Nonlinear Doppler Warp

Avik Dayal

Thesis submitted to the Faculty of the
Virginia Polytechnic Institute and State University

in partial fulfilment of the requirements for the degree of

Master of Science
in

Electrical Engineeng

A. A. (Louis) Beex, Chair
A. Lynn Abbot

Daniel J Stilwell

August ™", 2016

Blacksburg, Virginia

Correct

Keywords: Orthogonal Frequency Division Multiplexing, Underwater Acoustic Communication,

Wideband Dopple€orrection, TiméNarp



Nonlinear pPoPepidreectWaon for Aco

Avik Dayal
ABSTRACT

The Underwater Acoustic (UWA) channel has been an area of interest for many researchers and
engineers, but also a very challenging area. Compared to th¢henaer radio frequency (RF)
channel, the undesater acoustic channel causes multiple distorticthge to multipath, frequency
selectivity, noise, and Dopplérsome of which are more severe. The increased distortion causes

many techniques and assumptions made for typical RF communication systeeaktddwn.

One of the assumptions that breaks down is that the Doppler effect that the signal undergoes
can be modelled with a simple shift in frequency, since the signals used to communicate in a UWA
channel are effectively wideband. In this work theppler Effect that a signal undergoes is
modelled as a nonlinear time warp. A procedure is developed to estimate the parameters of the
time warp from the observed signal. These time warp parameters are then used to reverse the effect
of the time warp. Twoifferent methods for estimating the time warp parameters and correcting

the Doppler are compared.

The first technique uses sinusoids placed at the beginning and end of the signal to estimate
the parameters of the warp that the signal undergoes. Theddecbmique uses sinusoids that
are present during the signal to estimate and correct for the warp. The frequencies of the sinusoids
are outside of the frequency range used for the transmitted data signal, so there is no interference

with the informationhat is being sent.



The transmitted data signal uses Orthogonal Frequency Division Multiplexing (OFDM) to
encode the data symbols, but the Doppler Correction technique will in principle work for other
kinds of wideband signals as well. The results, whigfiude MATLAB based simulations and
overtheair experiments, show that performance improvements can be realizedhesitnge

warp correction model.
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1 Introduction

1.1 Background and Problem Statement

In the lastcentury underwater wireless communiica has made advances in research and
engineering. There is a lot of interest in military and commercial applications, particularly in
building underwater wireless sensor networks that give performance enhancement for underwater
applications, such as potlon control, climate monitoring, deep sea exploration, etc. The
underwater channel has several characteristics that make it challenging to communicate over
compared to an over the air radio channel. The power loss with RF transmission is much higher
for underwater channels, leaving acoustic communication as a much more viable transmission
mode. However, underwater acoustic channels come with a set of engineering difficulties. One of
these difficulties is that the delay spread, caused by the reverbematiaritipath effect, is much

larger in underwater acoustic (UWA) channels and leads to strong frequency selectivity. Another
challenge is that because of the low carrier frequency with respect to the bandwidth of the signal,

underwater acoustic signals generally wideband in nature.

Most of the previous research in UWA channels involved a single carrier modulation
scheme with decision feedback equalization. However there has been a push recently to using
multicarrier modulation, particularly OrthogorfatequencyDivision Multiplexing (OFDM) [1].

The benefit of multicarrier modulation is that it can convert a frequency selective channel into
multiple flat fading channels. Having a flat fading channel simplifies the equalization process at

the receiver am, as a result, is a good candidate for use in UWA channels.



Amongst multicarrier modulation schemes, OFDM is a popular technique in which
orthogonal subcarriers are used to carry data. The transmitted bit stream is divided into multiple
parallel bit steams and sent over separate overlappingcautiers. To achieve orthogonality
between subcarriers, each subcarrier is placed at a spacing equal to the reciprocal of the OFDM
symbol period. A cyclic prefix is inserted before the OFDM symbol, and typibaBythe length
of at least the delay spread of the channel. The use of a cyclic prefix helps to cancel out ISI due to
multipath. The combination of being able to combat frequency selective fading and multipath

makes OFDM an attractive modulation schemd®fA channels.

There are many problems in dealing with OFDM or any multicarrier modulation scheme
in a UWA channel as opposed to its RF over the air counterpart for which much research has been
done. Because the UWA carrier frequency is so low, therittesl signal tends to be wideband
in nature as the bandwidth of operation equals a major fraction of the carrier frequency. As a result,
relative movement between the transmitter and receiver creates different frequency offsets for
different subcarrier &quencies. For this reason, typical RF Doppler correction techniques, such

as applying the same frequency shift across all frequencies, do not work for the UWA channel.

First, modeling of the Doppler correction as a nonlinear scaling in isndéscussedTl he
benefit of this method is that the relative velocity between the receiver and transmitter does not
need to be constant. This model for a Doppler warp and subsequent Doppler correction can be
simulated in MATLAB, which is treated in Chapter 3 usingsm®able parameters for the

movement of a typical transmitter and receiver.



1.2 Description of Experiments

Four acoustic experiment scenarios were used to validate the Doppler correction techniques. All

of these experiments involved the transmission of an OBigMal over the air in a room at the

Digital Signal Processing Research Laboratory at Virginia Tech. The four experimental scenarios
were conducted with two computers acting as the transmitter and receiver respectively. The
transmitted signal used OFDM #g modulation scheme in the acoustic band-6fkHz. The
transmitted acoustic signal was played out of a speaker connected to one computer. A microphone
attached to the second computer recorded the sound waves in each experiment. In the first set of
experi ment scenarios, the transmitter and recei
apart. The sound waves were recorded with a stationary microphone, while a simultaneous
recording was done with a second microphone moving in a semicircalar.earthe second
recording was subject to the Doppler effect. In the second set of experiments, the receiver was
placed dAfaro away, at a distance of approxi ma
receivers recorded the sound waves with aistary microphone while the second receiver
recorded the sound waves while moving. The movement of the microphone, while the OFDM

packet transmission was in progress, introduced a wideband Doppler effect.

1.3 Specific Contributions

In this work there wereéhtee majorcontributions The frst contribution was an improvement in
the method for finding th®oppler warp modebarameters. Instead of using the exact length of
the transmitted signal, the new metraatountedor the expansion or contraction of theysal,
providing flexibility in selecting the time interval over which the Doppler is modeled and

corrected The second contriltion was adetection scheme for the packets, based on identifying



the fraction of sinusoidal energy present isignal The thrd contributionwas a method of
estmating the paramets for the warp during the burst, as opposed to using preamble and
postamble signals to estimate the warp. Using simultaneous estimates provided multiple Doppler

models over time, and mitigatewlating the applicability ofa quadratic Dopplemodel.

This thesis consists of six chapters. The second chapter provides the background of the
features, problems, and history of communication over a UWA channel. The third chapter contains
an explanation of #hproposed wideband Doppler model and an illustration of the generation and
subsequent correction of a sinusoid using the model. In the fourth chapter the design parameters
of the OFDM burst are described and the results based on the stationary expsr@menos (for
both the near and far cases) are shown. In the fifth chapter the results of the OFDM experiments
with movement and multipath are shown for the near and far cases. The results are discussed, as
are possible solutions to dealing with severeltipath with Doppler warping. Chapter six

concludes the thesis.



2 Background

2.1 Introd uction to Underwater Communications

With over two thirds of t hedakds,aseas, hnitsansscontahace ¢
a great amount of information, yet are largely unexplored. One of the key technologies that can
enable exploration is thdransmission of information underwater. However, underwater
communicationposemany challenges not present in over the air communications. There are three
primary communication mediums used in underwater wireless communications: acoustic waves,

electromagetic waves, and optical waves.
a. Acoustic

Acoustic communication is the most widely used technique for underwater environments due to
the low attenuation of sound in water. However, acoustic waves have low propagation speed (about
1520 m/s) and a very lingtl frequency band, a major limiting factor for efficient communication.

The use of acoustic waves can also be adversely affected by temperature gradients, surface noise,

and multipath propagation due to reflection and refrag@pn
b. Electromagnetic waves

Electromagnetic (EM) waves have several advantages over acoustic waves, including a higher
velocity and higher carrier frequency. However, EM propagation in seawater has two main

challenges, he large absorption loss underwater and the size of the antenna needed. The

Absorptive losg(P, ) [3] is defined as

p, =& (2.1)



wherea ( f) is the absorption coefficient at frequenéyand d is the propagation distance.

The absorption loss coefficieat in seawater can be expressed as

acJpg n (2.2)
where m is the magnetic permeabilitys is the electric conductivity, and is the frequency of
transmissiao. With a high frequency of transmission which is required for lower antenna
complexity, this absorption coefficient limits the transmission distance to tens of meters. Using a
frequency such as 50 MHz, would require an antenna of a couple meters. ifrifpsaigtical for
underwater sensor networjd. Current modems that operate using RF propagation supgbrt 10

bps over tens of meters and over a frequency range of 1 to 20 MHz.
c. Optical waves

Optical waves for communication have an advantage of a large data rate that can exceed 1Gbps.
However, optical signals can be rapidly absorbed in water and the opticar s@aited by
suspended particles is significant. Ambient light present near the surface of oceans and lakes can

add significant noise to the received signal. The intensity of the received Ejgegiresented as

[3]

l,=1e" (2.3)
where |, is the transmitted intensity of the lighd, is the distance, and¥ is the turbidity, which

is similar to the absorption coefficient for EM waves. However, turbidity depends on the scattering
of the wave while absorption is the power loss due to energy conveStattiering is more
prevalent in optical communications as compared to absorption. The turbidity is a measure of the

clarity of the water and is measured in nephelometric turbidity units (NTU). Since seawater often
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has a large turbidity, in the tens to tisands of NTU, this limits the range of optical

communications underwater.

The characteristics of these channels are summarized in Talpig.2.1

Table2.1: Characteristics of channels

Acoustic Radio Optical
Speed of Propagatio 1500 m/s 3108 m/s 3108 m/s
Power Loss >0.1dB/m/Hz ~28 dB/km/100MHz Depends on
scattering of water
Data Rate Up to 100 kbps Up to 10Mbps Up to 1Gbps
Bandwidth ~kHz ~MHz ~10-150MHz
Frequency band ~kHz ~MHz ~10141015 Hz
Transmission Range ~50m5km ~1m-100m 1m-100m

Becaus of the limited range of EM and optical techniques, acoustic signals are generally
used for long range communication underwater. Underwater Acoustic (UWA) Communication
has three major limitations including the slow speed of sound underwater, time \autipath
propagation, and limited bandwidth. This has led to a lot of research in finding techniques to

communicate over channels of poor quality and with high latency.

2.2 Underwater Acoustic Channel Characteristics

The underwater acoustic channel has s#whallenging properties that cause it to be difficult to
communicate oveifwo of these properties are tiaited bandwidthavailable on the channahd

the wideband nature of the signals used. The delay spreads can easily be in excess of hundreds of
milliseconds, creating frequency selective distortion, and any relative motion between the
transmitter and receiver creates a-umiform Doppler warp. In addition to transmission loss, the
background noise is not always Gaussian or white, which makesiggedifficult to model. The

characteristics of Underwater Acoustic channels are investigated in more detail.
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2.2.1 Sound Velocity

An important difference between acoustic channels and electromagnetic channels is the slow
propagation speed through seawater. §geeed of sound in water is highly variable and dependent

on several water properties including temperature, salinity, and pressure. The average speed of
sound near the surface of the ocean is 1520 m/s, but this grows with increasing water temperature,
salnity, and depth. Because the speed of sound varies dependihg aepth of the ocean, the

speed profile is divided into four layers:

1 Surface Layer: The surface layer is restricted to tens of meters. Since the salinity is low
and the temperature is highese factors create a constant sound velocity, at approximately
1520 m/s.

