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ABSTRACT

Time-compression overlap-add (TC-OLA) is presented as a novel method of com-
munications over a (wireless) channel, which is shown to have benefits over other
methods in some applications. TC-OLA is initially explored in an experimental con-
text using a custom wideband software-defined radio (SDR) to gain insight into some
of the possibilities of this method. Basic analysis is developed showing the process-
ing gain, transmitted spectrum, and behaviour in fading channels. The method is
considered as a candidate for low power wide area network (LPWAN) applications,
highlighting the equivalent channel property, channel averaging, and ability to handle
more simultaneous users in the uplink than other schemes in this application area.
The method is then considered as an alternative to single carrier frequency domain
equalization (SC-FDE) for ultrawideband (UWB) applications, where the ability to
reduce or eliminate the cyclic prefix (CP) overhead while still using frequency domain
equalization (FDE) techniques is highlighted. Additional application areas for this
technology are briefly considered, including cognitive radio and radar. The process of
patenting this technology is outlined in an appendix. The issued patent can be found
through the United States Patent and Trademark Office (USPTO) as U.S. Patent
9,479,216.



v

Contents
Supervisory Committee ii
Abstract iii
Table of Contents iv
List of Tables ix
List of Figures X
Acronyms xiii
Acknowledgements xvii
1 Introduction 1
1.1 Claimed Advantages . . . . . . . . .. . .. ... ... .. .. ..., 2
1.2 Contributions . . . . . . . ... 4
1.3 Outline. . . . . . . .. . 5
2 Novel UWB and Spread Spectrum System Using Time Compres-
sion and Overlap-Add Techniques
2.1 Imtroduction . . . . . . . . ... 8
2.2 Literature Review . . . . . . . . . . ... 10
2.3 Theory of Operation . . . . . . . . .. ... ... ... ... ..... 11
2.3.1 Time Compression and Overlap-Add . . . . .. ... ... .. 11
2.3.2 Windowing . . . . . . ..o 13
2.3.3 Synchromization . . . . . .. ..o oo 15
2.3.4 Channel Effects . . . . . ... ... ... ... ... ... 15
2.3.5 Imterference Rejection . . . . . ... ... ... ... .. 22

2.3.6 Extension to CDMA . . . . . . . . . .. ... ... 22



2.3.7 Extension to TDMA . . . ... ... ... ... ... ..... 24
2.3.8 Complex Baseband and Real Passband Signals . . . . . . . .. 24
2.3.9 System Implementation . . ... .. ... ... ........ 26
2.4 Wideband SDR Implementation . . . . . ... .. ... ... ..... 27
2.4.1 Transmitter . . . . . . . ... 29
2.4.2 Receiver . . . . . . .. 31
243 Experiments . . . . . ... 34
2.5 USRP Implementation . . . . ... ... ... ... . ... ...... 37
2.5.1 Experiments . . . . .. ... 41
2.6 Conclusions and Future Work . . . . . . ... .. .. ... ... .. 46
Time-Compression Overlap Add: Description and Analysis 49
3.1 Introduction . . . . . . . . ... 49
3.2 Time-Shifting Model . . . . . . .. .. oo 50
3.2.1  AWGN Performance . . . ... ... ... ... 53
3.2.2  Multipath Rayleigh Fading Performance . . . ... ... ... 54
3.3 Digital Filter Model . . . . . . . .. .. .. .. 56
3.3.1 Transmitted Spectrum . . . . . . ... ... 62
3.4 Conclusion and Future Work . . . . . . . ... ... ... ... .... 67

Time-Compression Overlap Add for Low Power Wide Area Net-

works 68
4.1 Introduction . . . . . . . ... 68
4.2 TC-OLA System Model . . . .. .. ... .. ... ... ....... 69
421 Code Division . . . . . . ... Lo 72
4.2.2  Equivalence with DS/CDMA . . . ... ... ... ...... 73
4.3 Multiuser Performance Analysis . . . . . ... ... ... ... ... 76
4.3.1 Generic Multipath Model . . . . . .. ... ... ... .... 7
4.3.2 Matrix Notation . . . . . ... ... ... ... ... 7
4.3.3 In Static Frequency Selective Channels . . . . . . . ... ... 81
4.3.4 In Frequency Flat Fading . . .. .. ... ... ... ..... 82
4.3.5 In Time-Varying Frequency Selective Channels . . . . . . . . . 90
4.4 System Design and Results . . . . . . ... .. ... .. ... ... . 91

4.5 Conclusion . . . . . . . . 95



vi

5 Robust TC-OLA Reception with Frequency Domain Equalization

for UWB Applications 98
5.1 Imtroduction . . . . . . . . .. ... 98
5.2 TC-OLA System Model . . . . .. .. ... .. ... .. .... ... 100
5.3 Frequency-Domain Processing . . . . . . .. ... ... 100
5.4 Simulation Results . . . . . . . .. .. ... ... ... 103
5.4.1 Indoor Channels . .. ... ... .. ... ... ........ 104
5.4.2 Industrial Channels . . . . . ... ... ... ... 106

5,5 Conclusion . . . . . . . ... 108
6 Discussion and Future Work 109
6.1 Perspectives on TC-OLA . . . . . . . .. .. ... ... ... ..... 109
6.1.1 As a Matched Filter Communications System . . . . .. . .. 110
6.1.2 As a Spread Spectrum Method . . ... ... ... ... ... 112
6.1.3 As a Multicarrier and Cyclic Prefix Block Processing Method 114
6.1.4 Sample Rearrangement and SC-FDMA . . . . . ... ... .. 115

6.2 System Parameter Relationships . . . . . .. ... ... .. ... ... 116
6.3 Multiple Access . . . . . . .. 117
6.3.1 Time Division . . . . . . . . . .. ... ... ... ... 117
6.3.2 Code Division . . . . . . . ... .. 119
6.3.3 Frequency Division . . . . ... ... oo 121
6.3.4 Multicarrier Code Division . . . . . . . ... ... ... .... 121

6.4 Circular TC-OLA . . . . . . . . . . 122
6.5 Offset TC-OLA . . . . . . . . .. 123
6.5.1 Phase and Frequency Synchronization. . . . . . .. ... ... 125
6.5.2 Window Synchronization . . . . . . ... ... ... ... ... 128

6.6 Timing Recovery . . . . . . . . . . .. ... 130
6.6.1 Sample Frequency Offset . . . . . . .. .. ... .. ... ... 131
6.6.2 Parameter Estimation . . . ... ... ... ... ....... 131

6.7 Window Weighting . . . . . . . . . .. ... 132
6.7.1 Channel Inversion . . . . . . . . . ... ... ... ... ... 132
6.7.2 Window Discard . . . . . ... ... L 134

6.8 Hardware Implementation . . . . . . ... ... ... ... ...... 135
6.9 Multiuser FDE . . . . . . .. 139

6.10 Novel Applications . . . . . . . . . . . . .. . ... 140



vii

6.10.1 Multiple Antenna Systems . . . . . . .. ... ... ... ... 140
6.10.2 Radar . . . . .. . . . ... 141
6.10.3 Cognitive Radio . . . . . . ... .. .. ... ... ... ..., 141
6.10.4 Audio Reverb . . . . . . .. .. ... ... 142
6.10.5 Hybrid Analog/Digital Broadcast . . . . . . . ... ... ... 142
6.11 Conclusions . . . . . . . . . . .. . 143
6.11.1 Patent Concepts . . . . . . . . . ... ... ... 143
6.11.2 Analysis and Design Activities . . . . . . . .. ... ... ... 144
6.11.3 Suggested Publications . . . . . . .. ... ... 146
Conclusions 148
Glossary of Symbols 150
Generic Multipath Model 153
Wideband SDR Receiver 155
Software Usage Example . . . . . . . . . ... ... o0 155
RFRB-SDR Design Document . . . . . . .. ... .. ... ... ...... 158
Patent Document 181
Original Claims . . . . . . . .. . . . . 181
First Office Action . . . . . . . . .. . .. 189
Amended Claims . . . . . . . . . . .. 200
Notice of Allowability . . . . . . . . . . . . . ... ... ... 211
Issued Patent . . . . . . . . . . . 214
Comparison of TC-OLA with RPMA 240
E.1 Introduction . . . . . . . . . . ... ... 240
E.2 Uplink Capacity . . . . . . . . . ... 240
E.2.1 Pole Capacity . . . . . . . . ... . 241
E.2.2 Power Control . . . . . . . .. ... .. ... ... 245
E.2.3 Scheduled vs. Random . . . ... ... ... ... . ...... 245
E.2.4 Time-Dispersive Channels . . . . ... ... ... ... .... 246
E.3 Comparison of RPMA with Slotted ALOHA . . . ... ... ..... 247
E.4 TC-OLA Compatibility with RPMA . . . . ... ... ... ..... 248



viil

F Publishing Challenges 250
F.1 Reviews of Time-Compression Overlap Add for Low Power Wide Area

Networks . . . . . . . . 250

F.1.1 Editor’s Comments . . . . . . . . ... ... ... ....... 250

F.1.2 Reviewer 1. . . . . . . . . . . . . 251

F.1.3 Reviewer 2. . . . . . . . . . . . . . ... 252

F.14 Reviewer 3. . . . . . . . . . . ... 253

Bibliography 255



1X

List of Tables

Table 2.1 Example System Parameters for Figures 2.4-2.7 . . . . ... .. 16
Table 2.2 System Parameters for Wideband SDR Implementation . . . . . 28
Table 2.3 Experimental System Parameters . . . . .. ... .. ... ... 40
Table 2.4 Frequency Selective Channel Model . . . . . .. ... ... ... 44

Table 5.1 Range of TC-OLA Parameters and Effective CP for Lg =256 . 104

Table A.1 General Symbols . . . . . ... . ... ... ... ... ..., 152
Table A.2 Vectors and Matrices . . . . . . . . .. ... ... ... ... .. 152



List of Figures

Figure 2.1
Figure 2.2
Figure 2.3
Figure 2.4
Figure 2.5
Figure 2.6
Figure 2.7
Figure 2.8
Figure 2.9
Figure 2.10
Figure 2.11
Figure 2.12
Figure 2.13
Figure 2.14
Figure 2.15
Figure 2.16
Figure 2.17
Figure 2.18
Figure 2.19
Figure 2.20
Figure 2.21
Figure 2.22
Figure 2.23
Figure 2.24
Figure 2.25

Figure 3.1
Figure 3.2

Assembling a Stream of Non-Overlapping Segments . . . . . .

