriate VI and selecting Replace=Select aV1.
Remember to wire error clusters where appropriate.

Asdescribed in the previous section, use MT GenerateFilter Coefficients.vi
from the Modulation Toolkit to generate your pulse shaping and matched
filters. After generating each filter, you can apply the filter by convolving it
with the complex array component of the appropriate input waveform. Do
not use a Modulation Toolkit VI to apply either the pulse shaping filter or
matched filter.

In LabVIEW, Convolution.vi, which is located in the Signal Processing tool
palette (Functions=Signal Processing=Signal Operation=
Convolution.vi), supports complex convolution. You can usethis VI when
creating your subVIs for this lab and others.

In summary:

e Use MT Generate Filter Coefficients.vi tosgenerate the pulse shaping
filter and its associated matched filters. D@ not use Modulation Toolkit
VIs to apply these filters. Instead, use convelution, and remember to
make any necessary changes neededfor complex convolution.

e The modulation parameters cluster, contains many of the parameters
needed for pulse shaping, including pul se shaping parameters, TX over-
sample factor, and RX oversampl e factor.

e After building pulse_shaping.vi and matched filtering.vi, insert them
into the simulator provided to you to verify functionality and correct-
ness.

Using an Eye'Diagram as an Analytical Tool

In this labyou will use an eye diagram to make some qualitative statements
about the received signal. An eye diagram is constructed by taking a time
domain signal and overlapping traces of a certain number of symbol times.
For example, if T; = 10 usec is the symbol time for a given waveform, an
eye diagram for an eye length of two would be generated by overlaying traces
of duration 2Ty starting at an ideal sampling point. In the absence of noise,
these overlapped signals might look something like Figure 6.

The eye diagram of Figure 6 shows the overlapped traces of a BPSK
modulated bit stream using a sinc pulse for an eye length of two. This eye
diagram can give us some qualitative insight about our received signal. For
example, the opening of the eye indicates the period of time over which
we can successfully sample the waveform (i.e., without suffering from ISI).
Along with indicating the amount of ISI in the system, the distortion of the
signal in the diagram also indicates various qualitative parameters, such as
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Figure 6: Eye diagram for sinc pulse shape in the absence of noise.

the variation of zero crossings or distortion related to SNR. Please refer to
[6] and [1] for more detailed discussions about the use of the eye diagram as
a tool for qualitative analysis in digital communigcations:

Questions

Answer the following questions, and submit the,answers as part of your pre-
lab.

1. MT Generate Filter Coefficientsivi‘requires an input for the humber
of pulse shaping samples‘per ‘'symbol. This tells the VI the over-
sample factor being used to,design the filter. When using this VI in
pulse_shaping.vi, where.do you obtain this parameter from? Give any
relevant cluster. names and/or variable names if appropriate.

2. According/to [1], impairments visible in the eye diagram can occur
at many‘places along the communication path (i.e., from source to
sink)-*\What are some of the places where impairments visible in the
eyeqdiagram might occur (name at least three)?

3. When using inconsistent sampling rates at the transmitter and receiver,
it is important to remember that the symbol rate (1/7;) must remain
constant.

(@) In terms of the sampling rates at the transmitter and receiver
(1/ Ty and 1/ Ty respectively), what is the relation between the
oversample factor at the transmitter (M) and receiver (N)?

(b) What can you say about the type of number the ratio of
(i.e., the ratio of the sampling rate of the receiver to that of the
transmitter) must be?

Hint: Notethat M and N must be positive integers.
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Pre-Lab Turn In

1. Submit your implementation of pulse_shaping.vi and matched.filter-
ing.vi. Remember, you will be penalized if you do not wire the error
cluster inputs and outputs in your code.

Note: If you need to generate additional subVIs for this or any future
labs, please submit these subVIs along with your other pre-lab Vis.

2. Submit your answers to all of the questions in the pre-lab section.

3 Lab Experiment

In this lab you will run your implementation of pul se_shaping.viiand matched_
filtering.vi over a real wireless link. Using your gode from_ the prior labs in
conjunction with the new blocks you have created, you will complete the
framework for the transmitter and receiver blocksin this lab. This framework
will be provided to you as in the Part 1 of Lab 2.

Figure 7 describes the hierarchy of filés,you'will use in this lab. Rounded
rectangles in the block diagram representifiles you will be able to alter. The
files top_tx.vi and top_rx.vi are theytop,level of the transmitter and receiver
respectively. This level connects,thexdigital communications blocks of the
transmitter and receiver (in transmitter.vi and receiver.vi) with the VIs needed
to control the NI-USRP.¥ouexplored the USRP and these control VIs in
Lab 1, and will need toyrecall,how to modify the parameters/settings for the
USRP using these RFhardware VIs.

Figure 7: Hierarchy of code framework used in lab.
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3.1 Communication Over aWireless Link

Before you begin testing your code over a real wireless link, set the following
baseband parameters on the front panels of top_tx.vi and top_rx.vi:

e Packet length = 200 bits

e Modulation type = QPSK

e Pulse shaping filter = Root Raised Cosine
e Filter parameter = 0.5

e Filter length =8

Also make sure that the following RF parameter is set up appropriately
(using the HW parameters accessible on the fropt panel oftop_rx.vi):

e Capture time = 2 msec

Let us digress now to clarify the operation‘ef top_rx.vi, the top level of
the receiver. The receiver has two states:“(1)"listen and (2) receive. Figure 8
shows a finite state diagram of the operation of the receiver. The RXRF_recv.vi
features a digital triggering subVh,When this feature is enabled, the digitizer
will continually “listen” to the received signal until the energy of the incoming
signal crosses a predefined trigger level. Once this trigger occurs, the NI-
USRP captures a windew of. samples, which it then passes to receiver.vi.
After processing the captured signal, the receiver returns to the listening
state. The receiver will,periodically timeout while in the listen state to update
RF configuration parameters.

Now'you arexready to test your code over a real wireless link. The wireless
digitahcommunication system used in the lab generates a small burst of data,

Figure 8: State diagram for receiver implemented by top_rx.vi.
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transmits it over a wireless link, and decodes the received signal. To run the
system:

1. Start the top level of your transmitter (i.e., run top_tx.vi).
2. Wait until the Transmitting indicator is lit.
3. Start the top level of your receiver (i.e., run top_rx.vi).

4. Open the front panel of top_rx.vi to see the constellation and eye dia-
gram of the received signal.

Note that a queue has been used to pass the key bit sequenceto thereceiver
for error detection. Also notice on the front panel of top_tx.viithereiis a,control
for the channel model parameters used by transmitter.vi. These parameters
are used to apply a desired channel model to the transmitted/signal. The real
wireless channel will convolve with this artificially imposed channel model
to create a kind of equivalent channel.

After you have verified the correct operation of your code using the param-
eters above, vary the input parameters to‘the system and observe how these
changes affect the eye diagram of the réceivedsignal. Some of the parameters
you might vary include noise power, pulse/shape, filter parameter, or channel
model (e.g., you may enter your own ehannel impulse response using the 1SI
channel model).

3.2 Questions
Answer the followingguestions about the digital communication system:

1. Usingnathe \pulse shaping parameters control on the front panels of
top4x.vi and top_rx.vi, vary the filter parameter (i.e., the rolloff factor)
ofa root raised cosine pulse from 0 to 1 in increments of 0.20. Observe
how the eye diagram (on the front panel of top_rx.vi) changes as you
vary this excess bandwidth parameter.

(a) Describe what happens to the opening of the eye as you increase
the excess bandwidth parameter from O to 1.

(b) Explain what impairment is being added or removed from the
received signal as you vary this parameter.

2. Based on what you have learned from [1], and from varying the pulse
shaping parameters, what is the relation between the excess bandwidth
parameter of the root raised cosine pulse and inter-symbol interference?
Does ISl increase or decrease with increasing « and why.
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Lab Turn In

Demonstrate that your code is working properly. You will need to show that
your pulse shaping VIs can work with a variety of pulse shaping parameters.
Also answer the questions above. You will be required to submit these answers
in your lab report.

DIRECTIONS FOR LAB SUBMISSION
Your lab report should accomplish the following tasks.

1. Answer all questions from Parts 1 and 2 of Lab 2 (not inclading pre-lab
questions). Note that this also includes the questions that you answered
during the lab session.

2. Discuss any problems you might have encounteredhin-€ither Part 1 or 2
of Lab 2 and how you overcame these obstacles.

3. Describe how the code you have developed in lab for modulate.vi and
decode.vi might be extended or generalized to be used with an arbitrary
constellation (i.e., if you were’givenisome arbitrary constellation C
as a 1-D array of complexqdoubles in LabVIEW, explain how you
would modify your code for madulate.vi and decode.vi to use this new
constellation). Please’only explain details of your code that pertain
to your implementation of algorithms for symbol mapping, energy
normalization, and maximum-likelihood detection. You do not have to
construct the Vi, only an explanation is needed.

4. The backgraund section of this lab stated that two main goals for pulse
shaping are:

e Torreduce the energy of spectral sidelobes (i.e., excess bandwidth
requirements).

e To reduce the time-domain pulse tails which can lead to inter-
symbol interference.

Are these conflicting or complimentary goals and why?
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Symbol Timing Recovery in Narrowband
Channels

Summary

In this lab you will consider the problem of symbol timing recavery also
known as symbol synchronization. Timing recovery is one ofseveral syn-
chronization tasks; others will be considered in future labs,

The wireless communication channel is not well modeledyby simple ad-
ditive white Gaussian noise. A more realistic channel.model also includes
attenuation, phase shifts, and propagation delays. Perhapsthe simplest chan-
nel model is known as the frequency flat channel',The frequency flat channel
creates the received signal

2 = ae!Pu—"gy) +v(1), 1)

where « is an attenuation, ¢ is aphase shift, and z, is the delay.

The objective of this lab iste,correct for the delay caused by 7, in discrete-
time. The approach will be'te’determine an amount of delay k and then to
delay the filtered receivedisignal by k prior to downsampling. This will
modified the receiverproeessing as illustrated in Figure 1.

Two algorithms will'be implemented for symbol synchronization in this
lab: the maximum energy method and the Early Late gate algorithm. The
maximum energy method attempts to find the sample point that maximizes
the average received energy. The early—late gate algorithm implements a
discretestimewversion of a continuous-time optimization to maximize a certain

2(t)—| C/D [ g ] ]| 2 —»@—»
} ti

T

T=—
M Gne.

Figure 1: Receiver with symbol synchronization after the digital matched filtering.
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cost function. For the best performance, both algorithms require that there is
a lot of oversampling (i.e., M is large).

You will build two Vs, one for each of the two algorithms. After verifying
the correctness of your design using a simulator, you will implement your
code in lab using the NI-USRP hardware to see how your code works over a
real wireless link. The goal of this lab is to understand the need for symbol
timing recovery and the performance of two common symbol timing recovery
algorithms.

In this lab, you will have to turn in two VIs (align_.MaxEnergy.vi and
align_ELgate.vi) and submit the answers to the questions in Section 2, along
with the plot depicting timing error statistics, as part of the pre-lab:submission.

1 Background

This section provides some background on the timing recovery problem and
reviews the two algorithms that will be implemented-in this lab. Remember
that you will be implementing these synchronization methods using a purely
digital approach.

1.1 Introduction to Symbel Timing Recovery

In the presence of frequency-flat fading as described in Eq. (1), the input to
the receiver has the form

2(t) =’ JE, Y simlgw(t — mT — 14) + v (). @)

Now letg (¢) beithe convolution of g (7) and g« (¢). With the model in Eq. (2)
after‘matehed filtering and sampling, the received signal is

y[n] = /Eaem Zs[m]g((n —m)T — t3) + v[m].

Several different impairments are possible depending on the value of
the ;. Unless otherwise specified, Nyquist pulse shapes are assumed.

First consider the case where 7, is a fraction of a symbol period thus
0 < 7y < T. This can model the effect of sample timing error, or not
sampling at the right point. Under this assumption

yinl=yExae?sinlg(ta) + v/ Exae!® Y simlg((n —m)T — 14) + vln] .
——
desired mzn noise
ISI
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Intersymbol interference is created when the Nyquist pulse shape is not sam-
pled exactly at nT. You will need symbol synchronization or equalization to
mitigate the effect of sample timing error.

Second, suppose that t; = dT for some integer d. This is the case where
symbol timing has been resolved but an unknown propagation delay, which
is a multiple of the symbol period, remains. Under this assumption

yinl = VEcel® Y slmlg((n — m)T — 14) + vim]
= VEce!® Y simlg((n — m)T — dT) + v}

= \/E>xae/¢s[n —d] + v[m].

Essentially integer offsets create a mismatch between the indices of the trans-
mitted and receive symbols. You will need frame synchronization to find the
beginning of the data.

Third, suppose that the time error has been removed from the channel;
equivalently 7, = 0. Then

ylnl = Egae!?s[n] + vim].

Sampling and removing delaysleaves distortion due to « and ¢, which are
unknown to the receiver. The amplitude and phase shift will be estimated and
equalized in Lab 4 (the focus of this lab is on the unknown delay ;).

1.2 The Maximum Output Energy Solution

Let y(¢)bethe matched filtered version of z(¢) in continuous-time. Given an
advance z¢/notice that the output energy function defined as

J@Y=Ely T + 1))

ExY 1gmT +1 —19)[* + 0]

m

E.lg(0)]> + o2

IA

The maximum of the function J () occurs when t — z, is an integer multiple
of the symbol rate. This value of t is known as the maximum output energy
solution. The resulting value of ¢ by that maximizes J () is known as the
maximum output energy solution. In this lab we implement two algorithms
for finding a maximum output energy solution in discrete-time. Other criteria
for performing symbol synchronization are possible, for example maximum
likelihood solutions. The approach described here is robust to additive noise,
certain kinds of fading channels, and small carrier frequency offsets.



54 Lab 3: Synchronization

You will implement a digital version of the maximization of J(z). This
means that you will perform the estimation and correction after the digital
matched filter at the receiver, prior to downsampling.

1.3 Direct Maximization of the Output Energy in
Discrete Time

Let
rinl =) zlmlguln — m]
m
be the output of the matched receiver filter. The discrete-time eutput energy
can be calculated as

JIkl = E|r @MT +k)?,

where k is the sample offset between 0, 1, ..., M — 1 carresponding to an
estimate of £ = kT /M. The expectation can be replaced with a time average
over P symbols to create the function
1 Pt
Japprox[k] = 7 ZO i (PMT + k)% (3)
p:

The direct maximum output enérgy solution is given by k = max Japprox k1.
Because the receiver is only perferming symbol synchronization, it is suffi-
cient to evaluate Japprox[k)\for,values k = 0,1, ..., M — 1. The resulting

value of k would be'implemehted in the advance operation in Figure 1 given
in the Z-domain as'z~. Instead of an advance, a delay could be used instead
with value z <X, Larger values of P generally give better performance.

1.4 <, Indirect Maximization of the Output Energy in
DisCrete Time

An alternative approach, useful for adaptive implementations, involves dif-
ferentiating the cost function and discretizing the result. The approach here
follows the description from [6]. Differentiating the expectation and assum-
ing they can be interchanged

1)~ E y (nTs+t
/ opt / N

1) 1)
=E {y(nT—l—T)gy*(nT—l—r)}—l-E {y*(nT—l—r)gy(nT{—r)}

= 2Re [E {y(nT+f)%y*(nT+r)}:| .
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Using a first-order difference approximation

s « %

8_ry T+ )=y " nTs+1+6) —y (nTs +71t —96).

Now as before replacing the expectation with a time average

P-1

d 1

- opt (T) - Z 2Re |y (0T +7) (y* T +1+8) —y* (nTy+1-9))}.
n=1

Choose § to be a multiple of T/M. Using r[n] as defined before.let

P-1
Jslk1 =Y " 2Re{r[nP + k] (r* [nP + k + 8] — r*([(n P%- o= 81) ). (4)
n=0

What we call the indirect maximum output energyssofution is given by k =
maxg=o.1,....m—1 Js[k]. Atypical value of §'is1.

2 Pre-Lab

Please answer the following questions about symbol timing recovery:

1. Show that in the absence of noise, « and ¢ in Eq. (2) do not have any
impact on theymaximum output energy solution.

2. What,are the*two critical assumptions used to formulate the indirect
maximization of the output energy? Consider how the presence of the
flat fading channel AWGN can impact this method. Specifically, using
at least one of the critical assumptions, explain how you might mitigate
the impact of these impairments by suitable selection of parameters.