1 Seasonal and permanent thermocline layers: The water temperature decreases in the
thermocline layer, which leads to a lower speed for sound. In the permanent thermocline
layers, tle speed of sound decreases further, to about 1475 m/s at a depth of 1000 meters.

1T Deep isother mal |l ayer: At this |l ayer, the

pressure increases, the speed of sound increases linearly.

The temperatur@ is denoted in degrees Celsius, the sali§itin parts per thousand, and

the depthD in meters. The speed of sound in watgrcan be estimated usifg]

c=1449 +4.@ ©.055° *3% 35) 00 (2.4)

For purposes of simulation, the speed of sound in water is considered to be 1520 m/s, though a

change in velocity could be solved with a time varying Doppler correction model.
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2.2.2 Time-varying Multipa th

Any type of wave, whether it is acoustic or electromagnetic, can reach a certain receiver location
via multiple paths. In shallow water environments, wave reflections off the surface and bottom
interfaces of the channel can generate multiple arrivel®gs) due to the same signal. In addition,

the underwater channel varies with time. The variation can be caused by inherent changes in the
channel or a change in the velocity between the transmitter and receiver, making the multipath
much more severe. Thimultipath may be less for deeper water. The number of propagation paths

depends on the reflection and refraction properties of the channel.

Since the received signal is a sum of the various paths along which the transmitted wave

travels the impulse rpsnse of the channel can be modeled as
h®)=4 h(t +) (2.5)
whereh (t) represents the impulse response gnithe path delay of the" path.

The acoustic channel is particularly susceptible to multipath and is characterized by a large
delay spread and a large Dopplpread. The channel delay spread is defined as the maximum
difference between the times of arrival of the channel paths, or the length of the longest path delay.

This is expressed &S]
D, =max(lt, - 41 (26)

where ¢ and are thep” and q" times in the path of arrival, respectively.
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In underwater environments this can be as large as 100 ms. The channel Doppler spread is

defined as the mamial difference between the Doppler rates of the channel paths. The Doppler

spreadD, is expressed d$)]

VARRY,
D, :maxﬂ i q‘ 1 (2.7
(.

th th . . . .
where v, andv, are thep™ andq" velocities in the path of arrival, respectively. The Doppler

frequency spreads are typically large, especially compared t@alomtielectomagnetic mediums.

2.2.3 Propagation Loss.

There is a great deal of path loss in acoustic channels that can be characterized as absorptive loss,

and geometrical spreading.

Absorptive Loss is the energy that is absorbed by the medium. Thiy éoesgs different
for the different modes of propagation. For example, electromagnetic and optical waves have a
comparatively much high absorptive loss than acoustical signals. Absorptive energy loss depends
on the frequency that is used, which is whgcalomagnetic waves have a higher absorptive loss.
Earlier, the absorptive loss for EM waves was defing@.it). Equation(2.1) holds for acoustic

waves with a different absorption coefficigfht.

For low frequencies (below 3(Hz), the absorption coefficient is calculated gs

2 2
a(f)_o.llf L.

= S 275 20°f?+0.003 2.9
1+f2 4100 #

where f denotes frequency in kHz.
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Geometric spreading is the power loss due to the increased surface area that the wave
occupies over larger and longer distances. The wave energy in each aci dedomes less over
distance, decreasing by the inverse square of the distance. This type of spreading loss is frequency
independent, as opposed to absorption loss. Different types of geometrical spreading loss are
considered by assuming that a pointrsewenerates either spherical or cylindrical waves. For a
point source generating spherical waves, the power loss caused by spreading is proportional to the
square of the distance away from the source. A point source generating cylindrical waves has a
power loss proportional to the distance away from the source. For an underwater setting, the
geometric spreading loss as assumed proportiondd tevhered is the distance from the point

source to the receivand 4 depends on the type of spreading loss. In cases where the propagation
is not usually classified as purely cylindrical or spherigal,can be taken to be 1[5]. The

spreading factor (SF) can also be expressed logarithmically as:

SF=10blog,, d (2.9)

Though these are the common expressions for the spreading loss and the absorption loss,

there are several different definitions for the total transmississ|(TL) . [8] expresses the total

transmission loss as

TL=SS &(f)d310° (2.10)

However, Stojanovic and Reidig] define the overall transmission loss as

Qo

TL(d, f):aed—

(£)"" (2.10)
¢t

- %oF
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whered is the transmission distance taken with reference to some ghaigain, 4 depends

on the type of spreadirandcan be assumed to be 1.5.

2.2.4 Noise

The noise in any acoustic channel dstssof ambient and site specific noise. Ambient noise is
background noise which can come from a variety of different sources. Some of the common
sources of ambient noise include volcanic and seismic activities, turbulence, weather processes,
and thermal aise. Generally ambient noise is prevalent over a larger area compared to site specific
noise. Site specific noise is an interfering signal which is recognizable in the received signal. An
example of site specific noise would include marine animal sountth® sounds of ice cracking.

These noises are non Gaussian, though they can be modeled using Gaussian mixture or stable

distributions[10].

Ambient noise can be measured as Gaussian, not @hdehas gower spectral density
(PSD)thatchanges with time. The power spectral density of ambient noise decays with frequency,
whichresults in a signal to noise ratio (SNR) that varies over the signal bandwidth. The SNR of a

band of frequencypf around some frequency is represented 440]

___S(f)
SNR | f)_A(I,f)N(f) (2.12)

where N( f) is the combination of ambient and site specific noise in the environmerg ahd

is the power of the signal. Ambient noise ismally classifiedinto four categories, turbulence

(N,), shipping(N,), wind (N,,), and thermal(N,,), which are each modeled [d<)]:
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10logN, (f )= 17 - 30logf

10logN, (f )= 40 +206 -0.5) 26log 60log( 0.6
10logN,, (f )= 50 +7.5/'w ®0logf  40log{  Ot4)
10logN,, (f )= -15 20logf

(2.13)

This model shows that the SNR is a function of frequency, limiting the bandwidth for large

distances. Thus, bandwidth efficient schemes are necessary for acoustic channels

2.2.5 Doppler

Another factor in underwater communications is the-moiform Doppler shift/spread that is more

severe compared to in a radio or optical channel. In communications, relative movement between
the receiver and transmitter causes the signal tergoda Doppler warp. In radio channels, this

warp can be modeled as a simple shift across all frequencies, but because the speed of sound is
low compared to electromagnetic waves, this may not apply. Models for estimating and correcting

a more severe undeater Doppler Warp are explored in Chapter 3. In the case of narrow band

signals where theentire spectrum can be translated by the same shift as the carrier frequency, the

magnitude of the Doppler Effect is defined, called the Doppleraiaas a=" , Where v is the
c

velocity between the transmitter and receiver ani$ the speed of sound. This effect can be
present even with no deliberate movement between the transmitter andrrexethey can drift

with the waves and tides. The Doppler effect for a single shifted frequensyepresented as

w = y(l 8) (219
where w;, is the original frequency.

This assumption often works for narrow band signals in which the entire spectrum is

assumed to be translated by saene frequency as the carrier. The Doppler shift in such cases can
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be negated by carrier synchronization, which is equivalent to adjusting the local carrier frequency

[11].

In wideband signals, Doppler translates each frequency compopardifferent amount.

Hence the Doppler Effect is more accurately modeled as a time scaling (expansion or contraction)

of the signal waveform. The discretized received signal can be represented as having & period

and the receied signalr (nT,) as:

r(nT) =s(1 +a)nT) (215
To recover the origial signal s(nT), an inverse time scaling is applied, which is

equivalent to resampling the received signallkbya

2o

s(nT) = rg%_la Ss (2.16)

This effect can be represented as a scaling of the sampling fregfiency

f.=(1 &)f, (2.17)

2.3 Modulation Techniques for Underwater Communications

Here are the main techniques that are used in underwater acoustic coationsi Frequency
Hopped Frequency Shift Keying (FSK) modulation, Direct Sequence Spread Spectrum (DSSS)

modulation, Single Carrier transmission, and multicarrier modulation.

2.3.1 Frequency Hopped FSK

In Frequency Shift Keying (FSK) modulation, informationsbére used to select the carrier

frequencies of the transmitted signal and the receiver compares the measured power at different
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frequencies to infer the transmitted bits. This method does not require channel estimation, although
guard bands are required avoid interference from frequency spreading. The transmitted FSK
signal can be represented as

x(t)=2 A ¥ Mgt iT) (2.18)
whereT is the time duration of each tone spacedlbby , f (i;s[i]) is a function that determines
the tone of tha™ symbol, di] is the data symbol, and(t) is the pulse shaping function. Within
any bandwidthB , the total number of tones that can be usegilis In underwater channels, FSK
oftenfalls prey to the severe multipath in the system, making it less efficient than other modulation

schemes.

2.3.2 Direct Sequence Spread Spectrum
In Direct Sequence Spread Spectrum (DSSS) modulation, a narrowband waveform of bandwidth
W is spread to a large bandwidth before transmission. Each symbol is multiplied by a spreading
code of lengthN = B/ W chips. The baseband signal is represented as:

2 NT O .

x=a dl a¢ifqgt{iN 7] (219

i=- o n 0=

where d[i; n] is the chip sequence for th& symbol, andT, is the chipduration. The passband

signal can be represented as

() =2 A Ye'™") (2.20)
The despeading operation at the receiver side suppresses time spreading induced
interference. Channel estimation and tracking is required unless noncoherent DSSS is used with
multiple spreading codes.
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2.3.3 Single Carrier Modulation

Single Carrier transmission is thgect transmission of phase coherent modulations such as phase
shift keying (PSK) and quadrature amplitude modulation (QAM). However, the multipath
propagation introduces a lot of inteymbol interference into the channel. The transmitted signal

is reprsented as

x(0= & qig(t M @2y

Advanced signal processing is needed for channelegtion. Previous work has used
second order phase locked loops to track phase variations and an adaptive decision feedback

equalizer that suppresses the ISI.

2.3.4 Multicarrier Modulation

In multicarrier modulation such as frequency division multiplexin@Nlr or Orthogonal
Frequency Division Multiplexing (OFDM), the bandwidth is divided into a large number of
overlapping subband3he waveform duration idesigned to béong compared to the multipath
spread of the channel. Guard bands are used betweebargisubbands, and bandpass filtering

is used to separate the signals from different subbands. OFDM is described in more detail in

Section 2.4.

2.4 Orthogonal Frequency Division Multiplexing

With severe multipath present in underwater communications, @miabd-requencyivision
Multiplexing (OFDM) is considered a way to combat the large delay spreads underwater. OFDM
is a form of multicarrier modulation with overlapping subcarriers. While typical single carrier

transmission systems are built serially, OFX¥VA block transmission method. The transmitted
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information is partitioned into blocks, with guard intervals in between blocks to prevent overlap.
The guard intervals can be either padded zeros at the end of an OFDM symbol or a cyclic prefix

at the frontof an OFDM symbol.