Assembling a Stream of Non-Overlapping Hanning Windows .

Effect of Frame Loss, Showing Drop in Output Amplitude
Static Two-Ray Channel Response

Time-Varying Two-Ray Channel Response, 10 Second Sweep .

Time-Varying Two-Ray Channel Response, 1 Second Sweep

Time-Varying Two-Ray Channel Response, 0.1 Second Sweep

Basic Code Division Example
Basic Time Division Example

Simplified System Diagram

Signal Discontinuity Caused by Narrowband Interference . . .
Wideband SDR System Connection Diagram . . . . . . . . ..

Transmitted Frame Format

Receiver Digital Signal Processing Architecture

Received Samples, Timing Marker and Alignment Window . .
Impulse Response Averaged Over 8 Sweeps . . . . . . . . . ..
Impulse Response Averaged Over 8 Sweeps, 1/Q Crosstalk . .
Measured Power Delay Profile at 8, 14, and 20 Feet . . . . . .

USRP-Based System Hardware Connection Diagram

Recovered Impulse Response with Simple Wired Channel . . .

Recovered Impulse Response with Two-Ray Model
BER Floor vs. Maximum Doppler Frequency

BER Floor vs. Normalized Maximum Doppler Frequency . . .
BER Floor vs. Normalized Maximum Doppler Frequency . . .
BER Floor vs. Normalized Maximum Doppler Frequency . . .

TC-OLA Transmission Concept . . . . . . .. ... ... ...

Multirate Transmitter Process . . . . . . . . . . . . . . . ...



Figure 3.3
Figure 3.4
Figure 3.5
Figure 3.6
Figure 3.7
Figure 3.8
Figure 3.9
Figure 3.10
Figure 3.11
Figure 3.12
Figure 3.13
Figure 3.14

Figure 4.1
Figure 4.2
Figure 4.3
Figure 4.4
Figure 4.5
Figure 4.6
Figure 4.7
Figure 4.8
Figure 4.9
Figure 4.10
Figure 4.11
Figure 4.12

Figure 5.1
Figure 5.2
Figure 5.3
Figure 5.4

Figure 6.1
Figure 6.2
Figure 6.3
Figure 6.4

x1

Multirate Receiver Process . . . . . . . . . .. .. .. ... .. 57
Equivalent Transmitter Process . . . . . . .. . .. ... ... 58
Equivalent Transmitter Process for R=1 . . .. .. ... .. 59
Equivalent Receiver Process for R=1 . . ... .. ... ... 59
System Diagram . . . . . . . . ... ... ... 60
Alternate Receiver Structure . . . . . . . . ... ... 60
Alternate Interpolation Operation . . . . . . . . .. ... ... 61
Modified Upsampling Operation . . . . . . .. ... ... ... 61
Transmitter Structure for R > 1. . . . . . .. ... ... ... 62
Output Spectrum and Envelope, M =12, R=1. . ... ... 64
Output Spectrum and Envelope, M =96, R=1. . ... ... 65
Output Spectrum and Envelope, M =12, R=2. . ... ... 66
TC-OLA Transmit Operation, Sine Windows . . . . . . . .. 70
TC-OLA Transmit Operation, Digital Symbols . . . . . . .. 71
TC-OLA-DS/CDMA Equivalence . . . . . ... .. ... ... 75
Matrix Construction of Delayed Multipath Components . . . . 79
TC-OLA Matrix Permutation Operation . . . . . .. .. ... 79
System Model (Matrix Formulation) . . ... ... ... ... 80
Interference Limit vs. Rician K Factor . . . . ... . ... .. 86
SIR for Correlated Rayleigh Fading in Downlink . . . . . . .. 88
Selection Combining to Raise SIR Limit . . . . . ... .. .. 90
Equivalent Tap Amplitude vs. Phasor Rotation Speed 92
Comparing TC-OLA and RPMA-like Systems in Downlink . . 94
Comparing TC-OLA and RPMA-like Systems in Uplink, Tim-

ing Uncertainty . . . . . . . .. . ... Lo 96
TC-OLA Receiver for Frequency Domain Equalization 101

Alternate TC-OLA Receiver for Frequency Domain Equalization102

Comparing TC-OLA and SC-FDE in CM1 . . . . ... .. .. 105
Comparing TC-OLA Parameters in CM8 . . . . . . . ... .. 107
Unit-Energy Pulse Shape, Sine Window . . . . . . ... ... 110
Autocorrelation of Unit-Energy Pulse . . . . . . ... ... .. 110
Magnitude Spectrum of Pulse, Sine Window . . . . . . . . .. 111
Unit-Energy Pulse Shape, RRC Window . . . . .. ... ... 112



Figure 6.5

Figure 6.6

Figure 6.7

Figure 6.8

Figure 6.9

Figure 6.10
Figure 6.11
Figure 6.12
Figure 6.13
Figure 6.14
Figure 6.15
Figure 6.16
Figure 6.17
Figure 6.18
Figure 6.19
Figure 6.20
Figure 6.21
Figure 6.22
Figure 6.23

Figure E.1
Figure E.2

xii

Magnitude Spectrum of Pulse, RRC Window . . . . . . . . .. 113
Magnitude Spectrum of Coded Pulse, RRC Window . . . . . . 114
Mapping TC-OLA to IFDMA . . . . .. . ... ... .. ... 115
Time-Division Waveform with Two Users. . . . . . . ... .. 118
Circular TC-OLA . . . . . . . . . . 122
Offset Window Functions, Constant Envelope . . . . . .. .. 124
Offset TC-OLA Transmitter and Receiver, Alignment Delays . 125
Offset Windows with Relative Phase Angle . . . . . . . .. .. 126
Offset TC-OLA Detector Circuit . . . . . . .. .. ... ... 127
TC-OLA Phase Synchronizer Circuit . . . . . ... ... ... 128
Synchronization Waveform for Different Phase Offsets . . . . . 129
TC-OLA Window Synchronizer . . . . . . ... ... .. ... 130
Analysis Weighting Function . . . . . . . ... ... ... ... 133

Probability Density Function of Output SNR, Channel Inversion134
Output Signal and Noise Power for Consecutive Window Discard 135

SNR Gain with Simple Discard Strategy . . ... .. ... .. 136
General Transmit Hardware . . . . . . . . ... ... ... .. 137
Transmit Hardware for Binary Digital Symbols . . . . . . .. 138
Receive Hardware . . . . . . . . . . ... . ... ... 139
TC-OLA Pole Capacity for SNRygt = 5.5 dB, % =1 . . . . . 243
TC-OLA Uplink Loading, Independent Rayleighg Fading . . . . 244



Acronyms

3G third generation

4G fourth generation

5G fifth generation

ADC analog-to-digital converter
AWGN additive white Gaussian noise
BER bit error rate

B-IFDMA block-interleaved FDMA
BPSK binary phase shift keying

cdf cumulative density function
CDMA code division multiple access
COLA constant overlap-add
CORDIC coordinate rotation digital computer
CP cyclic prefix

CR cognitive radio

CSI channel state information

DAC digital-to-analog converter
DFT discrete Fourier transform

DQPSK differential QPSK

xiii



DS/CDMA direct sequence CDMA
DSB-SC dual sideband suppressed carrier
DSSS direct sequence spread spectrum
EGC equal gain combining

FDE frequency domain equalization

FFT fast Fourier transform

FIR finite impulse response

FPGA field-programmable gate array
GPSDO GPS-disciplined oscillator
GSPS gigasamples per second

IBI interblock interference

IEEE Institute of Electrical and Electronics Engineers
IFDMA interleaved frequency division multiple access
IoT internet of things

ISI intersymbol interference

ISM industrial, scientific and medical
LFDMA localized FDMA

LPWAN low power wide area network
LTE long term evolution

M2M machine-to-machine

MIMO multiple input multiple output
MMSE minimum mean-square error

MRC maximal ratio combining



MSPS megasamples per second

OFDM orthogonal frequency division multiplexing
OLA overlap-add

OTN optical transport network

PAN personal area network

PAPR peak-to-average power ratio

pdf probability density function

PDH plesiosynchronous digital hierarchy
QAM quadrature amplitude modulation
QoS quality of service

QPSK quadrature phase shift keying

RF radio frequency

RFNoC RF network-on-chip

RPMA random phase multiple access
RRC root raised cosine

SC-FDE single carrier frequency domain equalization
SDH synchronous digital hierarchy

SDR . software-defined radio

SINR signal-to-interference-and-noise ratio
SNR. signal-to-noise ratio

SONET synchronous optical network

SUI Stanford University Interim

TCM time-compression multiplexing

XV



TC-OLA time-compression overlap-add
TDE time domain equalization

TDM time division multiplexing

TDMA time division multiple access
USRP universal software radio peripheral
UWRB ultrawideband

WCDMA wideband CDMA

xvi



Xvil

ACKNOWLEDGEMENTS
I would like to personally thank:

Dr. Peter Driessen, for his mentorship, encouragement, insight, and all of the

interesting conversations on a variety of topics over the years.