3. After downsampling a sequence originally sampled at rate 1/7; by a
factor M, what is the sample period of the resulting signal?

Programming

In this pre-lab you will generate LabVIEW code to estimate the direct max-
imization of the output energy in discrete time and the early—late gate algo-
rithm. Tables 1 and 2 describe the details of the VIs you must implement.
Please name your VIs as per the convention yourname_VIname.vi.
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Table 1: Description of align_.MaxEnergy.vi

align_MaxEnergy.vi - compute sampling offset by maximizing Japprox[k] and
correct for offset

input 1Q Waveform received sequence after
INPUTS complex cluster matched filtering

waveform

output 1Q Waveform received sequence after

complex cluster symbol timing recovery
OUTPUTS | waveform

offset 132 (integer) computed offset

Table 2: Description of align_ElL.gatevi

align_ELgate.vi - estimate timing offset by minimizing Js[k] and correct for offset

input 1Q Waveform “received sequence after
INPUTS complex cluster matched filtering

waveform

output 1Q Waveform received sequence after

complexy, | cluster symbol timing recovery
OUTPUTS | waveform

offset 132 (integer) computed offset

You have been provided with templates for the VIs you need to create for
this lab that already have all the inputs and outputs wired for you. What
is required of you is to finish constructing the block diagram to provide the
functionality of the VIs.

Throughout the course, several of the VIs you will create will have a
modulation parameters cluster passed into and out of them. The modulation
parametersin contains many of the parameters needed by your VIs and will
be unbundled from them. This has already been done for you in the template
Vs if necessary. Some VIs will also have modulation parameters out, so that
the cluster can be passed on through to the Vs that follow. Please ensure that
these clusters remain wired the way they are in the template VIs, as changing
how they are wired will cause VIs further down the line to break.



Lab 3: Synchronization 57

Figure 2: Hierarchy of code needed for symbolitimingrecovery in lab.

You will plug your code into the baseband simulator provided to you in
order to verify functionality and,correctness. You will not be replacing one of
the main blocks inside receiver.vi‘as you have done in previous labs. Instead,
you will need to insert your codeiinto symbol _timing.vi, a subV|I in the digital
communications library built ferthis course. Figure 2 describes the hierarchy
of the files needed for symbal timing recovery in this lab.

Figure 2 shows-the block diagram of synchronize.vi, where you can find
symbol _timingyi. 4Natice there are a number of synchronization methods
available, in,this\VI;"however you will only be dealing with “ Timing Esti-
mation” (the option for performing symbol timing recovery independent of
frame synchronization or channel estimation).

After replacing align_.ELgate.vi and align_.MaxEnergy.vi in symbol _tim-
ing.vi, you should test your code by adding a small delay to your channel.
Delay in the channel model can be modified using the channel model param-
eterscontrol on the front panel of Smulator.vi. Note that delay in the channel
model is bounded in channel.vi (i.e., you will not be able to add an arbitrarily
large delay to the channel). You can use the front panel controls to modify
the symbol timing recovery method used in the simulator. After choosing the
STR method and modifying the delay, you should notice the estimated offset
generated by the receiver changes as you vary delay. This integer offset value
includes delay introduced by pulse shaping and matched filtering.

The simulator outputs the estimated delay of the channel (i.e., after correct-
ing for any offset caused by filtering) as an error statistic. The VI simulator.vi
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Figure 3: Block diagram of synchronize.vi.
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compares this estimated delay with the actual delay and computes the mean
square error static, which has been normalized by symbol period Tj

eV =E ||

V) - )/ T} ©)

where N is the oversample factor at the receiver, 7 (N) is the estimated delay
of the channel computed at the receiver!, and 7, is the actual delay of the
channel.

Plot a graph of the timing error statistic € (N) versus oversample factor N,
using the parameters below. Since your channel will have no noisé, you will
only need to run a single iteration of the simulator to gather the'timing error
statistic. Note when modifying oversample factor N, symbol pefiod 7; must
remain constant (i.e., since Ty = N Ty, you must also modify.the sampling
rate at the receiver appropriately).

e Delay t; = 0.34T;

e Oversample factor N = 2,4, 6, ... 420

e Channel Model: 1 = 0.75¢/7/# (i.&., narrowband channel)
e Noise Power = —oo dB

In summary:

e After buildingalign_.ELgate.vi and align_MaxEnergy.vi, place these Vs
into your simulator (i.e., inside symbol _timing.vi).

e Modify the symbol timing recovery method and the delay introduced
by the channel from the front panel of Smulator.vi.

o Afterwerifying the functionality of your code, observe how these algo-
rithms perform in the presence of a narrowband channel with AWGN.
In the presence of these impairments, observe how the packet length
affects the performance of the algorithms you have implemented.

e Using delay t; = 0.347, and the parameters listed above, plot the
timing error statistic € (), as defined in Eq. (5), for oversample factors
N =2,4,6,...,20 (i.e., even integers up to 20). Use a logarithmic
scale for timing error and a linear scale for N.

1Estimated channel delay £(N) ==, where k is the integer offset estimated at the receiver

(after correcting for delay due to filtering), 75 is the symbol period, and N is the oversample
factor at the receiver



60 Lab 3: Synchronization

Pre-Lab Turn In

1. Submityourimplementation of align_Elgate.vi and align_MaxEnergy.vi.

Note: If you need to generate additional subVIs for this or any future
labs, please submit these subVIs along with your other pre-lab Vis.

2. Submit your answers to all of the questions in the pre-lab section along
with your plot of timing error € (N) versus oversample factor N.

3 Lab Experiment

In this lab you will run your implementations of align_ELgatevi and align_
MaxEnergy.vi over a real wireless link. Using your code.from the prior labs
in conjunction with the new blocks you have created, you will'complete the
framework for the transmitter and receiver blogks in lab="This framework
will be provided to you as in previous labs.

Figure 4: Hierarchy of code framework used in lab.

Insert your code into this framework as you did in the pre-lab. In the
pre-lab you observed how timing error varies with the oversampling factor
N at the receiver. Now you will observe this relationship over a real wireless
link.

Set up the following parameters in your baseband system.

e Packet length = 500 bits
e Modulation type = QPSK
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Pulse shaping filter = Root Raised Cosine

Filter parameter = 0.5

Filter length =8

Channel model: i = 0.75¢/7/4 (i.e., narrowband channel)
Noise power = —Inf dB

TX sample rate = 20 MSamp/sec

TX oversample factor = 20

RX sample rate = 2 MSample/sec

RX oversample factor = 2

Symbol timing recovery method = Max,Energy

Also make sure the following RF parameter is set up appropriately (using
the HW parameters control accessiblefrom the front panel of top_rx.vi):

Capture time = 400 usec

Questions

Answer the followingiquestions about the digital communication system:

1.

2.

What is the'symbol rate of the system based on the parameters above?

Asyou did in the pre-lab, vary the oversample factor N at the receiver.
Observe the general shape of the received constellation for a number of
packets (i.e., to eliminate any variance that might be caused by errors
in frequency offset correction or channel estimation). Observe how the
constellation changes when N = 2, 4, 10, and 20.

Based on what you’ve observed and what you learned in the pre-lab,
describe how the relationship between sampling error and oversample
factor N manifests itself on the signal constellation of top_rx.vi.

For each of the oversample factors in the previous question (i.e., N =
2, 4,10, 20), specify what value you set the RX sample rate to on the
front panel of top_rx.vi.
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Lab Turn In

Demonstrate to the instructor that your code is working properly. You will
be required to identify that a sampling error has occurred and qualitatively
support your claim based on the visualization tools available in top_rx.vi. You
will then need to show the instructor how the performance of your system
changes as you vary oversample factor N at the receiver. Also answer all of
the questions above. You will be required to submit these answers in a lab
report.

DIRECTIONS FOR LAB SUBMISSION

Your lab report should accomplish the following tasks.

1. Answer all questions from the lab experiment (i.e., do net reanswer
pre-lab questions).

2. Discuss any problems you might have encountered and how you over-
came these obstacles.

3. What underlying assumption about, the noise in the system has been
made, but not stated explicitly inthislab? Explain why this assumption
is important for the maximumigutput energy maximization problem.
Hint: Thisis a property of ANGN.

4. Air any grievances about'the structure, content, or workload for this
lab.
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Summary

In Lab 4 you considered a communication system using a narrowband chan-
nel model. This scalar channel model does not reflect the frequency selective
nature of most realistic wireless channels. This lab will introduce digital
transmission and reception in a frequency selective channel, where multiple
paths in the propagation environment create distortions in the,transmitted.
Correcting for distortions introduced by the channel requiresS‘more compli-
cated receiver processing. In this lab you will implement additional features
in the transmitter and receiver to mitigate channel distortions; The new trans-
mitter, channel, and receiver structure are illustrated in Figure 1.

The main concepts explored in this lab are linear least squares estimation
and linear equalization. After reviewing these coneepts you will build the
channel estimation and equalization blocks of the model in Figure 1. You
will verify the functionality and correctness of your code in a simulator.
Then, you will implement your code(in lab using the USRP hardware to see
how your code works over a realwirelesslink.

The goal of this lab is to understand the need for channel equalization and to
understand basic algorithms(forchannel estimation and channel equalization.
For the pre-lab submission,, yeu have to turn in the three VIs described in
Section 2 (LLSE.vi,xtoeplitzvi, and direct_equalizer.vi). Furthermore, you
have to submit the-answers to questions in Section 2.

1 Background

In wirelesssCommunication systems, the signal encounters a effects in the
propagation environment including reflections, scattering, diffraction, and
path-loss. The different mechanisms of propagation create multiple propa-
gation paths between the transmitter and receiver. For example, if there are
two propagation paths, the receiver may observe the signal

2(0) = age!Px(t — 1) + a1e/®ix(t — 1) + v(2), 1)

which consists of two different delayed, attenuated, and phase shifted versions
of the signal x(z). The delays 1o and t; are determined by the propagation
time of the paths, which would generally be different. If the difference 71 —tp
is significant (at least a fraction of a symbol period T') then the received signal
will experience intersymbol interference. This can not be corrected using the

63
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symbol synchronization techniques of Lab 3 since there is a sum of two
different received signals.

In general, there may be many propagation paths between the transmitter
and the receiver. A good generalization of Eq. (1) is

() = /he(r)x(t —1)dt +v(1), (2
where k. (7) is the baseband frequency selective channel. For complex pulse
amplitude modulations, the channel distorts the pulse-shaping function. Con-
sider the received signal after matched filtering and down-sampling: Using
for convolution define h(t) = E he(t) * gix(t) * grx(t) ¥ %(t)sand let
h[n] = Th(nT) be the sampled version of the channel. Theh

yinl = > simlhln —m] + vin]

m

h[0]s[n] + ) _ slm]hlnvs md +v[n]. (3)
m##0

intersymbol interference

Unless i () is a Nyquist pulse-shape;ithe second term in Eq. (3) will not be
Zero.
There are two main challenges+associated with the received signal in

Eq. (3).

1. The channel coefficients {i[£]} create intersymbol interference. The
solution we"pursue in this lab is to augment the detection procedure
with a linear equalization step.

2. The channel coefficients {i[£]} are unknown to the receiver. The so-
lution we pursue in this lab is to estimate the unknown channel coef-
ficients and use them to determine the linear equalizer, or to estimate
the coefficients of the linear equalizer directly.

The steps of estimation and equalization benefit from making some addi-
tional assumptions about the propagation channel. It is reasonable to assume
that the propagation channel is causal and FIR (finite impulse response). It
is causal because, naturally, the propagation channel can not predict the fu-
ture. It is FIR because (i) there are no perfectly reflecting environments, and
(ii) the signal energy decays as a function of distance between the transmitter
and receiver. Essentially every time the signal reflects some of the energy
passes through the reflector thus it looses energy. Additionally as the signal
is propagating, it loses power as it spreads in the environment. Multipaths
that are weak will fall below the noise threshold. With the FIR assumption, it
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is common to assume that the composite channel &(z) is also FIR thus Eq. (3)
becomes

L

yinl = slmlhln — €1+ vlnl. 4

{=0

The unknown channel coefficients are {h[e]}l%:0 where L is the order of the
filter.

In this lab we will employ a linear equalizer. The goal of a linear equalizer
is to find a filter that removes the effects of the channel. Let { f,, [l]}lL:fO be
an FIR equalizer. The equalizer will be applied to the receivedisignal\so that

Ly

il = ) fglllyin — 6 80 —ngl, ()

=0

where n, is the equalizer delay and is generally a design parameter. Generally
allowing ng > 0 improves performance. The best equalizers consider several
values of n, and choose the best one,

1.1 Linear Least Squares

The main mathematical technigue that will be used in this lab is known as
linear least squaresiwhich will be used both for estimating the channel and
for computing the equalizer.

Let A denotela N x» M matrix. The number of rows is given by N and
the number of columns by M. If N = M we say that the matrix is square.
If N > M wecall the matrix tall and if M > N we say that the matrix is
fat. \We use the notation A7 to denote the transpose of a matrix, A* to denote
the Hermitian or conjugate transpose, and A€ to denote the conjugate of the
entries of A. Let b be a N x 1 dimension vector. The 2-norm of the vector
is given by [la]l = />, |b, 2.

Consider a collection of vectors {x,}X_,. We say that the vectors are lin-
early independent if there does not exist a set of nonzero weights {«;,} such
that 3°, axX, = 0. In CV and RY, at most N vectors can be linearly inde-
pendent. We say that a square matrix A is invertible if the columns of A (or
equivalently the rows) are linearly independent. If A is invertible, then a ma-
trix inverse A~ exists and satisfies the properties AA~1 = A~1A = I. IfA
is tall, we say that A is full rank if the columns of A are linearly independent.
Similarly, if A is a fat matrix, we say that it is full rank if the rows are linearly
independent.
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Consider a system of linear equations written in matrix form
AX = b (6)

where A is the known matrix of coefficients sometimes called the data, x is
a vector of unknowns, and b is a known vector often called the observation
vector. We suppose that A is full rank. First consider the case where N = M.
Then the solution to Eq. (6) is x = A~1b.

Now suppose that N > M. In this case A is tall and the system overdeter-
mined in general. This means there are N equations but M unknowns, thus
it is unlikely (except in special cases) that an exact solution exists. In this
case we pursue an approximate solution known as least squares.“Instead of
solving Eqg. (6) directly we instead propose to find the solution tothe squared
error

min |Ax — b||%. 7)

Using matrix calculus, it can be shown that the“selution to this problem
assuming that A is full-rank is

Xrs = AA)TA*D. (8)

Note that A*A is a square matrix and invertible because of the full-rank
assumption. We refer to x; gfasithe linear least square error (LLSE) solution
to Eq. (6).

We use the squaredeerroriachieved by x; s to measure the quality of the
solution. With some calculds and simplifying, it can be shown that the least
squares error achieved. is’given by

IAXzs — b = X*A*(Ax — b) —b*(Ax —b)  (9)
b*b — b*Ax. (10)

J(XPs)

Now you will use the least-squares solution for channel estimation and equal-
ization.

1.2 Channel Estimation

There are several different criteria for designing an estimator including the
maximum likelihood criterion, minimum mean squared error, and least squares.
Of these, perhaps the least squares technique is the simplest thus we will dis-
cuss it here. The added advantage of the least squares estimator is that in
AWGN the least squares estimator is also the maximum likelihood estimator.
Suppose that {t[n]}ff;o is a known training sequence. This is a set of
symbols that is known a priori. Suppose that the known training symbols
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are inserted into the transmitted sequence such that s[n] = ¢[n] forn =
0,1,..., N;. Tosolve for the estimate of the channel using the LLSE solution
in Eq. (8), it is necessary to form a system of linear equations. Consider

L
ylnl = ) hlllsln — 1]+ vln],
1=0
where s[n] = t[n] forn = 0,1, ..., N;. Since s[n] is unknown for n > N;
(that is the unknown data), we need to write the squared error only in terms
of the unknown data. With this in mind the least squares problem.is to find
the channel coefficients that minimize the squared error

2

N;—1 L
(h101, A[1], ..., AIL]} = ag o omin ; y[n] = ;a[l]t[n -1

The summation startswithn = L to ensure unknown data is notincluded. The
least squares estimator is simply a generalization of thenarrowband estimator.
A “straightforward” way to solve this problem is to differentiate with respect
to a*[m], build a set of linear equations, @nd solve. An alternative approach
is to build a suitable set of linear equations.¥This is a powerful approach to
solve a large class of least squaresqroblems.