The main advantage of OFDM over other schemes is its ability to cope with severe channel
conditions. Because the signal is split up over several orthogonal frequencies, each symbol period
is longer than in a single carrier system. Tgiies the data more resiliency to multipath, since the
delay spread must be large to cause intersymbol interference. OFDM does not require a guard band

between the subcarriers in the frequency domain, which results in saving spectrum.
When considering OFM, it is assumed that the chanrgl) is invariant, expressed in
spectral terms as
H(f)= Fj h(t)e 122" dt (2.22)

whereT,, is the non zero interval over which the channel is defined. The received passband signal

after transmission is denoted as:

y=h(t)* X9 + ()

=" hO)XE - yd 1Ay (223

wherei(t) is the noise in the system.
In OFDM, bits are divided into several parallel bit streaamd then sent over several
overlapping carriers. Each subcarrier is separated by a multip%_e, aofhereT is the OFDM

symbol period, and each carrier has an integer number of cycles over the symbolMaltipte

modulation schemes such as quadrature amplitude modulation (QAM) or Phase Shift Keying
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(PSK) can be used on each symbol. A comparison between the subcarriers in Frequency Division

Multiplexing and Orthogonal Frequency Division Multiplexing Isistratedn Figure2.1.

Carriers in Frequency Division
Multiplexing(FDM)

g ~ N\ -
’/’ \\ .‘"/ .\.‘ ."‘f \.‘ //\ /’ A
[ | ‘. " [ ‘ ‘ ‘. ‘
1 Carriers in Orthogonal Frequency
T Frequency Division
S Multiplexing(OFDM)
0000
HARTAAR
FITY T

Frequency

Figure2.1: Subcarriers in FDM as compared to OFDM.

There are many variables that go into OFDM design and many potential obstacles that need
to be addressl in OFDM. This discussion of OFDM is split into three parts, the transceiver design,
different techniques in designing the guard interval, and techniques in the synchronization of
OFDM. These are the most relevant issues when dealing with Underwatare@Ghaithough

there are other performance aspects related to OFDM, sirdakgo Average Power (PAPR).

2.4.1 Transceiver Design
Weinstein and Ebeftl2] usedthe Discrete Fourier Transform to modulate and demodulate the
OFDM symbol. This technique has been the standard for OFDM transmission. To improve the

time in processing, the FFT can be used in place of the Discrete Fourier Transform. f Attow

be the sampling rate, which is at least twice the highest frequency of any signal component. For
example if the highest frequency used is 8 kHz, then the sampling frequency would be 16 kHz.

Each subcarrier is considered to be of the form
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f (t)=e?":0<t NT (2.24)
whereN is the number of subcarriers arfig= % refers to thek™ subcarrier frequency. The time

domain representation of the OFDM symbol is as follows

()= 8 LA (229

where |, is the bit/symbol modulated onto the subcarrier. The discrete time representation with a

sampling period ofl is:

1 %
S, :—Na le N (2.26)

This representation shows that the DFT, and subsequently, the FFT, can be geeerate an

OFDM symbol.

The performance of an OFDM transceiver is optimized by considering the bandwidth,
bit/symbol rate, and delay spread of the system. The guard time has to be larger than the delay
spread of the channel to avoid I$he underlyingassumption for OFDM equalization is that the
channel is time invarianThe symbol duration is generally larger than the guard time to include
more information, i.e. to increase the number of bits per second. However, larger symbol durations
result in a&rger number of subcarriers with a smaller subcarrier spacing, and more sensitivity to

phase noise and frequency offsets.

A simplified OFDM transceer is illustrated inFigure2.2. The data bits are first mapped

to symbols anatonverted into parallel. An IFFT is performed on these symbols after inserting
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zeros or a cyclic prefix. This is followed by receiver operations aimed at reversing the transmitter

operations.

I,

: / = —
5 Upshifting and U
[—>‘ S/P ‘> IFFT — Windowing }:> P/S J %
e = j|—>7 L

23

1 " N I
k X Frequency K—o

C:‘ P/S JQI FFT } Domain F:I S/P <~ CP Removal k/
— Equalizer —

2

=
\Y
A

n

Figure2.2: OFDM Transceiver Structure.

2.4.2 Guard Interval

Once the signal goes through a multipath channel, there could b&ymbdrol Interference (1SI)
caused by a loss of orthogonality of the subcarriers. Guard intervals are used in the time domain
to prevent ISI to @ertain extent. The guard interval can either be a Cyclic Prefix/Suffix, or a Zero

Pad.

a. Cyclic prefix/suffix

A cyclic prefix and/or suffix are/is created by appending copies of the first and last part of the
OFDM symbol to the beginning and/or end of ttesmitted symbol as shownhigure2.3. The

length of the prefix/suffix is at least as long as the delay spread of the channel. The prefix/suffix
acts as a guard interval between consecutive OFDM symbols and allows for opeiadution
between the OFDM symbol and the Channel Impulse Response. Because cyclic convolution is

multiplication in the frequency domain, each subcarrier remains orthogonal. The cyclic
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prefix/suffix can also be used for timing synchronization and cdrequency offset correction,

as will be shown latgrl3].

CcpP OFDM Symébol n CcpP OFDM Symbol n+1
T, T
OFDM Symbol n CS OFDM Symbol n+1 CS
T T

g

Figure2.3: lllustration of Cyclic Prefix and Cyclic Suffix in the Time Domain.

b. Zero padded OFDM

An alternative to cyclic prefix/suffix as a guard interval isgiag each OFDM symbol with zeros
at the transmitterThe receivewould add thesamples corresponding to the guard interval (no
longer containing zeros, but noise and multip&dhthe beginning of the OFDM symbaddding

the samples to the beginning oeteymbolwill turn the linear convolution between the OFDM

symbol and the channel impulse response into a circular convolaihn

Zeros OFDM Symbol n Zeros OFDM Symbol n+1

T, T

Figure2.4: Illustration of Zerepadded OFDM $mbol in the Time Domain.
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2.4.3 Synchronization

Synchronization is one of the most important and challenging issues in an OFDM system. While
OFDM is useful in combating multipath, it requires that the transmitter and receiver are
synchronized in time and frequency. Without synchronization, eitherrig&lacan degrade the

performance of an OFDM system.

Synchronization is divided into two parts: synchronization in time and synchronization in
frequency. A receiver has to deal with the effects of symbol timing offset (STO) and carrier
frequency offsetG F O) . Nor malized CFO and STO is repre:c

received signat[n] can be represented as

rin] =IDFT{R B} =IDF{ K k K)k )k

:%Nath (k)x(k) éZp(n+ k #N +i ﬂ] (227)
k=0

where X (k) and H (k) refer to the Fourier transform of the input and the frequency response of

the channel respectively, arfl refers toIDFT{Z(K} .

Time domain synchronization is done in two steps, by first performing packet detection
and symbol synchronization. Packet detection involves techniques to find the beginning and end
points of the symids. Symbol synchronization follows packet detection and is the process used to

obtain estimates of the beginning and end of the symbols at sample level precision.
Here are some of the popular techniques that can be used to perform packet detection:

a. Energ Detection
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In energy detection, the received signal is divided into windows of lebgtnd a decision is

made on whether the packet exists or not based on the energy in that window. The decision metric
on whether to accept a pgat is represented ag, . In the presence of a packet the energy in the
window would be high, leading to acceptance of that packet. The decision metric can be written

as.

m =3 |in K (2.29)
k=0

However, the received energy can vary in the presence of noise and multipath in the signal.

For this reason, setting a teh®ld to accept packets can be difficult and lead to many false alarms.
b. Double Sliding Window

Instead of using the energy in a single window for deciding whether the signal exists, this method
uses the energy of two consecutive windows to form the daaisetric. Consider two consecutive
windows A and B, of which window A contains the received signal. The decision metric first
increases, when the packet is present only in window A, and then decreases, when the packet enters

window B.

The decision mettiis defined as:

M-1 2
a, =4 |rln -n|
m=0

2M-1

b=& |rin -m[ (2.29)
=%
™=y

n
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where a, and b, refer to the energy in windows A and B respectively. Using the double sliding

window, the decision metric is not dependent on the energy of the received signal.
c. Double Sliding Window Correlation

If the packet in question has a repe@tstructure, a more accurate packet detection method can be
developed. One technique for packet detection is similar to the algorithm developed by Schmidl
and Cox [10] for estimating symbol timing and CFO. In this method, the preamble would consist
of two identical OFDM training symbols, or a single OFDM symbol with a repetitive structure.
The decision metric would use two consecutive windows to produce a correlation. The correlation
will be high when the two windows contain the same repetitive parts pi¢laenble. The cyclic

prefix of an OFDM symbol can be used in this method. However, this method is susceptible to ISI

if the guard time is shorter than the delay spread of the channel. The correlator is represented as

¢, and the deision metric is represented as:

¢ =AynHyin k B

-1
k=0

p. =& [Mn + 8 (2.30)
C

The output of the correlatorilvhave a flat intervatorsisting ofmultiple pointsthatone
can use as theacket synchronization point. This technique can also be used for symbol
synchronization, though a common problem is that the output does not produce a distinct peak in
the corelation output. However, an average of the correlation values can help produce a better

peak [11].
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After packet detection, another technique determines where a packet begins and ends;
symbol synchronization estimates the beginning and end of the symtholsample level
precision. Two of the most common methods in symbol synchronization are matched filtering and

a correlator developed by Schmidl and o4 utilizing the cyclic prefix.

a. Matched Filter
The matched filter uses a preamhj@] known to the transmitter and receiver. The receiver
calculates theross correlation of the received sigaald t[n] . The sample that maximizes the

absolute value of the cross correlation gives the timing estimate of the symbol. The cross

correlation is calculated as follows:

E=arg ma%gr h ki, (2.31)

n k=0

This approach can fail when the received signal has undergone a lot of distorticailytypi
from Doppler, or when there is a CFO between the transmitter and receiver. However, the
performance of the matched filter correlator is in general considered to be better than the double

sliding window correlator when there is no CFO between thenmdter and the receivgi3].

b. Using Cyclic Prefix

Consider an OFDM symbol with a cyclic prefix df; samples and data ¢f,, samples. Recall
that the CP is a copy of the lalsk; samples of the OFDMymbol. This feature can be used to

estimate the STO. Consider two sliding windows W1 and W2 which are spdgedamples

apart. The similarity between W1 and W2 is maximized when the CP of an OFDM symbol falls

into W1. The similary between W1 and W2 can be found by either finding the point where the
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difference between the two windows is minimized or the correlation between the windows is

maximized[15] as shown in the following equations:

..NG_l _

o H
Fagming & [yh i v Ng 1
T RET '

: (2.32
~ gl it o a
woargming g |yl dy[n N, 14
K | i=p y
This technique may not work when the delay spread of the channel is comparable to the

length of the CP, as the cyclic prefix would have undergone too much distortion forréiatoo

to produce a distinct peak.

While these are some of the most common timing synchronization techniques, they do not
always work in underwater environments. Frequency domain approaches can also be used to
obtain timing synchronizatiofiL6]. Some of these frequency domain approaches provide better

timing synchronization, as discussed in Chapter 4.

