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ABSTRACT
Synchronization in wireless communications is an important problem. Good
synchronization is critical to reliable signal detection and estimation. In this thesis, the concept of
synchronization is presented as well as several specific examples of wireless synchronization. An
overview of the current state of the art in synchronization, including different techniques and
implementations, is provided.
Scale Time Offset Robust Modulation (STORM) is a waveform design technique
involving the simultaneous transmission of a base waveform as well as a time-scaled and timedelayed copy of that waveform. For some applications this technique is attractive as a possible
candidate to enhance synchronization performance, due to the different tradeoffs of its
performance properties. This thesis presents background for the STORM technique. From there,
a theoretical analysis of the performance of STORM as a possible timing synchronization
mechanism is presented.
Next, this thesis performs a number of simulations showing the performance of STORM
synchronization and timing under a variety of different channel conditions. The simulation
results are compared to the theoretical analysis. Finally, conclusions from these STORM
synchronization and timing simulations and the analyses are presented. Based on these
conclusions, potential future work to develop STORM as a timing synchronization scheme is
presented.
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Chapter 1

Introduction
Synchronization is a key requirement for most electronic communication systems, both
wired and wireless. Different modulation techniques can require different levels of
synchronization to achieve their theoretical maximum performance. For instance, phase shift
keying (PSK) requires synchronization to the carrier frequency and phase in order to mitigate
significant performance degradations that can occur if these values are not estimated properly.
Frequency shift keying (FSK), on the other hand, can operate sufficiently with a lower level of
synchronization. Acquiring synchronization in various adverse environments and channels is one
of the most interesting problems facing communications engineers and the subject of considerable
research and study.
The Pennsylvania State University has developed a modulation technique called Scale
Time Offset Robust Modulation (STORM). The synchronization and timing properties of
STORM must be characterized and quantified. STORM is a new modulation and has not been
fully examined. This thesis research focuses on the synchronization and timing aspects of
STORM.
To establish the problem addressed by this research, this thesis provides background
material on synchronization in communications systems, starting with the different
synchronization approaches and the fundamental techniques of synchronization for typical digital
communication systems. Following that, a number of current implementation methods for
synchronization, both in commercial wireless communication systems and the research literature,
are presented and discussed. This “state of the art” is compared to the desirable properties of a
synchronization scheme.
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In Chapter 3, STORM is presented, with a discussion of the basic mathematical concepts
of the STORM transmitter and receiver. This discussion includes the mathematics behind using
STORM for different levels of synchronization in a communications channel.
Chapter 4 discusses the use of the STORM transmitter and receiver to perform symbol
and timing synchronization, including sampling rate mismatch calculations. This chapter also
discusses the performance of the STORM synchronization estimator in the presence of noise.
The synchronization delay estimation variance is derived, analyzed, simulated, and assessed.
This mathematical establishment of STORM’s performance as a synchronization tool represents a
significant contribution to the study of synchronization.
Chapter 5 provides a number of MATLAB simulations to support the noise analysis and
demonstrate the performance of STORM. This chapter also presents MATLAB simulations
showing the use of STORM for synchronization estimation in the presence of other, more
adverse, channels. The STORM synchronization delay estimation variance is characterized for
these diverse conditions. This set of simulations provides the implementation to support the
significance of the mathematical analysis.
Chapter 6 concludes the thesis by highlighting its significance in the context of the
background information presented, as well as by proposing a number of future topics that are
appropriate for follow on work. This chapter ties together STORM’s possible utility as an
element of a communications system and quantifies its synchronization performance. Particular
conditions/constraints where STORM may add benefit are identified.

Chapter 2

Background
In any communication system, the ability to transmit information requires side
information to be shared between the transmitter and receiver. This side information can come in
various forms such as an expected signal structure, a codebook, or other shared a priori
knowledge. Leveraging this known side information, the receiver will first attempt to detect the
presence of a transmitted signal and then configure itself in a fashion that, in one specific
technique, optimizes its likelihood of correctly detecting the transmitted information. This
primary alignment or information derived from the initial interaction between a transmitter and
receiver to enable information transfer is known as synchronization. The synchronization process
can be interpreted hierarchically, from carrier to spatial, symbol to code or frame, and finally bit
synchronization.
Different synchronization methods are discussed in this chapter in an overview derived
from Proakis [1] and Sklar [2]. Current approaches to each type of synchronization are detailed
based on an extensive review of current literature. From these sources, an analysis is presented
that compares the current synchronization approaches to some of the desired features of a
synchronization signal.
Synchronization can be thought of as an “eco-system” with a number of different types,
styles, metrics, approaches, and tools. Figure 2-1 shows how all of these different components fit
together. After a brief introduction, the different elements of this diagram are discussed in detail
in this thesis. The fundamental concept of interest in this thesis is synchronization and timing
alignment. When thought of in terms of clocks, this can be thought of as rate/transition location.
For the purposes of this diagram, clocks can be thought of as an arbitrary delineation of time,
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such as frame boundary, symbol timing, bit timing, or sample timing. When synchronization is
thought of in terms of a carrier, synchronization/timing alignment becomes frequency and phase
estimation.

Figure 2-1: The synchronization “eco-system”
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When evaluating synchronization and timing alignment methods, consider four key
metrics and features. The most prominent metric that can be easily evaluated mathematically is
the variance of the estimate in question. More abstract features of interest include computational
complexity, latency, and security. This thesis examines a number of approaches to
synchronization, such as phase locked loops/delay locked loops (PLLs/DLLs), pilots, and
pre/post/mid-ambles. There are a number of evaluation tools that can be used, for instance,
scatter plots and eye diagrams.
This thesis evaluates existing communications systems and recent literature in terms of
this synchronization eco-system. From there, the Scale Time Offset Robust Modulation
(STORM) technique is introduced and evaluated as possible approach to this problem. This
evaluation focuses on the idea of STORM as a tool for coarse symbol/frame synchronization with
a strong mathematical focus on the variance of these estimates. This focus is shown in red in
Figure 2-1.

Synchronization Layers
Digital wireless communication systems feature various layers of synchronization that
may be required to reliably recover transmitted information. In most such systems, the basebandmodulated waveform will be upconverted to a particular carrier frequency for efficient
transmission through a medium. In many cases, precisely recovering the frequency and phase of
the transmitted carrier is critical for extracting information at baseband for further processing.
This initial level of carrier synchronization is required in most coherent wireless communications
systems that utilize a carrier frequency.
For coherent wireless communications, once carrier recovery (frequency and phase lock)
has been achieved, or if it is not required, the next layer of synchronization is typically symbol
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synchronization. This stage of synchronization is common to almost all wireless communication
systems. If symbol synchronization is not achieved, then a receiver will not be able to reliably
detect the transmitted symbols, as it will not be able to determine when the boundary between
symbols occurs. This is visualized later in this chapter with a discussion of eye diagrams.
Following the realization of symbol synchronization, a receiver is generally
prepared to demodulate individual symbols of information, but in most systems, the question of
what to do with those demodulated symbols comes next. The symbols may have redundant code
words or often features that need to be “ordered” or “organized” to allow proper interpretation.
Typically, a set of symbols is tied together into what is known as a “frame”, and the receiver must
be able to determine which symbol indices represent frame boundaries, in order to move onto the
next step in information recovery (typically some type of bit decoding of each frame). Frame
synchronization is a higher level of synchronization, which can be implemented with many
diverse approaches. Almost every digital wireless communication system will have some
structure that could be referred to as a frame or block.
These three types of synchronization—carrier recovery, symbol synchronization, and
frame synchronization—form the backbone of almost every coherent digital wireless
communication system in use today. A high-level block diagram of their interactions is shown in
Figure 2-2. There are additional layers of synchronization, which can be thought of as
independent types of synchronization or as sub-categories of these three. Some examples of these
are clock recovery (which can be thought of as a part of carrier recovery if the symbol clock and
carrier clock are tied together), bit synchronization (which can be thought of as part of symbol
synchronization), and code synchronization (the alignment to the pseudorandom codes used for
systems such as code division multiple access, which can be thought of as a type of frame
synchronization or symbol synchronization). The next section discusses some of the common
techniques that are currently in use to approach the three primary synchronization problems.
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Figure 2-2: High-level block diagram showing components of synchronization

Fundamentals of Synchronization
Fundamentally, carrier recovery and symbol synchronization can be thought of as signal
estimation problems. In both cases, the receiver is trying to estimate a frequency and/or
phase/time offset. For carrier recovery, the frequency and phase are that of the carrier frequency
used in the system. For symbol synchronization, the estimation is encapsulated in the symbol
duration (frequency) and the location of the symbol boundaries (phase/time offset). However, for
the two types of synchronization, the method of implementation is often vastly different.
For carrier recovery, the most ubiquitous implementation form is that of a phase locked
loop (PLL). A PLL, in the simplest terms, is a circuit that compares the received frequency to an
internally generated replica and looks for phase errors. The errors are filtered to generate a
correction value, which is then used to modify the frequency and phase of the internally generated
replica and drive the errors towards zero. Once the error is sufficiently close to zero, the
internally generated replica can be used to mix the received signal to baseband. The calculation
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of correction values is sometimes accomplished through the use of a loop filter, and is designed to
strike an acceptable balance between quick response and rejection of transient errors (due to noise
or other imperfections) [1]. The typical loop filter has some form of low-pass response. A basic
structure of a PLL is shown in Figure 2-3.

Figure 2-3: Basic phase-locked loop diagram

Problems arise with traditional PLLs and delay locked loops (DLLs) when the carrier
signal is not a pure frequency tone. This is a typical situation, as modulations often minimize the
pure carrier component for efficiency, and the receiver needs to recover a “carrier term” for
synchronization. In this case, the algorithm must be modified to take into account the additional
complications to the signal structure. In some simpler modulations, this can be accomplished
without too much difficultly. For example, in Binary Phase Shift Keying (BPSK), simply taking
the square of the received signal will allow a PLL to operate on a doubled frequency [2]. A
variation of this is called the Costas Loop, which trades the difficulty of the squaring operation
and replaces it with what can be thought of as a quadrature PLL, which must have two carrier
replicas that are exactly 90 degrees out of phase and two loop filters that are perfectly matched
[2]. For other modulations, a squaring operation is insufficient to generate a carrier term and

9
higher order operations are required [1]. Additional locking loop models, such as decisiondirected feedback loops and non-decision-directed feedback loops also exist [1]. Decisiondirected feedback loops integrate across symbol synchronizations to try to determine the received
encoded information and to use it to improve the result of the error loop. Non-decision-directed
feedback loops use statistics to mitigate the error due to the lack of knowledge of the correct
symbols at the receiver, but are sometimes compensated with pre/post/mid-ambles.
The next stage of synchronization after carrier synchronization is symbol
synchronization, in which a different set of time alignment techniques applies. The goal is to
determine the actual symbol repetition rate as well as the proper location of the symbol
transitions. This will enable the system to sample the data at the proper time, or to use digital
filtering techniques to adjust for proper sampling.
To demonstrate the importance of this step, Figure 2-4 shows an eye diagram of
Quadrature Phase Shift Keying (QPSK) symbols. This plot is available from the MATLAB demo
scattereyedemo [3]. An eye diagram overlays multiple time signals on the same plot to get an
idea of how likely it is that the detector will detect the correct symbol. As seen in this plot, if the
detector is aligned such that it is selecting samples for detection in the middle of the shown
window (i.e., at 10 ms when the symbols are properly aligned) and at the shown signal-to-noise
ratio, then the likelihood of a correct detection is high. As a counterpoint, if the detector happens
to be aligned to choose the samples in between two symbols (for instance at 5 ms), the detector is
then selecting samples at the transition point between two symbols, and will have a large number
of errors, purely because of having poor symbol synchronization.
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Figure 2-4: Eye diagram of QPSK symbols

The most fundamental technique for achieving symbol synchronization starts with the
matched filter [2]. The receiver uses a filter with the same symbol pulse shape that is used by the
transmitter. This is what is known as performing correlation. Then the signal will go through
some type of non-linear device, such as a squaring function, to detect energy at a particular time
instance [2].
Another technique for achieving symbol synchronization is to use early-/late-gate data
synchronization, which is shown in Figure 2-5. This is known as a closed-loop symbol
synchronization technique, compared to the stand-alone matched filter technique described above,
which is an open-loop symbol synchronization technique. This technique works by integrating
the energy over some fraction of a symbol period in two separate integrations of identical length.
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The “early” integration begins at an offset in time before the current synchronization estimate,
and the “late” integration begins at an offset in time after the current synchronization estimate.
The difference in magnitude between these two integrations goes through a loop filter and is the
resulting error is used to correct the voltage controlled oscillator (VCO), which is used to
generate the symbol time alignment and sampling rate and phase [2]. There are a number of
issues with this technique, such as a requirement that it be performed in analog or digitally with a
very high oversampling rate.