First write the observed data‘as a function of unknown in matrix form

yIL] 4’4 SN 110] al0]
yIL +1] _4oe : al1]
yIN: —1] t[Nt._ 1] --- ([N, —.1—L] al[L]
—_—— [ ——
Yy T a

whereywe refer to T as the training matrix. If T is square or tall and full
rank, then 7*T is an invertible square matrix, where * stands for conjugate
transpose (Hermitian). The tall assumption (square with equality) requires
that

N —L>L+1,

or, equivalently
N; > 2L + 1.

Generally choosing N, much larger than L+1 (the length of the channel) gives
better performance. The full rank condition can be guaranteed by ensuring
that the training sequence is persistently exciting. Basically this means that it
looks random enough. Random training sequences perform well while the all
constant training sequence fails. Training sequences with good correlation
properties generally satisfy this requirement.
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1.3 Channel Equalizer Calculation

With an estimate of the channel {fz[l]}fzo in hand, the next task is to remove
the effects of this channel. In this lab we consider linear equalization that
performs the operation in Eq. (5). There are several approaches for designing
a linear equalizer. In this lab we compute the least-squares equalizer. The
objective is to find a filter such that

Ly
> flllhln — 11~ 8[n — nal. (11)
=0

Except in trivial channels Eq. (11) can not be satisfied exactlyyThe reason
is that an FIR filter requires an IIR filter. The parameter n4.in’'Eq.7(11) is
the equalizer delay and is generally a design parameter. Generally allowing
ng > 0 improves performance. The best equalizers consider several values
of ng and choose the best one.

A straightforward approach is the least-squaresequalizer. The key idea
is to write a set of linear equations and solvefor the filter coefficients that
ensure that the Eq. (11) minimizes the,squared error. Writing Eq. (11) in
matrix form

Aol 0 .- . N VIOl 0
A1l ho] o £ SI1] :
’ : _ 1 «~—ng+1
h[L) - :
0 AL} : .
L AL fILgl 1 L O ]
——
A f ey

The matrix H is a type of Toeplitz matrix, sometimes called a filtering matrix.
Assuming that H is full rank, which is guaranteed if any of the channel
coefficients are nonzero, the linear least squares solution is

o PPN AN
fug = (A*A) Ae,,.

The squared error is measured as J¢[nq] = || Af — €y, |2 The squared error
can be minimized further by choosing n4 such that J¢[n,4]is minimized. This
is known as optimizing the equalizer delay.

The equalizer order is L. The choice of L is a design decision that
depends on L. The parameter L is the extent of the multipath in the channel
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and is determined by the bandwidth of the signal as well as the maximum delay
spread derived from propagation channel measurements. The equalizer is an
FIR inverse of an FIR filter. As a consequence the results will improve if L ¢
is large. The complexity required per symbol, however, also grows with L ¢.
Thus there is a tradeoff between choosing large L ¢ to have better equalizer
performance and smaller L ; to have more efficient receiver implementation.

1.4 Direct Least-Squares Equalizer

Using the channel estimation and equalization methods from the\ previous
sections requires solving two least squares estimation problemssThis can be
computationally expensive. Designing the equalizer estimate directly from
the received sequence can be more efficient as this method, only requires
formulating a single least-squares estimation problem. The least-squares
equalizer requires solving two least-squares prablems. “Fhe first is to esti-
mate the channel coefficients using a least squares approach; the second is
to estimate the least-squares equalizer. An alternatiVe approach is a direct
solution. This means that the equalizer isffound directly from the observed
training data. Such an approach is somewhat more robust to noise.
Consider the received signal after(linear equalization with delay ny4

Ly
Sin —ngl'=y " fuglllyln —11. (12)
1=0

Suppose that s[n] ="#fnforn = 0,1, ..., N, is the known training data.
Then s[n — ngl E4n—ngl forn = ng,ng +1,...,ng + N;. Rewriting
Eq. (12) with knowledge of the training data

Ly
tn] =" fuglllyln +na — 11

=0

forn=0,1,..., N;.
Now build a linear equation

1[0] ylnal «+o y[lng — Ly] fny10]
(Ne =1 | ylng+ N, =10 -+ slna+ N, — Lyl | LnalLs]
t v g

ng

(13)
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Solving under the assumption that Y is full rank, which is reasonable in the
presence of noise, the least squares solution is

fog = (YEYu) "YEL (14)

The squared error is measured as J¢[ng] = ||t — \?ndfnd||2. The squared
error can again be minimized further by choosing n4 such that J¢[ng] is
minimized.

Note that to ensure that Y is square or tall requires L < N; — 1. Thus
the length of the training determines the length of the equalizer.¢This is a
major difference between the direct and indirect methods. Withsthelindirect
method, an equalizer of any order L  can be designed. The direct method,
on the other hand, avoids the error propagation where the,estimated channel
is used to compute the estimated equalizer. Note that\with'a small amount
of training the indirect method may perform better since'alarger L  can be
chosen while a direct method may be more efficient when N, is larger.

2 Pre-Lab

You have learned about two equalizer‘estimation methods, indirect and di-
rect. In this lab you will be implementing the direct least-squares equalizer
described in the last section, Jodo this you will need to build a number of

Table 1: Description of LLSE.vi

LLSE.vi - for linear/System Ax = b, as in Eq. (6),
computedinear least squares estimate of parameter x
A 2-D array of m X n matrix
CDB
INPUT (complex
uts doubles)
b 1-D array of length m vector
CDB
. 1-D array of linear least squares estimate of
.estimate .
e CDB parameter x, as defined by
Eq. (8)
OUTPUTS least DBL (double) squ?red erzror of estimate,
squared IAX — b||
error
error 132 (integer) error code generated by
code Inverse Matrix.vi
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Table 2: Description of toeplitz.vi

toeplitz.vi - generate an m-by-n Toeplitz structured matrix from
the first row (length n) and column(length m) of the matrix
row 1-D array of first row (length n) of the
CDB matrix
INPUT (complex
uts doubles)
column 1-D array of first column (length m) of the
CDB matrix
OUTPUTS Toeplitz 2-D array of m-by-n Toeplitz structured
array CDB array

auxiliary subVIls (i.e., LLSE.vi and toeplitz.vi described in“Tables 1 and 2).
You will then use these Vs in your implementation of the direct least-squares
equalizer in direct_equalizer.vi. After building all of your VIs, you will revise
the equalizer.vi called by receiver.vi and,use the simulator provided to you
and verify your code as you have done-in the previous labs.

You can use the error code output of LLLSE.vi to find out if there were any
errors in computing the LLSE solution: For example, error code can be used
to indicate an error when the matrix"(A*A) is singular.

You have been provided'with'templates for the VIs you need to create for
this lab that already“have all the inputs and outputs wired for you. What
is required of you'isito finish constructing the block diagram to provide the
functionality of.the VIs.

Throughoutsthe course, several of the VIs you will create will have a
modulation parameters cluster passed into and out of them. The modulation
parametersin contains many of the parameters needed by your VIs and will
be unbundled from them. This has already been done for you in the template
Vs if necessary. Some VIs will also have modulation parameters out, so that
the cluster can be passed on through to the VIs that follow. Please ensure that
these clusters remain wired the way they are in the template VIs, as changing
how they are wired will cause VIs further down the line to break.

After building these VIs, it is important that you verify their functionality
before proceeding as you will need to use them in your implementation of
direct_equalizer.vi. To verify the functionality of LLSE.vi, do the following:

e Let A be a 3x5 matrix of all zeros except for its major diagonal, which
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is all ones:

=

Il
cocooor
cocoro
cor oo

e Let b be any vector of length 5, such that the last two positions of b
are zero (i.e., b = [b1 b b3 0 0]7 contains three nonzero values in its
first three positions).

o Verify that LLSE.vi computes x.estimate to be the first threeselements
of b.

Also verify that your VI returns an error when A_is not full rank. To test
this, replace the last column of A with zeros and repeat the above test (i.e.,
checking to see that an error has occurred). Next,verify)your implementation
of toeplitz.vi is working by visual inspection of Toeplitz array. This matrix
should have constant negative-sloping diagonals.

To receive full credit you must correctly implement both LLSE.vi and
toeplitzvi. However, if you are‘unable to do so, you may use the equiva-
lent VIs from digital_comm.lIbto implement direct least-squares equalizer
estimation.

Next, you will build direct_equalizer.vi, which will be inserted inside
equalizer.vi as shown in Figure 2. This block diagram shows how equalizer.vi
implements the delaysoptimization for both direct and indirect equalizer es-
timation.

To build direct equalizer.vi, implement the direct least-squares estimation
solutiongin“Eg. (14). You should use your implementations of toeplitz.vi
and LLSEwi to formulate and solve the LLSE problem of Eq. (14) in di-
rect_equalizer.vi. These subVIs should simplify your code significantly. Be
careful when generating the matrices of Eq. (14) as small errors in the for-
mulation can lead to critical problems.

Table 3 describes the details of direct_equalizer.vi. Notice the VI takes an
explicit equalizer delay input. Do not confuse this value with the equalizer
delay parameter in the modulation parametersin cluster. Use the equalizer
delay input to form the received signal matrix of Eq. (13) (i.e., do not use the
delay parameter from the modulation parametersin cluster).

To build the training vector t of Eq. (14) use Training Sequence, a 1-D array
of CDB, from the modulation parameters in cluster. You will only use the
first half of Training Sequenceto generate t, since the training sequence from
the modulation parametersin cluster is composed of two repeated sequences
(i.e., first half of Training Sequence is the same as the second half). This
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Figure 2: Block diagram of equalizer.vi
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Table 3: Description of direct_equalizer.vi

direct_equalizer.vi - solves for the least-squares solution of the equalizer
directly from the received sequence as in Eq. (14)
input 1-D array of received sequence after frame
CDB detection

INPUTS - - -
equalizer | 132 (integer) filter delay parameter ng
delay
filter 1-D array of solution to LLSE of Eq.(14)
estimate CDB
mean DBL mean square erroryof,estimate,
Square 1Y gy — 112

OUTPUTS | .o d'nd
actual 132 (integer) delay parameter modulo
equalizer Let1
delay

means N;, the length of t, will be ong=half'the size of the training sequence
array from the modulation parametersin cluster.
In summary:

e Build LLSE.vi using the’linear algebra tools available in the Linear
Algebratool palettenBe-aware that these polymorphic Vs operate in
a number of modes and may require you to specify the use of com-
plex inputss<ThesL inear Algebra tool palette can be accessed from
Mathematiecs=Linear Algebra.

e Build toeplitzvi using the array tools available in the Array palette.
Bessuresto verify your code before using this VI in direct_equalizer.vi
as'small errors in formulation can lead to critical problems.

o After building direct_equalizer.vi using the previously mentioned VIs,
insert your code into equalizer.vi, which can be accessed from the block
diagram of receiver.vi

Questions

Answer the following questions, and submit the answers as part of your pre-
lab.

1. In your implementation of toeplitzvi you were required to build a
Toeplitz matrix given the initial row and column of the matrix. Notice
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the first element of row and column should be equal. What will your
VI do if the initial element of each array is different?

2. Test your channel equalizer algorithm using the channel A[0] = 1,

h[1] = 0.35¢/™/4. You can modify the length of the equalizer from
the front panel of the simulator. In the absence of noise, what happens
to the received signal constellation when you set the equalizer length
to one? Describe what happens to the constellation as you vary the
equalizer length from one to six.

3. Using the same channel, observe how the bit-error rate.perfermance

of your equalizer varies with SNR for various equalizeriengths. Plot
average BER as a function of SNR for Ly +1 =1 and Ly +1 = 6.
Vary SNR from 0 dB to 14 dB in increments of 2 dByUse the default
value for any parameter not specified below.

e Modulation type = QPSK
Packet length (bits) = 500

Equalization method,= Direct

Equalizer length (L4 %) =1,6
e ISl Channel = {R[0]'= 1, h[1] = 0.35¢/7/4}

Remember ifysignal power is held constant, then decreasing noise
power, Np, is.equivalent to increasing SNR. To observe errors at high
SNR you will'need to run significantly more iterations in the simulator.
Use a logarithmic scale for BER and a dB scale for SNR in your plot.

Alsoron the same graph, plot BER as a functionof SNRfor L s +1 =1
inlan AWGN channel for the same range of SNR values. For this curve,
you'will only need to plot error rates in excess of 106,

Pre-Lab Turn In

1. Submit your implementation of LLSE.vi, toeplitz.vi, and direct_equal-

izer.vi. Remember, you will be penalized if you do not wire the error
cluster inputs and outputs in your implementation of direct_equalizer.vi.

Note: If you need to generate additional subVIs for this or any future
labs, please submit these subVIs along with your other pre-lab Vis.

2. Submit your answers to all of the questions in the pre-lab section.
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3 Lab Experiment

In this lab you will run your implementation of direct_equalizer.vi over a
real wireless link. Using your code from the prior labs in conjunction with
the new blocks you have created, you will complete the framework for the
transmitter and receiver blocks in lab. This framework will be provided to
you as in previous labs.

Figure3:“Hierarchy of code framework used in lab.

Insert your codef/interthis framework as you did in the pre-lab. In the pre-
lab you observed the’'BER performance of the direct least-squares equalizer
over a/multipath channel. Now you will observe how a multipath channel
impacts the constellation of the received signal. You will also learn about the
power-delay profile of a multipath channel.

3.1 Narrowband Channel

In this part of the lab experiment you will observe how the channel of a
real wireless link impacts the received QAM constellation. To begin, setup
the following parameters in your system using the appropriate controls in
top_rx.vi and top_tx.vi:

e Packet length = 500 bits
e TX sample rate = 20 MSamp/sec

e TX oversample factor = 200
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e RX sample rate = 2 MSamp/sec
e RX oversample factor = 20

e Equalizer length =1

e Capture time = 3.5 msec

Use the default values for any parameters not listed above. Next, in order
to observe the impact of the wireless channel on your received QAM con-
stellation you will need to rewire part of the block diagram in receiver.vi.
As shown in Figure 4, rewire the wire labeled “recovered symbol§’ so it is
connected to the output of synchronize.vi and not strip_control Vi This will
allow you to observe the received constellation prior to equalization. Notice
that since this modification bypasses strip_control.vi it*will ‘plet the entire
received sequence (i.e., including training data and»any. additional symbols
or zeros at the end of the array).

Questions

After setting up the appropriate parameters andimodifying receiver.vi as pre-
viously described, run your system and ohserve how the narrowband channel
alters your received constellation.

1. What is the symbol rate-of yoeur system?
2. What is the passhand bandwidth of your system?

3. Based on youriabservations, describe the impairments imparted to the
received constellation. You may need to “auto-scale” the axes of your
constellation in receiver.vi in order to observe the effects of the nar-
rowband wireless channel.

Submit,your answers to these questions as part of your lab report.

3.2 Wideband Channel

In this part of the lab experiment you will learn about the power-delay profile
of the channel. The power-delay profile of a continuous-time channel i (t)
is

P =E{Ih®P], (15)

where E{-} is the expectation operator. The discrete-time equivalent of the
power-delay profile can be computed from the estimated channel /[n] (i.e.,
Pln] = E{|h[n]|?}). In this part of the lab experiment you will study the
power-delay profile of a wideband system.
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Set up the following parameters in your system:
e Packet length = 500 bits

e TX sample rate = 20 MSamp/sec

e TX oversample factor = 4

e RX sample rate = 10 MSamp/sec

e RX oversample factor =2

e Channel estimate length = 6

e Equalizer length =6

e Capture time = 80 usec

Use the default values for any parameters not listed Jabove. You will now
start the transmitter of your system (i.e., top_tx.vi).*Rlace your antennas at an
elevated height so they will be free of obstréctions and able to capture a large
portion of the multipath energy in your wireless environment. Begin receiving
packets using top_rx.vi. Record the esfimated'channel /1[n] for at least 5 of the
transmitted packets. Discard any measurements in which the bit-error rate of
the received packet exceeds 0.10%typically BER exceeds 10~1 when errors
in frame detection occur. You should also disable frequency offset correction
from the front panel of top_rx.vi, as this can lead to additional unwanted
errors. Also, be sureito rewire the wire labeled “ recovered symbols’ so it is
connected to the autputiof strip_control.vi and not synchronize.vi (in contrast
to the previous,section):

Questions
Answer thesfollowing questions about this part of the lab experiment.
1. What is the symbol rate of your system?