A major type of distortion in OFDM systems results from the Doppler warp that occurs
due to relative motion between the transmitter and the receiver. If the carrier frequency is large
compared to the bandwidth of the system, the Doppler warp can bdedatea simple Doppler
shift, whichis thendenoted as a CFO. (8.27), the CFO is represented as the parameterhis

e refers to the normalized CFO, which is the difference in carrier frequencies between the

transmitter and receiver. The CFO can be broken down into a s@maoid e, , which refers to

the intgyer and fractional part of the normalized CFO respectively. Suppose the transmitted signal

is represented in the frequency domaingg] . If the carrier frequency offset is an integer, then
any cyclical shifte would produce arX[k- e] in the k™ subcarrier, causing all of the carriers

to be shifted over by a integer number of frequency bins. This would cause a severe increase in
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the bit error rate. Fractional frequgmnaffsets would also negatively affect the BER by causing the

destruction of the orthogonality of the subcarriérg.

A major difficulty with OFDM is the sensitivity to CFO. CFO can cause the OFDM symbol
to lose its orthogonality, creating l@nd causing the BER to increase. In order to preserve the
orthogonality of the subcarriers in the frequency domain, several algorithms can be used to

estimate and correct for the CFO.
a. Repeated Training Symbols

This method involves consecutive trainingrdols that are part of the OFDM structure. There are
at least two consecutive repeated traingygnbolsand the received signal is assuntedbe
demodulated using a carrier frequency that is slightly different from the carrier frequency that

generated théansmitted signalg i and x[n represent the transmitted signal in baseband and
passband respectivelyf, and f, refer to the carrier frequencies generated llpcat the

transmitter and receiver respectivglyl]. Thus the received sigl at baseband is represented as:

Y[ril — $ ']1 é2pf,anS —ej2 AT, :[S]n Jé H o FronTg (233)

The frequency offset estirta isbased on

L-1
m=a Myl n+D
n=0
:Ié:l g n +[p & giz i DI, (2.34)

n=0
L-1
—e i2p DDTSa |$1|2
n=0
where D is the lengtlof the training symbol.

The CFO estimate thenexpressed as:
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S
Df DT i, (2.35)

This estimator is limited in the frequency range by the length of the traininigosymd
the sampling periad

IDF| ¢ (2:36)
2DT,
This type of estimator cannot estimate CFOs outside this range. A major problem with
using this type of estimator for underwater channels is that the added training symbols make the

symbol longer, makinthe Doppler estimation more difficult and less accurate.

b. Using the CP
Since the repeated training symbols can add unnecessary overhead, the CP can be used instead to
estimate the CFGBince the CP is identical to the last part of the OFDM symbol, thislinb

repetition can be used to estimate the CFO. The CFO estimate is represented as:

= 1 ghe ! . |
DE=———arg g ylly[n +N,Ju (2.37)
szsust i 20 b] !

where N, refers to the number of samples in the CP &hyg refers to the effective data length

in each OFDM symbol. Howevethis method will also not work when the delay spread of the
channel is comparable to the length of the CP, because the CP would have undergone too much
distortion to produce a good estimate. For this reason, a new model is needed to estimate the

Doppler warp that affected the transmitted signal.
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3 Doppler Estimation

3.1 Introduction

In communication systems, OFDM signals often need a Doppler Corréctiwder to correct for

the average Doppler shift over a packet. Since the speed ofisouateris low compared to that

of electromagnetic waves water (1.484 km/s for sound as opposed to 225,000 km/s for
electromagnetic), acoustic signals have ahmlarger propagation delay and the Doppler warp that
affects the received signal is much more sevAsea result of the propagation delay and the
Doppler warp, theeceived signal in an underwater environmefarder to decode compared to
the same sigad in an RF environment. In order to corrixstthe distortionarising from the Doppler
warp, auniform Doppler correctiorthat expands and/or contracts the received signal in time is
introduced This uniform Doppler expansion/contractiomssumes that ¢hrelative velocity

between the transmitter and receiver is constant over the duration of the phekBoppler
. .V . . .
shift/spread can be measured by the ratio— , wherec is the speed of sound in water ands
c
the relative velocity between th@nsmitter and the receiver.

This uniform Doppler expansion/contractiois measured as a change in time scale by a

constant factor. The relationship between the old and new time axes canddedasd

=1 8t (3.1)

tdoppler original

where t and t refer to the Doppler affected time scale and the original time scale

doppler original

respectively.a refers to the relative Dopplexpansion or contractioin the model represented

by (3.1), negative values ofr reflect a contraction (in time) while positive values reflect an
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expansion. To simulate the Doppler effect on a uniformly sampled signal, the signal can be

uniformly resampledThetime warp is illustrated ifrigure3.1.
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Figure3.1: Time Warp for Uniform Expansion/Contraction

In Figure3.1, values fora of 0.5 (expansion) and.5 (contraction) are used. These values
represent an expansion and contraction in time, respectively, and the time scales can be represented

0.3 for a values of 0.5 and0.5, respectively. In the

Doppler — ~*~*original 1

ast =1.84na @Nd t

Doppler
frequency domaina of -0.5 corresponds to a doubling of frequency, while anof 0.5
corresponds to an expansion in time amdo thirds decrease in frequengsiative tothe original

frequency.

Figure3.1 visually demonstrates the linear Doppler time warp model, but such values are
not an accurate representation of values found in experimentation. Ingrec#icarios, the value
of & is not very high, eenin underwater scenarios, where the maximum speed of the vehicle

go up to65 km/hour or 18 misThe values ofa using acoustic signalreexpected tde large
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compared to RF situationsince the frequency change relative to the carrier frequency is higher
in acoustic situationgsince the carrier frequency is in the MHz range in RF scenarios dhe in
kHz rangein acoustic scenariosjo calculate pretical values ofa , assume maximum speeds of

up to 65 km/hour, or 18 m/s. This is close to typical for submarines. Such a speed can correspond
to ana value of 0.Q2 This is calculated by using :%, assuming a positive 18 nv@nge rate

(negative closing rategnd the speed of sound in water as 1484. In simulation experiments,

realistic speeds of underwater vehicles are assumed, and thus corresgpndingsare used

The Doppler effect is corrected by finding the Doppler warp that has affected the received signal,

and then inverting the time scdlet representhe Dopplemwarpedtime scale.

- t0 er
‘griginal = ]E-)_:’jla (32)

For uniformly sampled sequencenyerting the uniform Doppler time warp corresponds to

uniformresampling, i.e. changine sampling rate by a factor (if+a)* .

The expansion and contraction effects can be illustrated through simulation with a 5 kHz
sinusoid, usingg values of 0.5 aneD.5. The spectrogram of a 5 kHz sinusbiefore contraction

or expansion in time, is shown kigure3.2.
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Figure3.2: Spectrogram of Original 5 kHz Sinusoid

Using an a value of -0.5, the relationship between the time scales becomes

tooppier = 0-Storiginar- THIS results in contractigihalving)of the signal in timeluration and therefore

a correspondingloubling of frequency. This change in frequency is evident irspleetrogram

shown inFigure3.3. Similarly, when the value af is 0.5 the relationship between the time scales

becomesty, e =1.5t

oignai+ THIS IS equivalent to an expansion in time and a correspg

decrease in frequency (to two thirds of the actual frequency). This change in frequency is observed

in the spectrogram shown Kigure 3.4 where the measured frequency of the sinusoid after the

Doppler warp is now equal t833.33 Hz (two thirds of 5 kHz
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3.2 Non Linear Doppler Warp Model

In very wideband systems, signals undergo-ioear Doppler warps that cannot berrected
usingthe uniform expansion/contraction model representg@®.ty. For this reason, an improved

method of finding and estimatinige nonlinear warp thaa timewarped signal undergoes is used.

Instead of using a model of the time wed signal as a uniform expansion or contraction
a polynomial can be used to map the time from the original unwarped signal to the time warped
signal. The simplest example of such a polynomial is a quadratic equation which can approximate
a linear changeifrequencyover a short enough time periothequadraticequation for the time

on theDoppler scale is approximated by

t l&a +# (3.3

Doppler = ( original )toriginal

wheret andt,;., are the Doppler and original time scales andb are the parameters for

doppler
the Dopplerwarp model in(3.3). This method assumes that a #imear Doppler warp can be
modeled as a quadratic equation between the Doppler affected time and tied aogi warped

time. This is illustrated ifrigure3.5.
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Figure3.5: Nonlinear Doppler Warp Model witk of -0.2 and 4 of 04.

Obseve in Figure 3.5 that the warp model includggeriods ofcompression and expansiouer
the given time intervaFFrom 0 to @5 seconds, the signal undergoes compression whileGraim

to 0.5 secondthe signal undergoes expamsi

In order to undo a Doppler wags in (33), the parameterg ands are neededso that
the received signalan beappropriately resamplieand an estimate of the original unwarped signal
recoveed Assuming thatr (t) is the received uniformly sampled signlaht was subject tthe
Doppler effect, then after applying tifiaverting) Doppler warp correction the samples will be
nortuniformly spaced. These namiformly spaced samplesearesampled, orconverted to

uniformly spaced samples spaced a(or inverse of the sampling frequengy) through a linear

interpolation of the nowiniformly spaced sample values straddling the desingdrmly spaced

time points. Methods of resampling other than linear interpolation can prove useful, such as a
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quadratic or sinusoidal interpolation, thoughat is beswill depend on the characteristics of the

received signal. Thinearly interpolatedesampled signal is represented as

r{tuniform (n)} =r {t doppler(k)} 'gg {t dopplel(k l')} r {'t dopple(k)} (3.9

where

tuniform (n) - tdoppler( k)
doppler ( k+ 1) -t doppler( k) (35)

971

In the above,r{t . ("N} represents the uniformly spaced outgutepresents thek™
sample of the Dopplerorrected nofuniformly spaced time axis represents tha" sample of

the uniform time axisandty, e (K) ¢ tuom(N) ®eoppel K B

Similar to the uniform expansion/contraction, the nonlinear warp can be applied to a
sinusoid. In this case a sinusoid at 5 kHz was passed through a time warp (withvalue of

-0.2 and p value of 04) and then nowuniformly resampled to uniformly spaced sampkagure

3.6 shows the spectrogram of thienulatedDoppler affected burst.
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Figure3.6: Spectrogram of Doppler AffecteduBst

Observe that frequency changesiinearly with time for the chosem and & warp
parameter valuesNote that the simulation process uses linear interpolation oundarmly
spaced samples and that this process generates some distortion components, which are
approximately 3@B or more below the level of the main frequency component. While a more
refined interpolation process would likely mitigate the distortion components such approaches are

not the focus of this work and thus not pursued here.
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Figure3.8: Beginning of the Doppler AffecteduBst in the Time Dmain

As Figure 3.6 shows, the Dppler warp causes a tiavarying (nearly linear) shift in
frequencyi due to & being relatively largeFigure 3.7 and Figure 3.8 show how the Doppler

warp affects the burst inéhtime domain, with the Doppler affected signal occurring at an earlier
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point in time due to the time compressidie time expansion during the second half of the
Doppler warp model causes the length of the Doppler affected sigaatitap beingearly he
same a®f the original sinusoidThe time warp can be inverted by mapping the Doppler time axis

back to the original time axis. This would mean using the (estimaedhd 6 parameters to

generate (aestimate of) the time warp which (presumably) caused the observed Doppler effect
(so as to facilitate the inverse mapping of the time axis). The next section describes the technique

that can be used to estimageand 6 based on the received burst.