Figure 2-5: Block diagram of early/late-gate data synchronizer [2]

In more complicated detectors, the decision-directed receiver can perform joint
estimation of the carrier statistics and symbol timing [1]. The manifestations of these techniques
can widely vary based on a number of factors, such as symbol constellation or available
processing power at the receiver, or the manner in which the demodulated symbols are used to
refine the estimation of synchronization.
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The final level of synchronization to be discussed here is frame synchronization. Frame
synchronization is generally achieved through the use of some repeatable, known pattern being
transmitted using some portion of the available resources [2]. For example, in code-division
multiple access (CDMA) systems, one spreading code is typically used to transmit a known pilot
signal. A pilot channel involves the transmission of a redundant waveform in parallel with the
information waveform (for instance on one code of a CDMA system), in order to help provide
symbol synchronization and/or frame synchronization. By detecting the start of this signal, the
receiver can acquire frame synchronization. In orthogonal frequency division multiplexing
(OFDM), examples of frame synchronization techniques include the use of pre/post/mid-ambles
(for asynchronous frame transmissions), or particular resource elements being used repetitively to
transmit synchronization signals (for continuous frame transmissions). Pre-/post-/mid-ambles
involve the transmission of a redundant waveform either before-/after-/in-between the
transmission of information waveform, for similar purposes.
Pilot channels as well as pre/post/mid-ambles are two basic concepts used to
accommodate various combinations of synchronization tasks. In both cases energy and/or time is
being expended for the sole purpose of providing synchronization, while providing little to no
other benefit and taking resources away from transmitting information more rapidly.
This thesis must also define a few other terms that are referred to later in the text. The
first is coarse and fine synchronization. Coarse and fine synchronization refer to the level of
accuracy in the synchronization estimate. Coarse estimates are less accurate and are often used as
an initial algorithmic technique to get “close” to the actual parameter. In these cases, either a
coarse estimate is all that is required, or the system will then switch to a fine estimation mode to
close in on a more accurate estimate. This is often done when the algorithm required for fine
estimate is too computational intensive to be used on anything but the smaller search window,
which can be afforded after a coarse estimate has been achieve. Next, the Doppler frequency
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shift (or Doppler effect) is defined. The Doppler frequency shift is a change in observed
frequency of signals that occurs when there is relative motion between the source and the
receiver. The shift in frequency is proportional to the relative motion and the actual frequency.

Current Implementations of Synchronization
While the previous section primarily discussed some of the fundamental tenets and basic
implementations of synchronization, this section provides more detail on how synchronization is
achieved in today’s communication systems. This section covers both currently deployed
wireless communication systems, as well as literature on synchronization. This section is
intended to show the state-of-the-art in synchronization from a higher level perspective.

UMTS and LTE
One of the most popular communications standards in the world is Universal Mobile
Telecommunications System (UMTS), developed by the Third Generation Partnership Project
(3GPP). This system is also commonly known as Wideband Code Division Multiple Access (WCDMA). W-CDMA is, more accurately, the air interface of UMTS. The following summary of
UMTS synchronization is derived from the 3GPP specifications [4] and an overview is shown
graphically in Figure 2-6. Synchronization in UMTS is comprised of a three-step process.
UMTS cells are broken up into 10 ms frames of 38400 chips. A chip is a baseband symbol of
BPSK/QPSK/M-QAM. A number of chips are used together to transmit one piece of information
via spreading codes. Each 10 ms frame is broken up into 15 evenly spaces slots of 2560 chips.
The first 256 chips of each slot are used for the primary and secondary synchronization channels.
The primary synchronization channel is common to all UMTS cells and its code is repeated every
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slot as denoted by the same color in each slot and across the entire fame in Figure 2-6. Using
correlation and integration over multiple slots, a receiver is able to determine the slot boundary
points. From there, the receiver searches over a set of patterns for possible secondary
synchronization channel codes, which are transmitted at the same time as the primary
synchronization channel, but are different for each slot within a frame, as denoted by the different
colors in Figure 2-6. By detecting the correct secondary synchronization code, the receiver is
able to determine the frame boundary points, as well as identify some further information about
the cell. Using the frame boundary point, the receiver then searches for the primary common
pilot channel, which is repeated every frame. Using this channel, the receiver can determine
more information about the cell, as well as perform phase error estimation to correct symbol
synchronization. All of these channels are a significant waste of transmitted energy, as they
provide very little in the way of information. From there, the receiver moves forward to
determine more information about the cell, including its system frame number alignment and
other configuration parameters.

Figure 2-6: Basic synchronization channels of UMTS

The follow-on system to UMTS is Long Term Evolution (LTE). This system uses
Orthogonal Frequency Multiple Division Access (OFDMA) as its underlying downlink
technology. OFDM and OFDMA are some of the most widely studied air interfaces of the past
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decade, and are expected to provide significant increases in throughput in wireless
communication systems in the future. LTE, in particular, is expected to grow exponentially over
the next few years. The following summary of LTE synchronization is derived from the 3GPP
specifications [5]. LTE’s synchronization scheme is based on a number of channels and steps,
similar to UMTS, but they are very different. LTE is also based on 10 ms frame durations, with
ten 1 ms subframes per frame and two 0.5 ms slots per subframe. LTE uses the transmission of a
primary synchronization signal that repeats every 5 ms and gives the system 5 ms alignment.
From there the receiver can detect the secondary synchronization signal that occurs next to the
primary synchronization signal every 5 ms, but alternates between two different patterns. This
structure is shown in Figure 2-7. From this, the receiver is able to gain frame-level
synchronization and some more information about the cells. Each LTE OFDM symbol is
comprised of some number of subcarriers that are transformed through an IFFT into a timedomain symbol. The end of each of these symbols is then replicated at the beginning of the
symbol, forming a cyclic prefix. A cyclic prefix is a partial repetition of an OFDM symbol to
help to mitigate intersymbol interface that is caused by both errors in symbol synchronization and
multipath under the assumption of a stable channel over multiple symbol durations.

Figure 2-7: Basic synchronization channels of LTE
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Research in Synchronization
UMTS and LTE are two well-known and widely used systems that use well-developed
synchronization techniques. There is a large amount of recent literature covering both proposed
improvements to these synchronization schemes, as well as discussions of synchronization
schemes for a variety of other communications systems and protocols. A brief discussion of
some of this literature is necessary in order to understand the state of the art in synchronization
techniques.
In [6], the authors discuss the implementation of OFDM synchronization in an FPGA.
This method uses a correlator to determine the location of a preamble symbol (note that this more
applicable to a WiMax-like OFDM implementation than an LTE-like one); this is the symbol
synchronization step. Using this same shift register and a CORDIC [7] calculation, division, and
a second CORDIC calculation, the receiver can calculate a fractional frequency offset of the
carrier frequency. A block diagram of the technique is shown in Figure 2-8. Integer frequency
offset estimation is performed after transforming that data into the frequency domain via FFT.
This is performed via correlation with the known pseudorandom (PN) sequence of the preamble.
This paper’s overall focus is on computational complexity, one of the important metrics of this
interest to this thesis. The paper further discusses the implementation of these techniques in an
FPGA, but those details are beyond the scope of this thesis.
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Figure 2-8: High-level block diagram of FPGA-based OFDM synchronization algorithm [6]
The contents of [8] deals specifically with frequency synchronization in OFDM. In this
case, the OFDM symbols have reference symbols (more similar to LTE). Simple max searches
and mathematical operations lead to carrier frequency acquisition via coarse frequency
acquisition. The equation for coarse frequency acquisition is

𝛿𝑓!"# = ∆𝑓 𝑗!"# + sgn

! !!"# !! ! ! !!"# !!
! ! !!"#

! !!"# !! ! ! !!"# !!
! ! !!"#

,

(1)

where 𝑉 𝑗 represents an analysis of OFDM reference symbols after symbols after an FFT,
𝑗!"# = arg max! 𝑉[𝑗], and ∆𝑓 is the subcarrier distance. When tracking, a simple summation and
arctanget operation are used to generate the phase rotation, which compensates for fine frequency
offsets. The paper suggests strong accuracy performance, which fits into the variance metric of
interest to this thesis. The equation for frequency tracking is
𝛿𝑓!"#$% = ∆𝑓

!"#!!

!! !!
∗
!! ∙!!!!
!!!

!!

,

(2)
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where 𝑦! are the time based samples of the OFDM data symbol at the receiver.
A third publication [9] discusses timing synchronization of OFDM for use in underwater
communication systems. Underwater communication systems present some of the most
interesting challenges in communications today, due to high attenuation of RF signals and
multipath characteristics. In this paper, acoustic signals are used to overcome the high
attenuation, but this is very limiting to bandwidth. The discussed OFDM system uses a Constant
Amplitude and Zero Autocorrelation (CAZAC) sequence for timing synchronization. This is the
same type of pilot sequence used for initial synchronization in LTE. Using an interlaced combtype pilot in other OFDM symbols, the system achieves coarse timing synchronization. From
here, correlation is used on the CAZAC sequence in order to achieve fine timing synchronization.
One example is the Zadoff–Chu sequence,
𝑥! 𝑛 = 𝑒

!!"# !!!
!!"

, 0   ≤ 𝑛 ≤ 𝑁!" − 1,

(3)

where 𝑁!" is the length of the sequence and 𝑢 is the root of the sequence. This is the type of
CAZAC sequence used in LTE initial synchronization. This sequence is important to the
discussion of synchronization due to the autocorrelation properties that it has as a CAZAC
sequence.
There are a number of publications available that discuss synchronization of various
spread spectrum systems, most of them are code division multiple access (CDMA) systems,
including Wideband CDMA (which is used in UMTS). One such publication provides a higherlevel overview of how synchronization impacts W-CDMA [10]. This paper is from the same
time period as the development of the UMTS standard, and provides a strong overview of some
of the concepts that would have been considered when developing the standard. This publication
discusses the use of a simplistic rake receiver in conjunction with an early-late gate tracker. A
rake receiver is a receiver that uses a tapped delay line to coherently combine multipath
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components to improve performance [1]. More interestingly, it proposes improvements to a more
advanced algorithm called spatio-temporal array receiver (STAR), which reduces dependence on
oversampling and removes the need for an early–late gate tracker. The algorithm performs both
acquisition and tracking. STAR performs space and time combining in a single step. Note that
this algorithm uses spatial algorithms and multiple antennas, which was far ahead of its time.
This paper is more interested in how synchronization affects overall system performance, so has a
slightly different scope than the metrics of interest, but can be thought of as a discussion of
accuracy or variance.
Another paper discusses how to improve the higher layer level of synchronization in
CDMA called code synchronization [11]. Fundamentally, code synchronization in CDMA
systems can end up taking an unacceptably long time to acquire if multiple iterations are required
and the PN codes used are long. The authors show that by using non-coherent multi-symbol
addition for a short number of symbols (two to four), a SNR increase of 2.5–4 dB can occur
without greatly increasing acquisition time. After performing this acquisition, the system is halfchip aligned, but yields a gain los relative to the full code correlation. The block diagram of this
system is show in Figure 2-9. Once again, the metric of interest here from the perspective of this
thesis is accuracy/variance. The publication also touches on speed/latency.
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Figure 2-9: DS-CDMA synchronization scheme [11]

Another publication [12] discusses the interesting problem in synchronization of
asynchronous direct-sequence spread-spectrum signals at low signal to interference and noise
ratio. One of the most well-known examples of asynchronous direct-sequence spread-spectrum
signaling is IEEE 802.11b, though there are other examples. This publication discusses the
combination of a number of techniques, which are combined to decrease the signal level
necessary for synchronization by 15 dB. This is an example of a tradeoff of increasing
computational complexity to improve performance. The key points include the use of noncoherent integration of multiple symbols for both code acquisition and multipath search, as well
as automatic threshold updating based on signal levels in the time period before the preambles are
detected. A block diagram is shown in Figure 2-10. This paper discusses the tradeoffs of
improving the accuracy/variance metric by accepting losses in the computational complexity
metric.
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Figure 2-10: Code tracking architecture [12]

A final paper [13] discusses synchronization in spread spectrum communications. While
this paper mainly discusses the implementation of spread spectrum synchronization on FPGAs, it
presents a number of interesting methodologies for synchronization, which are shown in Figure
2-11. For an asynchronous system using preambles, Porcello presents the use of FFT-based
correlation, where coarse frequency offset estimates are performed using time-domain
thresholding, and are then used to shift the frequency domain representation of the reference
code. After that, the same search logic performs fine frequency adjustments, which are then used
to tweak the time domain representation of the reference code. It also presents a more
complicated approach, where two of the above systems are in place to allow searching over
Doppler frequency shifts as well. This is an example of a technique that has poor performance
when compared against the computational complexity metric.
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Figure 2-11: Acquisition and tracking architecture [13]

Beyond the aforementioned papers, there is extensive literature available that covers
synchronization from a more abstract perspective. One of the most interesting papers [14] details
the use of kurtosis (a fourth-order statistic that measures how “significant” a peak is) to perform
synchronization on bursty QPSK signals. The sample kurtosis of a real sequence 𝑦 𝑛 of length
𝑁 is shown to be
𝐾! 𝑦 =

!
!