My committee members, Dr. George Tzanetakis and Dr. Wyatt Page, for pro-

viding valuable feedback in the candidacy exam.

Jerome Etwaroo and Dr. Aislinn Sirk, for their excellent handling of our patent

application through the UVic technology transfer office.

All of the funding sources, including the NSERC Engage grant with Codan Ra-
dio Communications, Dr. Rodney Herring’s atmospheric imaging project, Dr.
Andrew Schloss’ radiodrum project, the UVic Learning and Teaching Centre,
the ELEC 365 laboratory TA position for Dr. Subhasis Nandi (RIP), graduate

student awards, and others.

Grant Brydon (PMC-Sierra/Microsemi Corp.), for keeping me usefully em-
ployed through the bulk of this journey.

Tracey Coulter, for her continuous love and support.
Kitty Baby, for her additional “help”.
Dr. Eric Manning, for chairing the Friday afternoon meetings.

Jonathon Pendlum (Ettus Research), for assistance with Zyng-related issues when
developing the wideband SDR.

Kirk McNally, for his expertise in audio recording.

ELW402 Students Leonardo Jenkins, Duncan MacConnell, Steeve Bjgrnson, Mike
Cavallin, Gorkem Cipli, Shawn Trail, Ahmed Fouad Ahmed Youssef and Peter

Kremler.

Debbie Dergousoff, for sharing her home until she finished her Ph.D. and went off

to live in Kyrgyzstan.

Paul Moquin and Ryoko Sano, for sharing their home until I finished my Ph.D.

and went off to live in Penticton.



xviil

Time in Between, Lonesome Pine and the Riverside Bluegrass Band, for pro-
viding a creative outlet. Paul Moquin, Trevor Lantz, Megan Adams, Mike
Brooks, Patty Castle, Amy Lounder, Dan Belgue, Angus MacKenzie, Eric
Adams, James Whittall, Jeff Dill, Tad Ruszel and Ivonne Hernandez: Thanks

for the good times and good tunes.

This document was typeset in I{TEX 22 on Ubuntu Linux. Sublime Text 3 with the
LaTeXing plugin was used for text entry, with Zotero integration for references and

Subversion for revision control.

Simulation results were obtained from Python-based simulations using the NumPy
and SciPy libraries. Long-running simulations were performed on Westgrid using the

Python multiprocessing library.

Most data plots were generated using the matplotlib library under Python. Some
plots in Chapter 2 were generated using GNUPIlot. Technical drawings were created

using Xfig, Inkscape, or Microsoft Visio.



Chapter 1
Introduction

The motivation for this entire body of work can be traced back to a single conver-
sation with my supervisor, Dr. Peter Driessen, during an audio recording session for
an unrelated array processing project. Having recently designed and built a work-
ing wideband software-defined radio (SDR), the details of which may be found in
Appendix C, what novel radio applications were now accessible to us?

Wideband spectrum monitoring with focus on detection of rare events was one
proposal, although with a sense that we were still only dealing with conventional
narrowband signals and not using the bandwidth capability of the radio to its full po-
tential. Well-known ultrawideband (UWB) modulation schemes were also considered,
but these had already been studied in depth over the previous decade or more [1].

During this conversation, it emerged that one approach to the problem of gen-
erating a wideband signal in an SDR context is to simply play the source samples
at a much higher sample rate. This leads to a time-compression effect on the sig-
nal, wherein we also run out of source material at a much faster rate. The concept of
time compression is fundamental to a number of hierarchical digital data multiplexing
schemes such as PDH, SONET/SDH, and OTN [2,3]. It and has also been studied
extensively in the analog domain [4-7] for multiplexing of speech signals. Along with
these works, the 2003 patent entitled Analog radio system with acoustic transmission
properties was soon discovered, which uses time compression and its corresponding
frequency expansion effect as a solution to frequency-flat fading of voice signals trans-
mitted over a radio channel [8].

Although multiplexing a plurality of signals is one use of time compression, we
focused instead on the addition of redundancy to maintain signal quality. As we

commonly work in both the audio and radio domains, it seemed natural to apply



the constant overlap-add reconstruction method found in audio processing references
such as [9,10]. This is used both as a way to add redundancy and as a way to prevent
the transmitter from running out of source material too quickly. The use of these two
techniques together has been dubbed time-compression overlap-add (TC-OLA).

We consider TC-OLA as an entirely novel conception of how to transmit infor-
mation over a channel. The concept is fundamentally different from well known
amplitude, frequency and phase techniques and is also fundamentally different from
code division multiple access (CDMA), orthogonal frequency division multiplexing
(OFDM), and UWB impulse radio. However, we show later that some forms of
TC-OLA are related to CDMA, OFDM, and interleaved frequency division multiple

access (IFDMA) through time-domain sample rearrangement.

1.1 Claimed Advantages

The claimed advantages are summarized here, and will be elaborated in the following

chapters.

Parameter Space. Analogous to the direct sequence spread spectrum (DSSS) pro-

cessing gain (o< N, the number of chips in the spreading sequence) we have
M
R
hop size, in samples). As the processing gain is based on a ratio, it is possi-

a TC-OLA processing gain (o where M is the window size and R is the
ble to manipulate the absolute value of M for different effects. We shall show
that higher M gives better resistance to multiuser interference due to multipath
while lower M can guard against higher Doppler spreads while maintaining the

same bandwidth.

Processing Domain. In a multipath environment, a DSSS receiver uses multiple
rake fingers, operating at the chip rate, to improve the SNR. The number of
fingers is typically a hardware design parameter which may be over or under
designed for any given scenario. With TC-OLA it is possible to equalize at
the much lower message rate, using a software-based equalizer with a variable
number of taps. This transfers some of the complexity from the hardware to

the software.

Orthogonal Codes. Direct sequence CDMA (DS/CDMA) typically uses non-orthogonal

codes in the uplink to guard against multipath and timing skew. The interfer-



ence penalty due to cross- and auto-correlation of the codes is accepted as a
system design parameter. In TC-OLA we show that it is feasible to use orthog-
onal codes, even in the uplink, provided the timing can be constrained to within
some percentage of the window size. With polyphase codes that are orthogonal
at every offset the tolerance may be increased, with the added advantage that

finding the start of the code sequence is not necessary.

Frequency Diversity. In OFDM the communications approach is to use multiple
narrowband carriers which each transmit a subset of the total message symbols.
Coding is used in almost all cases to prevent the overall BER from being dom-
inated by the BER of the worst-performing carrier [11]. Frequency diversity is
created by scheduling symbols from users onto carriers. Similar to MC-CDMA
and IFDMA, TC-OLA can create frequency diversity without the overhead of
scheduling.

Distributed Cyclic Prefix. OFDM maintains orthogonality of the carriers by adding
a guard band or cyclic prefix (CP) to create a feasible FFT-based receiver and
transmitter. With a CP on the order of the delay spread the block may need to
be significantly longer than the delay spread to minimize loss due to the over-
head. When using TC-OLA as a block-based processing system the distributed
CP means windows can be on the order of the delay spread without excessive

loss due to overhead.

Peak to average power ratio. Similar to SC-FDE schemes, TC-OLA can also have
a favorable peak-to-average power ratio (PAPR) depending on the window

shape and other signal characteristics.

Channel averaging. For a time-varying multipath channel, the TC-OLA receiver
tends to reduce the magnitude of the taps. This helps to reduce the need to
estimate the equivalent channel quickly and limit the noise enhancement of the

equalizer.

Disparate Sources. TC-OLA is able to handle traffic from disparate sources pro-
vided they can be resampled to a common sample rate. For example, the system
could handle sampled (analog) voice and digitally modulated data signals si-

multaneously.



1.2 Contributions

The academic contribution of this work is in the development and analysis of TC-OLA
as a wireless communications technique. In Chapter 6 we connect this method to well-
known concepts in the communications literature. Depending on the perspective, we
can consider TC-OLA as a:

Matched-filter communications system. We present the overlap-add method as
a matched filter communications system through the use of equivalent pulse
shapes. The overlap-add process is in some sense a “distributed” correlation,

where the samples being summed in the correlation are not contiguous in time.

Spread spectrum communications system. We find the equivalence between TC-
OLA and DS/CDMA through choice of codes and a regular pattern of time-
domain sample rearrangement. We derive the additive white Gaussian noise
(AWGN) processing gain, which is shown to depend only on the TC-OLA

spreading factor and not the window shape.

Multicarrier /block processing communications system. Similar to DS/CDMA,
connections are shown to exist between TC-OLA, OFDM, and IFDMA when
considering TC-OLA as a multicarrier communications system. IFDMA is seen
to be the most similar modulation format, where a desired frequency-domain
distribution of carriers results in a time-domain arrangement of samples that
is similar to TC-OLA. Block-interleaved FDMA (B-IFDMA) is one frequency-
domain generalization of IFDMA. We might consider TC-OLA with hop size

greater than one sample as an analogous time-domain generalization.

Additionally, we consider TC-OLA as a wideband communications system. Time
dispersion naturally comes into play when considering wideband channels. Below we
describe two distinct classifications based on the relationship between delay spread
and window size when considering TC-OLA in this context. Each class has a unique

method of dealing with time dispersion due to multipath:

Short delay spread. When the delay spread is short relative to the window size,
we make the approximation that the channel seen by the message signal is sim-
ply a frequency-compressed version of the wideband channel. This is supported
through both experimental measurements and analysis, where the analysis has

been developed with the introduction of a matrix permutation operator that



is specific to TC-OLA. This property makes it possible to equalize the recov-
ered (despread) signal at the symbol rate using standard time-domain equalizer
techniques (MMSE/DFE). This scenario is explored in Chapter 4.