3.3 Derivation of Estimate for a and ».

In order to undo the nonlinear warp showirigure3.5, an estimate o and 4 is needed. The
period of asignalthat undergoes a Doppler warp can be used to derive estimatasdadb .
First denotel asatime interval[t,t +T] during the undistorted signale.prior to its undergoing

a Doppler warpAfter undergoing a Doppler warp described(By), the timeinterval after the

warp, denoted by , can be expressed as:

T={1+a +4t B}(t T} (1- a+tpa+
le @)T B (1+ ate Tt - tt (3.6)
(1& )T 2+

Equation(3.6) expresses thiength of the time interval of the warped sigimalerms ofa and &
. Accurate estimates farz and & can be derivetdy comparing the length of the time intervial

, after the warpto the length of the time intervdl, before the warpThe detailed explanation of

this derivation is given below.
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To estimate the parametess and 4 , two time instantsre used to represent points at the
beginningandend ofthe originalunwarpedburst denotedt, andt, respectively. Thenterval
lengthestimatesat t, andt, respectively, arelenoted asl, andT,. In the case of a sinusoidal
burst, or any burst considered, and T, are chosen to be the same, and thus denotdd. as
Furthermoret, and t, correspond td, andf{, in the Doppler affecteurst and the estimated
interval lengths for théime warpedourstare 'fo and 'I:I Previous work [18}elied on finding a
fixed time interval betweefy, andf,, but in this work, since the Doppler warp affects the length
of the time warped signal, this assumption is not held to beSulstituting t, andt, into (3.6)

yields
T,=(1+a +4)T+2 &, (3.7
and
T.=(1+a +8)T+2 H (3.8)
Equationq3.7) and(3.8) give a relation between the time warped period ofsiigaaland
the original timenstants of the unwarped signain expression fot, is found from(3.3):
=18 )t (3.9
Solving this gquadratic equatiofor t, yields:

tO:'(1 @) it & 4% (3.10)

2b

Similarly, an expression fdy is found as:
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) o & 4% (3.11)
1 2b .

Inserting(3.10) into (3.7) yields

T,=(14& )T T{\/W—Wb(l ')} (312)

Inserting(3.11) into (3.8) yields

T=(14a )T T{»\/mﬁb(l ')} (3.13)

Dividing (3.12) and(3.13) by T and cancelling termgelds

0 = 4T ﬁ/(l 4" 4+ (3.14)
1= pT "i/(l -@2 4+ip (3.15

To approximatehe set of nonlinear equatio(®14) and(3.15), a two dimesional Taylor

—||—|1

— |

series expansion is used to generate a set of linear equations.

Toopr st(a B ¢ ag)iol@ 8 (oo B @ (3.16
T pa pb
Lot wi(a g ¢ oagflie ) (o pifffad g
T ha W
where the following were defined
fo(a, H2(1+ R + Y (319

f(a, B2 (1+ B # (319
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Now (3.16) and (3.1Y areused to obtairan estimate ofs, denoted E Hrst a is
eliminatedby multiplying (3.16) and(3.17) by “—;1 and % and subtracting(3.16) from (3.17).
H H

Solving for E yields

al Mo ToMy & BB g fpfpda, fouy fip
Ezﬁﬂm Tw ' wom ot Weﬁﬁ ‘a (320
| CA, 1, 0. B fb falip

where f, = f,(a, ) and f, = f,(a,, 4), andi is the iteration indexThis value of & is then

substitutedn (3.17) to generaten estimatef;:

& = - (3.21)

The results oflternating updates betweéme latter twoiterationsare compared to the
results that use an approximation method, sudbahgein Matlab. Howeverthe observation as
thatthe results 0f3.20) and(3.21) do not solve fora and & estimates exactlgstheir solution
hovers/circles around the true solutimstead Consequentlya and 4 have to bdteratively
solved for simultaeously.Such estimates fag and 4 are found by solving3.16) and(3.17) as

a matrix equation. This matrix equation is set ufpsws:

él'[fo(‘f"i' 47) T+ R( i i)b-b ~oé f i-léC}‘( i1 i% bi fo(up’ i ) !
P e 0 —efhla. b + *
g£“l+l gé pa o L:J TNé W W (3.22)
eE“l U?”fl(aw 47) T+ H( i i)bl:I E?_f (a_ 47) +i.141l4 i i% bil_fl(p‘p’ i) é

& pa w4 TE P b
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wherei is the iteration number of the equatidguation(3.22) showsthe iterative process for
estimaton of the a, and b, values that depend pand are valid forthetime intervalassociated
which the interval between thginusoidal frequency estimate& simulation ugig & and b6
values to create and subsequently correct a Doppler warp according to the n{@8gisrshown

below.Notice how(3.22) is an iterative solutiorilhe initial valuesa, and b, were both taken to

be 0. Site & and 4 are typicallyquitesmall, this is not an unreasonable assumption.

3.4 Estimating Doppler Warp

Equation(3.22) showvs a way to estimate the parameters describing the Doppler time warp model
in (3.3) from a received signal that was subject to Doppler. Tetitte, an example is shown. As
shown in the Doppler warp generation, the Doppler warp model is applesigoaland thea

and 4 values are estimated usi(®)22). For consistency of illustration, this example aims to undo

the warp shown in Figure 3.6 and 3.7. In that warp, a 5 kHz siralgitde is used abeinput.

The goalof this section is to showhat the Doppler warp process works on the 5 kHz
sinusoid shown in Figure 3.5 by usi(®3) and(3.22). Equation(3.3) is used to warp two time

instants,t, andt,, corresponding to an unwarped signal, into two time instgp@nd{, using an
a and o . Equation(3.22) is then usedo find an & and E that approximate the origina@ and
b . The Doppler warpnodelis shown in Figure 3.@nd Figure 3.7, which have and 4 values
of -0.2 and 04, respectivelygenerating Doppler warpéimne instances, andf,. Equationg3.7)

and(3.8) are used to computg, and T,. Finally, (3.22) is used to compute estimates tr and

19

£, and those estimatesecompared to th original values. In this scenarib,is 0.0002 s, since
the frequency of the sinusoid used for approximation is 5 KHe.time instantd, andt, are
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chosen to b&).100Gand 0.400& which, as seen in Figure 3.7, are time instants that fall within
the unwarped sinusoidal bursfatching the Doppler warp example illustratedrigure 3.6 the
ideal values foia as well asp are 0.1Using the above valudsr a , &, t,, andt, yield T, as

1.7602 10's, T, as2.2402 10's, f, as0.084G, and{, as0.384G. Table 3.1 provides all of

the values used to create the Doppler warped sinuBoélvaluesa, and b, were both taken to

be 0.

Using these valuder T,, T, , f,, andf,, (3.22) is used to compute estimates and E

using 50 iterations. 25 iterations were experimentally observed as the minimum number of

iterations required to reach a steady state solufibe. result of this approximation is shown for

& in Figure 39 and for Ein Figure 310.

Table3.1: Summary of alues used in Doppler wagmmulation
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As Figures 3.9 and 310 show, theresultof the approximatioiteration processonverges to the

true value ofa and &, within 30 iterations.

Having illustrated that, given am,, T,, f,, and {,, the originala and b can be
approximated welby solving(3.22), the remaining task is to demonstrate the unwarping procedure
on an actual signalusing etimates Although any signal can besed, for the purposes of
illustration,a 5 kHz sinusoid is used to correspond with the example in Tabl&,3.T, must be
estimated from the time warped sinusoid éhd) must be used to resample the warped signal and
recover/estimate the original signal. To illustrate the latter process, the time warped sinusoid
generatedn Figure 3.6 is used. The sinusoid used is a pure sinusoid with zeros before and after
the sinusoid showing where the sinusoid occurs in time. In this case, no noise isdradddiion
to verifying that the method for approximation/estimationsofand £ converges to the correct
solution, the frequency estimation method and Doppler warp correction nveithbe illustrated
as well. This is done bgstimatingthe frequency (and equivalently the sinusoiotiod) over
time intervals centeredt time instantsf, and f,. {, and f, are taken a©.084G and 0.384Gs,
consistent vith the values in Table 3.The windows used for evaluating the frequency are shown
in Figure 3.1, where the black rectangles indicate the time frames over which frequency is

estimatedn order to determind, and T, .

46



0.5

Amplitude

0 0.05 0.1 015 02 025 03 035 04 045 05
Time (sec)

Figure3.11: Doppler Warped Sinusoid withectanglesentered af, and{, showing the time
intervals used testimaterequencies to correct foihe Doppler

Amplitude

0.07 0.075 0.08 0.085 0.09 0.095
Time (sec)

Figure3.12: Doppler Warped iBusoid with 800 sample time interval centered, ahat is used
for the first Frequency &imate

a7



o ‘

] N
N

Amplitude
o

-0.4 ‘l
-0.6 |

-0.8

0.375 0.38 0.385 0.39 0.395
Time (sec)

Figure3.13: Doppler Warped Busoid with 800 sample time interval centered, ahatis used
for the second Frequencgtiinate

In order to determine accurate frequgmstimates, a Blackman window is first applied t
the obsered frame of sampleto reduce out of band leakagehe frejuencies are estimated by

taking 800 sampldatarecordscentered around, andf,. 4096 point FFTs with a sampling rate

of 44.1 kHz of tlesedata samplesre then taken. The frequency estimate was taken to be the
frequency corresponding to the point at which the FFT magnitude spectrum was the largest. For
example, Figure 3.14 shows the FR@gnitudespectrunof the data over the observatimmdow

centered atf, (shown in Figure 3.12). The point at which the FFT magnitude spectrum is the

greatest is &.6813kHz, which corresponds to'ﬁ of 2.22¢® 10*s. Figure 3.13 shows tHeFT

magnitudefor the windowed data centeredlf, showing the frequencgstimateof the Doppler
warped sinusoid at 464 kHz, which corresponds to'E of 2.352¢ 10's. The valuedoundfor

the peamble and postamble frequencies match with the expggtadd T, shown in Table 3.1.
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The preamble and postamble refer to the time intervals arguaddf, used to generate the first

and second frequency estimates, respectively.
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Figure3.14: Magnitude spectrum ddoppler Warped fBusoid atf; .
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Figure3.15: Magnitude spectrum ddoppler Warped fBusoid atf; .

49



As Figures 3.14 and 3.1&how, theestimatedparameterst, and T, for the warpmatch

with the originalT, and T, used to generate the Doppler warped sinushiiokv to correct for this

Doppler warped signal;3.22) is usedto obtain & and F and (3.4) is used toresample the
Doppler warped signal in order to obtain the (Doppletwarped) recovered sinusoid. The
spectrogram of theecoveredsinusoid is given inigure 3.16. As Figure 3.16 shows, the Doppler

warp corrected sinusoid is how a sinusoid at 5 kHz, which was the frequency of the original signal

before the Doppler warpas applied.
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Figure3.16. Spectrogram of Recovered Sinusoid
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Figure3.18: Zoomed inMagnitude and Phase Biecovered Sinusoibetween 0.3 s and 0.301 s

The recovered sinusoid shows that the Doppler unwarping procedure works for a sinusoid
with no noise added\Noticefrom Figure3.16, there are distortioria the spectrum of the recovered

sinusoid.Figure 3.17 and Figure 3.18 show the magnitude and phase of the recovered sinusoid
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between 0.30 s and3D1 s. Note the distortions in the magnitude at approximately 3 and 7 kHz,
which correspond to the distortions kigure 3.16. These distortions arise from the linear
interpolation in the resampling process. However, these tisteare small compared to tipeak

of the sinusoid, bein@5 dB below the main lobeAs mentioned earlier, ifferent types of
interpolation can reduce the effect of these distortibnthe next chapter, characteristics of the
multipath channel are idduced and measured with adjustments in the Doppler unwarping
procedure. The characteristics of the multipath channel are used in the design of the OFDM burst,

which is used in place of tlegnalpresented in Figure 3.6.
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4 Acoustic Experiment

4.1 Experiment Introduction

This chaptedescribeghe implementation acin OFDMtransceiver ovean acoustic channel. The
experiment was designed to simultaneously correct for the Doppler warp causednmythe
constan{closing/range) ratbetween the transmitter and receiver and the multipath present in the
room. While the problem is ultimately todalressunderwatercommunicationsthis experiment

was conducted over the aars a proxy for the underwater environmeéntiagram of this setup is
shown in Figuret.1. This chapter is organized by first describing the structure of the experiment,
using asignal composed of several sinusoids to determine characteristics of the acoustic channel,

and then designing/creating the OFDM burst structure that takes these characteristics into account.