!!!
!!!

𝑦 𝑛

!

−3

!
!

!!!
!!!

𝑦 𝑛

!

!

.

(4)

Standard QPSK signals traditionally take a non-trivial amount of time to recover carrier and
symbol timing. A method to allow rapid burst synchronization is most interesting. The paper
presents the kurtosis of the matched filter output as measuring the mixing interference between
two adjacent QPSK symbols. By minimizing the kurtosis, the receiver estimates symbol timing.
The carrier frequency offset is estimated by taking an FFT of the fourth power of the matched
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filer output. The carrier phase offset is estimated via kurtosis in a similar manner to the symbol
timing. This is a very interesting approach that targets improving performance when compared
against the speed/latency metric.
Another, older paper [15] presents the concept of a feedforward synchronization
algorithm. This algorithm uses the arctangent operation for symbol timing estimation as shown
in some of the previously discussed implementations. It discusses the issues inherent with using
2× oversampling as well as the usefulness of feedforward algorithms for digital implementations.
The paper discusses implementation issues and also presents an analysis of its estimate variance.
A recent paper [16] discusses synchronization of a variety of signal constellations (MQAM, M-PSK, M-HEX) in fast flat-fading channels. They develop a non-data-aided near
maximum likelihood estimator for performing timing estimation. The NDA-NML estimator is
shown to be
𝜏!" = arg max!!"

!!!
!!! 𝑟!"

𝑘; 𝜏!" ,

(5)

where 𝑟!" 𝑘; 𝜏!" is the sequence of matched filter output samples at time delay 𝜏!" and 𝐿 is the
filter length. This algorithm is shown to have significant improvements over a traditional dataaided maximum likelihood estimator. It is also shown to have better performance than traditional
synchronization schemes when looking at the metric of computational complexity.
One of the most well-known and ubiquitous signals used worldwide is the Global
Positioning System (GPS). Another recent paper [17] discusses clock synchronization via GPS.
This is a very abstract discussion of synchronization compared to most of the other literature
discussed here, but it is presented in terms that make sense for this discussion; it is shown to be
fundamentally a least squares estimation. This estimation is used to take the clock information
transmitted by GPS and use it to synchronize the on-board clock of a computer system using both
first- and second-order models for comparison.
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Another paper [18] discusses the time synchronization and scheduling for underwater
networking applications. The thesis discusses previously published one-way and two-way
synchronization schemes, and then develops what they call hybrid scheme. It presents that oneway synchronization can estimate “clock skew” well, but not clock offset, and vice versa for twoway synchronization. In this context, “clock skew” is defined as sampling frequency offset. The
hybrid scheme involves using both two-way and one-way in a single set of transmissions; the
system first calculates clock offset from the two-way scheme, then uses the “clock skew” from
the one-way scheme to fine tune the clock offset estimation. This scheme also reduces the total
number of transmissions and the computational complexity. The three schemes are shown in
Figure 2-12.

Figure 2-12: One-way, two-way, and hybrid schemes [18]
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Moving back into the RF realm, there is a significant amount of literature that discusses
ultra-wideband (UWB) communications, and specifically the types of synchronization necessary
to make such communications possible. One such paper from He and Tepedelenlioglu [19]
analyzes the benefits of trading an acceptable amount of performance for lower implementation
complexity and simpler accuracy requirements. This is achieved through the use of non-coherent
reception, as opposed to coherent. The details of the algorithm that is analyzed include the use of
sub-integration windows within each frame of information, and a search for a signal that is only
present for a small part of each frame. This is iteratively applied with shrinking sub-integration
window sizes until a synchronization threshold is reached. The algorithm also presents the idea
of averaging multiple trials together to reduce false alarm rate. The number of steps to reach a
full-length integration window when there are no false alarms is shown to be
𝑁 =    log !

!!! !! !!! !!!!!"
!!! !! !!! !!!!"

(!)

, 𝑇! = 𝑇! +

!
!

(!!!)

2𝑇!" − 𝑇! + 𝑇!

(!)

, 𝑇! = 𝑇! − 𝑇! , (6)

(!)

where 𝑇! represents the sub-integration window length at step 𝑙, 𝑀 is the number of the number
of integration outputs to consider, 𝑇! is the frame duration, 𝑇! is the length of the overlapping
area between sub-integration windows, 𝑇!" is the amount to expand the sub-integration window
between each step, and 𝑇! is threshold that indicates a full length integration window. This is an
interesting approach, but appears as though it would result in inefficiently long amounts of time
to achieve synchronization (i.e., perform poorly against the latency metric), due to its iterative
nature.
A significant problem for synchronization in wireless communications, and in particular
for UWB communications, is the near-far problem. The near–far problem [20] arises due to the
overwhelming effect that nearby transmissions can have by drowning out the lower power
transmissions seen from signals that are transmitted farther away. Li and Townsend discuss a
solution to this problem for UWB synchronization [21]. This paper assumes that there is no

26
power control used to balance out the transmit levels of multiple users as seen at the receiver.
Power control is the solution that is typically employed in systems that have a base station and
multiple mobile users, such as UMTS and OFDM (acknowledgment must occur that these are not
UWB systems, but the concepts as related to the near–far problem are similar). The technique
proposed is based on performing estimates to find two nearby symbols in which the desired user
has transmitted opposite symbols and the interfering user has transmitted the same symbol (or
vice versa). When this is achieved, the two symbols can be summed or subtracted to generate a
signal that can be used to cancel out or suppress the high power interfering waveform. From
here, it becomes easier to perform synchronization to an acceptable degree of precision. An
example of this technique is shown in Figure 2-13. This is a very interesting approach to
increasing performance in such harsh environments, though it does not appear that it would
measure favorably against the computational complexity metric.

Figure 2-13: How to determine interferer suppression waveforms; solid lines are desired user,
dashed red lines are high-power interfering users, dashed arrow connecting pairs selected to
perform cancellation [21]

Finally, research has been conducted into performing frame synchronization for adaptive
array antennas [22]. Adaptive array antennas, a key part of MIMO, are increasingly important in
a variety of communication standards, such as HSPA+, LTE, WiMax, and IEEE 802.11n. It
starts by estimating the optimal antenna array weighting values via a recursive least-squares
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algorithm. It also estimates the impulse response function of the desired user via a minimummean-squared-error algorithm. This information is then provided to a frame timing detector,
which then estimates the frame timing error using a maximum likelihood estimator of where the
noise is assumed to be multivariate Gaussian. A block diagram of the technique is shown in
Figure 2-14. The algorithm would not fare well when evaluated against a computational
complexity metric.

Figure 2-14: Frame synchronization circuit [22]

Summary
This chapter represents a look at the current implementations of synchronization in
wireless communications systems, as well as a look at some of the recent literature that provides
novel techniques and research on synchronization. It is intended to provide a broad perspective
on the state of the art in synchronization for communications systems. The next section evaluates
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how the state of the art compares to some of the most desired characteristics of synchronization.
Through this assessment, synchronization/timing research focus areas are determined. Improved
synchronization can yield dividends in any wireless communications environment, whether
frame-based or asynchronous, time-division, frequency-division, or code-division, and
narrowband, wideband or ultra-wideband. Subsequent sections assess and quantify STORM’s
potential value-add for wireless synchronization and timing applications.

Metrics for Synchronization and Timing Estimation
There are a number of desirable features and performance metrics that are related to
synchronization techniques. The most directly measurable metric is the variance of the
frequency/phase estimate. There are also a number of more abstract metrics that can be
discussed. Designing a synchronization technique that has most of the desirable features and
good performance metrics is very important to improving the overall performance and usability
of the technique. These features are presented in Figure 2-15.
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Figure 2-15: Key desirable features of a synchronization scheme
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The first and most obvious desirable feature is that the technique is able to synchronize
quickly. This is what is known as technique latency. If a synchronization methodology takes a
significant amount of time to synchronize, this inefficiency can result in lost data. This is
particularly true in the case of burst transmissions, where it is very important to synchronize
quickly, as more layers of synchronization might be required more frequently. Many of the
techniques presented in the previous section perform poorly relative to this feature. Minimizing
latency is one of the most difficult features to realize in noisy and low SNR environments. In
particular, non-coherent DSSS as described in [12] and non-coherent UWB as described in [19]
become inefficient because they use accumulation and repetition over multiple intervals in order
to improve their performance. To the contrary, the non-coherent multi-symbol CDMA
synchronization described in [11] is actually designed with this feature in mind and therefore only
requires two-to-four repetitions in order to perform well, but requires a higher signal-to-noise
ratio.
Another important feature to look for in synchronization schemes is low computational
complexity. This is particularly important when the device performing synchronization is battery
powered, for example, a mobile phone. Most UMTS receivers operate using some form of rake
receiver, a type of receiver that is intrinsically computationally complex. Both the analysis of WCDMA from [10] and the non-coherent DSSS described in [12] are specific examples of this type
of receiver. The OFDM receiver presented in [6] is an efficient implementation of OFDM
synchronization. While it is true that this paper does present a very efficient synchronization
implementation approach of this particular OFDM receiver in an FPGA, this particular receiver
still remains very computationally complex in general. Porcello [13] presents an interesting
approach to spread spectrum synchronization, which could be considered very efficient algorithm
with respect to spread spectrum.
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A more overlooked aspect of synchronization is that of security. If one desires to be
harder to find by eavesdroppers but still easily detectable by desired receivers it becomes
important to transmit a waveform that is not easily identifiable to the eavesdropper. Signals that
are repetitious inherently do not fit this profile. Almost every signal aforementioned in this
chapter involves some type of repeating, redundant pattern such as a pre/post/mid-amble,
reference signals, pilot signal, etc. Thus, most of the aforementioned techniques are not secure.
Of course, synchronization is inherently more difficult in secure receivers because waveforms in
place do have the feature of lack of redundancy. The difficulty and cost of eliminating
redundancy is likely the reason that the security feature has been largely ignored in commercial
systems.
These three features, synchronization time, computational complexity, and security, are
the key features used to compare the utility and attractiveness of a potential synchronization
algorithm. Finding a synchronization algorithm that balances and delivers all three features is a
difficult task, and this has not been successfully realized in the literature surveyed. Therefore, the
state of the art has room for improvement, and this thesis attempts to present an algorithm that
contributes to bettering secure, low complexity, fast synchronization.
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Chapter 3

Scale Time Offset Robust Modulation
An approach is needed that can provide overall gains in synchronization capabilities of
both existing and future systems. One such approach is Scale Time Offset Robust Modulation
(STORM). STORM is a type of modulation that could serve as a possible advancement for some
set of use cases. STORM is a technique that is based on wavelet theory. It has unique properties
that can make it beneficial for a number of different tasks in communications and signal
processing. This chapter reviews the fundamentals of STORM so that it may be applied to the
task of synchronization.

Waveform Format and Receiver Structure
Of the many types of modulations that have been developed, one example that attempts
to help with problems such as synchronization is Transmitted Reference (TR) modulation. TR
techniques use pairs of signals that are offset in frequency [23] or time [24] [25] [26] in order to
assist in quick synchronization. When using only a time offset, the TR modulation technique
becomes susceptible to other naturally occurring multi-path because the multi-path components
may appear as a time offset that is utilized by the TR modulation; nature may induce the same
modulation, leading to false alarms [27].
In order to improve upon TR modulation, a technique called Scale Time Offset Robust
Modulation has been developed [27]. STORM expands on the concept of TR modulation by
using a pair of relatively offset signals that are offset not just in time (translation), but also in time
scale (dilation/compression), amplitude, and phase. Applying the above transformations to a
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copy of a “base” signal creates the offset signal. The two signals are then simultaneously
transmitted (summation, quadrature, polarization, etc.).
Figure 3-1 shows an example of a basic STORM modulator. The output, which
represents the transmitted signal, where 𝑎! is the complex amplitude offset, 𝑠! is the time
scaling factor and 𝜏! is the time delay, is
𝑥 𝑡 = 𝑏 𝑡 + 𝑎! ∙ 𝑏 𝑠! ∙ 𝑡 − 𝜏! .

(7)

There can also be variations on this format, such as applying the time delay before applying the
time scale or varying the amplitude offset in time.

sm

τm

Scale

Delay

am
Complex
Amplitude

am ⋅ b ( sm (t − τ m ))
b (t ) + am ⋅ b ( sm (t − τ m ))

b(t)
Figure 3-1: Basic STORM modulator [27]

Figure 3-2 shows an example of one possible basic STORM correlation receiver. The
wideband auto ambiguity estimator [28] for the received signal in Figure 3-2 with arbitrary
scaling factor 𝑠! and arbitrary time delay 𝜏! is defined as
𝑎 𝑡! , 𝑠! , 𝜏! =

! !! !!
𝑟
! !!

𝑡 ∙ 𝑟 ∗ 𝑠! ∙ 𝑡 − 𝜏! 𝑑𝑡 .