2. What is the passband bandwidth of your system?

3. Based on the data you have collected in this part of the experiment,
make a plot of the power-delay profile of the wideband wireless link
in lab. Discard any outlying observations that might have been caused
by errors in frame detection or noise. Average the power-delay profile
over the remaining observations.

Submit your answers to these questions along with your plot of power-
delay profile as part of your lab report.
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3.3 LabTurnlIn

Demonstrate that your code is working properly. Show that your code works
for a variety of equalizer lengths (L +1=1and L; 4+ 1 = 6).

DIRECTIONS FOR LAB SUBMISSION

Your lab report should accomplish the following tasks.

1. Answer all questions from the lab experiment (i.e., do not reanswer
pre-lab questions).

2. Discuss any problems you might have encountered and*hew you over-
came these obstacles.

3. In this lab you observed how your code gperates, over a narrowband
channel and a wideband channel. The following questions will explore
the differences between these two channels:

(a) What is the symbol period of the, narrowband system in Sec-
tion 3.1?

(b) What is the symbol periodef the wideband system in Section 3.2?

(c) If the continuous-time. channel i(t) has nonzero support for

T € [0, 2.5 usec)sthen how many nonzero taps will A[n], the
equivalent discrete-time channel, have in the narrowband and
wideband system‘respectively?
In otherwords, if 7,,;, and Ty, are the symbol periods of the nar-
rowband and wideband systems respectively, find the cardinality
(i.e.;snumber of elements) of the set A = {n|h[n] # 0} for each
system. See the hint below for more on A[n].

() Which of the two systems can “resolve” the channel response
h(t) more accurately?

HINT: The equivalent discrete-time channel is h[n] = h(nT;), where
T isthe symbol period of the system.



Lab 5: Frame Detection & Frequency Offset
Correction

Summary

The algorithms for channel estimation and equalization discussed in Lab 4
were formulated under the assumption that the location of the training data
was known, which we call the start of the frame. In practice, dug to prop-
agation and signal processing delays, the location of the beginning of the
frame is unknown. This makes it difficult to apply the channel, estimation
and equalization algorithms from Lab 4. Up to this pointsit,has.also been as-
sumed that the carrier frequency of the transmitter.and receiver were locked
together. Even small differences, however, lead to a distortion known as car-
rier frequency offset. In this lab you will implement a particular method for
frequency offset correction, called the Mogse algorithm, and a method for
frame detection based on correlation.

The frequency offset correction and*frame detection algorithms you will
implement in this lab will be embedded within the synchronization block of
the receiver. After building the'VIs‘needed to implement these algorithms,
you will verify the functionality.and.correctness of your code in a simulator.
Then, you will implement your code in lab using RF Hardware to see how
your code works over a realiwireless link.

Note that after this\labwou will have considered symbol timing synchro-
nization, frame detectionyand channel estimation/equalization all as indepen-
dent problems{ Infactuality, any number of these problems could be solved
jointly (e.g<vjeintly solve for the symbol timing offset and channel estimate
which minimizes mean-squared error). The task of joint optimization will
not be explored in this lab, but you should be aware that the receiver you have
been implementing in lab is not necessarily the optimal one. In particular,
it is common that frame synchronization is performed jointly with carrier
frequency offset estimation.

For the pre-lab submission, you have to turn in the two VIs described in
Section 2 (Moose.vi and dliding_correlator.vi). Further, you have to submit
the answers to the questions in Section 2.

1 Background

In this section we provide some background on training sequences then review
algorithms for frame synchronization and frequency offset synchronization.

82
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1.1 Training Sequences

Up to this point we have assumed that a training sequence has been provided
at both the transmitter and receiver. Not all training sequences are created
equal. Withouta good training sequence, the estimation techniques in the labs
would perform poorly. This section discusses some desirable properties of
training sequences and introduces one family of sequences known as Barker
codes. Many other sequences are used in research literature and in commer-
cial wireless systems as well (e.g., Frank sequences, Zadoff-Chu sequences,
or Gold sequences).

Training sequences serve as a known reference signals, which can be used
for many purposes at the receiver. In these labs, we use training sequences
for two main purposes: (1) synchronization and (2) channel, estimation. In
general, good training sequences for synchronization/possessistrong auto-
correlation properties. In Lab 4, the training sequence needed to be suitably
designed in order to provide sufficient rank properties! Training sequences
with strong autocorrelation properties can satisfy‘these rank properties. In
this lab, you will use such a training sequehce to create a correlation based
detector that finds the beginning of a frame,

Barker codes are one set of sequences with'good aperiodic autocorrelation
and rank properties. A length Ny BarkerSequence {ak}ffL1 is a sequence of
values, +1, such that

<1, 1)

N; =k
i=1

forall 1 < k < Ny Because of this strong autocorrelation property, Barker
sequenees arescommonly used in digital communication systems that employ
spread, spectrum techniques. They have been used for example in IEEE
802.11 andAEEE 802.11b. Table 1 has a list of known Barker codes®. The
complete set of Barker sequences is the closure of this set of codes under
reversal and negation.

The known binary sequences that satisfy Eq. (1) are listed in Table 1. It
may happen that longer training sequences are required in a given applica-
tion. Remember that longer training sequences give better estimation perfor-
mance. One approach is to relax the condition in Eq. (1) to allow for large
cross-correlation values or the binary restriction and thus look for another se-
quence family. Another approach is to concatenate several Barker sequences
together. This will give higher cross-correlation peaks, but provides some
other properties that will be exploited for frequency offset estimation.

1shorthand notation is used in this table. “—” and “+” represent —1 and +1 respectively.
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Code Length | Barker Sequence

2 [—+, —]

3 [+

4 [—+— —+++]

5 [———+-]

7 [-——++—+]

1 [-——+++—++—+]

13 [-———— ++——+—+-]

Table 1: Barker Sequences

In the lab we will use a training sequence that consists of four length 11
Barker sequences prepended to the data segment of the packet. This means
that you may treat the training sequence as a concatenation of two length 22
training “sub”-sequences (i.e., the complete training sequence is 44 symbols,
and the first and second half are the same).

1.2 Frame Synchronization

The purpose of frame synchronization is to resolve multiple symbol period
delays, determining what we call the beginning of the frame. Essentially
the objective is to find a knewn, reference in the transmitted signal so that
subsequence receiver operations €an proceed like channel estimation and
equalization. There,is ahugh,theory surrounding frame synchronization. We
consider one approach,based on correlation properties of the training signal.
To develop the frame,synchronization algorithm we neglect the presence of
carrier frequericy offset in this section.

Consider‘adflat-fading channel where symbol synchronization has already
been€mployed to give

y[n] = hs[n — d] + v[n]

after the matched filter and down-sampling at the receiver where & is an
unknown complex channel coefficient and d is an unknown frame offset.
Suppose that data is transmitted in frames consisting of a length N; training
signal followed by P — N, data symbols. Suppose that {t[n]}f:’;O is the
training sequence known at the receiver. Since the training sequence has
good correlation properties, we correlate the received signal with the training

signal to compute

N—1 2

> rlklyln + k]

k=0

R[n] = )
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and solve for the frame offset as

~

d= mr?x R[n]. 3)

The correlation in Eg. (2) results in two terms

2

N,—1 N—1
R[n] = Zt*[k]hs[n—d]—}—Zt*[k]v[n] )
k=0 k=0

Because the noise is zero mean, the second term should be approximately
zero if the training sequence is large enough. This leads to

2 2

Ni—1 Ni—1
R[n] ~ | t*[klhsln+k—d]| = |h|? Zt*[k]s[n—d] .(8)
k=0 k=0

Assuming that the data is different than the training.seguence, the correlation
peak should occur at the location of the training data, assuming that the
training data is contained in the window of observation samples.

Now suppose that the channel is frequency selective and

L
y[n] = Zh[ﬁ]s[n — &= d)+v[n] = h[l] *xs[n — d] + v[n],
(=0

where we use  to denote convolution. In this case, the received correlation
R[n] neglecting noise'is

Rit) ~ |h[e] " [—n] % sln — d1|*. (5)

The effectof the channel is to “smear” the correlation peak. Correlation based
frame detection still works, but it becomes less accurate as the peak may shift
due to the'channel. In practice the peak value of R[n] may be shifted by an
offset d = max, R[n]— A forsome A > Otypically A < L/4. Equalization
takes care of the residual offset.

1.3 Frequency Offset Estimation

Passband communication signals are used in wireless communication sys-
tems. A passband signal has energy that is nonzero for a frequency band con-
centrated about some carrier frequency f.. At the transmitter the baseband
signal is upconverted to a passband signal while at the receiver a passband
signal is downcoverted to a baseband signal. In most systems the carrier
frequency used for upconversion at the transmitter does not match the car-
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x(t) —=| RF Upconversion T~ =)
t

propagation

t channel
fe fe

Figure 2: Frequency offset between transmitter and receiver.

rier frequency at the receiver, as illustrated in Figure 2. This creates what is
known as a carrier frequency offset.

From abaseband signal perspective, the problem of carrier freguency offset
can be visualized using the signal model in Figure 3 wheré'the carrier offset
is f, = fe. — f.. The effect of the offset is to rotate the received signal by
exp(j2r f,t). The larger the offset, the faster the received,signal rotates. The
carrier offset complicates most of the receiver processing functions including
frame synchronization, channel estimation, and equalization.

If the carrier offset is small and sufficient'sampling is employed, then the
discrete-time signal at the receiver after matched filtering and downsampling
can be written as

L
yinl = @AY hllls[n — 1]+ vln],
=0

where ¢ = f,T. The objective of carrier frequency offset synchronization
is to estimate thesparameter €. Given an estimate €, removal of the offset
amounts to performing

§lnl = e~ /27" y[n]. (6)

To estimate the carrier frequency offset, we use a data aided approach
proposed by Moose [7]. This method relies on a periodic training sequence
and is applicable to many commercial wireless systems (e.g., IEEE 802.11a/g
systems). It a self-referenced synchronization algorithm as it employs the
periodic structure in the training but not the correlation properties. Consider

v(t)

z(t) —| Rh(7) @ e’ 2(t) = eﬂ”f”f’/ hr)z(t — 7)dT + v(t)

Figure 3: Frequency offset between transmitter and receiver.
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a complex pulse-amplitude modulation where there is a repetition of two
training sequences followed by the data. Let the training sequence start at
n = 0. Thus

s[n] = s[n + N¢] = t[n]
forn =0,1,..., N, — 1. Note that symbols s[n] forn < Oandn > N, are
unknown (they are either zero or correspond to the unknown portions of the
data). For L <n < N; —1

L
yinl = /Y " hlllsln — 1]+ vin]
1=0
. L
Vin+ Nl = PN hlllsin + Ny — U4 vln F NA.
1=0
Using the fact that s[n + N;] = s[n] = ¢t[n] form =0,1,7., N, — 1
Vin+ N1 = 2NNy Shilleln — 1]+ vln + Ny
1=0
~ /7 Nign )

To see the significance of this result, remember that the channel coefficients
{h[I1}}-_, are unknown!

One way to solve the frequency offset estimation problem is to formulate
and solve a least-squares problem. Because ¢ appears in the exponent, we
solve a modified least'squares problem. Consider the squared error

Ni—1
T@@) =Y Iyl + Ni] = ay[1]]>.
=L
Using the concept of liner least squares from Lab 4, the coefficient a is
SN+ NIy
Y P

Since only the phase of a is of interest, there is no need to compute the
denominator. A simple estimate of the frequency offset is then

a=

phase Y"1 yll + N, 1y*[1]

€ =
27 Ny

®)

or
; _ phase SNyl + Ny
°T 27 TN,

: ©)



Lab 5: Frame Detection & Frequency Offset Correction 89

where phase denotes the principle phase of the argument.
Thanks to the periodicity of the discrete-time exponential, the estimate of
€ will only be accurate for [e N;| < % or equivalently

lel < -
6 —
~ 2N

or
1

< )
| fel < 3TN,

Choosing larger N, improves the estimate since it results in more npise aver-
aging but reduces the range of offsets that can be corrected. A way of solving
this problem is to use multiple repetitions of a short training sequence, but
this will not be exploited in this lab. An enhanced carrier frequency offset
correction range can be obtained by using properties of the training sequence.

1.4 Combining Frame Detection and Frequency
Offset Estimation

The frame synchronization algorithm.in this lab was developed assuming
there was no carrier frequency offset. The presence of frequency offset re-
duces the accuracy of the correlationbased frame detection method. Forsmall
offsets this effect can be negligible while for larger offsets, the autocorrelation
properties of the training sequencescan “fall apart.”

The carrier frequency offset-estimation algorithm considered in this lab
assumed that frame“synchronization was already performed. The periodic
correlation properties though could be used to perform frame synchronization
as well. The observation is that the correlation peak should occur when the
pair of training sequences is encountered at the receiver. A robust approach
involves evaluating the received correlation in a window and solving

Ni—1
> yin+d+ Nily*[n +d]

d = arg max n=r . (10

Ni—1 1
2

N;—
Iyln+dli2 | X |yln+d+ Nj?

n=L n=L
Frame synchronization with the Moose method is robust to intersymbol in-
terference.

In the lab we will employ the training based correlation for frame synchro-
nization followed by the Moose method for carrier frequency offset estima-
tion. It should be clear though that other approaches are possible, including
algorithms that jointly perform frame synchronization and carrier frequency
offset estimation.
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Table 2: Description of Moose.vi

Moose.vi - implements the Moose algorithm described by Eq. (9) and performs
correction per Eq. (6).
input 1-D array of received sequence after frame
CDB detection
(complex
doubles)
INPUTS symbol DBL (double) | symbol rate of the system
rate
channel 132 (integer) Ly+1
estimate
length
output 1-D array of receivedrsequence after
CcDB correcting for estimated
frequency offset, i.e., y[n] as
OUTPUTS described by Eq. (6)
frequency | DBL freguency offset estimate
offset foffset = €/T
2 Pre-Lab

In this lab you will.implementthe correlation based frame detector and the
Moose algorithm. Yeu will first build Moose.vi, that will implement the
Moose algorithm¢ You will then build sliding_correlator.vi, which will im-
plement the frame detection algorithm. This VI will also use Moose.vi to
estimate/correct for the frequency offset. These Vs are described in Tables 2
and 3¢After building your Vs, you will insert your code into frame_detect.vi
in the simulator provided to you and verify your code using the simulator.
Please name your VIs in the same manner as your previous submissions (i.e.,
follow the yourname_ Viname.vi format).

After building these VIs, insert your code into the simulator provided to
you. As shown in Figure 4, you will insert sliding_correlator.vi into the
appropriate case structure in the block diagram of frame_detect.vi.

You can find frame_detect.vi in the block diagram of synchronize.vi. The
hierarchy of these files is shown in Figure 5. After inserting your code appro-
priately, if you find that the simulator does not compile check to make sure
that you have used the same connector topology described by moose.vi in the
digital communication library.

You have been provided with templates for the Vs you need to create for
this lab that already have all the inputs and outputs wired for you. What
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Figure 4: Block diagram of frame_d
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Table 3: Description of sliding_correlator.vi

diding_correlator.vi - implements the correlation based detector of Egs. (2)—(3) ;
also estimates/corrects for frequency offset using Moose.vi.
input 1Q waveform received sequence after
complex cluster matched filter and symbol
waveform timing recovery
INPUTS -
correct Boolean determines whether or not
frequency your V1 should correct for the
offset? frequency offset estimated by
Moose.vi
output 1-D array of received sequence after
CDB correcting for estimated delay
d and frequeney’offset (when
appropriate
OUTPUTS |O|C-> priate) =
frame 132 estimated delay d of Eq. (3)
offset
frequency | DBL frequency offset estimate
offset computed by Moose.vi

Figure 5: Hierarchy of files associated with frame_detect.vi.

is required of you is to finish constructing the block diagram to provide the
functionality of the VIs.