Long delay spread. When the delay spread is long relative to the window size, we
can apply frequency-domain equalization techniques. The equalizer is applied
at the channel sample rate and is therefore very processing intensive. However,
we note that no additional cyclic prefix (CP) overhead is added to operate in
this manner. The receiver can adaptively select between two modes: one that
tolerates longer delay spreads and one that is more efficient. This scenario is

explored in Chapter 5.

Based on the two delay spread scenarios described above, we have targeted the use

of TC-OLA toward two appropriate application areas, specifically:

Low power wide area network (LPWAN) technology. A multiuser star net-
work is considered for low-throughput infrastructure monitoring applications.
This is a use case for short delay spread operation, as the channel is character-
ized by low Doppler spread, long coherence time, and weak to moderate time
dispersion. In this application we use orthogonal codes for multiple access, even
with timing skew in the uplink. We consider a scheduled system, but without

imposing strict arrival timing constraints. This scenario is explored in Chapter

4.

UWB technology. This considered as a use case for long delay spread operation.
We consider communication over a high bandwidth point-to-point link, where
the redundancy added by the TC-OLA transmit process is used to increase
Ey/Ny under the transmitted power constraints. CP overhead is eliminated
while still being able to use SC-FDE techniques. This scenario is explored in
Chapter 5.

1.3 Outline

The early exploratory work on this topic can found in Chapter 2, which originally
appeared in the IEEE Access special section entitled 5G Wireless Technologies: Per-
spectives of the Next Generation Mobile Communications and Networking [12]. In

this chapter we present TC-OLA as a UWB and spread spectrum communications



method based on the idea of time compression. A sampled (analog) message signal
is transmitted by modulating a carrier at a much higher sampling rate. Redundancy
is added by dividing the signal into overlapping segments and transmitting each seg-
ment fast enough so that the segments no longer overlap. The original message signal
is reconstructed by receiving and overlap-adding the segments.

A key feature of this scheme is that an exact sample rate match is not required
to recover the signal intelligibly. This method is implemented in a custom wideband
software defined radio, with good results in the presence of interference and multi-
path. This method represents a new concept and design approach and an advance
in fundamental technology of the air interface physical layer that may be relevant to
fifth generation (5G) wireless technologies.

The discoveries made while conducting research for Chapter 2 quickly led to the
U.S. patent application and associated office actions which can be found in Appendix
D. From this application, 27 of the original 41 claims were allowed in the first exam-
ination, including key independent claims. At the time of this writing, a total of 40
original and amended claims from the initial 41 were allowed by the USPTO and the
patent has since been issued as U.S. Patent 9,479,216 [13].

Fundamental analysis of the system processing gain, equivalent system models,
and the transmitted spectrum can be found in Chapter 3, which was originally pre-
sented at the 2015 IEFEE Pacific Rim Conference on Communications, Computers
and Signal Processing. In this chapter the mathematical theory of TC-OLA for radio
communications is presented. A simple time-shifting model is developed to explore
performance in AWGN and simple multipath Rayleigh fading channels. Equivalent
multirate filter structures for both the transmit and receive processes are developed
and used to analyze the spectrum of the transmitted signal as it relates to the spec-
trum of the message signal.

In terms of practical applications, Chapter 4 looks at TC-OLA as a potential LP-
WAN technology for infrastructure monitoring and machine-to-machine (M2M) com-
munications, a vital component of the 5G effort [14]. Results are compared with the
well-designed random phase multiple access (RPMA) technology from Ingenu (previ-
ously On-Ramp Wireless), as the most similar existing LPWAN technology [15]. In
this chapter a code-division variant of TC-OLA is proposed as an alternative physi-
cal layer scheme for LPWAN infrastructure monitoring applications. Analysis shows
performance in flat fading channels is limited by Doppler spread while performance

in static frequency-selective channels is limited by equalizer performance. Analysis



of time-varying frequency-selective fading highlights the channel averaging effect of
TC-OLA. A TC-OLA system targeted toward low data rate monitoring applications
is simulated using the Stanford University Interim (SUI) models developed for IEEE
802.16 (WiMAX) applications in the 2 GHz frequency range [16]. The system is
compared with a CDMA system based on circular shifts of a Gold code as an approx-
imation to an RPMA system. Simulation results show that TC-OLA can support a
larger number of simultaneous users in the uplink as the practical number of users is
not limited by random choice of chip offset, and is not limited by timing uncertainty
or delay spread provided these values can be made small relative to the window size.
Ability to equalize the channel at the message or symbol rate further improves the
bit error rate (BER) and transfers complexity from a fixed number of hardware rake
fingers to a software-defined equalizer. This chapter was considered for publication
in IEEE Transactions on Wireless Communications but is now planned to be split
into two or more separate articles.

Finally, we return to the original UWB motivation in Chapter 5, where TC-OLA
is considered in a block-processing context with frequency domain equalization. In
this chapter a variant of TC-OLA is proposed as an alternate physical layer scheme for
UWB communications. Although the construction of the transmitted signal is identi-
cal to other TC-OLA applications, this work explores block-based receiver structures
using frequency domain equalization (FDE) techniques that allow for a longer de-
lay spread relative to the window size than time-domain TC-OLA processing. This
method retains the advantages of single carrier frequency domain equalization (SC-
FDE), such as lower PAPR, while reducing or eliminating the CP overhead in the case
where block repetition is used to extend the link budget. Unlike overlap FDE, the CP
overhead is eliminated without the increased processing load required to maintain a
practically useful BER floor. For very high delay spread channels, such as CMS8, a
long effective CP length can be obtained without requiring a very long block length
to maintain overhead efficiency. This chapter has been accepted for publication in
IEEE Communications Letters.

Chapter 6 gathers up research paths that were explored but not published, and
any ideas that were never explored. This can be considered a discussion on future
work that may lead to additional publications or patent claims. Several recommen-
dations are given in this chapter for future design and analysis activities, suggested

publications, and patentable material.



Chapter 2

Novel UWB and Spread Spectrum
System Using Time Compression

and Overlap-Add Techniques

2.1 Introduction

In this chapter we present a spread-spectrum communications method which is dis-
tinctly different from UWB pulse radio techniques [1], multiband OFDM systems [17],
direct sequence, frequency hopping, chirped, and time hopping spread spectrum tech-
niques [18]. The method extends naturally to time division multiple access (TDMA)
and can also leverage CDMA techniques [18]. This method represents a new concept
and design approach and an advance in fundamental technology of the air interface
physical layer that may be relevant to 5G wireless technologies.

This new communications method was conceived to take advantage of the wide-
band capabilities of a software-defined radio system using a 1.8 GSPS analog-to-digital
converter (ADC). This system hardware was initially designed as a general-purpose
experimentation platform and was adapted to implement this new method. Hard-
ware with a lower sampling rate can also be used. In our approach, digital audio
signal processing techniques (phase vocoder time stretching and pitch shifting) [9] are
adapted for wireless communications.

The new method uses the idea of time compression where a sampled message sig-
nal is transmitted at a higher sampling rate. Robustness is achieved by dividing the

signal into overlapping segments, transmitting the segments at a high enough sample



rate such that they no longer overlap, receiving these segments and reconstructing
the message by overlap-adding the segments. The bandwidth spreading factor is the
inverse of the fractional hop size, where the hop size is one minus the normalized
amount of overlap relative to the segment length. The level of redundancy and ro-
bustness increases as the spreading factor is increased and hop size is decreased. For
segments almost fully overlapping with overlap of all samples but one (a hop size of
one sample), the spreading factor is equal to the segment length in samples. We refer
to this scheme as TC-OLA.

As an example, for an audio signal (e.g. voice or modulated data waveform)
sampled at 48 kHz, segment length of 1024 samples, and hop size of one sample, the
samples are transmitted at 49.152 MSPS. The segments may be windowed tapering
to zero at the edges, which helps to limit the transmitted bandwidth and relax the
receiver’s synchronization requirements. This wideband signal can be transmitted at
baseband or on a carrier. The samples may be transmitted at an integer multiple N
times 49.152 MSPS to obtain N TDMA channels.

One advantage of this scheme is that given a message source that is a sampled
analog waveform, the transmitted samples need not be recovered exactly. The message
signal is resampled at the receiver, so sample misalignment and slight clock drift will
not significantly affect the quality of the recovered message.

Another advantage of the scheme is that loss of a single segment of samples only
results in a drop in output amplitude. This effect is reduced as the spreading factor
increases. Although this method does not improve the message SNR, it does provide
a method to decorrelate interfering signals, with increasing tendency to “average out”
the interference as the level of redundancy increases.

A third and important advantage of this scheme is the capability to spread any
signal that would typically experience flat fading over a much wider bandwidth such
that it experiences frequency-selective fading. Channel models for wireless links with
carrier frequencies in the 1-10 GHz range may have delay spreads in the range 108
(indoor) to 107 (outdoor) seconds [19], [20]. Channel models for UWB channels
typically have delay spreads in the 107® sec range [21]. Thus flat fades may occur
over bandwidths up to about 100 MHz, so that spreading to bandwidths in the GHz
range may be needed to ensure frequency selective fading. The wealth of literature
on adaptive equalizers for frequency selective channels can then be used in receiver
design. In the case of a time-varying frequency-selective channel, the overlap-add pro-

cess naturally averages the effect of the channel response, so that adaptive equalizers
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may not be required.