(8)

Note that both the modulator and receiver have operations that are fundamentally similar to those
of basic wavelet transforms. In fact, the receiver is a modified version of the wavelet transform,
𝛾 𝑠, 𝜏 =
where 𝑓 𝑡 = 𝜓 𝑡 .

𝑓 𝑡 ∙ 𝜓∗

!!!
!

𝑑𝑡,

(9)
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Figure 3-2: Basic STORM correlation receiver [27]

An interesting property of STORM is that when the time scale is sufficiently small and
the time offset is set small relative to the duration of the transmit waveform, the result is that each
signal is similarly affected by the channel environment because they highly overlap in both
frequency and time. While one of the key problems with the above TR modulations is that the
modulator’s time offset parameter can be realized naturally by a multi-path, time scaling is
largely immune from such naturally occurring issues as long as the time scale is constrained to be
sufficiently large. Even when moving at a brisk 3 km/s, the natural time scaling of the signal is
only 1.00001. Because of this, the received base and offset signals remain relatively correlated,
irrespective of the channel or receiver frequency offset or arrival time [27].

STORM Estimation Basics
The properties of the STORM waveform and receiver make it particularly advantageous
for use in a scenario where rapid synchronization is useful or required. As shown previously, the
STORM demodulator is essentially a wideband auto-ambiguity function. Assuming a perfect
channel, imagine the wideband auto-ambiguity function STORM receiver where the received
signal is equal to the transmitted signal. For simplicity, assume the differential amplitude
parameter value is one, which reduces the received signal equation to
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𝑟 𝑡 = 𝑥 𝑡 = 𝑏 𝑡 + 𝑏 𝑠! ∙ 𝑡 − 𝜏! .

(10)

Then, the wideband auto-ambiguity function can be written as
1
𝑇

𝑎 𝑠! , 𝜏! =
=

!
! !
!

𝑏 𝑡 + 𝑏 𝑠! ∙ 𝑡 − 𝜏!

!
!

𝑟 𝑡 ∙ 𝑟 ∗ 𝑠! ∙ 𝑡 − 𝜏!   𝑑𝑡

∙ 𝑏 𝑠! ∙ 𝑡 − 𝜏!

+ 𝑏 𝑠! ∙ 𝑠! ∙ 𝑡 − 𝜏! − 𝜏!

∗

  𝑑𝑡 . (11)

Next, by expanding the equation into its products, it can be written as
𝑎 𝑠! , 𝜏! =
+

! !
𝑏
! !

! !
𝑏
! !

𝑠! ∙ 𝑡 − 𝜏!

𝑡 ∙ 𝑏 ∗ 𝑠! ∙ 𝑡 − 𝜏!   𝑑𝑡 +   
+  

! !
𝑏
! !

𝑠! ∙ 𝑡 − 𝜏!

! !
𝑏
! !

∙ 𝑏 ∗ 𝑠! ∙ 𝑡 − 𝜏!   𝑑𝑡

𝑡 ∙ 𝑏 ∗ 𝑠! ∙ 𝑠! ∙ 𝑡 − 𝜏! − 𝜏!   𝑑𝑡

∙ 𝑏 ∗ 𝑠! ∙ 𝑠! ∙ 𝑡 − 𝜏! − 𝜏!   𝑑𝑡 .

(12)

The second term will clearly have a low cross correlation result because it is comparing a nontime scaled signal with a time-scaled and time-delayed signal. The third term will also have a
low cross correlation result because it is comparing a non-time-scaled/delayed signal with a
signal that has been time-scaled twice. The fourth term will have a similarly small contribution
since it is comparing a signal that has been time scaled once with a signal that has been time
scaled twice and time delayed. In fact, only the first term may potentially result in a significant
cross correlation with a strong result, when 𝑠! = 𝑠! and 𝜏! = 𝜏! . For further analysis, this
“significant” term of the wideband auto-ambiguity function will be referred to as 𝑎! , which has
the form of
𝑎! 𝑠! , 𝜏! =

! !
𝑏
! !

𝑠! ∙ 𝑡 − 𝜏!

∙ 𝑏 ∗ 𝑠! ∙ 𝑡 − 𝜏!   𝑑𝑡 .

(13)

The above analysis holds when the beginning of the waveform is perfectly aligned with
the starting time of the receiver (i.e., no delay in the channel). Let us next analyze the receiver
equation for the case where there is an unknown synchronization delay (STORM symbol
transition alignment/location) of 𝜒 between the transmitter and receiver, which results in the
receiving being out of synchronization. This is written mathematically as
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𝑟 𝑡 = 𝑥 𝑡 − 𝜒 = 𝑏 𝑡 − 𝜒 + 𝑎! ∙ 𝑏 𝑠! ∙ 𝑡 − 𝜒 − 𝜏! ,

(14)

and the “significant” term of the wideband auto-ambiguity function is written as
𝑎! 𝑠! , 𝜏! =

! !
𝑏
! !

𝑠! ∙ 𝑡 − 𝜒 − 𝜏!

∙ 𝑏 ∗ 𝑠! ∙ 𝑡 − 𝜏! − 𝜒   𝑑𝑡 .

(15)

By manipulating the arguments of 𝑏(∙), it is shown that this will result in a strong crosscorrelation when
𝑠! = 𝑠!   and  𝜏! = 𝜏! + 𝜒 ∙

!! !!
!!

.

(16)

It is clear from this form that the location of the peak will “walk” slowly across the correlation
space if the receiver is out of synchronization. Due to this form of 𝜏! the receiver must have
either a priori knowledge or a way of gaining knowledge of one of either or 𝜏! or 𝜒 in order to
reliably recover the transmitted parameters, otherwise the hypothesis will walk across the delay
space. Since this thesis is dealing with the utility of STORM in synchronization, it focuses on
using STORM to recover the delay of the channel, 𝜒, and will assume knowledge of the
transmitted time delay 𝜏! . Fundamentally, this thesis is considering the use of STORM for clock
estimation, focusing on estimating the clock rate (sampling frequency mismatch), and symbol
transition location/alignment (symbol phase). The following chapters evaluate the algorithm and
quantify its performance under a number of different channel conditions and scenarios. These
theoretical analyses as well as a number of MATLAB simulations provide the information needed
to assess STORM’s usefulness as a synchronization technique.

Chapter 4

Analysis
This chapter presents an analysis of how synchronization can be performed using
STORM, as well as some metrics of performance of the synchronization algorithms. In trying to
estimate the parameters of clock rate and transition location, a primary metric is the variance of
these estimates.

Symbol Synchronization
Chapter 3 discusses how the peaks of the auto-ambiguity function are affected by the
presence of a delay in the channel. If a receiver is trying to perform symbol synchronization,
determining the time delay of the channel can achieve this. Equation (16)(16) shows that the
wideband auto-ambiguity function will have its peak at the following location, where 𝜒 is the
synchronization delay between the transmitter and receiver: 𝜏! = 𝜏! + 𝜒 ∙

!! !!
!!

. After

rearranging this equation, it can be shown that the synchronization delay can be estimated as
𝜒 =    𝜏! − 𝜏!

!!
!! !!

,

(17)

where 𝜏! is the resulting peak location of the wideband auto-ambiguity function peak. As the
above equation shows, by transmitting a STORM doublet with a known time scale and time
delay, a receiver can perform a trivial computation on the received peak of the wideband autoambiguity function and estimate the synchronization delay of the transmit channel and therefore
perform rapid symbol synchronization.
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By examining the above equation, the synchronization delay error can be quantified
through this method of STORM symbol synchronization. In a digital receiver, the time delays
will be measured in terms of samples (which is equivalent to the inverse of the bandwidth for a
Gaussian process). The first term of the synchronization delay calculation is the difference
between computed wideband auto-ambiguity function peak location and the transmitted time
delay. This value will have units of samples and will be an integer. The second term is
dependent upon only the transmitted time scale and will determine the effective resolution of the
symbol synchronization, as this number will be multiplied by the integer of the first term. This
resulting resolution is defined as
𝜒!"# =   

!!
!! !!

.

(18)

By evaluating this formula, it can be seen that the resolution will be coarser for time
scales closer to one and finer for time scales further from one. Therefore, for the purposes of
synchronization, a time scale further from one is more desirable in order to increase
synchronization granularity. For a scaling factor of 1.01, this results in a quantization of 101
samples (101 times the inverse of the bandwidth). This has the effect of amplifying error (or
variance). When compared to a traditional matched filtering scheme, which has the resolution of
the inverse of the bandwidth, this is inferior. However, STORM has much lower computational
complexity than a traditional matched filter implementation, and therefore is a candidate for use
as a coarse synchronization algorithm (as opposed to a fine synchronization algorithm).
While this methodology allows for STORM to resynchronize on a symbol-by-symbol
basis, it may be desirable to provide some type of symbol synchronization feedback to adjust the
sampling clock for sample rate mismatch. In this case, STORM easily can be used in order to
provide a sampling rate mismatch calculation. It is as simple as taking STORM synchronization
calculations over a number of symbols and then calculating the slope of the synchronization delay

38
calculation versus time. The slope calculation is performed by just taking the slope between two
symbols where 𝑁 is the number of samples per symbol and 𝑚 and 𝑛 are the indexes of the two
symbols taken for calculation, with the final form to be written as
∆𝑓! =

!! !!!

𝑓.
!!! ! !

(19)

More complicated versions of this formula could fit a line to a number of points. The
above represents the mathematical utility of STORM in performing symbol synchronization and
sampling rate mismatch calculations. STORM allows rapid calculations of both of these
parameters.

Statistical Noise Analysis
The classical channel for noise analysis is the additive white Gaussian noise (AWGN)
channel. This section evaluates the performance of the STORM synchronization scheme through
an AWGN channel with a synchronization delay of 𝜒 (the transmitter has an assumed amplitude
scaling factor 𝑎! of 1). This can be written mathematically as
𝑟 𝑡 = 𝑥 𝑡 − 𝜒 + 𝑛(𝑡) = 𝑏 𝑡 − 𝜒 + 𝑏 𝑠! ∙ 𝑡 − 𝜒 − 𝜏!

+ 𝑛(𝑡).

(20)

For the purposes of this analysis, assume that the noise signal 𝑛(𝑡) is complex Gaussian
noise with zero mean and variance of 𝑁! 2 for both the real and imaginary parts. Similarly
assume that the base waveform 𝑏(𝑡) is generated from a complex Gaussian process where the
variance is equal to 𝐸! 4 for both the real and imaginary parts. Assuming 𝑠! is far enough from
1 to ensure that 𝑏(𝑡) and 𝑏(𝑠! 𝑡) are highly uncorrelated, these variance scaling factors assure
that when 𝐸! and 𝑁! are equal, that 𝑥(𝑡) and 𝑛(𝑡) will have approximately equal power. There is
a small amount of error due to the time-scaling scaling factor 𝑠! , but since the time-scaling factor
is relatively close to one, it will be marginal error.
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The next step to performing a noise analysis is to write out the receiver equation. This is
touched on in Chapter 3, and here that analysis is extended to take into account the presence of
noise. Using the receiver structure identified in Chapter 3 and the received waveform format
identified above, the equation can be expanded into nine dot products and written as
𝑎 𝑠! , 𝜏! =

1
𝑇

=

1
𝑇

!
!

𝑟 𝑡 ∙ 𝑟 ∗ 𝑠! ∙ 𝑡 − 𝜏!   𝑑𝑡

!

𝑏 𝑡 − 𝜒 + 𝑏 𝑠! ∙ 𝑡 − 𝜒 − 𝜏!

!

+𝑛 𝑡

∙ 𝑏 𝑠! ∙ 𝑡 − 𝜏! − 𝜒 + 𝑏 𝑠! ∙ 𝑠! ∙ 𝑡 − 𝜏! − 𝜒 − 𝜏!
=

+

+

1
𝑇
1
𝑇
1
𝑇

1
+
𝑇
+

+

1
𝑇
1
𝑇

1
+
𝑇
+

+

1
𝑇
1
𝑇

!
!
!
!

!
!
!
!
!
!

!

𝑏 𝑠! ∙ 𝑡 − 𝜒 − 𝜏!

∙ 𝑏 ∗ 𝑠! ∙ 𝑠! ∙ 𝑡 − 𝜏! − 𝜒 − 𝜏! 𝑑𝑡

𝑏 𝑡 − 𝜒 ∙ 𝑏 ∗ 𝑠! ∙ 𝑠! ∙ 𝑡 − 𝜏! − 𝜒 − 𝜏! 𝑑𝑡
𝑛 𝑡 ∙ 𝑏 ∗ 𝑠! ∙ 𝑡 − 𝜏! − 𝜒 𝑑𝑡
𝑛 𝑡 ∙ 𝑏 ∗ 𝑠! ∙ 𝑠! ∙ 𝑡 − 𝜏! − 𝜒 − 𝜏! 𝑑𝑡

𝑏 𝑠! ∙ 𝑡 − 𝜒 − 𝜏!
𝑏 𝑡 − 𝜒 ∙ 𝑛∗

!
!
!