Throughout the course, several of the VIs you will create will have a
modulation parameters cluster passed into and out of them. The modulation
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parametersin contains many of the parameters needed by your Vs and will
be unbundled from them. This has already been done for you in the template
VIs if necessary. Some Vs will also have modulation parametersout, so that
the cluster can be passed on through to the VIs that follow. Please ensure that
these clusters remain wired the way they are in the template Vs, as changing
how they are wired will cause VIs further down the line to break.

After building these VIs and inserting them into the simulator as you have
done in previous labs, it is important that you verify their functionality. First,
verify that your correlation based detector is working by doing the following:

1. Set the Correct Frequency Offset control to FALSE on the front panel
of the simulator. Setting this constant to FALSE tells framedetect.vi
not to correct for the frequency offset estimated by Moosewvi.

2. Set the following parameters in your simulator.

e TX oversample factor = RX oversample factor = 10
e TX sample rate = RX sample rate. = 10 MHz

e Packet length (bits) = 500

Synchronization Methed's Timing Estimation

e ISI Channel = {1[0] =.0.835¢/7/4}

Use the default value far any parameters not specified above.

3. Set the delay ofithe,channel to 107§, where Ty is the symbol period of
the system

After running the"top level of your simulator, verify that your receiver
has estimated the correct delay in the channel. You can find the measured
delay inthe Measured channel impairments cluster on the front panel of the
simulatoryAdditionally, you should verify that you have no bit errors. After
you have verified that your correlation based frame detection algorithm has
been implemented properly, you can now check that your implementation of
the Moose algorithm is working properly by doing the following:

1. Set the Correct Frequency Offset control to TRUE on the front panel
of the simulator Setting this constant to TRUE tells frame_detect.vi to
correct for the frequency offset estimated by Moose.vi.

2. Use the same parameters to test your implementation of Moose.vi.

3. Set the delay of the channel to 107, where Ty is the symbol period of
the system.
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4. Set the frequency offset of the channel to 201 Hz.

Verify that the estimated frequency offset displayed in the Measured chan-
nel impairmentscluster reflects the correct frequency offset. Also, you should
have no bit errors. Finally, set the Correct Frequency Offset control back to
FALSE. Verify that your code estimates the frequency offset, but does not
correct for it when this Boolean control is set to FALSE.

In summary:

e After building Moose.vi and sliding_correlator.vi, insert your,code into
the simulator (i.e., inside frame_detect.vi).

Note: You will usethe unbundled parameter “ TrainingSequence” from
the modulation parametersin cluster for the training sequencein this
lab.

o \erify that your implementation of the correlationtbased frame detector
and the Moose algorithm are working properly:

Questions

Answer the following questions, and submit the answers as part of your pre-
lab.

1. Set up your simulator according to the steps used for verifying your
correlation based frame detector. In particular, make sure that the
control CorrectiErequency Offset is set to FALSE. Set the noise power
of your chanpel to'5 dB. Also, use AWGN channel for this question
instead of I1SI. Describe what happens to the error rate of your system
when‘the estimate for the delay in the channel is off by more than one
symbol time (i.e., when d # d).

NoteyYou may need to modify your VIsto observethiseffect, or you may
guess the impact from the structure of the frame detection equations.

2. Set up your simulator according to the steps used for verifying your
implementation of the Moose algorithm. Set the Correct Frequency
Offset control to FALSE. Describe what happens to the received con-
stellation if you do not correct for the 201 Hz frequency offset.

3. Based on the system parameters described in the pre-lab, what are
the range of frequency offsets that you can estimate/correct using the
Moose algorithm? Since the Moose algorithm cannot estimate/correct
for arbitrary frequency offsets it is often considered to perform what is
known as fine frequency synchronization.
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Pre-Lab Turn In

1. Submityourimplementation of Moose.vi and sliding_correlator.vi. Re-
member, you will be penalized if you do not wire the error cluster inputs
and outputs in sliding_correlator.vi and Moose.vi.

Note: If you need to generate additional subVIs for thisor any future
labs, please submit these subVIs along with your other pre-lab Vis.

2. Submit your answers to all of the questions in the pre-lab section.

3 Lab Experiment

In this lab you will run your implementation of diding-correlator.vi over a
real wireless link. Using your code from the prior_labs in conjunction with
the new blocks you have created, you will complete the*framework for the
transmitter and receiver blocks in lab as in previous labs. Insert your code
into this framework as you did in the pre-lab. Next, set up the following
parameters in your system.

e TX sample rate = 4 MSamp/seC

TX oversample factor = 20

RX sample rate = 4 MSamp/sec
e RX oversample factor;s 20

e Channel estimate length = 2

e Equalizerlength =4

o Capture,time = 2 msec

Leave any unspecified parameters set to their default values. Also make
sure that the Correct Frequency Offset control on top_rx is set to TRUE. You
will now perform two experiments to explore frequency offsets and frame
detection over a real wireless link. Before you begin, estimate the order of
magnitude of the frequency offset between the transmitter and receiver of
your system. Take note of this value as you may be asked about it later.

3.1 Correlation Based Frame Detection Under Large
Frequency Offsets

The correlation based detector discussed in this lab can be impacted by a
number of impairments, including frequency offset, as discussed previously.
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Answer the following questions to explore the relationship between frequency
offset and your correlation based detector.

1. Before changing any of the settings, calculate an average value (us-
ing five runs or so) of the inherent offset between the transmitter and
receiver.

2. Based on the system parameters, what is the range of frequency offsets
that can be estimated by your frequency offset estimation algorithm?

3. Let fus be the maximum correctable frequency offset of your system
(i.e., as calculated in the previous question). Modify the“earrier fre-
quency of your transmitter so that you will cause an effective offset of
0.80 fy at the receiver. What is the new value of thexcarrier frequency
at your transmitter?

4. How does this frequency offset impact the performance of your corre-
lation based frame detector (i.e., does your correlation based detector
still find the start of the frame)? DRescribe what happens to the error
rate and constellation of your system.

You will include your answerstto these=questions in your lab report. Note
that the frequency offset 0.80,3; 1Sitwo orders of magnitude greater than the
inherent offset between the transmitter and receiver.

The correlation based detector discussed in this lab can be impacted by a
number of impairments,including frequency offset, as discussed previously.
Answer the following.guestions to explore the relationship between frequency
offset and your,correlation based detector.

1. Based on'the system parameters, what is the range of frequency offsets
that canrbe estimated by your frequency offset estimation algorithm?

2. Let fj; be the maximum correctable frequency offset of your system
(i.e., as calculated in the previous question). Modify the carrier fre-
quency of your transmitter so that you will cause an effective offset of
0.80 f», at the receiver. What is the new value of the carrier frequency
at your transmitter?

3. How does this frequency offset impact the performance of your corre-
lation based frame detector (i.e., does your correlation based detector
still find the start of the frame)? Describe what happens to the error
rate and constellation of your system.

You will include your answers to these questions in your lab report.
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3.2 Self referenced frame synchronization

In Section 3.1, you saw how the correlation based detector can “break” un-
der large frequency offsets. You will now explore another frame detection
algorithm which is more robust to frequency offsets. As discussed in class, a
self referenced frame synchronization method can be derived from the least-
squares expression of the Moose algorithm. This frame detection performs
the calculation in Eq. (10). This frame detection method has already been
implemented in digital_comm3.2b.llb. Change the frame detection method
of your system by modifying the appropriate parameter on the front panel
of top_rx.vi. Observe how the Self Reference Frame Synchronization method
performs under the large frequency offset computed in the last,section.

Consider asimple flat fading channel model with frequeney offset foffset =
€/ T (T is the symbol period of the system) such that the received sequence
is given by

y[nl = a /7" t[n — D], (12)

where ¢[n] is the transmitted training sequence, « issa’complex scalar, and D
is the delay introduced by the channel. Include the answer to the following
question in your lab report:

Question: Using the simple channellmodel of Eq. (11), explain why the self
referenced frame detectonof Eg. (10) works better than the correlation
based detector under large frequency offsets. You may also need to
consider the mathematical description of the correlation based detector
given in Eq. (2)., Hint: “Notice that the training sequence is periodic
(i.e,tln+ Wl=fulforalln € {0,1,..., W —1}). Also you should
notice thattheoutput of the frame detection algorithm should be D for
this particular channel model.

3.3<Lab Turn In

Demonstrate to the instructor that your code is working properly. Show
the instructor that your correlation based detector “breaks” under a large
frequency offset (as discussed in Section 3.1). Then show the instructor
that under this same frequency offset, the self referenced frame synchronizer
works. Also answer all of the questions above. You will be required to submit
these answers in a lab report.

DIRECTIONS FOR LAB SUBMISSION

Your lab report should include the following.

1. Answer all questions from the lab experiment (i.e., do not reanswer
pre-lab questions).
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2. Discuss any problems you might have encountered and how you over-
came these obstacles.

3. In this lab you observed how your code operates over a real wireless
link. Answer the following questions about your experience in lab.

(a) Name three impairments in a real wireless system which impact
the accuracy of the correlation based detection method.

(b) Under large frequency offsets, the correlation based detector
“breaks”. What property of the training sequence breaks down
under large frequency offsets? Hint: You may need to consider
your answer to the question in Section 3.2.

(c) In the self referenced frame synchronization_ method, is'it still
critical that the periodic training sequence have good autocorre-
lation properties? If so, why? Use the simple.channel model of
Eg. (11) to help answer this question, if necessary.



Lab 6: OFDM Modulation & Frequency Domain
Equalization

Summary

In this lab you will implement the key features of the orthogonal frequency
division multiplexing (OFDM) multicarrier modulation technique. OFDM is
a transmission technique with a special structure that permits low'complex-
ity linear equalization at the receiver. Several commercial wireless systems
have adopted OFDM modulation including wireless LAN standards like IEEE
802.11g, IEEE 802.11a, and IEEE 802.11n; broadband-wireless access in-
cluding IEEE 802.16 (WiFi); mobile broadband.wireless known as IEEE
802.20; digital video broadcasting DVB (used in Europe); as well as several
releases of the 3GPP cellular standards. The OEDM,_8ystem considered in
this lab is illustrated in Figure 1.

Although the design of an OFDM system*has several important differ-
ences from the single carrier system considered in previous labs, it must still
perform many of the same functions(e.g., channel estimation, equalization,
and frequency offset estimation)., In‘this lab you will still perform all func-
tions related to synchronization,and<channel estimation in the time domain
using the same training sequence discussed in Lab 5. The framing structure
considered in this lab is,illustrated in Figure 2.

For the pre-lab submission, you have to turn in the three Vs described in
Section 2 (OFDM_madulate.vi, OFDM _demodulate.vi, and FEQ.vi). Further,
you have to submit.the answers to questions in Section 2.

1 Background

1.1 OFDM Modulation

Figure 1 shows a block diagram of the basic OFDM modulator you will be
implementing in this lab. OFDM is a type of digital modulation where infor-
mation is modulated into discrete-time sinusoids. With OFDM, the symbols
after the constellation mapping are considered to start in the frequency do-
main. OFDM operates on groups of symbols, the resulting group of symbols
being called an OFDM symbol. To begin the explanation, we assume K =0
and that there are N frequency-domain symbols in one OFDM symbol. The
number of subcarriers is given by N, typically a power of 2. The transmitter
operates as follows. Given {s[n]}f:’:_ol and cyclic prefix of length L., the

99
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OFDM symbol
—)
| train | train |CP1|OFDM1 |CPZ|OFDMz ooe
N2 N2
) preamble C OFDM payload .

Figure2: The framing structure considered in this lab. The preamble consists of two
repeated training sequences from Lab 5 (a total of four Barker codes). The preamble
is sent using the usual complex pulse amplitude modulation. Subsequent data is sent
using OFDM modulation, which is a block-based modulation technique.

transmitter produces the sequence

N-1
1 m(n—Lc
win] = S smleZ* T n =0, ... NH- Lo — 1
n=0

that is passed to the transmit pulseshaping filter. The samples from n =
Le,Lc+1,...,N+ L. — 1 are thesoutput,of the inverse discrete Fourier
transform (DFT) of the input symbols {s[m]}n 0, which could be imple-
mented using the fast Fourier transform (FFT).
Now observe that
w[n] = wln + N]

forn =0,1,..., La—"1. This means that the first L. samples of w[n] are
the same as the lasteL . 'samples. The first L. samples are known as a cyclic
prefix. The lengthfofithe cyclic prefix L. should be at least as long as Lj,.
This will, ensure,that there is no intersymbol interference between adjacent
OFDWM symbolsi(i.e., the CP “guards” against ISI). The cyclic prefix serves
anothendimportant purpose. It helps convert (part of) the linear convolution
into a circular convolution.

In OFDM rectangular pulse-shaping is common; windowing of the sym-
bols is used to shape the frequency spectrum. This is not considered in this
lab.

Assuming carrier frequency synchronization and frame synchronization
have been accomplished, the received observes the following signal after
matched filtering, symbol timing, frame synchronization, and downsampling

L
yinl =Y hl€lwln — £] + vin].

(=0

The receiver operates on blocks of data.
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Note: This exposition implies that to recover multiple blocks of symbols
(i.e., the input to the OFDM modulator), you will need to process multiple
OFDM symbols, each of length N + L.. Assuming that the indexing starts
at the first OFDM symbol, the receiver discards the first L. samples to form
forn =0,1,..., N — 1 (neglecting noise) y[n] = y[n + L.]. With some
mathematical manipulations it can be shown that

L
yinl = Y hlllwln+Le—1n=0,..,N -1

=0

_ iZh ] Z ejznm(n+Lc J))
N
1 L — . o ml

= Zh 1] Z s[m)el TN eIy,

=0 m=0

2 |

N— L ,
= Z (Z h[l]e—ﬂ”’%> [m]e/2™ % .

The receiver then takes the DRI (or FFT) of these samples to produce
(after some simplification)

Y k] DFT [y[n]]

H[k]s[k] + V[k], @)

where

L
HIK =Y hllle /%X,

which isjust the DFT of the zero padded channel. The frequency domain in-
terpretation of OFDM comes from Eqg. (1). Essentially information is sent on
discrete-time sinusoids, or carriers. The information on the k" discrete-time
sinusoid experiences the channel response determined by H[k]. Equaliza-
tion simply requires dividing Y [k] by H[k]. We refer to this as the frequency
domain equalizer (FEQ).

The following parameters are useful when discussing OFDM.

e T is sample period.
e T(N + L.) is the OFDM symbol period.

e The guard interval, or cyclic prefix duration, is L.T.
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e The passband bandwidth is 1/ 7 assuming use of a sinc pulseshaping
filter.

e The subcarrier spacing A, = % = ﬁ

The length of the cyclic prefix L. should be the same as or exceed the
order of the channel response L;. Recall that the length of a channel of
order Ly, is Ly, + 1. This will ensure that there is no intersymbol interference
between adjacent OFDM symbols (i.e., the CP “guards” against 1SI). The
guard interval is a form of overhead. This reduces the effective data rate that
is transmitted (i.e., for an OFDM system with OFDM sample rate Ry and M
bits/symbol, the effective data rate R; < Ry).

The guard interval serves to separate different OFDM symbols thus the
name. In practice the guard interval is determined by, the,maximum delay
spread. As the bandwidth increases, L. must increase to compensate. The
subcarrier spacing refers to the spacing between(adjacent subcarriers as mea-
sured on a spectrum analyzer. The larger the Nthe smaller the subcarrier
spacing. The subcarrier spacing determings, the sensitivity to Doppler and
residual carrier frequency offset.

The subcarrier spacing is inverselyproportional to the number of subcarri-
ers N. This means that as N increasesyou/will get higher spectral efficiency,
but at the cost of increased sensitivityyto frequency offsets.

It is common for not all subcarriers to be used in an OFDM system. Some
subcarriers are usually “nulled”/or “zeroed out” in the frequency domain
(i.e., the null tones).. The zero frequency or DC is commonly nulled due to
RF distortion at DC. Alsoxguard bands (i.e., frequencies at the edges of the
frequency responsescerresponding to those around s[N/2]) are commonly
nulled to prevent interference with signals in adjacent frequency bands. In
the lab we assume that K subcarriers are zeroed with the zero locations being
specified separately.

2 Pre-Lab

In this lab you will implement the OFDM modulator and demodulator as
described in the background section. You are required to build two VIs:
OFDM_modulate.vi and OFDM _demodulate.vi. These VIs will implement
the appropriate transmit and receive operations from Figure 1.