Computer 1 Channel - Computerl
(OFDM TX) Speaker (Air) Mierophione (OFDM RX)

Figure4.1: The Over The A experiment

As discussed i€hapter 3, the speed of sound is about 5 times slower in aiinthater.
Because the speed of sound in air is slower than in wateg,ith@ much larger progation delay
and the Doppler warp that affecketvidebandreceived signal is much more severe. This makes
the received signal harder to decode compared to the same signal in an underwater environment.
OFDM modulation is used to deal with the multipath, with additional sinusoids to facilitate the
estimation of Doppler frequencies. These frequencies, used with the Doppler warp model

discussed in Chapter 3, facilitate correction of the Doppler. Once the signal has been resampled
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and corrected according to the Doppler warp model, the OFDM demodulati@ceaunt for the

multipath in the system

4.2 Description of Acoustic Experiment

This section describes the four acoustic experiments conducted to evaluate the performance of the
OFDM transceiver. Each experiment consisted of the acoustic transmission ofidotical

OFDM bursts from a speaker to a microphone. In two of the experiments, the microphone was
stationary while in the other two experiments the microphone was moving at a varying speed. The
placement (if the microphone was stationary) and patth€ifmiicrophone was moving) of the

microphone during each experiment is depicted in Figure 4.2.

LEGEND
1 foot © Stationary Microphone
l @ Moving Microphone

Far Experiment
Microphone

(stationary)
Far Experiment
Microphone

(moving)
¥ 2.5 feet

ES

Near Experiment
O Microphone
(stationary)

Near Experiment
Microphone

NM & (moving)
2.5 feet FM

I

5 feet

Figure4.2: lllustration of Four Acoustic Experiments.
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The terms used to refer to the four experiments aredhe stationary (NS) experiment,
the near moving (NM) experiment, the far stationary (FS) experiment, and the far moving (FM)
experiment. The two near experiments, the NS and NM experiments, are meant to show the effects
of the Doppler warp on the OFDM f=t at a point close to the transmitter (1 foot between the
transmitter and the receiver), i.e. with less multipath affecting the received signal. The FS and FM
experiments were conducted at a distance of 5 feet between transmitter and microphone. The FS
and FM experiments are aimed at showing the effect of severe multipath on the received signal,
and the performance of the Doppler model in the presence of severe multipath and signal
deterioration. In the NM and FM experiments, the movement of the micrephas caused by
the radial sweep of a human arm. The length of the human arm including the microphone,

consequently the radius of the arc, was approximately 2.5 feet.

The setup of the four experiments is important in testing the limitations of the ddoppl
warp model. The positions of the near and far stationary (NS and FS) experimentaatdo
give a best case scenario for comparison with the near and far moving (NM and FM) experiments.
The OFDM burst was generated in MATLAB with data modulated @atwiersover the rangé-
5 kHz. The resultangignalwas transmitted using a speaker connected to the soundcard of the
computer.The design of the OFDM burst is discussed in Section Al.deparate instance of
MATLAB on the same computer acted as the OFbadeiver thatdemodulatedhe received
signal. The receiver had to account for several issues discussed in Chagten 2s timing
synchronization, carrier frequency offset estimation, Doppler Warp ¢omeand channel
equalization. A rough estimatioof the multipath in the room is needed to properly design the
OFDM signal used for transmission. In the next section, the estimation of the multipath is done

using a signal composed of several sinusoids in the frequency band of interest.
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4.3 Delay Spread Esimation

The previous section described the four experiments that are used in the development of the OFDM
transceiver. To determine the design considerations for the OFDM transmitter, several channel
characteristics need to be determined. One such cham@lcteristic is the delay spread of the
channel. The OFDM transceiver needs to compensate for the delay spread of the channel by using
a cyclic prefix, which should be at least as long as the delay spread. To estimate this delay spread
a signal composed four sinusoids, at 2, 3, 5 and 6 kKas transmitted. The transmitted signal

is shown in Figure 4.3.
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0.02
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Amplitude
o
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-0.02 |

_003 Il Il 1 1 1 1 1 Il
0 0.5 1 1.5 2 25 3 3.5 4 4.5
Samples « 104

Figure4.3: Transmittel Signal used for Delay Spreadtination.

The transmitted signal is 32384 gales in length, which at a sampling frequency of 44.1
kHz corresponds to 734 ms. For consistency, the placement of the microphone used in the
stationary experiments, or the NS and FS experiments described in Section 4.2, is used to estimate

the acoustic dmnnel. This means that the transmitted signal in Figure 4.3 is transmitted to a

56



microphone placed at a distance of 1 foot away in one test, and again transmitted to a microphone

placed at a distance of 5 feet away in another test.

The signal received biye stationary receiver is used to estimate the delay spread of the
channel. Figures 4.4 and 4.5 show the received signal and the spectrogram of the received signal

with the microphone placed at the location for the NS Experiment.
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Figure4.4: Received signal with multipath at the NS experiment location.
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Figure4.5: Spectrogram of received signal with multipath at the NS experiment location.

Observe from Fjures4.4 and 4.5 that the major delay spread for the NS experiment exists
from approximately 0.76 s to 0.85 s. In order to combat this multipath, a guard interval of at least
90 msneeds to be used. Such a guard interval requires 4000 samples, ortthi ¢dghe OFDM

symbolwhenthe samping rateis 44.1 kHz.

Figures 4.6 and 4.7 show the received signal and the spectrogram of the received signal

with the microphone placed at the location for the FS experiment.
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Figure4.6. Received signal with multipath at the FS experiment location.
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Figure4.7: Spectrogram of received signal with multipath at the FS experiment location.

Observe from Figure 4.6 thdtd major delay spread for the FS experiment exists from
approximately 0.76 s to 0.9 s. In order to combat this multipath, a guard interval of at least 150 ms

needs to be used. Such a guard interval requires 7000 samples, or thetastisnal the OFDM

59



symbolwhenthesamping rateis 44.1 kHz.A 7000 sampl@étervalcorrespondto 158 ms at 44.1

kHz, which is roughly equivalent to the delay spread of the channel. To account for the delay
spread, a cyclic prefix of 8192 samplssused, which happens be the length of the OFDM
symbol itself. The reason for using this long cyclic prefix is so that the performance of the overall
Doppler correction scheme for the near experiments can be compared to the performance for the
far experiments. However, if theahsmitter is close to the receiver, this long cyclic prefix is not
needed. Since there is only one symbol, there is no multipath that can spread from successive

symbols, and the cyclic prefix is used for synchronizatioky.

Having seen the effects ofultipath on a signal made up of several sinusoids, the length
of the cyclic prefix is determined and used across all acoustic experiments. Now, a model for the

transmitted OFDM symbols can be created.

In Chapter 2, the benefits of both ZHFDM and CPOFDM were discussedJltimately,
CP-OFDM was usedo see ifthe cyclic prefix could be exploited for synchronization. The 3
kHz band was used because lthe rangespeaker used at the transmitter did not transmit signals

with frequency content over 7 kHz.

4.4 OFDM Transmitter Design

Thestructue of the entire transmitted signal is shown in Figure 4.8
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Figure4.8: OFDM packet structure in time.

The transmitted signal consists of four packets. Each peaktins aCyclic Prefix (CP),
anOFDM symbo] a preamble, and a postamble. Ultimately one symbol was used in a packet. The
reason for this is that as a packet grows in size, it takes more time to transmit the packet. If the
packet takes too long to transmhetnonlinear warp model shown in Chapter 3 may no longer
apply. In this experiment, 4 successive bursts are sent, with each OFDM symbol containing the
same data. The bandwidth of the OFDM signal was in-h&Rz range to use the leand speaker
on the tansmitter. The preamble and postamble consisted of 4 sinusoids, at 2, 3, 5, and 6 kHz. The
sinusoids at 2 and 6 kHz weaveesent duringhe CP-OFDM signal as well as immediately before
and after th&€P-OFDM signal The placement of the sinusoids with regpge the OFDM symbol

is shown in Figure 4.8.

The sinusoids at 2 and 6 kHz are usefdtditate thederivation ofalpha and beta estimates
during the OFDM burstwvhich are then used to correct the Doppler warp. The preamble/postamble

structure is discgsedn greater detail later in this section
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Before creating the OFDM burst, it was necessary to make a choice for the number of data
bits and pilot bits. The total number of bits is dictated by the number of subcarriers allowed in the
OFDM burst. The OBM burst was created using an 8192 point IFFT at a 44.1 kHz sampling
frequency to create a symbol between 3 and 5 kHz. A 8192 point IFFT at a 44.1 kHz sampling rate
yields 368 sukzarriers to be used in the band between 3 and 5 kHz. 184 of those subuaareer
chosen to hold data bits and the remaining 184 subcarriers were used ag\lpilotsggh fewer
pilots could be used, a one to aadio was chosen to help with equalization. More pilot bits help
give a better channel estimate. Although this is In@tbost efficient scheme, it is able to provide
a best case scenario that can be improved on for various environitenslots were all chosen
to be 1 bits, as from observation over multiple experiments the specific value of the pilot symbols

did not m&e a difference in the performance.

The Matlab commandhndi was used to generate the data bits modulated onto the OFDM
symbol. Though other desigase possiblethe choice was made to insert a pilot bit after every
data bit resulting inuniform spaang between pilots. The data and pilot bits were mapped to BPSK
symbols, which yielded a 1 for a bit 1 aridfor a bit 0. This symbol stream was used to create the
conjugate symmetric input to the IFFT block. To create the conjugate symmetric inpumbice sy
stream was reversead time and appended to the beginning ofskmbol streamThe IFFT was
applied tothe resultant conjugate symmetric input, creating the real samples that made up the
OFDM symbol. The real output from the IFFT operation was denesed with the Cyclic Prefix

and this OFDM burst was used to create packets.

Since the modulation scheme was BPSK, the data was binary, composed of Os and 1s.

Transmitting this real output of the IFFT at a sampling rate of 44.1 kHz yields an OFDMIsymbo
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with subcarriers between 3 and 5 kHz. The pilot subcarriers were used at the receiver to estimate

the frequency response of the channel.