  𝑑𝑡

𝑏 𝑡 − 𝜒 ∙ 𝑏 ∗ 𝑠! ∙ 𝑡 − 𝜏! − 𝜒 𝑑𝑡

!
!

∗

∙ 𝑏 ∗ 𝑠! ∙ 𝑡 − 𝜏! − 𝜒 𝑑𝑡   

𝑏 𝑠! ∙ 𝑡 − 𝜒 − 𝜏!

!
!

+ 𝑛 𝑠! ∙ 𝑡 − 𝜏!

𝑛 𝑡 ∙ 𝑛∗

∙ 𝑛∗

𝑠! ∙ 𝑡 − 𝜏!

𝑠! ∙ 𝑡 − 𝜏!

𝑠! ∙ 𝑡 − 𝜏!

𝑑𝑡

𝑑𝑡

𝑑𝑡 .
(21)
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The first term here represents the primary term that contributes positively to determining the
proper synchronization delay. All of the other terms represent dot products of uncorrelated or
minimally correlated Gaussian noise. These eight terms, however, will contribute noise to the
result and could cause an incorrect estimation. This can be evaluated similarly to traditional
parameter estimation problems.
To perform this evaluation, one must establish the statistics of 𝑎 𝑠! , 𝜏! . Each of the nine
terms is a cross-correlation of two noise sequences. The last eight terms are always uncorrelated
for time scales far enough from one. The first term is an autocorrelation term. By envisioning
Equation (21) in the discrete sense, each correlation term turns into the mean of a number of
samples. In order to complete this analysis, three assumptions are necessary. First, the time scale
is far enough from one that differently time-scaled versions of the same signal are effectively
independent and uncorrelated. Second, the time scale is close enough to one that the energy of
the time-scaled versions of the same signal have effectively the same energy as the original
signal, and, finally, assume that the channel is such that both the original base signal and timescaled signal maintain relative coherence at the receiver for the signal bandwidth and duration.
First, consider the case of a proper timing alignment of the first term. In this case, the
statistic is of the following form, where 𝑇 is the number of samples and 𝐵! and 𝐵! are the real
and imaginary parts of 𝐵, respectively, and the term can be written as
!
!

!!!
!!! 𝐵!

𝐵!∗ =

!
!

!!!
!!!

!
!
𝐵!,!
+ 𝐵!,!
=

!
!

!!! !
!!! 𝐵!,!

+

!
!

!!! !
!!! 𝐵!,! .

(22)

The statistics of the square of a Gaussian distribution with zero mean are a Gamma distribution
with the following statistics:
𝐺 ! ~Γ

!
!

, 2𝜎!! ; 𝜇! ! = 𝜎!! ; 𝜎!!! = 2𝜎!! .

(23)

For large 𝑁, the average of 𝑁 independent and identically distributed (i.i.d.) random variables can
be approximated to a Gaussian distribution by the central limit theorem,
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!
!

!!!
!!! 𝑋!

~𝒩 𝜇! ,

!
!!

!

.

(24)

.

(25)

Then, for this specific case, the form resolves to
!
!

!!! !
!!! 𝐺! ~𝒩

𝜎!! ,

!
!!!

!

From previous definitions, 𝐵! and 𝐵! are i.i.d. Gaussian random variables with mean of 0 and
variance of 𝐸! 4. Therefore, for the case of interest, this evaluates further to
!! !!!
!!! !
!!! 𝐵!,{!,!} ~𝒩 ! , !!

!
!

.

(26)

Finally, sum two of these distributions together (for the in-phase and quadrature terms) to
determine the final distribution for the case of proper timing alignment of the first term, and the
final form is
!
!

!!!
!!! 𝐵!

𝐵!∗ ~𝒩

!! !!!
!

,

!!

.

(27)

For the case of incorrect timing alignment of the first term, as well as the other 8 terms, a
distribution of the form
!
!

!!!
∗
!!! 𝑋! 𝑌! ; 𝑋! ~𝒩

0, 𝜎!! ; 𝑌!∗ ~  𝒩 0, 𝜎!! ; 𝑋! , 𝑌!∗   independent

(28)

must be evaluated. 𝑋! 𝑌!∗ is a product-normal distribution with a mean of 0 and a variance of
𝜎!! 𝜎!! . These first- and second-order statistics are proven as follows. The definition of
covariance is
Cov 𝑋! , 𝑌!∗ = 𝐸 𝑋! 𝑌!∗ − 𝐸 𝑋! 𝐸 𝑌!∗ .

(29)

Since 𝑋! and 𝑌!∗ are assumed to be independent in this case, this simplifies to
𝐸 𝑋! 𝑌!∗ = 𝐸 𝑋! 𝐸 𝑌!∗ = 0.

(30)

Similarly, since 𝑋! and 𝑌!∗ are assumed to be independent in this case, the variance is computed
as
Var 𝑋! 𝑌!∗ = 𝐸 𝑋!

!

Var 𝑌!∗ + 𝐸 𝑌!∗

!

Var 𝑋! + Var 𝑋! Var 𝑌!∗

= Var 𝑋! Var 𝑌!∗ .

(31)
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Therefore, by the central limit theorem, this distribution evaluates to
!
!

!!!
∗
!!! 𝑋! 𝑌! ~𝒩

0,

! !
!!
!!

!

.

(32)

From previous definitions, samples of 𝑏(𝑡) are Gaussian distributed with mean of 0 and variance
of 𝐸! 2. Samples of 𝑛(𝑡) are Gaussian distributed with mean of 0 and variance of 𝑁! .
All of the other terms can be evaluated from here. In the case of an improper timing
alignment of the first term and for the second through fourth terms, the result is the correlating of
uncorrelated samples of 𝑏(𝑡) and 𝑏(𝑡). These terms will have a distribution of the form
!
!

!!!
∗
!!! 𝐵! 𝐵!!!

~𝒩 0,

!!!

, 𝑚 ≠ 0.

!!

(33)

Note that the distribution has the same variance as the case of correct alignment in the first term,
but with a different mean. In the fifth through eighth terms, the result is the correlating of
uncorrelated samples of 𝑏(𝑡) and 𝑛(𝑡). These terms will have a distribution of the form
!
!

!!!
∗
!!! 𝐵! 𝑁!!!

~𝒩 0,

!! !!
!!

.

(34)

The ninth term involves correlating uncorrelated samples of 𝑛 𝑡 and  𝑛(𝑡). This term has a
distribution of the form
!
!

!!!
∗
!!! 𝑁! 𝑁!!!

~𝒩 0,

!!!
!

, 𝑚 ≠ 0.

(35)

Now that the distributions have been developed for all of the terms, the distribution of the
total correlation can be defined. This will be done for both the case of correct timing alignment,
𝐴 ! , and the case of incorrect timing alignment, 𝐴! . The first term will be the only term that has
different statistics for the two cases, and that term has the same variance for both cases, and only
a different mean. Therefore, the variance of both cases will be of the form
𝜎!! = 4

!!!
!!

+4

!! !!
!!

+

!!!
!

=

!!! !!!! !! !!!!
!

=

!! !!! !
!

.

(36)

The two cases will then have statistics of the form
𝐴 ! ~𝒩

!!
!

,

!! !!! !
!

(37)
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and
𝐴! ~𝒩 0,

!! !!! !
!

.

(38)

Given these statistics, the next step is to define a test statistic. Consider Bayesian
hypothesis testing. Further, assume a uniform cost function, which leads to maximum a priori
hypothesis testing. Since the test statistic interest is the synchronization delay between the
transmitter and receiver, which can be thought of as a uniform random variable, the a priori
distribution is uniformly distributed. Therefore, maximum a priori hypothesis testing further
simplifies to maximum likelihood estimate testing. From looking at the above test statistics, it is
obvious that the result that will have the maximum likelihood of being correct is the one with the
maximum value, since both hypotheses have identical variances and 𝐴 ! has non-zero mean, while
𝐴! has zero mean. Therefore, with the assumption of the correct time-scale being used, the
maximum likelihood estimate can be written as
𝜏! = arg max!! 𝑎 𝑠! , 𝜏! .

(39)

This is further converted into an estimated synchronization delay, which is developed in the
previous chapter,
𝜒 =    𝜏! − 𝜏!

!!
!! !!

.

(40)

Next, further develop this to determine the expected standard deviation of 𝜏! for the
above conditions and assumptions. This is done by considering the two versions of the received
signal (the original received signal and the time-scaled and delayed version of the original
received signal) to be similar to the problem of signal that is received at two separate sensors that
have independent noise. Stein developed this analysis approach [29].
First, define the SNR of 𝑟 𝑡 and 𝑟 ∗ 𝑠! ∙ 𝑡 − 𝜏! . It is clear from the previous analysis
that each of these signals is comprised of one signal component and two noise components (one
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from the time-scaled version of the signal and the other for noise). Therefore, the SNR, 𝛾, of
these two signals is
!!

𝛾 = 𝛾! = 𝛾! = !!

!
!!
! !

=

!
!!

!
!! ! !

.

(41)

The application of these principles is depicted in Figure 4-1.

Figure 4-1: Application of STORM to Stein [29] approach

Assuming these values are known, Stein showed that the “effective INPUT SNR/SIR” of the
cross-correlation of these two waveforms is defined as [29]
!
!!""

=

!

!

! !!

+

!
!!

+

!
!! !!

.

(42)

For the case of interest, this simplifies to
!
!!""

!

!

!

!! !

= +

= 1+

!
!! !!

!

!

!

!! !!

= +

+ 1+
+

!

!
!! !!

!
!! !! !

=

!
!

!

2=1+
3+

!
!! !!

!! !!

+

!

!

!

!! !!

+ +

!
!! !! !

.

+

!
!! !! !

(43)

Therefore,
𝛾!"" =

!
!!

!
!
!
!! ! ! ! ! !
! !

=

!
!!

!
!
!
!!
!! ! ! ! ! !
! !

=

Stein defines the time difference accuracy (standard deviation) as

!
!

! !!! !
! !

!

.
!!

(44)
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𝜎!"# =

!

!

!!!

!"!!""

,

(45)

where 𝐵! is the RF bandwidth of the signal, 𝐵 is the noise bandwidth at the receiver input, and 𝑇
is the integration time [29]. Assume that the RF bandwidth of the signal and the noise bandwidth
at the receiver are equal. Further, assume that both of these signals are pure white complex
Gaussian processes; therefore, the bandwidth is equal to the sampling rate, or 𝐵! = 1/𝑇! , where
𝑇! is the sample duration. The integration time 𝑇  is simply the sample duration times the number
of samples, 𝑇 = 𝑇! 𝑁. Therefore, the time difference standard deviation simplifies to

𝜎!! =

!

!

!

!!!""

𝑇! =

!
!

! ! !!

!
!! ! !

!!

!

!!

𝑇! .

(46)

This equation is shown graphically for a number of input values in Figure 4-2, where the y-axis is
in terms of 𝑇! .
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Figure 4-2: Theoretical standard deviation of wideband auto-ambiguity estimation

Given this form of the time difference standard deviation, analyze the performance the
boundary cases of infinite SNR and zero SNR. For the case of infinite SNR this evaluates to
lim!!

!! →! 𝜎!!

=

!
!

!
𝑇
!! !

≈

!
𝑇.
!! !

(47)

Similarly, for zero SNR, this evaluates to
lim!!

!! →! 𝜎!!

= ∞.

(48)

For the case of infinite SNR, the time difference standard deviation is inversely proportional to
the square root of the number of samples integrated. This makes logical sense because there is
still uncertainty in the waveform values since the transmitted signal is a Gaussian process and this
uncertainty will be mitigated as the number of samples integrated decreases. Similarly, it makes
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sense that the standard deviation will go towards infinity as the SNR goes to zero, since the signal
will be completely overwhelmed by noise. In between the two extremes, the performance
appears to be relatively flat with respect to SNR above approximately 10-dB SNR. Conversely,
the logarithmic plot of performance becomes purely linear with respect to SNR below −5 dB
SNR. A transition region occurs between −5-dB and 10-dB SNR.
It is worth nothing how this calculation of 𝜎!! affects the error performance of the
important metrics, 𝜒  and ∆𝑓! . From previously defined Equations (17) and (19), it is clear that the
following relationships hold true. The standard deviation of the synchronization delay estimate is
𝜎! =   

!!
!! !!

𝜎!! ,

(49)

and the standard deviation of the sampling frequency offset estimate is
𝜎∆!! =

!!!
𝜎
!!! ! !

=

!!!
!!! !

  

!!
!! !!

𝜎!! .

(50)

The standard deviation (or equivalently root-mean-square error) for both synchronization delay
and sampling frequency mismatch are directly proportional to the standard deviation of the
wideband auto-ambiguity function estimate. Therefore, in order to plot the theoretical standard
deviation of these two parameters, one only needs to perform a vertical shift on the results in
Figure 4-2. This completes the analysis of the performance of the STORM
modulator/demodulator in the presence of Gaussian noise when the transmitted base signal is also
Gaussian noise. This section represents a significant quantification of the estimation standard
deviation for coarse acquisition of both sampling clock frequency offset and symbol
transition/location.
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Chapter 5

Simulation
This chapter presents the results of a number of MATLAB simulations, including noisy
channel performance, which is compared to the results in from Chapter 4. It also covers
performance in the presence of carrier frequency offset. Additionally, other degradations are
added to determine robustness under adverse channel conditions.