Before discussing the details of these VIs, you will learn about a set of
helper VIs which have been provided to you in OFDM_comm1.0.llb, a new
digital communications library for processing related to OFDM. The Vs
described in Table 1 are located in OFDM_commZ.0.1lb and may be helpful
in your implementations of OFDM modulation and demodulation.
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Name of VI Description

2PV converts serial input stream (1-D array) to par-
allel blocks structure (2-D array in which each
row represents M consecutive elements from the
input stream)

P2Svi converts parallel input stream (2-D array) to a
serial output stream (1-D array which contains
successive rows of input concatenated together)

OFDM.insert_null tones.vi insert columns of zeros into 2-D input array at
specified locations
OFDM_add_CPwvi prepends last C columns of 2-D inputfarray to

start of array
OFDM_remove_null tones.vi | remove specified columns from 2-Diinput array

OFDM_remove_CP.i remove first L. columns from 2-B.input array

OFDM_FEQ.vi computes frequency domain equalizer based on
channel estimate and equalizes parallel input
stream

Table 1: Helper Vs located in ©FDM_comm1.0.11b.

To efficiently process parallel inputs, these Vs use a parallel block struc-
ture represented in a 2-D array.~In this structure, each row of the 2-D array
corresponds to a single blockofidatas Thus, the number of rows corresponds
to the number of blocks that are being processed.

Note: For-LoopsinkabVIEW provide an auto-indexing feature which can
be used to extract the i/ elément of a 1-D array. Auto-indexing can also be
used on a 2-D arnfay te.extract the " row of the 2-D array.

Tables 2_and 3"describe the VIs that you must construct. Many of the
OFDMrrelatedparameters you will need to use (such N, L., and null tones)

Table 2: Description of OFDM_modul ate.vi

OFDM_modulate.vi - implements the OFDM modulator described in Sec-
tion 1.1

input 1-D array of input symbol stream to be
INPUTS symbols CDB modulated using OFDM
(complex
doubles)
output 1-D array of output sample stream after
samples CDB OFDM modulation; one
OUTPUTS OFDM symbol corresponds to
(N + L.) samples
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Table 3: Description of OFDM_demodul ate.vi

OFDM _demodulate.vi - implements the OFDM demodulator described
in Section 1.2
input 1-D array of input sample stream to be
samples CDB demodulated using OFDM;
one OFDM symbol
corresponds to (N + L.)
samples
channel 1-D array of channel estimate computed
estimate CcbB prior to demodulation (used
INPUTS for FEQ)
number 132 number of data symbols to be
of data recovered!
symbols
equalize Boolean determines whether or not you
channel? should apply FEQ to OFDM
demodulated symbols; set this
value to TRUE by default
demodu- 1-D array of stream of output symbols after
lated CcbB OFDM modulation and FEQ
symbols (when appropriate)
OUTPUTS | FD 1=Djarray.of frequency domain response of
channel CDB channel estimate computed
estimate taking DFT of channel
estimate

can be found unbundled from the OFDM parametersin cluster. After building
your Vs, insert'your code into OFDM _transmitter.vi and OFDM_receiver.vi
as shown'in Figure 3 and 4 respectively.

You have been provided with templates for the VIs you need to create for
this lab that already have all the inputs and outputs wired for you. What
is required of you is to finish constructing the block diagram to provide the
functionality of the VIs.

Throughout the course, several of the VIs you will create will have a
modulation parameters cluster passed into and out of them. The modulation
parametersin contains many of the parameters needed by your VIs and will
be unbundled from them. This has already been done for you in the template
VIs if necessary. Some VIs will also have modulation parameters out, so that
the cluster can be passed on through to the VIs that follow. Please ensure

IFigure 1implies that the output of the OFDM demodulator produces multiples of N symbols.
You should truncate the array to the appropriate size (as dictated by number of data symbols).
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that these clusters remain wired the way they are in the template VIs, as
changing how they are wired will cause VIs further down the line to break.
In addition, you will now have access to the OFDM parameters cluster for
OFDM-specific parameters you will need for you VIs. These are accessed in
the same way that parameters from the modulation parameters cluster are.

After inserting your code into the simulator provided to you, verify that
your code is working properly by observing that the transmitted and received
constellations reflect the appropriate PSK modulation scheme you have cho-
sen.

Pre-Lab Turn In

1. Submit your implementation of OFDM_modulatevi, and’OFDM _de-
modulate.vi. Remember, you will be penalized ifiyyou do not wire error
cluster inputs and outputs. Note: If you/heed to generate additional
subVIs for this or any future labs, please 'submit these subVIs along
with your other pre-lab Vls.

2. EXTRA CREDIT (20pts) - implement FEQ.vi (i.e., your own version
of OFDM_FEQ.vi). Table"4 descripes the details of this V1. Submit
your implementation of FEQwi With your other VIs. Remember to
wire error clusters.

Table 4: Description of FEQ.vi

FEQ.vi - performssfrequency domain equalization as described in Section 1.3

input 2-D array of parallel block structure of
CDB symbols (i.e., output of DFT);
each row corresponds to a
INPUTS block of N symbols (i.e.,

Ik

channel 1-D array of channel estimate computed

estimate CDB prior to demodulation

equalized | 2-D array of equalized symbols; each row

output CDB corresponds to a block of ¥

symbols (i.e., X[k} 5
where X[k] = Y[k]/H[k])

OUTPUTS | FD 1-D array of frequency domain response of
channel CDB channel estimate computed by
estimate taking DFT of channel

estimate (i.e.,

HIk] = DFT{h[I1}))
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3 Lab Experiment

A single carrier system operating with symbol rate 1/7 would transmit one
symbol every symbol period T. Thus in time NT, the single carrier sys-
tem would transmit N symbols; maintaining orthogonality (or separation)
between symbols through time division multiplexing (or TDM). As you have
learned in previous labs, a frequency selective channel can undo this orthog-
onality, making some form of equalization necessary.

Multicarrier systems use a cyclic prefix to enable digital frequency domain
equalization. An interpretation is that OFDM divides a frequencyiselective
channel into N flat fading subchannels. Thus OFDM can be,seen as N
parallel flat fading channels, (each of bandwidth 1/NT), maltiplexed in the
frequency domain. Hence, a simple zero-forcing equalizer. can be applied to
each subchannel in order to equalize channel impairments.) Inithis lab you
will examine the frequency selectivity of wireless channels-and explore when
it might be advantageous to use OFDM to forgo, the complexities of linear
equalization.

Along with the advantage of low complexity,equalization, OFDM systems
also provide a framework which allows-fer many advanced digital communi-
cation techniques such as adaptive modulation and power control. Addition-
ally, the frequency domain interpretation'of OFDM (i.e., as a set of N parallel
flat fading subchannels) allowsifor'many clever techniques with regard to er-
ror control coding by taking‘advantage of frequency diversity (topics that are
outside of the scope of this‘eourse). All of these advantages do not come for
free. There are a numberof tradeoffs associated with single and multicarrier
systems. In this J/abyyouswill explore one particular tradeoff, the sensitivity
of OFDM systems'to frequency offsets.

In this labyyou will run your implementation of OFDM_modulate.vi and
OFDM _demodulate.vi over a real wireless link. As in previous labs, you will
complete theframework for the transmitter and receiver blocks in lab using
your code from this and previous labs. Insert your code into this framework
as you did in the pre-lab. You will then perform two experiments to explore
the previously mentioned topics: 1) the frequency selectivity of wireless
channels and 2) the sensitivity of OFDM systems to frequency offsets.

3.1 InsertYour Code

Figure 5 depicts the dependencies between files in the new OFDM framework
you will be using in lab. Note that this new framework still leverages many of
the blocks in the original digital communications library (digital_comm.llb),
but also includes some of the elements from the new OFDM digital commu-
nications library (OFDM_comm1.0.11b).
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Figure5: Hierarchy of files for OEDM framework.

Once you have inserted your,code for OFDM_modulate.vi and OFDM _de-
modulate.vi into OFDM _transmitter.vi- and OFDM _receiver.vi respectively,
you will need to set up the/parameters listed below. These parameters are
located on the front panels,ofitop_tx.vi and top_rx.vi. Leave any unspecified
parameters set to their ‘default value.

e Packet length.=500 bits
e Modulation type = QPSK

e Channel estimate length = 4

FFT size (N) = 64
Length of CP (L.) =8

e Null tones = {0, 31, 32, 33}

3.2 Frequency Selectivity of Wireless Channels

Inthis first experiment you will observe the frequency response of narrowband
and wideband channels. Set up the following parameters for a narrowband
system.

e TX sample rate =4 MSamp/sec
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e TX oversample factor = 20

e RX sample rate = 4 MSamp/sec
e RX oversample factor = 20

e Capture time = 2.4 msec

After transmitting a packet successfully, observe the frequency response
of the narrowband channel, using the Channel Response graph located on
the front panel of OFDM_receiver.vi. Also examine the instantaneous power-
delay profile using the appropriate graph on the front panel of the'same VI.
Take note of the effective length of the channel response (i.e.sthe humber of
nonzero taps in the channel).

Next, you will observe the frequency response of & wideband channel.
To set up a wideband system, set the following parameters'in your OFDM
system.

e TX sample rate = 20 MSamp/sec
e TX oversample factor = 4

e RX sample rate = 10 MSamp/sec
e RX oversample factor =2

e Capture time = 100" usec

For this part of the experiment it is critical that you place your antennas atan el-
evated height so thatall reflected paths in the lab environment reach the anten-
nas. After transmitting a packet successfully observe the frequency response
and power-delay profile of the wideband channel in OFDM _receiver.vi. Also,
take note of the effective length of the channel response.

Questions

Answer the following questions regarding the frequency selectivity of wire-
less channels.

1. According to the parameters above, what is the respective OFDM sym-
bol rate in the narrowband and wideband systems you have set up (i.e.,
the reciprocal of the OFDM symbol period as previously defined)?

2. What are the effective lengths of the narrowband and wideband chan-
nels respectively?

3. Describe the frequency responses of each channel. In particular, are
the frequency responses of these channels frequency selective or flat?
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4. Consider the multipath channel model in the absence of noise

Ly
yInl=Y_ hlllx[n — 1], )
=0

where h[n] =0,Vn ¢ (0,1, ..., Lp).

e Show that in an OFDM system, when L, = 0 the frequency
response of the channel is necessarily flat fading. In other words,
show that the frequency response of all subchannels isithe same
(i.e., H[n] = H[m], Vn, m, where H[k] = DFT{hi{l]}):

e Show that when L; > 0 the frequency response of‘the channel
is frequency selective (i.e., show that L, >0 "Hi{n] # H[m]
for at least one different n and m).

Submit your answers to these questions as part of your/lab report.

3.3 Sensitivity to Frequency: Offsets

In this experiment you will observe how the performance of an OFDM sys-
tem degrades in the presence of afrequency offset. Set up the following
parameters in your system.

e TX sample rate = 20,MSamp/sec

TX oversamplefactor = 20

e RX sample rate = 4 MSamp/sec
e RX aversample factor = 4

e Capture time =500 usec

e Frequency offset (Hz) = 200 Hz

To observe how a frequency offset impacts your system, you will need to
disable the frequency offset correction algorithm implemented in the syn-
chronization block. To do this, simply set Correct Frequency Offset on the
front panel of top_ofdm.rx.vi to FALSE. Now you will consider two OFDM
systems which use different values for N. First, consider a system which
uses N = 64 subcarriers. Set up the following OFDM parameters.

e FFTsize (N) =64
e Lengthof CP (L.) =8
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o Null tones = {0, 31, 32, 33}

Observe how a frequency offset impacts the received signal constellation.
Also make note of the impact of a frequency offset on BER performance.
Increase the amount of frequency offset in your system in increments of 200
Hz and observe how the signal constellation and BER performance vary. Now
consider a system which uses N = 1024 subcarriers.

e FFT size (N) = 1024
e Length of CP (L.) =32
e Null tones = {0, 511, 512, 513}

Again, observe how a frequency offset of just 200 Hz impactsthe received
constellation and BER performance of your system. _To understand how
a frequency offset impacts OFDM systems, it is_convenient to think of a
frequency offset as a shift in the frequency domain. Thissshifting can cause
what is known as inter-carrier interference (or I1CI).

Questions

Answer the following questions.abo(t the, sensitivity of OFDM systems to
frequency offsets.

1. Recall from the Lab 5=thatyin a single carrier system, a frequency
offset causes a time varying phase offset which effectively “smears” the
received constellation,as'it rotates it. How is the impact of a frequency
offset in OFDM, systems different from that of single carrier systems?
In particular, howsis the impact on the signal constellation different?

2. What is the subcarrier spacing A, of your system when N = 1024 and
64 respectively?

3. Which/f the systems (i.e., N = 1024 or 64) is more severely impacted
by @200 Hz frequency offset? Why?

4. As mentioned, frequency offsets can be interpreted as shifts in the
frequency domain. There is a duality between the effect of this shifting
in a multicarrier system and symbol timing error in a single carrier
system (discussed in Part 2 of Lab 2).

Discuss this relationship between the effect of symbol timing error
in single carrier systems and frequency offset in OFDM systems. Be
sure to include in your discussion the effect of each impairment on the
received signal constellation. Hint: Think about the impact of each
type of error on the orthogonality (or separation) between symbols.

Submit your answers to these questions as part of your lab report.
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3.4 LabTurnIn

Show the instructor that you have replaced the OFDM modulator and de-
modulator in lab with your own code. Demonstrate to the instructor that your
code is working properly. Also show the instructor that your OFDM system
“breaks” down when you have frequency offsets greater than the subcarrier
spacing that are not corrected for (i.e., when foffset > Ac). Answer all of the
questions above and submit your answers in your lab report.

DIRECTIONS FOR LAB SUBMISSION
Your lab report should include the following.

1. Answer all questions from the lab experiment (i.es, do.not reanswer
pre-lab questions).

2. Discuss any problems you might have encounteréd and how you over-
came these obstacles.

3. In this lab you observed how an @EDM,system operates over a real
wireless link. Answer the follaWing questions about your experience
in lab.

(a) OFDM systems have an.inherent overhead due to the need for a
cyclic prefix. ,Asstiming QPSK modulation, in terms of N, L.,
T, and the .number-of null tones K (all as previously defined),
what is the effective data rate of the OFDM system in lab?

(b) Based onyyour experience in lab, discuss why or why not you
might use’an OFDM system in a wideband and narrowband sys-
tem, respectively. Include in your discussion some of the bene-
fits/costs of each scenario.

(c)/OFDM systems in general have a large degree of flexibility. Name
at least three parameters of OFDM systems which contribute to
this flexibility and comment on how they do so.



Lab 7: Synchronization in OFDM Systemsusing
Schmidl and Cox Algorithm

Summary

In Lab 6 you implemented key features of the orthogonal frequency divi-
sion multiplexing (OFDM) multicarrier modulation technique. In particular
you implemented the encoding from frequency domain to time domain at
the transmitter, and the low complexity frequency domain equalization at
the receiver. Systems that employ OFDM modulation, like thoseithat employ
single carrier modulation, also require frame synchronizatienand/carrier syn-
chronization, not to mention channel estimation. In.l ab 6, frame and carrier
synchronization was performed using the single carrier modulated training
sequence from previous labs. In this lab you will perform frame and fre-
quency synchronization using an OFDM modulated training sequence, using
the short training sequence, as defined by,the IEEE 802.11a standard, to per-
form synchronization. The OFDM system censidered in this lab is illustrated
in Figure 1.

The emphasis of this lab isjusing, an” OFDM modulated training signal
to perform carrier and frequeney synchronization. First you will review the
IEEE 802.11a preamble including’short and long training sequences. Then
you will learn about the Schmidl'and Cox Algorithm (SCA), which leverages
the periodic structurevof the/OFDM training sequence to perform frame and
frequency synchronization.