Applications of TC-OLA include mobile communications, UWB applications such
as high data rate short range indoor wireless systems and personal area networks
(PANSs), as well as other systems such as infrastructure monitoring and fixed wireless
links that may suffer from long flat fading outages that can be reduced by bandwidth
expansion.

The TC-OLA method represents a new approach to the air interface physical layer
that may be useful for 5G systems. A detailed performance comparison with existing
air interfaces has not been done yet.

The remainder of this chapter is organized as follows. After a brief literature
review in Section 2.2, in Section 2.3 we describe the theory of TC-OLA for a real
baseband signal, including details of windowing and synchronization, followed by ex-
tensions to CDMA, TDMA and complex baseband and real passband signals. Section
2.4 describes the results obtained from a reference implementation using a custom
wideband software defined radio with a 1.8 GSPS ADC that can accommodate UWB
signal bandwidths. Section 2.5 describes a second reference implementation, using
a 100 MSPS ADC in an off-the-shelf software defined radio (Ettus Research USRP
N210). The test results in Sections 2.4 and 2.5 show good performance in the presence
of simulated multipath and interference. Section 2.6 contains a discussion, conclusions

and ideas for future work.

2.2 Literature Review

Some wireless communications systems use radio frequency bandwidths much wider
than the message bandwidth. Examples include UWB pulse radio [1] and other UWB
systems [17] as regulated with a spectral emission mask [22,23]. Other examples
include third generation (3G) wideband CDMA (WCDMA) [24], fourth generation
(4G) long term evolution (LTE) [25] for mobile communications, and a system for
fixed wireless infrastructure monitoring based on CDMA but optimized for low data
rates with long spreading codes [26]. All of these systems minimize outages due to
flat fading as a consequence of their wide bandwidth.

An early mention of the idea of time compression applicable to analog systems is
found in [27] with more recent results in [7]. The idea of segmenting an analog voice
signal and compressing the segments in time before transmitting them through the

radio channel was found in [8] (after the present system was conceived). However,
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the system of [8] is limited to voice transmission and does not include the idea of
overlap-adding the segments or using complex baseband signals. The idea of analog
time division multiplexing (TDM) for voice signals was described in [6].

The overlap-add (OLA) technique is common in audio signal processing where it
is used as a method of analysis and resynthesis, time stretching and pitch shifting
over short segments where the frequency content can be considered relatively constant

from one segment to the next [9].

2.3 Theory of Operation

In this section, we describe the theory of TC-OLA for a real baseband signal, including
details of windowing, and synchronization, channel effects on the message signal,
interference effects, followed by extensions to CDMA, TDMA and complex baseband
and real passband signals. Finally, we give a short overview of how the system is

realized in practice.

2.3.1 Time Compression and Overlap-Add

A stream of data samples at some sample rate f,, is divided into a series of overlapping

segments with a fractional hop size:

6= (2.1)

where R is the hop size in samples and M is the length of the segment in samples
(Figure 2.1). The samples may be sourced from an ADC, stored in a file or generated
algorithmically. The overlapping segments are then reassembled into a stream of

non-overlapping segments for transmission at some higher sample rate:

c > = 22
o>k 2.2
with a ratio of frequencies
Je
=, 2.3
a (2.3)

This relationship ensures that each segment is compressed in time by a factor of
[ such that M samples at f. occupy the same or less time as R samples at f,,. The

distinction between 0 and [ is that the former specifies the redundancy added in the
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Figure 2.1: Overlapping segments at the lower sample rate assembled into a stream
of non-overlapping segments at the higher sample rate.
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transmission process while the latter specifies the spreading of the bandwidth. At
minimum S = §~', but this is not the case for the practical implementations that we
explore later on.

This process is illustrated pictorially in Figure 2.1 with the parameters M = 4,
R =2 and 8 = §'. Discounting (for now) any sharp discontinuities at the segment
boundaries, the signal bandwidth is spread by a factor of .

The receiver reverses this process by overlapping and adding the segments to
reconstruct the original message signal scaled by a constant & oc 6!, due to the

redundancy added in the transmission process.

2.3.2 Windowing

A window function that tapers to zero is applied to each transmitted segment to
address practical concerns about synchronization of the segments at the receiver as
well as limiting the transmitted bandwidth. Using a rectangular window without
perfect synchronization at the receiver would result in sharp transients in the output
(audible “glitches” in the case of an audio signal) where the segments are not perfectly
aligned. The transmitted signal would also contain high frequency and therefore wide

bandwidth transients at the segment boundaries.

wlk] = % <1 — cos (AjWi)) (2.4)

is a natural choice as the windows sum to some constant positive integer

The Hanning window:

C= i wlk — iR (2.5)

for any hop size R which satisfies the perfect overlap-add criteria

M

(2.6)

This window choice has a maximum fractional hop size of 0.5, leading to the doubling
the receiver bandwidth to recover the message signal at unity gain. Figure 2.2 illus-
trates the series of window functions in the overlapping (top) and non-overlapping

(bottom) forms.
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Figure 2.2: Overlapping Hanning windows with a fractional hop size of 25%, summing
to k = 2 (top). The non-overlapping form that is transmitted over the channel is also
shown (bottom).
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2.3.3 Synchronization

A synchronization marker can be inserted between segments or groups of segments
to aid in locating the start and end of each segment in the received sample stream.
The transmit sample rate f. must be increased to accommodate this insertion. Each
timing marker then delineates a frame consisting of one or more segments. The marker
that is added should have a strong correlation peak in order to locate the segments
with minimum jitter. Segments from multiple interleaved sources can be identified
with different timing markers or by including some modulated digital data with the
timing marker. The system can also work without adding synchronization markers
in some cases when complex signals are used as mentioned in Section 2.3.8 below.

In practice, f,, and f. at the transmitter will vary slightly from f/ and f. at the
receiver. In an ideal system, the number of samples between timing markers could
be used to estimate the transmitter’s sample rate and modulate the receiver’s sample
rate accordingly. However, a key feature of this scheme is that an exact sample rate
match is not required to recover the signal.

The effect of frame loss is tolerable in that it creates a momentary drop in the
amplitude of the output signal as shown in Figure 2.3. This creates a kind of graceful
degradation that is not typically present in digital schemes. The peak relative drop
in amplitude is equal to 20 when using the Hanning window.

To take advantage of this property the received segments may be weighted dif-
ferently before the OLA operation to reduce the impact of segments that have been
affected by deep fading or pulsed interference without greatly affecting the output

signal.

2.3.4 Channel Effects

The receiver of the time-compressed signal process performs an expansion in time
which is equivalent to a compression in frequency. Thus any channel impairments,
including interference, will also be compressed in frequency. For example, Figure 2.4
(top) shows the response of a simple static two-ray channel model with equal power,
delay of 16 usec to a white noise input with bandwidth of 500 kHz. The nulls in this
channel model are spaced by 62.5 kHz. The channel in this figure can be considered
as complex baseband or as real passband where 0 Hz represents the center or carrier
frequency.

In what follows, we consider a system with the parameters listed in Table 2.1. If
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Figure 2.3: The frame centered at t = 1.0 s was not recovered (top), resulting in a
drop in amplitude from 2.0 to 1.0 (bottom). In this example, the fractional hop size
0 = 0.25 and the peak relative drop in amplitude is 50%.

Parameter Value
o (KH2) 8
£. (kHz) 500
3 62.5
M 8,000
R 160
4] 0.02
Timing Marker (samples) | <2,000
Frame Length (samples) | 10,000
Frame Period (ms) 20

Table 2.1: Example system parameters for Figures 2.4-2.7.
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Figure 2.4: 500 kHz static two-ray model channel response with nulls spaced every
62.5 kHz (top) and effect on the (two-sided) 8 kHz output spectrum, showing nulls
spaced every 1 kHz (bottom).
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across every 10 seconds (top). Effect on (two-sided) 8 kHz output spectrum (bottom).
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white noise of (one-sided) bandwidth 4 kHz is applied as the message input to this
system and transmitted over this static two-ray channel, then the result will appear as
in Figure 2.4 (bottom). The nulls are now spaced by 1 kHz, compressed in frequency
by exactly the ratio of the sample rates. The averaging effect of the overlapping
windows is not apparent in the figure because the channel is static.

We extend this discussion to time-varying frequency-selective channels by consid-
ering three different rates of time variation to provide some insight into the system
behavior. The first case is where the channel is changing much slower than the aver-
aging period me = 1 second. In this case, because the channel is relatively constant
over the averaging period it is expected that the output response will track the chan-
nel response in time but compressed in frequency. This concept is shown in Figure
2.5, applied to the system of Table 2.1. We use an equal power two-ray model with
a delay of 2 usec. In this first case the phase of the second ray is rotated by 27 at a
rate of 0.1 Hz such that the null sweeps linearly across the complex baseband channel
every 10 seconds.

The second case is where the channel response changes faster than the averaging
period but slow enough to be relatively constant over the frame period (20 msec). The
minimum frame period is fM = 16 msec but we have used a frame period of 20 msec
to allow for a synchronization marker. In this case we start to see the averaging effect
of the overlap-add process in the output although some similarities to the channel
remain. This is illustrated in Figure 2.6, applied to the system of Table 2.1. This
time the phase of the second ray is rotated at a rate of 1 Hz such that null sweeps
linearly across the channel every second. It can be observed in Figure 2.6 (bottom)
that the null in the output has been widened and is no longer as deep.

The third case is where the channel response changes much faster than the frame
period. Again, using the system of Table 2.1, the second ray is rotated at a rate of 10
Hz such that the null sweeps linearly across the channel ten times per second. In this
case it is expected that the channel response is no longer recognizable in the output
as can be seen in Figure 2.7.