Another major design consideration is the type of insertion used for the pilot subcarriers.
As discussed in Chapt@r there are two major types of pilot insertion, comb type pilot insertion,
and block type pilot insertion. In comb type pilot insertion, pilots are inserted in the frequency
domain, while block pilot insertion injects pilots in the time domain. Pilotkrae/n bits that are
used for equalizing and correcting the channel. While comb type pilot insertion works well in
channels with little frequency variation, block type channels work well in channels that do not
vary rapidly in time. The underwater acoustitannel is referred to in literature as being time
varying, which makes comb type pilot insertion a better candidate. Comb type pilot insertion was
therefore used in this experiment, with the pilot frequencies modulated directly onto specific
subcarriersFigure 4.9 illustrates comb type carrier insertion. Note how the pilot symbols are

inserted at particular frequencies, and that they remain there for consecutive symbols.

OFDM Symbol

I

0000

OO0
- OO0
£l OOOO
& 0000
s | 8888
GJ .
= oYelele @® Pilot Symbol

O Data Symbol

Time

Figure4.9: Time Frequency diagna showing omb type pilot insertion

The overall transmitter structure is shown in Figure 4.10.

63



Bit to Zero
symbol 1 P/S Insertion/
mapping : CP Insertion

s(1)

4 i
Preamble/
Band Pass i
Speaker ) Signl Postamble
Filter Generation :
\ L Insertion

Figure4.10: Transmitter Block Diagram.

Figure 4.11 shows the resultant OFDM burst after the cyclic pneBxbeen inserted. The
OFDM burst is defined as the combination of the cyclic prefix with the OFDM symbol. Note that

the length of the burst is 16384 samples while the symbol length is 8192 samples.
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Figure4.11: One OFDM burst in time.
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Now the preamble/postamble is discussed in further detail. The preamble/postamble was
designed to have a repetitive structure. The preamble was a signal that consisted of four sinusoids,
oneeachat 2 kHz, 3 kHz, 5 kHz, anél kHz followed bysinusoidsat 2 and 6 kHz. The postamble
was a signal that consisted of four sinusoids, one at 2 kHz, 3 kHz, 5 kHz, and 6 kHz preceded by
sinusoidsat 2 and 6 kHzAIll sinusoids are continuous in amplitude and phase for entire packet
including the OFDM burst. The reason for selecting this type of a waveform and
preamble/postamble structure was for packet detection as well as Doppler warp estimation. The 2
kHz and 6 kHz sinusoids were also present during the OFDM burst and immediategndfter
before the OFDM burst. The reason for 2 kHz and 6 kHz sinusoid insertion was to be able to update
and/or track the alpha and beta estimates during the OFDM burst and also to compare the alpha
and beta estimates taken during the OFDM burst to the alph&#eta estimates found from the
preamble/postamble sinusoids. This comparison will be discussed in further detail in Chapter 5.

The resultant packet with the preamble/postamble insertion is shown in Figure 4.12.
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Figure4.12: One packet containing preamble, OFDM burst, and postamble.
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The overall transmitted burst contained 4 consecutive packets, each identical to the packet
shown in Figure 4.12. Successive packets were separated by 53000 zeros, wisgooded to
about 1.2 seconds between packets. This was to prevent multipath from leaking from one packet
to the next, andlso togive the experimenter time to move the microphone back to the initial
starting position in the case of the experiments inagha moving microphone. The overall

transmitted burst with all 4 packets is shown in Figure 4.13.
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Figure4.13: Total transmitted burst with 4 OFDM packets.

Now that the structure of the transmitted biwest been defined, the actual transmission of
OFDM packets is described. The transmitted bursts shown in Figure 4.13 are bandpass filtered
before being sent to the speaker. The bandpass filter was a FIR bandpass filter designed using the
ParksMcClellan equripple design techniquefifom command in MATLAB). The frequency

response of the band pass filter is shown in Figure 4.14.
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Figure4.14: Frequency Response of the band pass filter used in transmission.

This is the same filter that is used in the receiver to filter the out of band noise present in
the channel. The filter was designed to have a I®d& cutoff frequency at 1800 Hz, and an

upper3dB cutofffrequency at approximately 6200 Hz. The transmittigshal was in the band

from 2 kHz to 6 kHz, so this filter captures the frequencies that are transmitted. The bandpass
filtered signal was then played through the speaker using the soundcard of the computer. Figure

4.15 shows the spectrogram of the bandpidgtered OFDM burst.
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Figure4.15. Spectrogram of transmitted signal with 4 packets.

The preamble, OFDM, and postamble segments are readily recognizable in the spectral domain.
Table 4.1 summarizes thagameters that are used in the OFDM transmitter.

Table4.1: OFDM Transmitter Parameters

Parameter Values of Structure 1
FFT/IFFT Size 8192
Active Carriers 186
Pilot Carriers 186
Sampling rate 44.1 kHz

CPlength 8192 samples (=185.8 ms)

Number of OFDM symbols per packet

1

Modulation

BPSK

Pre-amble/Postamble

Sinusoids at 2, 3, 5, and 6 kHz

In this sectiorthe parameters and structure of the transmitted OFDM sigae¢defined In the

next section thbasic structure of thhOFDM receiver is described.
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4.5 OFDM Receiver

The structure of the ideal OFDM receiver is shown in Figure 4.16.
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) Estimation
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FFT tirning CP removal Symbol Timing
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STEHE | Equalization bimbal — S i
Estimation Demodulation k
i

Figure4.16. OFDM Receiver Structure.

In this section, each of the réwer blocks will be examined in more detail with the
exception of the Doppler Estimation and Doppler Correction/Resampling. The Doppler warp
model was discussed in Chapter 3, while the Doppler Estimation of a signal subjected to multipath
and Doppler is dicussed in Chapter 5. This chapter focuses on the channel estimation,
equalization, and symbol demodulation for an ideal OFDM symbol (with no noise) and the
demodulation of the signal received by a stationary receiver kept at the locations used for the NS

and FS experiments.

Since this section is only considering transmitted bursts with multipath, the first packets of
3 different OFDM bursts are analyzed and demodulated. The signal shown in Figure 4.17 consists
of the 4 transmitted OFDM packets, beforeeffects of noise and/or multipathhe signal is the
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ideal burst, with no noise, no channel effaaod bandpass filtered with the filter used at the

receiver.
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Figure4.17: Ideal OFDM burst with no noisedaled.

The signal shown in Figure 4.18 is the signal captured by the stationary microphone kept

at the locatiorabout one foot away from the transmitterereéd to as the NS experiment.
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Figure4.18: Thereceived OFDM burst diIS Experimen{~ 1 foot).
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The signal shown in Figure 4.19 is the signal captured by the stationary microphone kept
at the location about five feet away from the transmitter, referred to as the FS experiment. Each

signal was capturedsing the sound card of the computém aampling rate of 44.1 kHz.
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Time(s)

Figure4.19: The received OFDM burst &S Experimen{~5 feet).

In the progression from Fig. 4.18 to Fig. 4.19, an increase inbenation (seen at the
trailing edge of each packet) and in distortion is observable as the direct signal component becomes

weaker relative to the multipath and noise components.

4.5.1 Bandpass Filtering

The first step in the OFDM receiver is applying a basdggter to the received signal. In order to
extract the original signal, the bandpass filter is designed with a lower frequency cutoff of 1.8 kHz
and a higher frequency 3 dB cutoff of 6.2 kHz. Since the same filter was used in transmission, the
Magnitudeand Phase spectrum of the designed FIR filter are those shown in Figure 4.14. The filter

in Figure 4.14 was applied to the received signal shown in Figures441B/,and 4.19. Packets
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were identified from the resultant signal using a robust energytibetenethod detailed in the

next section.

4 5.2 Packet Detection

After filtering the received signal, to remove aayt of bandcomponents, the next step is
identifying packets. The packets are identified using the energy of the sinusoids present in the
preambleand postamble of the packet. The locations of the preamble and postamble were found
by calculating the Fraction of Sinusoidal Ener§GH across the received signal. TROSE

was found by dividing the received signal into overlapping frames and caliguilébr each frame

T the ratio of the energy in the (prer postamble) sinusoids to the energy across all spectral

content. The Fraction of Sinusoidal Energy, for frdqn@as defined as

A (- 0F 1 BF H(, 0F (s, 6}
FOSH R =124

T ) 4.2
a [H (f)
f,=0

In (4.1), f,, f,, f;, andf, denote the frequencies of interest in the preamble and postamble, or
2, 3, 5 and 6 kHz, respectively, denotes the frequency range arduhe frequency of interest,

in this case 0.1 kHz, anfl, denotes the maximum frequency in the sighaH is the spectrum

magnitudefor theparticular framek of samplesSince the signal was sampled at 4k, f. was

22.1 kHz, half of the sampling rate. TR®SEwas calculated for the received signal on a frame
by-frame basis, with the 400 sample frames overlapping by b@re4.20, 4.21, and 4.28how

FOSEfor the thre received signals shownkigure4.17, 4.18, and 4.19.
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Figure4.20: FOSEfor theldeal Received Signal
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Figure4.21: FOSEfor the received OFDM packets in NS Experiment.
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Figure4.22: FOSEfor the received OFDM packets in FS Experiment.

Observe thaFOSE appears tgrovide visual clues that can be usénl ddineake the
individual packets, even when there is severe multipath. To examine this issue a bit closer, the first
packet itself and thEOSEfor the first packet in the received OFDM burst in the FS experiment

areshown inFigure4.23 afterzooming in.
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Figure4.23: FOSEfor packet #1 of FS Experiment (top) and packet #1 of FS Experiment
(bottom).

As observed fronfigure4.23, theFOSEmeasurement is close 1dor the majority of the
OFDM packet. The packet is considered identified when the avéi@§&of any 6 consecutive
frames is greater than 0.99 and the aveFXQ8Eof 6 consecutive frames 141 frames ahead in
time is also greater than 0.99. The 141 frafifierence is used because this is the length of the
OFDM symbol measured in (overlapping) frames. The results of the corresponding detection of

the first packet for the 3 signals above are showsigare4.24, Figure4.25, andFigure4.26.
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Figure4.24: FOSEpacketdetection for packet #1 of thdeal Receivedignal.
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Figure4.25: FOSEpacket detection for Packet NS.1.
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Figure4.26. FOSEpacket detection for Packet FS.1.

Observe irFigure4.25andFigure4.26 that theFOSEbased lyorithm for packet detection
sees the multipath at the trailing edge of the packet. This trailing edge multipath can cause
problems for the frequency estimation process used to correct for the Doppler warp, as will be
discussed in Chapter 5. Now that tpacket has been extracted, the resultant symbol is

demodulated.

4.5.3 Channel Estimation and Equalization

After receiving the burst and extracting the OFDM packets, symbol timing is determined. The
operations performed are shown for the first packets of teived signals. To determine the
correct symbol timing (which can vary based on the sample used for the timing estimate), the BER
(bit error rate) is evaluated over the entire packet, using different synchronization points. This
process will give an ideaf where the OFDM symbol exists and how much the BER can change

over the course of a packet as a result of the synchronization point.
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Before showing the demodulation process for the OFDM bursts with multipath, the OFDM
demodulation is illustrated for theealreceivedsignal.The first step in the demodulation process
is to choose a synchronization poifihe OFDM burst without any noise or sinusoids is shown in
Figure4.27 with a rectangle over the part of the symbol that walldemodulated. Though in
practice the cyclic prefix is discarded prior to demodulation, for illustration purposes the first

demodulation starts with the first half of the OFDM burst.
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Figure4.27: Ideal OFIM burstwith rectangle showing part of burst to be demodulated.