For the pre-lab submission, you have to turn in the VI described in Section 2
(SchmidiCoxavi)., Further, you have to submit the answers to questions in
Sectign 2,

1 Background

1.1 Impairments in Frequency Selective Channel

In this section we review the baseband model for delay and frequency offset in
the presence of a multipath channel. Referring to Figure 1, if the carrier offset
is small and sufficient sampling is employed, then the discrete-time signal at
the receiver after matched filtering and downsampling can be written as

L
yinl = /"N hlllwln — 1 — D]+ v[nl,
=0

115
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where € is the discrete-time frequency offset, D is an unknown delay,
and {h[ﬂ]}fio are the coefficients of the unknown frequency selective chan-
nel. The frequency offset is estimated and removed during carrier frequency
offset synchronization. The delay D is estimated and removed as part of
frame synchronization. The channel coefficients are estimated and used to
design an equalizer.

1.2 IEEE 802.11a Short Training Sequence

In this lab you will use a carefully constructed training sequence‘te.perform
frequency offset synchronization and frame synchronization. Figure 2 shows
the IEEE 802.11a training structure described in the Physical-Layer Spec-
ification [4]. The training sequence is composed=of a, “short”*and “long”
training sequence. The short training sequence(is composed of 10 identical
subsequences and has a total length of N, = 160.%The long training sequence
is composed of two identical subsequences.with an extra long cyclic prefix.
In this lab you will use the short trainingsequence. The frame structure will
be the same as the Lab 6 with the time"demain training replaced by the short
training sequence.

The short training sequence is created from two OFDM symbols in a
very special way. We describeshow it is performed mathematically here.
Consider the symbols {s[n]},’lvz‘o1 that will be used to generate the coefficients
for one OFDM symbol, Suppose that s[n] is generated by upsampling the
symbols {E[n]}fl\':/é where L is an integer. First consider the IDFT with zero
cyclic prefix. Then

1 V-1 ,
wln] = Nﬂ;s[m]e/ N, 1)

Remembering that s[Ln] = 5[r] and that s[n] = O for values of n that are
not an integer multiple of L, it follows that

N/L—1

1 semLmn
wln] = v Z s[Lm]efzk

m=0
1 N/Lfl_ e
= N Z s[mle .

m=0
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Because of the periodicity of the complex exponential, it can be verified that
forn=0,1,...,N/L -1

1 N/L-1 j27rm(n+kN/L)
- - S ~ NL
win +kN/L) = > simle i
m=0
N/L-1
1 2wmn  :2mmkN/L
= N Z 5[mle’ ML ¢! T NIL
m=0
1 N/Lil_ 2mmn
= — s[mle’ VL
N
m=0
= wln].

This means that by zero every L — 1 subcarriers{it’is possible to make the
OFDM symbol look periodic with L periods.

To conclude the discussion now suppose there isacyclic prefix of length L.
andthat N/L = L,

N-1

1 i tmn—Lg)
winl =+ > slmlel N n=0,..,N+Lc— 1 2)
m=0
Remembering the zero subcarriersforn =0,1,..., N+ L. —1
N/L-1
1 i mn—L¢)

y LS s
m=0

Leo1 mn—Le)

= <. §lmle’®™ e
m=0
Le—1

I
=
M‘
Ll
3
A

which satisfies the property that w[n +kL.] = w[n]forn =0,1,...,L.—1
andk =0,1,..., N/L.. Therefore the cyclic prefix becomes an additional
period of repetition!

The IEEE 802.11a standard [4] specifies that N = 64 and L = 4 in the
short training sequence, thus yielding a training sequence which is periodic
with period L. = 16, which is also the length of the cyclic prefix. Two
OFDM symbols concatenated together form a sequence with 160 samples,
that consists of 10 repetitions of the same sequence. You will use this training
sequence in the lab.
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1.3 The Schmidl and Cox Algorithm

The Schmidl and Cox Algorithm (SCA) [16] is a clever specialization of the
Moose algorithm [7] to OFDM waveforms. It uses periodicity created in the
OFDM symbol to perform the frequency offset correction and frame syn-
chronization. A main difference over the Moose algorithm is that it consists
of two steps of frequency offset correction. The first step corrects for offsets
that are a fraction of 1/, the subcarrier spacing. The second step corrects
for integer offsets that are multiples of the subcarrier spacing. The integer
offset is performed using a specially constructed second training symbol. In
this lab we focus on the fine frequency offset correction.

The training sequence considered in the lab has 10 repetitions ofithe same
sequence in the 160 samples. For maximum compatibility. and reuse with
the Moose algorithm developed in previous labs, we treatithis’Sequence as
two repetitions of length W = 80. There are algorithms,that can exploit the
multiple periods of repetition, however, they will not be considered in this
lab.

The steps of the SCA that you will implement are summarized as follows.

1. The first step is to compute the correlation metric

N—-1
RId] = D\, ¥ +dlyln +d + W1, @3)

n=0

where W is half the size of the periodic training sequence and N is the
number of subcarriers.

2. The second Step is to compute the average received signal power

N-1
Pld] = ) lyln+d+WIP 4)
n=0
R[d][?
3. From P[d] and R[d], compute M[d] = m .

4. Approximate delay parameter D by solving for d = argmax M[d]
d

searching over a reasonable range of samples.

5. Estimate the frequency offset parameter as

®)
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6. Correct for the frame offset and frequency offset as in the Moose algo-
rithm.

The algorithm described above is an abbreviated version of the full SCA
discussed in [16]. The full version of this algorithm includes a method for
coarse frequency offset estimation/correction?, which will not be discussed
in this lab.

2 Pre-Lab

Questions

Answer the following questions before implementing the,Sehmidl and Cox
algorithm.

1. InSCA, the delay estimate d is computed throughan exhaustive search
over the set of valid delay values (i.e., the search window). Suppose
that the length of the captured sequenceis C samples. Intermsof C, N,
L, and Nyfqm (the number of OFDM symbols in the OFDM payload,
which is described in Lab 6), what'is the set of valid delay values you
should search through tofind d?

2. For the IEEE 802.11ashort training sequence being used in lab, what
is the range of frequency offsets that can be estimated/corrected using
SCA (or equivalentlyythe Moose algorithm)? You may assume an
OFDM sampleratewof 1/T = 1M Hz.

3. Given that'the IEEE 802.11a short training sequence contains 10 peri-
ods ofia length 16 sequence (as described above), propose a frequency
offset scheme that allows you to correct for a greater range of fre-
guencies than computed in the last question. You may assume that the
frame detection problem has been solved, and that an aligned sequence
is available.

Programming

In this lab you will be implementing the Schmidl and Cox algorithm for
frame and frequency synchronization. You may use your previously con-
structed implementation of the Moose algorithm (or the one available in the
digital communications library provided to you) for frequency offset estima-
tion/correction. This means that you will only need to implement the steps

1Coarse frequency offset is the same as a modulo offset [i.e., an integer multiple of
1/2rWT)].
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OFDM _receiver.vi

OFDM Comm. Library

=== =S - - - — - ———————— === 1

OFDM_synchronize.vi

!

OFDM_frame_detect.vi

Figure 3: Hierarchy of files associated with OFDM frame_detect.vi.

of SCA that pertain to frame detection,(as,described in Section 1.3). You
will build the VI SchmidlCox.vi, describedbelow. After building this VI you
will insert it into OFDM _framedetect:vi“shown in Figure 4. You can find
OFDM frame_detect.vi in thesblock diagram of OFDM_synchronize.vi. The
hierarchy of these files is shown insFigure 3.

As stated in Table 1 and mentioned above, you do not need to reimplement
the Moose algorithmiforifrequency offset estimation/correction. Reuse your
previous implementation,of this algorithm or the one provided to you in the
digital communication Tibrary.

You havesbeen provided with templates for the VIs you need to create for
this lab that already have all the inputs and outputs wired for you. What
is required of'you is to finish constructing the block diagram to provide the
functionality of the VIs.

Throughout the course, several of the VIs you will create will have a
modul ation parameters cluster passed into and out of them. The modulation
parametersin contains many of the parameters needed by your VIs and will
be unbundled from them. This has already been done for you in the template
VIs if necessary. Some Vs will also have modulation parametersout, so that
the cluster can be passed on through to the VIs that follow. Please ensure
that these clusters remain wired the way they are in the template Vls, as
changing how they are wired will cause VIs further down the line to break.
In addition, you will now have access to the OFDM parameters cluster for
OFDM-specific parameters you will need for you VIs. These are accessed in
the same way that parameters from the modulation parameters cluster are.
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<

Figure 4: Block diagram of OFDM _fr detect.f.
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Table 1: Description of SchmidlCox.vi

SchmidlCox.vi - implements SCA for frame and frequency synchronization;
uses Moose algorithm to perform frequency synchronization.
input 1Q waveform received sequence after
complex cluster matched filter and symbol
waveform timing recovery
INPUTS correct Boolean determines whether or not
frequency your VI should correct for the
offset frequency offset estimated by
moose.vi
output 1-D array of received sequence after
CDB correcting-for estimated delay
d and,frequency offset (when
appropriate)
OUTPUTS -
frameoffset | 132 estimated delay d computed by
SCA
frequency DBL frequency offset estimate
offset computed by Moose algorithm

After inserting your codesinto thessimulator, verify that it correctly finds
the start of the frame and.correctsfor frequency offset. You should test that
your code works for naentrivial delay and frequency offset up to f,.

Note: The suboptimal‘Schmidl and Cox algorithm presented here does not
work in the presence,of ‘noise or multipath; do not attempt to optimize the
algorithm to campensate for this shortcoming.

You will*need.to submit a plot (or screen capture of a plot?) of M[d] the
frame'corr€lation metric. Generate the plot using —oo dB of noise power
and a delay of 80 usec. Please leave all other parameters set to their default
value.

Pre-Lab Turn In

1. Submit your implementation of SchmidlCox.vi. Make sure you use the
parameters Training Sequence FFT Szeand Training Sequence Length
of CP from the OFDM parametersin cluster in your implementation,
as these are parameters corresponding to the training sequence and not
the OFDM payload.

2You can plot a 1-D array of DBL in LabVIEW, simply by placing a waveform graph on the

front panel of your VI and connecting its terminal to the appropriate array on the block diagram
of your V1.
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Remember, you will be penalized if you do not wire error cluster inputs
and outputs.

Note: If you need to generate additional subVIs for this or any future
labs, please submit these subVIs along with your other pre-lab Vis.

2. Submit your answers to all of the questions in the pre-lab section.
3. Submityour plot of M[d]; generated using the parameters listed below.

e Noise power = —co dB
e Delay = 80 usec

3 Lab Experiment

In the pre-lab you implemented the Schmidl and'Cox algorithm and observed
its performance in channels with delay and frequeney offset. In this lab ex-
periment you will learn about how noise impacts SCA and an optimization
to SCA which increases the robustness.of this frame and frequency synchro-
nization method for OFDM systems.

3.1 Impact of Noisg®en 'Schmidl and Cox Algorithm

As discussed in Section 1.3, SEA attempts to maximize the correlation be-
tween the first and 'second halves of the training sequence. Note that the
training sequencerisy,composed of two identical OFDM symbols [including
their respective.cyelicprefixes (i.e., N; = 2(N + L.))]. Because of the cyclic
prefix (or CR), the objective function® M[d] is the same for all delay values
de D+4y,, ., D+ L) in the absence of noise, where D is the actual
delay of‘the ehannel. This phenomenon can be graphically interpreted as a
plateau ofilength L. — Ly, i.e., on which M[d] is maximized.

When noise is added to the system, the entire objective function is per-
turbed as shown in Figure 5. The once flat plateau of M[d] has now been
distorted. Thus, finding the argument which maximizes M[d] may give only
a rough, often erroneous, approximation of the delay (or frame offset).

Notice that qualitatively speaking the perturbed objective function M[d]
still retains an approximate plateau. Intuitively, this suggests that a better
approximation of delay might be found by finding the “start” of the plateau.
In the following sections, you will learn more about frame detection errors
and a formal definition of the intuitive method alluded to.

3The term objective function refers to the function being optimized in a given optimization
problem.
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Figure5: Objective function M[d] from SCA. Noise power Ng=,—20/dB and delay
D = 80.

3.2 Good and Bad Frame Synchrenization Error in
OFDM Systems

In Lab 6 that dealt with frame and frequeney synchronization you learned how
a frame detection error can lead to,severe bit error rates (i.e., a frame offset
estimation error of one can leadito a\BER of 0.5). To understand why this
is not necessarily the case in“OEDMysystems, consider the impact of cyclic
shifts on the DFT of a periodic discrete sequence. Let x[n] be a periodic
sequence with peried N and\XTk] be the discrete Fourier transform of x[xn].
If z[n] = x[(n — S) modulo’N] (i.e., x[n] after a cyclic shift of S), then

N-1 - kn
ZIk] = Y zlnle TN (6)
n=0
jZJTk_S
= X[kle/N, (7

describes the DFT of the shifted sequence z[n]. This implies that a cyclic

shift of S imparts a %S phase offset to the k1 subcarrier. Therefore, in an
OFDM system, any frame detection error which leads to a cyclic shift of
the OFDM samples (i.e., after removing the cyclic prefix) will only impart a
constant phase offset to each subcarrier. This phase offset can be accounted
for by a properly formulated channel estimation algorithm.

Consider a frame detection error v =d — D, where D is the actual delay of
the channel. After correcting for the estimated offset d, the resulting sequence
may not be aligned to the boundary of an OFDM symbol period. This means
that the start of the first OFDM symbol (i.e., the N samples not including the
CP)islocated at L. + v.
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Inthe OFDM demodulation algorithm, the first L. samples of each OFDM
symbol are removed before demodulation by a DFT. Thus, if —(L. — Lj) <
v < 0, then the OFDM samples of each symbol undergo a cyclic shift of |v|
(after removing the CP). As discussed earlier, such a frame detection error
leads to phase shifts in the DFT of each OFDM symbol, which can be ac-
counted for by an appropriate least squares channel estimator. Thus this type
of frame detection error is considered to be acceptable.

Consider the scenario in which v > 0. In this situation, each OFDM
symbol (after removing the CP) contains |v| samples from an adjacent symbol.
This means that every subchannel will be corrupted by data from an adjacent
OFDM symbol; this is an impairment which cannot be undonesby ‘a simple
frequency domain equalizer (FEQ). It is also interesting to note‘that this type
of impairment must be modeled as a non-causal system. _Eorithese reasons, a
frame detection error v > 0 is not considered acceptable (i.e), a“bad” error).

In the next section you will learn about an optimization-of SCA that tends
to produce a frame detection error v < 0 (i.e., typically underestimates delay).

Questions

Include the answers to the following(guestions in your lab report.

1. Prove that the DFT of a cyelically shifted periodic sequence results in
a frequency dependent phase shift [i.e., given x[n] and S, as defined
above, prove that Eg. (7).is true].

2. Using the simulatorprovided to you (i.e., without inserting your own
code), youwilhobserve how overestimating and underestimating delay
impacts bit error rate. Set the noise power N, = —10 dB. Describe
what happens to the average bit error rate of the system when the
estimated delay exceeds the actual delay of the channel. You may have
torunsthe simulator multiple times before such a frame detection error
occurs.

3. Based on the discussion in this section and your simulation experience,
is it better to underestimate or overestimate the delay of the channel?
Justify your answer.

3.3 Optimizing the Schmidl and Cox Algorithm

The Schmidl and Cox algorithm, as described in Section 1.3, does not per-
form well in channels with even a moderate amount of noise. This poor
performance stems from the fact that SCA typically overestimates the delay
of the channel. You can use your simulator to verify this behavior.
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In [16] an optimization for SCA is proposed. You will implement a slight
variation of this optimization. Recall that even in the presence of noise, M[d]
has a plateau of approximate length L. — Lj,. This optimization seeks to esti-
mate the beginning of that plateau. The algorithm you will be implementing
is described by the steps below.

1. Givenreceived sequence y[n], compute M[d] as described in SCA (see
Section 1.2).

2. Find My, = mgx Md].

3. LetD = {d|M][d] = 0.90(M,,,4x)}.
4. Estimate delay by solving for d = infD.

5. After correcting for offset d, apply Modse algdrithm for frequency
offset correction.

This algorithm will be referred to as optimized SCA. The set D contains an
optimistic* estimate of the possible délayivalues which make up the plateau.
By taking the infimum of this set,%eptimized SCA estimates a lower bound
on the delay of the channel.

After applying this optimization to your implementation of Schmidl Cox.vi,
you will test your code overa realwireless link. Insertyour code for optimized
SCA into the framework.for the receiver in lab. Leave all parameters in your
system set to their.default values.

Questions

Include,the answers to the following questions in your lab report.