Simulated Performance in Noisy Channels
In this section, MATLAB is used to quantify and demonstrate some of the concepts
presented earlier. First, a MATLAB simulation shows the detection of the channel
synchronization delay parameter 𝜒 when there are no other channel impairments besides this
parameter. The other parameters for this simulation are shown in Table 5-1. When taking into
account practical considerations, there is a limited range of wideband auto-ambiguity function
indices that must be computed. Consider the effective max synchronization delay of the channel
to be equivalent to the symbol length, since any delay longer than this will just appear as if the
signal has moved into the next symbol hypothesis of the receiver. Therefore, there is an upper
limit on the values of the wideband auto-ambiguity function’s time shift according to
𝜏!,!"# = 𝜏! + 𝑁

!! !!
!!

,

(51)

where 𝑁 is the number of samples per STORM symbol. From this equation, you can see that the
amount of “walking” that the peak of the wideband auto-ambiguity function can do over a symbol
is constrained by the time-scale term

!! !!
!!

. Therefore, the wideband auto-ambiguity function

estimator will compute from 𝜏! = 0 to 𝜏! = 𝜏!,!"# .
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Table 5-1: Parameters for STORM synchronization delay estimation simulation (no noise)
Parameter
𝑠!
𝜏!
𝑁
𝜒

Description
Time-scale
Time-delay
Symbol length
Synchronization delay

Value(s)
1.01
200 samples
65536 samples
0 to N−1 samples in increments of 1

From earlier analysis, the synchronization delay estimator resolution is calculated to be
101 samples for a time scale, 𝑠! , of 1.01. Therefore, consider any detected synchronization delay
value that is within ±50 samples (inclusive) to be a correct estimation.
Figure 5-1 shows the results of this simulation. The x-axis is the simulated
synchronization delay 𝜒 used for each trial and the y-axis is the difference between estimated
synchronization delay 𝜒 from that actual synchronization delay 𝜒 for that trial. Due to the
inherent resolution of the detector, it is seen that the amount of error varies within the ±50 sample
window that is the result for the chosen parameters. Each estimated value is within this estimator
resolution, i.e., there were no errors in estimator performance. Note that when the actual
synchronization delay is a multiple of 101, the error is zero. This is because those
synchronization delay estimation resolution is 101. On either side, the difference error walks
accordingly to the distance from these “bins”.
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Figure 5-1: STORM synchronization delay estimation simulation, synchronization delay
estimator difference from actual (no noise)

Figure 5-2 shows the output of the auto-ambiguity function for tested synchronization
delays of 𝜒 = 50 and 𝜒 = 101, zoomed in around the peak locations. These were selected
because the first one is almost perfectly on the edge of the synchronization delay estimator’s
resolution bins and the second one is perfectly in the middle of the synchronization delay
estimator’s resolution bins.
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Figure 5-2: STORM synchronization delay estimation simulation, selected wideband autoambiguity function results (no noise)
Next, consider a similar test, except this time in the presence of additive white Gaussian
noise. Sweep the parameters across a number of energy per symbol per noise power spectral
density ratio values, 𝐸! 𝑁! , and across a number of synchronization delay values, 𝜒. Table 5-2
shows the values to be used for this experiment with similar construction to the previous test.
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Table 5-2: Parameters for STORM synchronization delay estimation simulation (white Gaussian
noise)
Parameter
𝑠!
𝜏!
𝑁
𝜒	
  
𝐸! 𝑁!

Description
Time-scale
Time-delay
Symbol length
Synchronization delay
Signal to noise ratio

Value(s)
1.01
200 samples
65536 samples
0 to N−1 samples in increments of 50
−18 to 3 dB in increments of 3 dB

In order to illustrate the synchronization utility, the next plot displays the results of each
noise level by a root-mean-square error metric. Based on the calculations in the previous chapter,
there is a quantization level with which the synchronization delay can be calculated. The
expected synchronization delay values were modified to take this fact into account. This means
that for the tested time-scale, the estimated synchronization delay must be within ±50 samples of
the actual synchronization delay to be considered to have no error. Under that assumption, the
traditional root-mean-square error metric is calculated. Figure 5-3 shows these results.
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Figure 5-3: STORM synchronization delay estimation simulation, synchronization RMS error
(white Gaussian Noise)
The above simulations are used for quantifying the performance of the synchronization
delay estimator. In order to compare to the performance metrics established earlier in this
chapter, one must compare directly to the auto-ambiguity function estimate 𝜏! . Since
synchronization delay is simply calculated from a linear relationship to 𝜏! , this is a simple
conversion. Recall that the conversion is defined as
𝜎! =   

!!
!! !!

𝜎!! .

(52)

In the noise analysis section, an expected standard deviation for 𝜏! was calculated for
varying values of 𝐸! 𝑁! and 𝑁. The standard deviation of a random variable can be estimated in
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trails by performing the calculating the root-mean-square error on a series of trails, as was
performed in the previous simulation.
Here theoretical values of standard deviation 𝜎!! are plotted versus the simulated values
found. The parameters used for this simulation are shown in Table 5-3.

Table 5-3: Parameters for standard deviation of wideband auto-ambiguity estimation (theoretical
vs. simulation)
Parameter
𝑠!
𝜏!
𝑁
𝜒	
  

Description
Time-scale
Time-delay
Symbol length
Synchronization delay

𝐸! 𝑁!

Signal to noise ratio

Value(s)
1.01
200 samples
65536 samples
0 to N−1 samples in increments of 25
−30 to 18 dB in increments of 2 dB, also −15, −13,
−11 dB

The results of this simulation are shown in Figure 5-4. The theoretical performance is
shown in on the line that is marked with circles, and the simulation performance is shown in the
line that is marked with asterisks. Points on the simulation performance line that do not have a
value indicate that particular SNR value had a root-mean-square error of zero (perfect
performance). Examining this plot, there is a clear difference between the theoretical
performance of the estimator and the simulated performance. From −12 dB and up, this
difference can be approximated by an offset in the two lines. Below −12 dB there appears to be a
significant jump in error. There is clearly a threshold of performance in the actual estimator at
this point. Since the theoretical values are a lower bound on error, it is not surprising that the
simulation results do not match perfectly.
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Figure 5-4: Standard deviation of wideband auto-ambiguity estimation (theoretical vs. simulation)

Simulated Performance with Carrier Frequency Offset
Next, MATLAB is used to quantify the performance of STORM in the case of a carrier
frequency offset. This is an important factor, because in a realistic wireless communications
system there will certainly be some out-of-carrier-frequency offset between the transmitter and
receiver, which the receiver must be able to either detect and compensate for, or tolerate without
an adverse effect on the performance of the system.
In the following simulation, the same general principles are used as in the previous
simulation, but instead of inserting noise and varying the power level of it, the transmitter signal
is shifted to a carrier frequency, and then shifted back down with some amount of offset between
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the two frequencies. Then similar performance measurements are calculated to determine the
receiver’s tolerance to carrier frequency offset. Table 5-4 shows the parameters used in this
simulation. The key parameter is 𝑓! 𝑇, which is the carrier frequency shift amount multiplied by
the sampling period.

Table 5-4: Parameters for STORM synchronization delay estimation simulation (carrier
frequency offset)
Parameter
𝑠!
𝜏!
𝑁

Description
Time-scale
Time-delay
Symbol length

𝜒	
  

Synchronization delay

𝑓! 𝑇

Carrier frequency shift times sampling period

Value(s)
1.01
200 samples
65536 samples
0 to N−1 samples in
increments of 50
0.000 to 0.020 in increments of
0.00025

The results are of these trials are shown in Figure 5-5, where the x-axis is carrier
frequency offset as a percentage of sampling frequency, and the y-axis is synchronization rootmean-square error rate. The same computational metric is used as in the above white Gaussian
noise simulations. From the figure, it can be seen that performance bounces between strong and
poor performance until falling off for good around 𝑓! 𝑇 = 0.01. This is likely due to the
wideband auto-ambiguity function. Consider a sinc function. The sinc function spends more
time close to zero at each zero crossing moving further from the origin. This is likely analogous
to the regions of poor performance as the carrier frequency offset increases, until reaching the
point of continuous poor performance.
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Figure 5-5: STORM synchronization delay estimation simulation, synchronization RMS error
(carrier frequency offset)

Simulated Performance in Adverse Multipath Channels
The previous two sections discuss the performance of STORM in the context of AWGN
channels, the classical model for evaluating communications systems. STORM may offer
benefits in harsher channels as well, which cause significant problems for other communications
modulation techniques. In this section the performance of STORM against adverse time-varying
channel models is simulated and discussed.
First, the performance of STORM when passed through a frequency-flat Rayleigh
channel model is evaluated. This evaluated through the use of the MATLAB channel model
function rayleighchan. For this model, the parameter 𝑓!,!"# 𝑇, which is the maximum Doppler
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shift frequency multiplied by the sampling period, is varied. The synchronization delay was
varied similarly to previous MATLAB simulations. Table 5-5 shows the parameters used in this
simulation.

Table 5-5: Parameters for STORM synchronization delay estimation simulation (frequency-flat
Rayleigh fading channel)
Parameter
𝑠!
𝜏!
𝑁

Description
Time-scale
Time-delay
Symbol length

𝜒	
  

Synchronization delay

𝑓!,!"# 𝑇

Max Doppler shift frequency times sampling
period

Value(s)
1.01
200 samples
65536 samples
0 to N−1 samples in
increments of 50
0.000, 0.0025, 0.005, 0.0075,
0.010, 0.015, 0.020, 0.030,
0.040, 0.050, 0.060, 0.080,
0.100

The results of this simulation show that significant errors begin to occur at an 𝑓!,!"# 𝑇 of
approximately 0.005. The same computational metric is used as in the above white Gaussian
noise simulations. The curve is a traditional logarithmic curve. The results are shown below in
Figure 5-6.
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Figure 5-6: STORM synchronization delay estimation simulation, synchronization RMS error
(frequency-flat Rayleigh fading channel)

Next, this analysis is extended to a doubly spread (frequency-selective) Rayleigh channel
by adding a varying number of multipath elements to the channel model. All of the paths will
have equal average path gains and each variation will have its multipath elements spaced evenly
over a period of 50 samples. The max Doppler shift frequency is varied over a smaller range of
possible 𝑓!,!"# 𝑇 values, with finer resolution. The values used are shown in Table 5-6.
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Table 5-6: Parameters for STORM synchronization delay estimation simulation (doubly spread
Rayleigh fading channel)
Parameter
𝑠!
𝜏!
𝑁

Description
Time-scale
Time-delay
Symbol length

𝜒	
  

Synchronization delay

𝑓!,!"# 𝑇

Max Doppler shift frequency times sampling
period
Number of multipaths

nmp

Value(s)
1.01
200 samples
65536 samples
0 to N−1 samples in increments
of 650
0.000 to 0.020 in increments of
0.002
1 to 9 in increments of 1

The results of this MATLAB simulation are shown in Figure 5-7. The x-axis is max
Doppler shift multiplied sampling rate, while each plotted line indicates a different number of
multipaths in the channel model.
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Figure 5-7: STORM synchronization delay estimation simulation, synchronization RMS error
(doubly spread Rayleigh fading channel)
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From these results, it is appears that the performance of the STORM synchronization
scheme is minimally impeded by an increase in the number of multipath elements present in the
channel. In fact, it appears that there is some evidence that as the performance degrades due to
higher maximum Doppler frequency shifts, the degradation is somewhat mitigated by having a
higher number of multipath elements. This makes sense as the STORM demodulator does
combine a certain number of time delays into each possible resulting synchronization bin.
In order to compare this performance to that of a more traditional matched filter receiver,
this test was then rerun with the exact same parameters and transmitted waveform, but with the
receiver modified. The receiver was modified so that it had knowledge of the transmitted base
waveform, 𝑏 𝑡 , and did a typical matched filter cross-correlation with that waveform. The
results of that simulation are shown in Figure 5-8. By comparing the two sets of results, it is clear
that the matched filter implementation is impacted more severely at smaller amounts Doppler
spreading than the STORM demodulator. The STORM demodulator has smaller root-meansquare error until 𝑓!,!"# 𝑇 reaches approximately 0.015. At this point the matched filter performs
slightly better, but still not well. It is also clear that the STORM demodulator is less affected by
multipath spreading, at least until the same 𝑓!,!"# 𝑇 of 0.015. In summary, the STORM
demodulator appears to work more effectively than the matched filter modulator until reaching
very extreme channel conditions, in which case both work poorly.
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Figure 5-8: Matched filter synchronization delay estimation simulation, synchronization RMS
error (Doubly spread Rayleigh fading channel)