Since each OFDM symbol generated at the transmitter consisted of 8192 sanfil@2,
FFT is performed on part of the OFDM symbol to convert the time domain OFDM symbol into
the frequency dmain. The first part of the OFDM burst is used at first to see how the estimation
of the channel changess a function of the synchronization poifihe pilot symbols were
extracted from the FFT for channel estimation. The received content at the pileged to

determine the channel magnitude and phase response estiMatsd Y, refer to the transmitted
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and received FFT samples at tp8 subcarrier. The channel impulse resporGiR] estimate

corresponding to thg" subcarrier is calculated as

= Y

= Xp (4.2)
The MATLAB functioninterp was used to perform interpolation of the CIR estimates at

the pilot subcarriers to the data subcarrifmsmagnitude and phase separatéigure4.28 and

Figure 4.29 show the magnitude and phase estimates of the frequency response of the channel

estimatedrom the symbol shown iRigure4.27.
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Figure4.28: Magnitude of the Chann&esponse estimate.
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Figure4.29: Phase of the ChannRksponse estimate.

Note that the channel responsalected in Figures 4.28 and 4.28rrespondgractically to
distortionless transmissiqmsis expected for the ideal received sigr@hce the channel response

estimate over the entire band of operation is obtained, frequency domain equalizatifomris=sgoe
to negate the effect of the frequency selective channek, Letfer to the received OFDM symbol
and |-||=:k to the channel response estimate in the frequency domain. The equalized OFDM symbol

in the freqiency domain was obtained by:

Y,
Xequalized |'—Ek_ k 4,2,.K active
k (4.3)

The BPSK data symbols are extracted from the corresponding subcarriers of the equalized

OFDM symbol by checking if the real part &f,,,..., at the subcarriers designateddasa bits is

greater than oless tharzero. If the value was greater than 0, the data bit was classified as a 1,

otherwise as a 0. The data bits extracted from the symbajume4.27 are shown irFigure4.30.
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Note how the imaginary part is near 0, while the real part matches with the transmitted bits

expected in BPSK modulation and the ideal received signal

Real Part
o

0 20 40 60 80 100 120 140 160 180 200
Sample Index

Transmitted
Received

Imaginary Part
o

0 20 40 60 80 100 120 140 160 180 200
Sample Index

Figure4.30: BPSK symbols extractedoim OFDM symbol irFigure4.27.

Figure 4.30 indicates that the received symbols overlap quite well with the transmitted
symbols (BPSK bits) with zero errors taking place. To see how tradieation works with delay

in the OFDM signal, a different part of the OFDM symbol is demodulated.
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Figure4.31: Ideal OFDM symbol with delay.

Figure4.31 showsthe different part of the OFDM symbol that is demodulated neih
the channel response showrigure4.32 andFigure4.33. Similar to the example iRigure4.27,
the data symbols were exttad from the corresponding subcarriers of the equalized OFDM

symbol by checking if the real part of 4 at the subcarriers designated as data bits were

equalize

greater than or less than zefte resultant data symbols are showkigure4.34.
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Figure4.32: Magnitude of the Chann&esponse estimate.

50 T T T T T T T T T

— Channel Estimate
0 O pilots

-50

-100

-150

-200

-250

Phase (radians)

-300

-350

-400

_450 1 1 1 1 Il 1 1 1 1
3000 3200 3400 3600 3800 4000 4200 4400 4600 4800 5000
Frequency (Hz)

Figure4.33. Phase of the Channiekesponse estimate.
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Figure4.34: BPSK symbols extracted from time delayed symbol showigare4.31.

Figure4.34 shows that given enough of a time delay, the equadiz@rocess is unable to

correct for the phase, which leads to all of the k#iadpflipped. Observe iRigure4.33the steep

rate of change in the phase estimate. Ultimately, the phase does not go through a m@tple of

at zero frequency, causing a flip in sign of the equalized bits. To counter this, a window of the

detected OFDM burst is used, usually in the second part of the OFDM burst. The reason that the

second half of the OFDM symbol is used isdaese the cyclic prefix is discarded prior to decoding

the OFDM.

The next step is analyzing the BER of the three received sigrmlBustratethe effects

of the phase delayr advancethe BER is calculated across the entire OFDM packet. Finding the

BER over the entire packet will illustrate a region of the OFDM packet that can be selected for use

as the synchronization point, or aréggure4.35, Figure4.36, andFigure4.37 show the BERs for

the mckets extracted iRigure4.24, Figure4.25, Figure4.26.
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Figure4.35: BER for packet #1 of thieleal ReceivedBurst.
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Figure4.36. BER vs synchronization point fétacket NS.1.
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Figure4.37: BERvs synchronization point fd?acket FS.1.

The BERbehaviorfor the received packets shethiat as the microphone gets further from
the transmitter, the BER gets worse, as expedtedto increased multipath and lower signal to
noise ratio The BERbehaviorsalso show thathe lowest BER is usually found at arountbre

than halfway into the packet. Notice from Figures 4.35, 4,36, andtha&the lowest BER comes

in a range betweeh.50° 10 and1.70® 10samplesnto the CP+OFDM signall

In practice, a synchronization point woulé chosen for a given received OFDM burst.
For these received signals, a synchronizapioint of 1.5792 10 samplegor the point used for
the OFDM demodulation and BER calculation) vgatectedor use withthe extracted packets.
This time was used as an approximation for where the beginning of the OFDM burst was, since
the length of the preamble was 8000 samples, the cyclic prefix was 8192, ar@$chad a
400 sample windowln practice, this synchronization poimtould be used as opposed to

calculating the BER for every sample in the received packet. The extracted symbols using the
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sample point a1.57% 10 sampledor theideal receivesignal, Packet NS.1, and Packet FS.1 are

shown inFigure4.40, Figure4.43, andFigure4.46, respectively.
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Figure4.38: Channel magnitude response estimate fotdbal Receivedbignal.
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Figure4.39: Channel phase response estimate fotdbal Receivedignal.
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Figure4.40: Symbols extracted from packet #1ldéal Received®ignal.
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Figure 4.41: Channel magnitude response estimate for Packet NS.1.
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Figure4.42: Channel phase response estimate for Packet NS.1.
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Figure4.43. Symbols extracted from Packet NS.1.
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Figure4.44: Channel magnitude response estimate for Packet FS.1.
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Figure4.45: Channel pase response estimate for Packet FS.1.
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Figure4.46. Symbols extracted for Packet FS.1.

In the case of thieleal receivedignal and the signal captured in the NS experipstmwn
in Figures 4.40 and 4.48spectively, the BER was 0, corresponding to O errors (out of 168 bits)
in the received signal. In the case of thdaxBeriment, shown in Figure 4.46e BER was 0.0269,
corresponding to 5 errors (out of 184 bits) in the received signal. From theetlfi@guency
response estimate in Figs. 4.44 and dotiserve that the Frequency Response of the channel in
the case of the FS experiment has larger and faster variation in comparison to the channel
frequency response estimate in the case of thexp8rment, shown in Figure 4.41the larger
variation seems tbe responsible for thiarger BER. The signals received in the NS and FS
experiments will be used as a benchmark for the signals in the NM and FM Experiments, where

the latter will have a Doppler wa affecting the burst in addition to multipath.

In this chapter the OFDM transmitter design has been discussed. Several parameters for
the OFDM transceiver were decidedsed o signal composed of several sinusoids. daggn
is used in Chapter 5,hich incorporates the added complexityaDoppler warmaffectingthe

91



OFDM signal To correct for the Doppler warpstimates for thalphaandbetaparameters of the
Doppler warp model are used to then mitigate the Doppler eHecerabf the ideasliscussed in
this chapter, such as tHEOSEmeasurement for detecting an OFDM packet and calculating the

BER acrossmOFDM packetarealsoused in Chapter 5.
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5 Doppler Warp Correction of Acoustic OFDM

In Section 4.Xour experiments were described to test the Doppler warp miduehear stationary

(NS) and far stationary (FSxeerimens were conducted to generate a baseline of the OFDM
received signal with just multipatfithe near moving (NM) and far moving (FMXperiments
involved the moving of a microphone through the point at which the stationary experiment was
conducted. Thishager combines the estimation and correction of the Doppler warp model with

the OFDM transceiver

5.1 Doppler Warp Description

This section shows the simulation of the effects of a Doppler warp sinusoid. To start, the simulation
model from Chapter 4 is describén more detail for the moving experiments. Recall that the
experiments in which the microphone was moved at a constant ratsemicircle arc were

labeled a?N\M and FM experimentsThe diagram of the experiment is showifrigure4.1.

As discussed i€hapter 4, the transmitted signal is of a burst nature, with sinusoids at 2
and 6 kHz present before, aftand during an OFDM burst to estimate the Doppler warp that the
OFDM symbol experiences. The estimation of the Doppler wesipgthe sinusoids,dcilitates
the correction of the OFDM burst. The OFDM burst was generated in MATLAB with data
modulated onto carriers betweet 8Hz. The sinusoids included in the burst structure were placed
at 2 kHz, 3kHz, 5 kHz, and 6 kHz. The resultant burst wasrtrigtesl using a speaker connected
to the soundcard of a computer. A microphone moving at a varying sglatide to the speaker
captured the acoustic transmission. The microphone was moved in a semicirclélastrated
in Figure4.1. Since the microptne completed roughly one arc over the length of the transmitted

burst, the microphone moved at roughly 1 ft/sec, though physically its speed could reach up to 3
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ft/sec.In addition, the signal is simultaneously captured with a stationary microphonetso as
compare the received signal with multipath to the received signal with Doppler and multipath. The
stationary microphone was close to the location where the microphone moving at varying speed
came closest to the transmitter. A separate instance of MBTaAthe same computer acted as

the OFDM receiver thatapturedhe received signal.

As the packet takes longer to transmit due to the addition of more OFDM symbols, the
nonlinear warp model (piecewise linear acceleration) shown in Chapter 3 may nodpplye In
this experiment, 4 successive packets are sent, with each packet containing the same data. The

latter will show how the environment can change rapidly, over a short period of time.

5.2 Sinusoidal Doppler Estimation

In Chapter 4, a signal composefifour sinusoids, at 2, 3, 5 and 6 kheas used to determine
several channel characteristiddie signalcomposed of four sinusoids used to observe the
distortion caused by the Doppler warp and multipath due to the channel. The transmitted signal is
shown in Figure 5.1. The transmitted signal is 32384 samples in length, which at a sampling

frequency of 44.1 kHzorresponds to 734 ms.
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Figure5.1: Transmitted signal used for delsgread estimation.

The signal shown in Figure 5.1 was transmitted from a speaker while a microphone was
moved along the NM and FM experiment paths illustrated in Figure 4.1. The velocity of the
microphone along the path was roughly 1 foot per second. 4 bandpass \iitersenter
frequencies at 2, 3, 5 and 6 kikizere used to extract the 4 sinusdidsn the received signal. The
received signals and spectrograms frili@ NM experimentire shown in Figures 5.2 and 5.3,

respectively.
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Figure5.2: Received signal from NM Experiment

Figure5.3: Spectrogram of received signal from NM Experiment

Observe from Figure 5.2 and 5.3 that the movement of the microphone combined with the
multipath in the room creates huge variations in the envelope (or nulls) of the received signal. The

nulls in the signal are more noticeable in the first half of the signal, between 0.01 and 0.3 seconds,
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