These three cases for a two-ray channel response were presented to gain an intu-
itive understanding of how the receiver with built-in averaging affects the end-to-end
response as seen by the message signal. Other more realistic cases of time-varying
frequency selective channel models include the above mentioned two ray model but
with Rayleigh, Ricean or other fading statistics and specified Doppler spread on

each ray [28]. More general frequency-selective channel models include multiple rays
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Figure 2.6: 500 kHz time-varying two-ray model channel response with null sweeping
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(tapped delay line) each with a specified fading distribution (tap gain) and Doppler
spread [19]. Models relevant to UWB are outlined in [29] with clusters of rays that
may be resolvable with sufficient bandwidth and small scale fading that is Ricean
with a large line of sight component. The response to these other channels as seen by

the message signal is expected to depend on the fading parameters in a similar way.

2.3.5 Interference Rejection

Consider the case where the received segments have an interfering signal superimposed
on them. Assume that the overlap-add process sufficiently decorrelates the interfering
signal in each segment such that they can be assumed to add in power as with noise.
In this case the interference power increases with k (k oc ') while the signal power
increases with k2. Therefore, the interference is rejected by a factor of k.

However, this assumption may not always be valid. For example, consider an
interfering carrier where the interference adds up in phase in the overlap-add process.
In this situation, the transmitter can mitigate the interference by applying a random
or predetermined phase sequence to each segment. In the process of rotating each

segment back to 0 degrees, the receiver effectively decorrelates the interfering carrier.

2.3.6 Extension to CDMA

In the case that multiple systems are transmitting on the same frequency, signals can
be separated by applying a unique phase sequence to each transmitted segment. The
opposite phase sequence is then applied to the segments at the receiver to rotate each
segment back to 0 degrees. The sequences are chosen to maximize rejection of all
interfering signals. Figure 2.8 illustrates this concept in a simple system with two
transmitters operating with the same parameters. The sequence {1,1} is applied to
the transmitted frames of X, while the sequence {1, —1} is applied to the transmitted
frames of Y. This allows the receiver for X to effectively cancel out Y.

This scheme can be extended to the set of sequences from the Hadamard matrix
H(2%) with the additional constraints that the number of signals to be transmitted is
at most 2¥ and the number of windows that overlap to produce each output sample
must be an integer multiple of the sequence length. This can be expressed in terms
of the fractional hop size as § = n—ék, where n is a positive integer. However, there are

other ways to generalize this concept and it is not limited to binary phase sequences.
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Figure 2.8: Two systems transmitting simultaneously. Signal X has the sequence
{1,1} applied while signal Y has the sequence {1,—1} applied to the transmitted
frames. The sequence applied to Y causes it to be cancelled out in the receiver for

X.
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This scheme differs from DSSS in that application of the phase sequence does
not significantly expand the transmitted signal bandwidth. In DSSS, the sequence is
applied at the chip rate which is much higher than the symbol rate. In this scheme

the sequence is applied at the frame rate, where each frame contains many samples.

2.3.7 Extension to TDMA

Allowing f. to be greater than the minimum required in (2.2) provides some unused
portion of time that can be used to interleave segments from additional sources.
Stated another way, frequency f. can be set to accommodate multiple signals, possibly

with differing sample rates and fractional hop size parameters, where

— fony
= EALL 2.7
fo=2% (2.7)
k=1

This time interleaving is illustrated in Figure 2.9, where signal X uses the parameters
M = 4 and R = 2 while signal Y uses the parameters M = 3 and R = 1. The sample
rate of Y is 3/4 that of X. The output sample rate is therefore f, = 117 fm, application
of (2.7).

2.3.8 Complex Baseband and Real Passband Signals

What has been described up to this point is a wideband real baseband signal. Using
complex baseband and the corresponding real passband signals offers several exten-

sions of TC-OLA:

e (Creating an analytic complex baseband signal with a Hilbert transform, apply-
ing TC-OLA to I and Q separately, and upconverting to make a single sideband

real passband signal.
e [/Q multiplexing two separate real baseband signals.
e Alternating the overlapping message windows between the I and ) channels.

e Offsetting the I and Q windows by 50% of the window size so that the amplitude
nulls in the I channel and amplitude peaks in the QQ channel occur at the same
time. This offset will keep the envelope more constant and will also help to
reduce 1/Q crosstalk.
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Figure 2.9: Time-domain interleaving from multiple sources. The sample rate of YV’
is 3/4 that of X. Rectangular windows are used for illustration purposes. Hanning

windows could be used instead.
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Figure 2.10: Simplified System Diagram.

e Not using frame alignment markers, since the periodicity of the windowed

frames can define frame boundaries with sufficient accuracy.

e Applying the technique to the complex baseband output of a digital modulator
such as quadrature amplitude modulation (QAM) or OFDM.

2.3.9 System Implementation

A simplified diagram of a general TC-OLA implementation not specific to particular
hardware is shown in Figure 2.10. The transmit process frames the overlapping seg-
ments while the receive process synchronizes and performs the overlap-add reconstruc-
tion of the message signal. This is the model that the two reference implementations
are based on.

In both implementations that follow, a square-root Hanning window is applied to
the segments at both the transmitter and receiver, giving the desired Hanning window
shape overall on the segments. At the transmitter it helps to reduce sharp transients
at the segment boundaries, thus limiting the bandwidth of the transmitted signal. At
the receiver, it helps to reduce transients caused by interfering signals which would be
present if a Hanning window was applied at the transmitter and a simple rectangular

window was applied at the receiver as shown in Figure 2.11.
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Figure 2.11: Received signal plus narrowband interference (top). Overlapped seg-
ments with rectangular window applied at receiver (middle). Discontinuity in the
output caused by interference when a rectangular window is applied at the receiver
(bottom). This discontinuity does not appear when a square-root Hanning window
is applied to the segments at both the transmitter and receiver.

2.4 Wideband SDR Implementation

The proposed TC-OLA system can be scaled up to ultra wideband transmission
using modern high-speed digital-to-analog converter (DAC)s and ADCs. Thus a
wideband SDR was implemented as a testbed that can accommodate UWB signals
with bandwidths greater than 500 MHz or greater than 20% of the center frequency
21].

The system parameters for this implementation are shown in Table 2.2. The ratio
of the sample rates results in bandwidth spreading by a factor of § = 28125. In
theory a system of this type could support a very high number of users in the TDM
case or a very high level of redundancy. In our tests we simulate the TDM case.

A detailed diagram of the hardware interconnects is shown in Figure 2.12. The



Parameter Value
o (KI2) 8
f. (MHz) 225
64 28125
M 8,000
R 2,000
) 0.25
Timing Marker (samples) | 1,000
Frame Length (samples) | 11,250
Frame Period (us) 50
Processing Delay (ms) 2000

Table 2.2: System parameters for wideband SDR implementation.
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Figure 2.12: Wideband SDR connection diagram. USB Connection between Control
PC and ADC12D1800RFRB is only required to load the FPGA image.

DAC and radio frequency (RF) signal generator are synchronized to one GPS-disciplined
oscillator (GPSDO) on the transmitter side while the receiver uses a universal soft-
ware radio peripheral (USRP) synchronized to a second GPSDO to generate a 1.8
GHz clock for the ADC. The transmit and receive hardware as well as the software

are discussed in more detail in the following sections.

2.4.1 Transmitter

The TSW1400 evaluation platform from Texas Instruments [30] is used as a trans-
mitter. It plays samples from a user-specified data file through the attached DAC at
a configured rate.

To produce the data file, overlapping segments are cut from an 8 kHz mono au-
dio file as per the system parameters in Table 2.2. Framing overhead and padding
are added such that each frame contains 11250 samples. The frame overhead effi-
ciency is 71% (8000/11250) and more efficient schemes could be developed. This was
convenient scheme given the hardware constraints.

Figure 2.13 shows the transmitted frame format. The synchronization marker
used is an exponential sine sweep [31] 1000 samples long. It should be noted that

the choice of timing marker can be any sequence with good correlation properties. A
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Barker code sequence of length 13 modulated with binary phase shift keying (BPSK)
was also used experimentally with good results.

These frames are played in a continuous loop through the DAC at f. = 225 MHgz,
resulting in a frame time of 50us, frame rate of 20k frames/sec, and bandwidth up
to 112.5 MHz. An RF modulator is used to mix the output signal s(¢) with a carrier
frequency fc = 337.5 MHz, creating a dual sideband suppressed carrier (DSB-SC)
signal with bandwidth up to 225 MHz.

The bandwidth of this transmitted signal is UWB by the 20% criterion but not
quite UWB by the 500 MHz bandwidth criterion. Hardware constraints of the present
prototype system made it difficult to achieve this bandwidth without significant hard-
ware modifications. The custom wideband SDR currently supports bandwidths up to
450 MHz, with potential up to 900 MHz using interleaved sampling. Transfer speeds
to memory limit the bandwidth to 675 MHz at present. These limitations are not

fundamental and could be overcome with more customized hardware.

2.4.2 Receiver

The receiver hardware consists of a ADC12D1800RFRB evaluation board from Texas
Instruments [30] and a Zedboard from Digilent [32]. This combination of devices is
used as a wideband direct-sampling software-defined radio with a sample rate of 1.8
GSPS. The field-programmable gate array (FPGA) images have been modified to
include a digital down converter with decimation rates from ranging from 4 to 2048,
as shown in Figure 2.14.

The capture controller is configured to capture buffers of 16384 samples, which
is larger than the transmitted frame size as shown in Figure 2.15. This feature of
the system allows the frame timing to be imprecise, as long as the timing marker
consistently appears within the alignment window.