For each of the above simulations, it was considered whether or not to plot error bars in
order to give an estimate of the reliability of the statistic. What was found was that for each
simulation, the standard deviation of the error in the system was roughly proportional to the rootmean-square error, which is the statistic plotted. This makes logical sense, since the error bars
would be essentially plotting the error of the error. Therefore, there was little additional
information conveyed by the plotting of error bars. Additionally, it is somewhat problematic to
plot error bars in a useful fashion on logarithmic plots such as those used in this chapter. The end
result is that the lower bound of error is frequently either zero or negative (i.e., all samples with
less error than the root-mean-square error are required with a standard deviation statistic divided
evenly above and below the root-mean-square error). It is impossible to plot zero or negative
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values on a logarithmic plot, and thus, typically only the upper error bar would be visible. For
these two reasons, it was decided to omit this statistic from the figures.
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Chapter 6

Conclusion
In this thesis synchronization was presented as a wireless communications problem. A
background on the types of synchronization and the current state of the art in synchronization was
developed. From there, Scale Time Offset Robust Modulation (STORM) was presented as a
novel technique that can be used to improve synchronization performance. A theoretical analysis
on the performance of STORM was presented, followed by a number of MATLAB simulations to
demonstrate its performance in the presence of noise and other perturbations.
The key components that were identified as important to synchronization schemes were
error metrics (variance), computational complexity, speed, and security. From the analysis of
STORM, it is clear that STORM provides advantages in all three of these areas. First, for
computational complexity, STORM has a trivial transmitter structure and its receiver is merely a
wideband auto-ambiguity estimator function that only needs to be performed on a subset of
possible time delays in order to detect the transmitted signal. Second, from looking at
performance metrics, with respect to speed, it is clear that STORM can provide a strong estimate
of timing synchronization after only a single symbol of STORM has been received. This is in
stark contrast to the much longer times that can be necessary for other communications systems.
Finally, there is the concept of security. This is much more abstract, but since STORM works on
arbitrary base signals, it is clear that security can be tailored to a particular user’s needs. For the
case of a Gaussian white noise base signal, as presented in the analysis, the STORM signal is
particularly benign, unless knowledge of the STORM parameters (time-scale, primarily) is known
or inferred. Therefore, STORM provides strong value in all three of these areas, in contrast to
many of the communication synchronization schemes presented in the background section, which
have negative attributes in at least one of these areas.
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STORM could be applied to a variety of applications as part of future work. As a
synchronization scheme, STORM could be applied in conjunction with another communications
waveform as its base signal to enhance synchronization properties. Since the STORM
synchronizer is primarily a delay estimator, it also has possible applications in range and
proximity sensing. A notional STORM range and proximity sensing antenna and rotator is shown
in Figure 6-1. This antenna was designed in SolidWorks.

Figure 6-1: Model of notional STORM range and proximity sensing system (developed in
SolidWorks)

In conclusion, this thesis and its analysis provide a strong foundation on theoretical and
simulated performance of STORM as a synchronization technique for communications. There
are a number of avenues that can be taken for future work, and this thesis shows that STORM
provides a significant building block that could eventually be used to advance the state of the art
of in communications synchronization and range and proximity sensing.

Appendix

MATLAB Source Code
Basic STORM modulator function
stormModulator.m
function [outputSignal] = stormModulator(inputSignal,N,Tau,S,A)
% Modulates an input signal according to STORM principles.
% Inputs:
% inputSignal : Signal to be modulated, a row vector of size 1xN
% N
: STORM Block Length : must be a positive integer
% Tau : STORM Time Delay : must be a non-negative integer
% S
: STORM Time Scale : must be greater than 1
% A
: STORM Amplitude Scale
% Outputs:
% outputSignal : STORM modulated signal
if N < 0 || mod(N,1)~=0
error('N must be a positive integer');
end
if Tau < 0 || mod(Tau,1) ~= 0
error('Tau must be a non-negative integer]');
end
if S <= 1
error('S must be greater than 1');
end
[Snum,Sden] = rat(S);
if size(inputSignal,1) ~= 1 || size(inputSignal,2) ~= N ||...
ndims(inputSignal) ~= 2
error('inputSignal must be a single row of length N');
end
TbaseSignal = inputSignal;
% Scale and Delay
TscaleSignal = [zeros(1,Tau) resample(TbaseSignal,Sden,Snum)];
% Resize
TscaleSignal = [TscaleSignal(1:min(N,length(TscaleSignal)))...
zeros(1,max(0,N-length(TscaleSignal)))];
% Create Doublet
outputSignal = TbaseSignal+A*TscaleSignal;

Basic STORM demodulator function
stormDemodulator.m
function [corr_out,corr_index] = stormDemodulator(inputSignal,N,Tau,S)
% Demodulates an input signal according to STORM principles
% by calculating auto-ambiguity fuctions on an input block of data
% across a set of time scales.
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%
%
%
%
%
%
%
%

Inputs:
inputSignal : Data on which to calculate autoambiguity function
N
: STORM Block Length : must be a positive integer
Tau : STORM Time Delay
: vector, all must be non-negative integers
S
: STORM Time Scale
: vector, all must be greater than 1
Outputs:
corr_out
: Matrix containing the autoambiguity function
corr_index : Lags that autoambiguity function was computed over

inputSignal
num_scales
% Determine
Tau_max
S_max
maxlags

= inputSignal(:);
= max(size(S));
lags to calculate waaf for.
= max(Tau);
= max(S);
= Tau_max+ceil(N*(S_max-1)/S_max);

corr_out
= zeros(maxlags+1,num_scales);
corr_index = 0:maxlags;
for ii = 1:num_scales
% Time scale
[Snum,Sden]
= rat(S(ii));
[scaledSignal]
= resample(inputSignal,Sden,Snum);
% Compute waaf surface
[corr_out_int,~] = xcorr(inputSignal,scaledSignal,maxlags);
% Save pertinent lag results
corr_out(:,ii)
= corr_out_int(maxlags+1+(0:maxlags));
end

STORM synchronization delay estimation simulation, No Noise
stormChiEstimationNoNoise.m
clear all; close all; clc;
% STORM Parameters
S_m
= 1.01;
% time scale
Tau_m = 200;
% time delay
N
= 65536;
% symbol length
% Transmit symbol generation
A = 1;
Es = 1;
b = sqrt(Es/4)*[1 1i]*randn(2,N);
x = stormModulator(b,N,Tau_m,S_m,A);
% Loop through latencies for testing
l_Range
= 0:N-1;
Tau_m_max = max(Tau_m);
S_m_max
= max(S_m);
maxlags
= Tau_m_max+ceil(N*(S_m_max-1)/S_m_max);
corr_out = zeros(maxlags+1,length(l_Range));
corr_index = 0:maxlags;
for ii = 1:length(l_Range)
l = l_Range(ii);
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r = [zeros(1,l) x];
% Store waaf results for each latency
[corr_out(:,ii),~] = stormDemodulator(r,N,Tau_m,S_m);
end
[~,max_ind] = max(abs(corr_out));
Tau_i_max
= corr_index(max_ind);
l_est
= (Tau_i_max-Tau_m)*(S_m/(S_m-1));
% Plot difference between estimated and actual
h1 = figure(1);
set(h1,'Position',[1 1 576 432]);
plot(l_Range,l_est-l_Range,'b.');
grid on;
title('difference between actual and estimated \it\chi\rm');
xlabel('actual \it\chi\rm (samples)');
ylabel('difference between detected and actual \it\chi\rm (samples)');
axis([min(l_Range)-1 max(l_Range)/128+1 ...
min(l_est-l_Range)-1 max(l_est-l_Range)+1]);
% Plot selected waaf results
plotRange = 150:250;
h2 = figure(2);
set(h2,'Position',[1 1 576 432]);
subplot(211); plot(corr_index(plotRange+1),abs(corr_out(plotRange+1,
50+1)));
grid on;
title('wideband auto-ambiguity function results for \it\tau_i\rm of 50
samples');
ylabel('waaf results');
xlabel('wideband auto-ambiguity function lag index (samples)');
axis([min(plotRange) max(plotRange) 0 1.1*max(abs(corr_out(plotRange+1,
50+1)))]);
subplot(212);
plot(corr_index(plotRange+1),abs(corr_out(plotRange+1,101+1)));
grid on;
title('wideband auto-ambiguity function results for \it\tau_i\rm of 101
samples');
ylabel('waaf results');
axis([min(plotRange) max(plotRange) 0 1.1*max(abs(corr_out(plotRange+1,
101+1)))]);
xlabel('wideband auto-ambiguity function lag index (samples)');

This script was used to generate Figure 5-1 and Figure 5-2.

STORM synchronization delay estimation simulation, white Gaussian noise
stormChiEstimationWithNoise.m
clear all; close all; clc;
% STORM Parameters
S_m
= 1.01;
% time scale
Tau_m = 200;
% time delay
N
= 65536;
% symbol length
A

= 1;
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Es = 1;
% Loop through latencies and noise levels for testing
l_Range
= 0:50:N-1;
EsNo_Range = -18:3:3;
Tau_m_max = max(Tau_m);
S_m_max
= max(S_m);
maxlags
= Tau_m_max+ceil(N*(S_m_max-1)/S_m_max);
corr_out = zeros(maxlags+1,length(l_Range),length(EsNo_Range));
corr_index = 0:maxlags;
for jj = 1:length(EsNo_Range)
EsNo = EsNo_Range(jj);
No
= 10^(-EsNo/10);
for ii = 1:length(l_Range)
tic
l = l_Range(ii);
% Transmit symbol generation
b = sqrt(Es/4)*[1 1i]*randn(2,N);
x = stormModulator(b,N,Tau_m,S_m,A);
% Apply channel
n = sqrt(No/2)*[1 1i]*randn(2,N+l);
r = [zeros(1,l) x]+n;
% Store waaf results for each latency
[corr_out(:,ii,jj),~] = stormDemodulator(r,N,Tau_m,S_m);
timedif = toc;
disp([int2str(jj) ' ' int2str(ii) ' took ' num2str(timedif) '
seconds']);
end
end
[~,max_ind] = max(abs(corr_out));
Tau_i_max
= corr_index(max_ind);
l_est
= (Tau_i_max-Tau_m)*(S_m/(S_m-1));
% Plot synchronization mean square error
l_RangeBinned = (S_m/(S_m-1))*round(l_Range/(S_m/(S_m-1)));
l_error = zeros(length(EsNo_Range),length(l_Range));
l_mse
= zeros(length(EsNo_Range),1);
for jj = 1:length(EsNo_Range)
l_error(jj,:) = l_est(1,:,jj)-l_RangeBinned;
l_mse(jj)
= sqrt(mean(l_error(jj,:).^2));
end
h1 = figure(1);
set(h1,'Position',[1 1 576 432]);
semilogy(EsNo_Range,l_mse,'-*');
grid on;
axis([min(EsNo_Range) max(EsNo_Range)+eps 0 max(max(abs(l_error)))]);
title('rms error in \it\chi\rm in presence of white gaussian noise');
xlabel('E_S/N_0 (dB)');
ylabel('\it\chi\rm root mean square error');

This script was used to generate Figure 5-3.
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STORM standard deviation of estimation of τi (theoretical vs. simulation)
stormTauiRmsErrorNoise.m
clear all; close all; clc;
% STORM Parameters
S_m
= 1.01;
% time scale
Tau_m = 200;
% time delay
N
= 65536;
% symbol length
A = 1;
Es = 1;
% Loop through latencies and noise levels for testing
l_Range
= 0:25:N-1;
EsNo_Range = [-30:2:-16 -15:-11 -10:2:18];
Tau_m_max = max(Tau_m);
S_m_max
= max(S_m);
maxlags
= Tau_m_max+ceil(N*(S_m_max-1)/S_m_max);
corr_out = zeros(maxlags+1,length(l_Range),length(EsNo_Range));
corr_index = 0:maxlags;
for jj = 1:length(EsNo_Range)
EsNo = EsNo_Range(jj);
No
= 10^(-EsNo/10);
for ii = 1:length(l_Range)
tic
l = l_Range(ii);
% Transmit symbol generation
b = sqrt(Es/4)*[1 1i]*randn(2,N);
x = stormModulator(b,N,Tau_m,S_m,A);
% Apply channel
n = sqrt(No/2)*[1 1i]*randn(2,N+l);
r = [zeros(1,l) x]+n;
% Store waaf results for each latency
[corr_out(:,ii,jj),~] = stormDemodulator(r,N,Tau_m,S_m);
timedif = toc;
disp([int2str(jj) ' ' int2str(ii) ' took ' num2str(timedif) '
seconds']);
end
end
[~,max_ind] = max(abs(corr_out));
Tau_i_max
= corr_index(max_ind);
Tau_i_exp = round(l_Range*((S_m-1)/S_m)+Tau_m);
Tau_i_error
= zeros(length(EsNo_Range),length(l_Range));
Tau_i_mse_simul = zeros(length(EsNo_Range),1);
Tau_i_mse_theor = zeros(length(EsNo_Range),1);
for jj = 1:length(EsNo_Range)
Tau_i_error(jj,:)
= Tau_i_max(1,:,jj)-Tau_i_exp;
Tau_i_mse_simul(jj)
= sqrt(mean(Tau_i_error(jj,:).^2));
Tau_i_mse_theor(jj)
=1/pi*sqrt((3*(4*(1+1/10^(EsNo_Range(jj)/10))^2-1))/(2*N));
end
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h1 = figure(1);
set(h1,'Position',[1 1 576 432]);
semilogy(EsNo_Range,Tau_i_mse_simul,'-*');
hold on;
semilogy(EsNo_Range,Tau_i_mse_theor,'-o');
hold off;
grid on;
axis([min(EsNo_Range) max(EsNo_Range)...
min(min(min(min(Tau_i_mse_simul)),min(min(Tau_i_mse_theor))),min(min(ab
s(Tau_i_error))))...
max(max(max(max(Tau_i_mse_simul)),max(max(Tau_i_mse_theor))),max(max(ab
s(Tau_i_error))))]);
title('rms error (standard deviation) of \it\tau_i\rm in presence of
white gaussian noise');
xlabel('E_S/N_0 (dB)');
ylabel('rms error (standard deviation)');
legend simulation theoretical

This script was used to generate Figure 5-4.