1. Graph M[d], a 1-D array of CDB, on the front panel of SchmidlCox.vi
using a waveform graph. Discuss the relationship between the esti-
mated frame offset computed by optimized SCA and the beginning of
the M[d] plateau (which you should be able to approximate from your
graph). Please include a screen capture of your graph of M[d] in your
lab report and refer to it in your discussion.

2. What assumption has been made regarding the quantity L. — L,? Why
is this assumption critical?

4The set D is said to be optimistic because the set forms a superset of the values that actually
make up the length L. — Ly, plateau of M[d].
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3.4 LabTurnIn

Demonstrate to the instructor that your code is working properly. Show the
instructor that your implementation of optimized SCA still “breaks” when
the algorithm overestimates the delay of the channel. Answer the questions
below.

Additional Questions

In this lab you learned about optimized SCA and how it operates over a real
wireless link. Answer the following questions about your experience in lab.

1. Compare and contrast the following synchronization meétheds you have
learned about in lab: (1) the self-referenced frame detection method
for a single carrier training sequence® and (2) optimizedhSCA for an
OFDM training sequence®.

2. Using the standard Moose algorithm, with ne,optimizations or modifi-
cations and the entire IEEE 802.11a short training sequence [i.e., where
(N; = 160) = (W = 80)], what is'the range of correctable offsets for
IEEE 802.11a systems? Is_thisithe hest that you could do?

Hint: You may need to look at the'lEEE 802.11a standard to find out
the OFDM sample rate.or equivalently the system bandwidth.

DIRECTIONS FOR BAB SUBMISSION
Your lab report should accomplish the following tasks.
1. Answer all questions from Lab 7 (not including pre-lab questions).

2.4Diseuss any problems you might have encountered in Lab 7 and how
yau overcame these obstacles.

SHere single carrier training sequence refers to the sequence derived from the length 11
Barker code.

60OFDM training sequencein this context refers to the IEEE 802.11a short training sequence
used in lab.
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Summary

Asyou have learned from previous labs, one of the main advantages of OFDM
is the ability to forgo the complicated equalizer design® needed by single
carrier systems to combat intersymbol interference (I1SI). For OFDM systems,
to fully utilize their potential for high-data-rate communication in frequency
selective (ISI) channels they must take advantage of the diversity inherent to
frequency selective channels, making use of channel coding andinterleaving.

Inthis lab you will explore the topic of channel coding. Figure't shows how
channel coding fits into the system model for our wireless communication
system. By adding structured redundancy to the transmitted sequence, chan-
nel coding provides added resilience to channel’impairments and improves
overall throughput. This lab begins by introducing the common classes of
channel codes. You will then learn about a simple code, the repetition code,
which will reveal some of the basic benefits and costs of channel coding.

The repetition encoding and decoding,blacks will be provided to you. All
that is required from you this lab’is to compare the bit-error performance of
the OFDM system you have been developing with and without coding. You
will implement the code oversa,real wireless link to estimate coding gain (a
metric of performance gain between coded and uncoded systems).

1 Background

1.1 Structured Channel Codes

Coding,theoryvis a field which encompasses both source and channel coding.
It is largely’based on results from finite field algebra. The main idea behind
channel coding is that adding structured redundancy to the source bits for a
transmitted sequence can improve the resilience of transmission to channel
distortion. In other words, a properly designed channel code can improve
the bit-error rate (BER) performance of a system (i.e., reducing the transmit
power required to achieve a particular error performance). A rate (k/n)
code takes a length L bit sequence and generates % bits. There are two
main classes of channel codes: (1) block codes and (2) convolutional codes.
Channel coding is sometimes referred to as forward error correction (FEC)
or error control coding, or just “coding”.

1Through the use of guard intervals and an appropriately designed FEQ, OFDM systems can
forgo the complicated equalizer design needed by wideband single carrier systems.
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Channel Code Code Type Technology/Standard

Hamming Code Block -

Reed-Solomon Block disk drives, CD’s, DVD’s,
WLAN

Punctured Codes Convolutional Hybrid-ARQ, IEEE 802.11a

Turbo Codes Convolutional 3G mobile, satellite comm.

Low Density Parity Check Block -

(LDPC)

Table 1: Various Channel Codes.

Inblock coding, the encoder first segments the source sequenceintoblocks
of k bits. Thus each block represents any one of 2 distifict messages. This
block is in turn mapped to a length » bit sequencescalled a codeword. Each
codeword contains r = n — k redundant bits. (This kind of code is called
an (n, k) block code and can be used to detect and poessibly correct errors.
The resilience of block codes to channel distortion largely depends on the
structure of the » redundant bits.

Convolutional codes are a class of,channel codes which employ convolu-
tional encoders. The encoded sequence.is aconvolution of the algebraic poly-
nomial describing the source bit'sequence with a polynomial which describes
the encoder. Equivalently, the7® codeword generated by a convolutional en-
coder is a weighted sum of the previous input messages to the encoder. This
is similar to the convolutionused in linear time-invariant systems and shares
many of the same properties.

Convolutional'codes generally have very efficient implementations which
employ shift registers (to retain state or memory) and exclusive-or (XOR)
gates. Blockscodes, which generally require more logic to implement, are
muchieasier to.analyze. There are a number of tradeoffs between both classes
of codes, but'neither class of codes fundamentally provides better error pro-
tection than the other. Table 1 lists a variety of new and old channel codes.

1.2 Repetition Codes

Repetition codes are a very simple type of block code. In the remainder of
this section you will learn about the encoder, decoder, and probability of error

analysis for a rate (%) repetition code.

Encoder

Avrate (%) repetition code converts each message bit into a length n codeword.
More precisely, let Z(x) be a mapping from the space of message bitsto length
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n codewords such that

[ (0.,0,...,0), x=0,
I(x)—{ 1,1,...,1), x=1. @

Thus a rate (%) repetition code has the following input-output relationship

0 = (0,0,0),
1 = 1,1,1).

Decoder

A simple (although not necessarily optimal) decoder for a rate (%) repetition
code is a majority decoder. For each length n codeword received (i.e., after
demodulation), the majority decoder estimates the"transmitted bit sequence
by finding the majority consensus of the n received bits. Forexample, ifn =5
and the receiver estimates the bit sequence 1100%,after demodulation, then
the majority decoder guesses that the message bit m = 1 was transmitted.
Typically n is chosen to be odd to avoid a‘race condition.

Probability of Error Analysis

Suppose that after modulationybit'errors at the receiver can be modeled as
an i.i.d. Bernoulli random process with parameter p, where p reflects the
average bit error rate ofthe uncoded system. This means that a bit error occurs
in the coded system onlyawhen [/2] or more errors occur in a codeword.
Therefore, probability. ofbit error is given by

Po= Y (Z) pra—pr*. ()

k=[n/2]

Note that the number of errors in each codeword is being modeled as a
binomial(p) random variable. Also note that p, the probability of bit er-
ror in the uncoded system, is actually a function of SNR [i.e., p — p(y),
where y represents SNR].

2 Pre-Lab

In this lab you will be implementing the encoder and majority decoder for
a rate (%) repetition code. Tables 2 and 3 describe the two VIs that you
are required to build. You will insert your code into the baseband simulator
provided to you in order to verify functionality and correctness.
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Table 2: Description of repeat_encoder.vi

repeat_encoder.vi - implements rate (1/3) repetition code
informa- 1-D array of bit sequence to be repetition
tion bit us encoded
sequence
INPUTS
enable Boolean determines whether or not
channel your V1 should be using
coding repetition code
encoded 1-D array of bit sequence after repetition
OUTPUTS | hit us encoding
sequence

Table 3: Description of repeat_decoder.vi

repeat_decoder.vi - implements majority decoding to decode rate (1/3) repetition
code
estimated | 1-D array of estimated bit sequence (i.e.,
bit us after demodulation)
uence
INPUTS = -
enable Boolean determines whether or not
channel your V1 should be using
coding repetition code
decoded 1-D array of bit sequence after majority
OUTPUTS | hit us decoding
sequernce

Youwill have to insert the repeat_encoder.vi and repeat_decoder.vi into the
block diagram for OFDM _transmitter.vi and OFDM_receiver.vi respectively.

Once you have verified that your code is working correctly, you will then
need to set up the following parameters in order to complete the remain-
der of the pre-lab. These parameters may be located on the front panel of
simulator.vi.

e Correct frequency offset? = FALSE
e Equalize channel? = FALSE
e Synchronization method = Fixed Offset

e Channel model = AWGN
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Leave all unspecified parameters set to their default values. Using this pre-
scribed setup, you will compare the performance of a coded and uncoded
OFDM system over an AWGN channel. You will be required to plot BER as
a function of SNR for both the coded and uncoded systems.

Questions

Answer the following questions about channel coding.
1. According to the union bound for probability of error in QPSK systems,
what SNR is required to maintain a symbol error rate of 102 in an
uncoded OFDM system operating in an AWGN channel?

2. Consider an OFDM system with the following parameters:

e (N — K) subchannels carry QPSK modulated data,
a length L. guard interval (or cyclic'prefix)qis used,

e arate 5 channel code is used,
e and 1/T is the OFDM samplg(rate.

In terms of these parameters,/what is the effective data rate of this
coded OFDM (COFDM), system?_You may ignore the overhead cost
of training in your answer.

3. On the same plot, graph’BER as a function of SNR for the coded and
uncoded OFDM, systems”in an AWGN channel. Vary SNR from 0
to 10 dB in increments of 2 dB (i.e., vary noise power N, from 0 down
to —10 dB). Collect average BER statistics using the simulator with
your code for repetition coding.

You must,use your LabVIEW code to generate the data for your plots.
Use’a logarithmic scale for BER and a linear scale for SNR in your
plot.

4. From the plot you created in the last question, what is the approximate
difference between the SNR required to obtain an error rate of 10~2 in
the coded and uncoded systems?

Pre-Lab Turn In

1. Submit your implementations of repeat_encoder.vi and repeat_decod-
er.vi electronically. Remember to include error cluster inputs and out-
puts.

Note: If you need to generate additional subVIs for this lab, please
electronically submit these subVIs along with your other pre-lab Vis.
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2. Submit your answers to all of the questions in the pre-lab section.

3. Submit your plot of the BER curves comparing coded and uncoded
OFDM.

3 Lab Experiment

In this lab, you will evaluate the bit-error rate performance of a coded OFDM
system and show that it is better than that of an uncoded system. The “gap”
in the SNR required to achieve a particular bit-error probability, between
the coded and uncoded OFDM systems is defined as the coding.gain of the
channel code. In this lab you will empirically approximate(thexcoding gain

of the rate (%) repetition code over a real wireless link.

3.1 Coding Gain

Coding gain is a well-established metric for gauging the performance of
channel codes. To formally define coding gain, let Pec(y) and Pe yc(y)
be functions of SNR y which describesthe probability of error performance
of a coded and uncoded systemespectively. If we assume that both BER
curves are continuously differéntiable ‘and monotonically decreasing, then
there exist two functions P; ¢p) and Pq i (p) such that Pe c(Psl(p)) = p
and Pe,uc(Pefulc(P)) = p (i.g., there exists an inverse mapping from the
probability of error valuesito “SNR values for each curve). Thus, let the
gap function G (n) bedefined as

o
G = ————- 3
Pe,cl (Pe,uc(M))
The gap function G (i) describes the gap between the coded and uncoded
error curves. More precisely, it describes the ratio between the SNR required
to sustain'Pe yc (1) error rate in the uncoded and coded systems. Thus, coding
gain can be formally defined as

C = lim G, 4
H—>00
or in a decibel scale
Cag = lim_[10log() — 10 log(Pei(Pe.uc(i)) | ®)
JL—> 00

Coding gain approaches a constant at high enough SNR. This means that
the gap between the coded and uncoded error curves remains approximately
constant at reasonably high SNR. Intuitively, coding gain can be interpreted
as the amount of additional transmit power required to achieve a particular Pe
in an uncoded system (versus a coded system).
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3.2 Measuring Coding Gain

In this lab experiment, you will use the intuitive interpretation of coding gain

to empirically estimate the coding gain of a rate (%) repetition code. The
questions below will guide you through the process of approximating the
coding gain of your repetition code. Set the following parameters in your
system. Leave all unspecified parameters set to their default value.

e TX sample rate = 20 MSamp/sec

e TX oversample factor = 8

RX sample rate = 10 MSamp/sec

RX oversample factor = 4

e Packet length = 1000 bits

e Capture time = 1 msec

There are several places where biterrors can occur in your wireless com-
munication system. In the Lab7 you learned how critical frame detection
errors can lead to an error rateyof approximately % You have also learned
about frequency synchronization €rrors in OFDM systems, and how large
frequency offsets can also lead to severe error rates. In this experiment, you
will only be interestedin‘errors caused by additive noise. That is, you should
disregard any trials imwhich an error might have occurred from a critical error
in frame detection(or a severe frequency offset (i.e., throw out trials in which
severe errorirates are observed).

Questions

Be sure to answer the following questions in the lab itself, as this lab does
not require you to submit a lab report.

1. Estimate the minimum prewireless channel SNR required by the coded
system to maintain an error rate below 102 (i.e., maintain an error rate
on the order of 10~3). You will be doing this by changing the artificial
noise power added to your signal before being transmitted. This will
be done from the front panel of top_tx.vi inside the channel model
parameters control cluster. You will need to transmit multiple packets
to verify that your estimated SNR reliably produces the desired error
rate.
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2. Estimate the additional pre-wireless channel SNR required by the un-
coded system to maintain a similar error rate. To do this, disable the
channel coding feature on the front panels of top_tx.vi and top_rx.vi.
Also set the Packet length parameter to 3000. You will need to transmit
multiple packets to verify that your estimated transmit power reliably
produces the desired error rate.

3. Based on the SNRs you have estimated in the previous two problems,
what is the coding gain (in dB) of the resulting system?

Hint: XdBm —Y dBm= (X —Y) dB.

3.3 LabTurnIn

Demonstrate to the instructor that your code is working properly. Show
the instructor that the uncoded system requiresfhigher'SNR to maintain a
comparable error rate (i.e., versus the coded system).

DIRECTIONS FOR LAB SUBMISSION

This lab does not require any labyreport. Please be sure to answer all the lab
questions and show your results,to the‘instructor.
Answer the following questions,abeut your channel coding experiment.

1. Does the coding gain you'measured in lab correspond to the coding
gain you observed through simulation in the pre-lab?

2. Using chapnehcoding adds resilience to a digital communication sys-
tem. Discuss the tradeoffs associated with using coding, specifically
that of,rate and performance. If you could adaptively decide when
to use coding (i.e., depending on the received SNR), would you use
cading'when the SNR is high, low, or always and why?



Appendix A

Referencefor Common LabVIEW Vs

Appendix A enumerates some of the common VIs you will have to use in
this lab and how to access them (i.e., the path to get to them from the All
Functions tool palette). Note you can also use LabVIEW QuickDrop to
search for VIs by name by clicking <CTRL> + <SPACE> when\you are
on a LabVIEW diagram window. For additional information-about'each VI,
place the VI in a LabVIEW block diagram, right-click on the VI, and select
Help. This will bring you to a detailed description of the’'VVIsibehavior as well
as its inputs and outputs.

Insert Into Array.vi

Programming=Array

Interleave 1D Arrays.vi

Programming=-Array

Max & Min.vi Programming=-Array
Unbundle By Name.vi Programming=-Cluster & Variant
Tick Count (ms).vi Programming=Timing

Random Number (0-1).vi

Mathematics=Numeric

Complex To Polar.vi

Programming=-Numeric=Complex

Complex To Re/lm.vi

Programming=-Numeric=Complex

Case Structurev Programming=-Structures

Local Variable.vi Programming=-Structures
Convolution.vi Signal Processing=Signal Operation
FFTvi Signal Processing=Transforms
Inverse FFT.vi Signal Processing=Transforms
Mean.vi Mathematics=-Prob & Stat

AXxB.vi Mathematics=Linear Algebra

Inverse Matrix.vi

Mathematics=Linear Algebra

Generate Bits.vi

M odulation=Digital

Fractional Resample.vi

M odulation=Analog=-Utilities

Generate Filter Coefficients.vi

M odulation=-Digital=-Utilities

Align To Ideal Symbols.vi

M odulation=-Digital=Utilities
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