The capture timer is configured to capture every 0.24995 seconds, which results in
a recovered sample rate slightly faster than the nominal audio playback rate of 8 kHz
to prevent underruns in the audio playback hardware. Although the transmitter plays
out the frames continuously in a loop, the receiver only captures every 4999th frame.
For each received frame the transmitter must play through the loop an integer number
of times, plus one frame. The 4998 frames transmitted in between are ignored.

In this system, the 4998 ignored frames could contain data from additional users.

Therefore, this system simulates a TDM system supporting up to 4999 channels
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where the receiver only processes one of the channels. To create a practical system
supporting this many users, some kind of channel identifier needs to be included with
the framing overhead.

The receiver software runs a tracking algorithm to center the frame in the capture
buffer. The capture timer is manipulated until the timing marker is held stable within
the alignment window. The phase and frequency offsets are then estimated from the
timing marker. This estimate is used to compensate the frequency and phase offset in
the audio samples. The extracted samples are then put into an overlap-add process
to recover the original signal. The output from the overlap-add process is chunked

into buffers of 1024 samples for live audio playback and capture.

2.4.3 Experiments

In the following experiments, we used a simple wired channel and an indoor wireless
channel, and obtain early results demonstrating the feasibility of the new technique
in a wideband setting.

The exponential sine sweep method [31] was used to estimate the impulse response
of the wired channel as shown in (2.8), where F denotes the discrete Fourier transform
(DFT) operation. The discrete-time signal x[n] represents the exponential sine sweep.

The discrete time signal y[n| is the output of the overlap-add process.
hin] = F ! (M) (2.8)

The exponential sine sweep can be constructed as in the equations (2.9) to (2.11)

below. It is often used to estimate impulse response in acoustic environments [31].

z[n] =sin [K (e_”TS/L —-1)] (2.9)
K= (2.10)

In (—;)
L= — _ (2.11)

In this case, xz[n] is an 8-second sweep covering 20 Hz to 4 kHz that was generated
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at a sampling rate f,,, = 8 kHz. Subjecting this signal to the entire process of segmen-
tation, framing, transmission, recovery and reconstruction allows us to estimate the
end-to-end impulse response as seen by the input signal. Figure 2.16 (top) shows an
averaged impulse response over 8 trial sweeps. Although the impulse response varies
significantly between trials, there are definitive features that appear in the average.

Working within the constraints of the current hardware setup, we can improve
on this result by reducing the fractional hop size from § = 0.25 to § = 0.125 and
adding an additional segment in quadrature with each frame as discussed earlier.
Figure 2.16 (bottom) shows the resulting average impulse response, again over 8 trial
sweeps. This result is significantly improved, evidenced by the reduced amplitude of
side lobes relative to the peak.

However, zooming out further reveals additional peaks at +1000 samples as shown
in Figure 2.17. This is indicative of crosstalk between the in-phase and quadrature
segments which are separated by a hop size R = 1000 samples when § = 0.125.

The transmitter output was displayed on a spectrum analyzer and it was observed
that the image rejection for a sine wave was only 15-20dB. This agrees with the

impulse response obtained in Figure 2.17, where the crosstalk peaks are 15-20dB
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down from the main peak. With careful tuning of the DAC’s I/Q compensation this
effect can be reduced if not eliminated.

To test the feasibility of this type of system over an indoor wireless channel,
the wired channel was replaced with two wideband discone antennas designed for a
minimum frequency of 600 MHz. The transmitter center frequency was changed from
337.5 to 1012.5 MHz, so that the transmitted signal occupies the bandwidth from
900 to 1125 MHz. The low pass filter in Figure 2.12 was exchanged for a suitable
bandpass filter. Amplification was added such that the timing marker was received at
a level of 10-20dB above other signals in the 225 MHz bandwidth and 30-40dB above
the noise floor. The receiver is undersampling in this configuration, as the Nyquist
frequency of the receiver is 900 MHz.

Testing was done in a lab environment of trapezoidal shape with windows on one
side and with a door opening to an ancillary room. Signals were transmitted over line-
of-sight paths with path lengths of 8, 14 and 20 feet. The 20 foot path originated from
the ancillary room, with the doorway acting as a diffracting edge. The exponential
sweep method was then applied as before to estimate the power delay profile of the
channel. The results for all distances are shown in Figure 2.18 with maximum delay
of 12 ms referred to f,, (observed by the message signal at audio frequencies) and
400 ns referred to f. (observed at radio frequencies), with scaling factor 5 = 28125.
A speech signal was transmitted over this system, and, as expected, was found to be
intelligible with some reverberation at all distances.

The results were improved by expanding the receiver’s capture buffer to capture
four frames instead of one. Each segment is then received four times, similar in effect
to reducing the fractional hop size by a factor of four. With all other parameters being
equal, the level of background noise and interference in the output was estimated to
be 6dB lower while the signal power remained the same, as expected. These results
have demonstrated the feasibility of TC-OLA in a wideband setting. Testing the

system at full UWB bandwidths in the unlicensed spectrum remains for future work.

2.5 USRP Implementation

In this section a USRP-based TC-OLA system using a 100 MSPS ADC [33] is de-
scribed which, combined with the GNURadio software, provides a flexible experimen-
tation platform. This implementation was used to quickly gather performance results

for a TC-OLA system with various system parameters and channel models. These
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Parameter 1 2 3 4
fm (kHz) 8 8 8 8
fe (kHz) 500 500 200 200
3 62.5| 625 25 25
M 8,000 384 8000 384
R 160 8 400 20
J 0.02 | 0.02083 0.05 | 0.05208
Timing Marker (samples) | 1000 64 | 1000 64
Frame Length (samples) | 10,000 500 | 10,000 500
Frame Period (ms) 20 1 50 2.5
Processing Delay (ms) 2000 96 | 2000 96

Table 2.3: Experimental System Parameters.

results could not be conveniently obtained with the wideband system due to hard-
ware constraints of the prototype. The USRP system uses modest time compression
factors of either 25 or 62.5, much smaller than the factor 28125 for the wideband
system, but sufficiently large to demonstrate aspects of the system performance.

A block diagram of this implementation is shown in Figure 2.19. The system
consists of two commercially available USRP N210 software defined radios from Ettus
Research [33] and two GPSDOs from Trimble Navigation [34].

All segment framing and message recovery were performed offline in software.
This system was used to simulate the transmission of a single input signal with a
high level of redundancy. The GNURadio software allowed us to simulate various
channel scenarios quickly in a controlled and repeatable manner.

The USRPs are synchronized to the 10 MHz outputs of separate GPSDO units to
provide a realistic simulation of frequency and phase offsets and drift between units
located at different sites. LF front end cards covering 0-30 MHz and WBX front end
cards covering 50 MHz-2200 MHz were available for these experiments.

A timing marker in the form of an exponential sine sweep begins each frame. Each
segment is then padded with zeros on either side samples to create the desired frame
length. The real baseband signal is then mapped to a passband DSB-SC at carrier
frequencies of 10 MHz or 900 MHz depending on the equipped RF front end card.
The system parameters for the experiments that follow were chosen as in Table 2.3
and will be referenced by their numbers in the following discussion.

The system parameters were chosen to explore the parameter space. Systems 1

and 2 as compared to systems 3 and 4 allow us to draw conclusions about varying
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redundancy expressed by the fractional hop size . Systems 1 and 3 as compared to
systems 2 and 4 allow us to draw conclusions about varying the frame size M.
Although the processing delays listed for systems 1 and 3 may be impractical for
a two-way communication system this delay can be reduced to a reasonable level by
substituting a series of shorter segments with the same total length and fractional
hop size into each frame. However, this substitution may impact how the system

interacts with the channel as shown in the next section.

2.5.1 Experiments

The exponential sine sweep method of impulse response estimation [31] was again
applied to evaluate the response of simple wired channel to ensure the system is
working correctly. Subjecting the sweep signal to the entire process of segmentation,
framing, transmission, recovery and reconstruction allows us to estimate the end-to-
end impulse response as seen by the input signal.

As expected, the end-to-end impulse response is very flat, except for some at-
tenuation at high frequencies. This could be due to digital filters in the USRPs or
cancellation due to jitter in window positioning. This result indicates that the trans-
mission and recovery processes are not significantly affecting the message signal. The
recovered impulse response as 10 MHz is shown in Figure 2.20. The same test at 900
MHz gave a similar result.

Additional signals that were tested with this basic configuration include two audio
signals sampled at 8 kHz, wherein segments from the two sources were coded with
columns from the Hadamard matrix H(2) to create a simple CDMA signal. The
channels were separated at the receiver with no perceptible crosstalk. In a sense,
this is analogous to the CDMA downlink situation where all of the coded frames are
transmitted in perfect synchronization. A static two-ray model was simulated in the
transmission path using an finite impulse response (FIR) filter implemented in GNU-
Radio having a second tap at 400 samples with an amplitude of —0.35. The channel
impulse response was again estimated using the previously-described method. The
recovered end-to-end impulse response agrees with the simulated channel parameters
as shown in Figure 2.21.

To gain an intuitive understanding of this effect, an audio speech signal was trans-
mitted through the system. The delay of 400 samples on the RF channel (800us)
manifests as an audible echo, delayed by 400 samples at the audio rate (50ms). This
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Figure 2.22: BER Floor vs. Maximum Doppler Frequency for DQPSK over Systems
1 through 4 subject to Rayleigh fading model.

is precisely as described by [8], as well as Figure 2.4, where the channel response is
expanded in time by the ratio of sampling rates.