STORM synchronization delay estimations, carrier frequency offset
stormChiEstimationWithCfOffset.m
clear all; close all; clc;
% STORM Parameters
S_m
= 1.01;
% time scale
Tau_m = 200;
% time delay
N
= 65536;
% symbol length
A = 1;
Es = 1;
% Loop through latencies and frequency offsets for testing
l_Range
= 0:50:N-1;
pcntOff_Range = 0:0.00025:0.02;
Tau_m_max = max(Tau_m);
S_m_max
= max(S_m);
maxlags
= Tau_m_max+ceil(N*(S_m_max-1)/S_m_max);
corr_out
= zeros(maxlags+1,length(l_Range),length(pcntOff_Range));
corr_index = 0:maxlags;
for jj = 1:length(pcntOff_Range)
pcntOff = pcntOff_Range(jj);
cfint = exp(1i*2*pi*pcntOff/2*(0:2*(N+max(l_Range))-1));
for ii = 1:length(l_Range)
tic
l = l_Range(ii);
% Transmit symbol generation
b = sqrt(Es/4)*[1 1i]*randn(2,N);
x = stormModulator(b,N,Tau_m,S_m,A);
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% Double sampling rate
xint = resample([zeros(1,l) x],2,1);
% shift center frequency, return to original sampling rate.
r = resample(xint.*cfint(1:2*(N+l)),1,2);
% Store waaf results for each latency
[corr_out(:,ii,jj),~] = stormDemodulator(r,N,Tau_m,S_m);
timedif = toc;
disp([int2str(jj) ' ' int2str(ii) ' took ' num2str(timedif) '
seconds']);
end
end
[~,max_ind] = max(abs(corr_out));
Tau_i_max
= corr_index(max_ind);
l_est
= (Tau_i_max-Tau_m)*(S_m/(S_m-1));
% Plot synchronization mean square error
l_RangeBinned = (S_m/(S_m-1))*round(l_Range/(S_m/(S_m-1)));
l_error = zeros(length(pcntOff_Range),length(l_Range));
l_mse
= zeros(length(pcntOff_Range),1);
for jj = 1:length(pcntOff_Range)
l_error(jj,:) = l_est(1,:,jj)-l_RangeBinned;
l_mse(jj)
= sqrt(mean(l_error(jj,:).^2));
end
h1 = figure(1);
set(h1,'Position',[1 1 576 432]);
semilogy(pcntOff_Range,l_mse,'-*');
grid on;
axis([min(pcntOff_Range) max(pcntOff_Range)+eps 0
max(max(abs(l_error)))]);
title('rms error of \it\chi\rm in presence of carrier frequency
offset');
xlabel('carrier frequency offset times sampling period
(\itf_\DeltaT\rm)');
ylabel('\it\chi\rm root mean square error');

This script was used to generate Figure 5-5.

STORM synchronization delay estimation simulation, frequency-flat Rayleigh fading
channel
stormChiEstimationWithRayleigh.m
clear all; close all; clc;
% STORM Parameters
S_m
= 1.01;
% time scale
Tau_m = 200;
% time delay
N
= 65536;
% symbol length
A = 1;
Es = 1;
% Loop through latencies and doppler shifts for testing
l_Range
= 0:50:N-1;
PcntDplr_Range = [0:.0025:0.01 .015 .02:.01:.05 .06:.02:.1];
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Tau_m_max = max(Tau_m);
S_m_max
= max(S_m);
maxlags
= Tau_m_max+ceil(N*(S_m_max-1)/S_m_max);
corr_out = zeros(maxlags+1,length(l_Range),length(PcntDplr_Range));
corr_index = 0:maxlags;
for jj = 1:length(PcntDplr_Range)
fdpercent = PcntDplr_Range(jj);
rayChan
= rayleighchan(1,fdpercent);
for ii = 1:length(l_Range)
l = l_Range(ii);
% Transmit symbol generation
b = sqrt(Es/4)*[1 1i]*randn(2,N);
x = stormModulator(b,N,Tau_m,S_m,A);
% Apply Rayleigh Channel
r = filter(rayChan,[zeros(1,l) x]);
% Store waaf results for each latency
[corr_out(:,ii,jj),~] = stormDemodulator(r,N,Tau_m,S_m);
end
end
[~,max_ind] = max(abs(corr_out));
Tau_i_max
= corr_index(max_ind);
l_est
= (Tau_i_max-Tau_m)*(S_m/(S_m-1));
% Plot synchronization mean square error
l_RangeBinned = (S_m/(S_m-1))*round(l_Range/(S_m/(S_m-1)));
l_error
= zeros(length(PcntDplr_Range),length(l_Range));
l_mse
= zeros(length(PcntDplr_Range),1);
for jj = 1:length(PcntDplr_Range)
l_error(jj,:) = l_est(1,:,jj)-l_RangeBinned;
l_mse(jj)
= sqrt(mean(l_error(jj,:).^2));
end
h1 = figure(1);
set(h1,'Position',[1 1 576 432]);
semilogy(PcntDplr_Range,l_mse,'-*');
grid on;
axis([min(PcntDplr_Range) max(PcntDplr_Range)+eps 0
max(max(abs(l_error)))]);
title('rms error in \it\chi\rm in presence of frequency-flat rayleigh
fading channel');
xlabel('max doppler shift frequency times sampling period
(\itf_d_,_m_a_xT\rm)');
ylabel('\it\chi\rm root mean square error');

This script was used to generate Figure 5-6.

STORM synchronization delay estimation simulation, doubly spread Rayleigh fading
channel
stormChiEstimationWithRayleighDoublySpread.m
clear all; close all; clc;
% STORM Parameters
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S_m
Tau_m
N

= 1.01;
= 200;
= 65536;

% time scale
% time delay
% symbol length

A = 1;
Es = 1;
% Loop through
l_Range
numPaths_Range
dplrPcnt_Range

latencies and doppler shifts for testing
= 0:650:N-1;
= 1:9;
= 0:0.002:0.02;

Tau_m_max = max(Tau_m);
S_m_max
= max(S_m);
maxlags
= Tau_m_max+ceil(N*(S_m_max-1)/S_m_max);
corr_out =
zeros(maxlags+1,length(l_Range),length(numPaths_Range),length(dplrPcnt_
Range));
corr_index = 0:maxlags;
for hh = 1:length(dplrPcnt_Range);
dplrPcnt = dplrPcnt_Range(hh);
for jj = 1:length(numPaths_Range)
numPaths = numPaths_Range(jj);
% Apply Rayleigh Channel
if numPaths == 0
pathVector = 0;
else
pathVector = 0:50/numPaths:50;
end
rayChan =
rayleighchan(1,dplrPcnt,pathVector,zeros(1,numPaths+1));
for ii = 1:length(l_Range)
l = l_Range(ii);
% Transmit symbol generation
b = sqrt(Es/4)*[1 1i]*randn(2,N);
x = stormModulator(b,N,Tau_m,S_m,A);
% Apply channel
r = filter(rayChan,[zeros(1,l) x]);
% Store waaf results for each latency
[corr_out(:,ii,jj,hh),~] = stormDemodulator(r,N,Tau_m,S_m);
end
end
end
[~,max_ind] = max(abs(corr_out));
Tau_i_max
= corr_index(max_ind);
l_est
= (Tau_i_max-Tau_m)*(S_m/(S_m-1));
% Synchronization mean square error
l_RangeBinned = (S_m/(S_m-1))*round(l_Range/(S_m/(S_m-1)));
l_error =
zeros(length(l_Range),length(numPaths_Range),length(dplrPcnt_Range));
l_mse
= zeros(length(numPaths_Range),length(dplrPcnt_Range));
for hh = 1:length(dplrPcnt_Range)
for jj = 1:length(numPaths_Range)
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l_error(:,jj,hh) = l_est(1,:,jj,hh)-l_RangeBinned;
l_mse(jj,hh)
= sqrt(mean(l_error(:,jj,hh).^2));
end
end
h1 = figure(1);
set(h1,'Position',[1 1 576 432]);
semilogy(dplrPcnt_Range,l_mse(1:7,:).','-*'); hold on;
semilogy(dplrPcnt_Range,l_mse(8:9,:).','-o'); hold off;
box on;
grid on;
axis([min(dplrPcnt_Range) max(dplrPcnt_Range)+eps 0
max(max(max(abs(l_error))))]);
title('rms error in \it\chi\rm in presence of doubly spread channel');
xlabel('max doppler shift frequency times sampling period
(\itf_d_,_m_a_xT\rm)');
ylabel('\it\chi\rm rms error');
hl1 = legend(num2str(numPaths_Range.','%i'),'Location','SouthEastOutside');
v1 = get(hl1,'title');
set(v1,'string','# multipaths');

This script was used to generate Figure 5-7.

Matched filter synchronization delay estimation simulation, doubly spread Rayleigh fading
channel
matchedFilterEstimationRayleighDoublySpread.m
clear all; close all; clc;
% STORM Parameters
S_m
= 1.01;
% time scale
Tau_m = 200;
% time delay
N
= 65536;
% symbol length
% Transmit symbol generation
A = 1;
Es = 1;
b = sqrt(Es/4)*[1 1i]*randn(2,N);
x = stormModulator(b,N,Tau_m,S_m,A);
% Loop through
l_Range
numPaths_Range
dplrPcnt_Range

latencies and doppler shifts for testing
= 0:650:N-1;
= 1:9;
= 0.00:0.002:0.02;

corr_out =
zeros(N,length(l_Range),length(numPaths_Range),length(dplrPcnt_Range));
for hh = 1:length(dplrPcnt_Range);
dplrPcnt = dplrPcnt_Range(hh);
for jj = 1:length(numPaths_Range)
disp([hh jj]);
numPaths = numPaths_Range(jj);
% Apply Rayleigh Channel
if numPaths == 0
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pathVector = 0;
else
pathVector = 0:50/numPaths:50;
end
rayChan =
rayleighchan(1,dplrPcnt,pathVector,zeros(1,numPaths+1));
for ii = 1:length(l_Range)
l = l_Range(ii);
r = filter(rayChan,[zeros(1,l) x]);
% Store mf results for each latency
[corr_out_int,~] = xcorr(r,b,N-1);
corr_out(:,ii,jj,hh)= corr_out_int(N-1+(1:N));
end
end
end
[~,max_ind] = max(abs(corr_out));
l_est
= max_ind-1;
% Synchronization mean square error
l_error =
zeros(length(l_Range),length(numPaths_Range),length(dplrPcnt_Range));
l_mse
= zeros(length(numPaths_Range),length(dplrPcnt_Range));
for hh = 1:length(dplrPcnt_Range)
for jj = 1:length(numPaths_Range)
l_error(:,jj,hh) = l_est(1,:,jj,hh)-l_Range;
l_mse(jj,hh) = sqrt(mean(l_error(:,jj,hh).^2));
end
end
h1 = figure(1);
set(h1,'Position',[1 1 576 432]);
semilogy(dplrPcnt_Range,l_mse(1:7,:).','-*'); hold on;
semilogy(dplrPcnt_Range,l_mse(8:9,:).','-o'); hold off;
box on;
grid on;
axis([min(dplrPcnt_Range) max(dplrPcnt_Range)+eps 0
max(max(max(abs(l_error))))]);
title('rms error in \it\chi\rm in presence of doubly spread channel');
xlabel('max doppler shift frequency times sampling period
(\itf_d_,_m_a_xT\rm)');
ylabel('\it\chi\rm rms error');
hl1 = legend(num2str(numPaths_Range.','%i'),'Location','SouthEastOutside');
v1 = get(hl1,'title');
set(v1,'string','# multipaths');

This script was used to generate Figure 5-8.
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