As we are using a short exponential sine sweep as a synchronization marker in
this system, we can estimate and compensate for this channel on a frame-by-frame

basis. First, an inverse filter h;,, is estimated from

L (Fh)
bl = 7 (T ) (212

This filter is then applied to the samples of each received segment before the
overlap-add process. The result is that the echo is removed from the audio speech
signal.

There are several drawbacks to this approach, including poor estimation of the
channel in a deep fade, frequency interpolation, and limitations on the channel delay
relative to the frame length. An adaptive equalizer may provide better results. How-
ever, this method was shown to be able to adapt to a time-varying frequency-selective
channel provided the channel is relatively constant over the frame period.

Up to this point we have only considered DSB-SC signals generated from real

baseband sampled signals. However, this concept extends to complex baseband signals
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Tap | Delay (us) | Power (dB)
1 0 0
2 2 -3
3 4 -6

Table 2.4: Frequency Selective Channel Model.

as well. A differential QPSK (DQPSK) signal representing an 8000bps bit stream
was modulated at 2 samples per symbol using the DQPSK modulator included with
GNURadio 3.7.3. A segment of this modulated signal containing 250,000 bits was
framed as per the frame lengths in Table 2.3 for transmission in order to test various
channel scenarios.

First, a Rayleigh flat fading channel was simulated in the transmission path, using
the model of [35] as represented in GNURadio version 3.7.3. This model was tested
purely in simulation with no noise, allowing estimation of the BER floor with respect
to the maximum Doppler frequency parameter of the model. The results for systems
1 through 4 are plotted against absolute maximum Doppler frequency in Figure 2.22.
The BER floor of the DQPSK receiver in GNURadio 3.7.3 is plotted for reference.

The main observation is that systems with shorter frames perform better rela-
tive to the maximum absolute Doppler frequency in a Rayleigh flat fading scenario.
This result is expected, and typically these types of performance tests are plotted
against the normalized Doppler frequency. Figure 2.23 shows the same results with
the Doppler frequency normalized to the frame time 7.

From Figure 2.23 it is observed that similar BER floor performance is achieved
relative to the normalized maximum Doppler frequency for similar values of fractional
hop size 0. However, the slope of the BER floor curve below fpT; = 2 increases as
the fractional hop size is decreased. This is an artifact of the timing recovery process,
which operates correctly only when the phase shift over the window is less than =
radians.

The frequency-selective case is now evaluated, as one of the primary goals of
this scheme is to spread the bandwidth of the input signal enough that the channel
becomes frequency selective rather than flat fading. To this end, the GNURadio
3.7.3 frequency selective channel model [36] was inserted into the simulation. This
model adds a frequency-selective extension to the previously discussed Rayleigh fading

model of [35]. The power delay profile is specified as in Table 2.4. Each tap fades
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independently but with the same maximum Doppler frequency applied to all taps.

The general result that can be observed is that the BER floor curves of Figure
2.22 shift to the left, reducing the upper limit of the Doppler frequency that can be
tolerated. In the previous discussion (Figures 2.4-2.7) it was shown that the averaging
effect of the overlap-add technique is reduced as the rate of change in the channel
characteristic is reduced, thus affecting the BER floor at lower limit of the Doppler
frequency graph. However, for very slow changes the previously-discussed channel
estimation technique can be used.

Results for systems 1 and 2 are shown in Figure 2.24 which illustrates these fea-
tures. Without channel estimation, the lower limit of the BER floor rises as the
Doppler frequency approaches zero and the system becomes ISI-limited. With chan-
nel estimation, the result is degraded for higher normalized Doppler because the
channel changes too quickly for the channel estimation to keep up. The upper limit
of the BER floor has been shifted to the left with respect to the Rayleigh flat fading
result. It appears that for this channel there is some useful range where the averaging
effect dominates. For this channel it is between fpTy ~ 0.03 and fpT; ~ 0.5. There
is also some range below which the estimation technique is useful. For this channel
the estimation technique becomes useful below fpT} ~ 0.033. The combination of
averaging and channel estimation covers the range for 0 < fpTy < 0.5.

Figure 2.25 shows the same result plotted on an absolute scale. As lower Doppler
spreads are typically accompanied by slower changes in frequency selective channels,
it may be advantageous to alter the system parameters dynamically as a means of
tuning the system to the channel conditions. By making a smooth transition from
smaller frames to larger frames as the Doppler frequency decreases, it may be possible
to keep the BER floor low without resorting to the complexity of channel estimation
techniques. Although the channel estimation technique is shown to work well, it is
expensive in terms of processing. From a system design perspective, it is sensible to
leverage the built-in averaging effect of the overlap-add process to the fullest extent

possible.

2.6 Conclusions and Future Work

In this chapter we have presented a time-compression overlap-add (TC-OLA) scheme
for discrete-time signals where the level of redundancy and spreading factor can be

varied by modifying the amount of overlap between segments of the message sig-
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nal [37]. This property could be applied dynamically with different strategies. For
one example, the time compression factor ¢ could be changed to increase the signal
bandwidth in order to overcome a temporary flat fading condition. Another example
is a TDM system operating in a fixed bandwidth with a quality of service (QoS) mech-
anism where low priority traffic can be dropped in order to allocate more redundancy
for high priority traffic as the channel condition degrades. To verify the operation of
this TC-OLA scheme we have presented two implementations. It was shown that not
only that sampled analog signals can be transmitted using TC-OLA but also that
waveforms expressing digital modulation schemes generated algorithmically can be
transmitted. The interference rejection property of TC-OLA was verified experimen-
tally using the wideband implementation. Properties of TC-OLA in typical fading
channel models have been explored. These results need to be expanded to understand
the properties of the scheme in more varied scenarios, including outdoor channels and
UWB channels at unlicensed power levels. Other future work includes a comparison
with existing air interface physical layer communications in a 5G context. In this work
we have presented a functional wideband SDR system which can receive and decode
a wideband signal which is distinctly different from a UWB pulse radio. The receiver
hardware was initially designed as a general-purpose experimentation platform that
was able to implement this technique with several limitations. Ideally, the receiver
would be redesigned to specifically implement this technique with minimal hardware
limitations. Additionally, a more flexible transmitter must be designed that can sup-
port a wider range of the parameter space. Experiments could then be performed to
better characterize the properties of this scheme over real wireless channels and in a

system context with multiple users.
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Chapter 3

Time-Compression Overlap Add:

Description and Analysis

3.1 Introduction

TC-OLA is a spread-spectrum technique inspired by time compression multiplexing
and overlap-add analysis/synthesis techniques, applied to software defined radio [12].
In a sense, TC-OLA can be considered the dual of DSSS. Where a DSSS system
modulates the data with a high speed code [38], TC-OLA modulates a code with
high speed data. In this work we assume a trivial code of {1, 1, ...} in order to clearly
illustrate some of the basic properties.

TC-OLA was initially motivated by an investigation into leveraging software de-
fined radio technology combined with high speed DAC and ADC components to
transmit and receive signals that could be considered UWB but would be different
from pulse radio and OFDM UWB variants [12]. One aim of these types of systems
is to spread the bandwidth sufficiently such that the transmitted signal experiences
frequency-selective rather than flat fading. The TC-OLA solution is to simply play
the source samples at a higher sample rate, effectively spreading the bandwidth by
the ratio of the sample rates [8]. This technique is employed in time-compression
multiplexing (TCM) systems, where the increased sample rate allows multiple chan-
nels to be multiplexed along with synchronization information [7,27]. In a TC-OLA
system the increased sample rate allows redundancy to be added to the message sig-
nal. Ideally the TC-OLA implementation is transparent to the underlying message

signal, whether it is a sampled analog waveform or a digitally modulated waveform.
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An experimental prototype wideband TC-OLA system (225MHz) using a pilot
signal for synchronization and channel estimation was successfully implemented in
Chapter 2. In order to improve the efficiency of the scheme, we seek to develop a
system where time compression techniques are used to spread the bandwidth without
the use of a pilot signal. Continuing from the experimental results reported in that
chapter we develop two mathematical models of TC-OLA. The remainder of this
chapter is organized as follows: Section 3.2 presents a model of the TC-OLA process
based on time shifting, which is used to analyze the performance in AWGN and
Rayleigh fading channels. Section 3.3 presents a model of the TC-OLA process based

on multirate filter concepts, which is then used to analyze the transmitted spectrum.

3.2 Time-Shifting Model

A non-causal formulation of the TC-OLA transmit and receive processes is developed
here based on time shifting of discrete time signals. In this formulation the message
signal is recovered with no time delay, where in practice we expect some excess delay
due to the TC-OLA process. This approach is inspired by the presentation in the
audio signal processing literature. The distinct difference is that the windows of the
message signal are not treated in isolation in the frequency domain before reconstruc-
tion. Instead they are formed into a new time domain signal at a higher sample rate
by placing the windows end to end as shown in Figure 3.1. It is this series of windows
which is transmitted through the radio channel. The receiver must determine the
window boundaries and overlap the windows to recover an estimate of the original
message signal.

The concept of window functions with a constant overlap-add property is central
to TC-OLA. We shall define the window coefficients w; for windows of even length
M as in (3.1). Odd-length windows are also possible.

4+ 0.5
wizsm<%),ogz<M (3.1)

Using this definition we may define a discrete time window function:

il 0L k < M
wlp = { Ve TOSh< (32)
0 : otherwise

The window function is applied once by the transmitter and once by the receiver,
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Figure 3.1: Top: Message signal sampled at f,,, showing overlapping window func-

tions for reference. Bottom: Time-compressed series of non-overlapping windows to

be transmitted through the radio channel at a sample rate of f, = 2 f,.. Window

'

functions shown for reference. In this example % = 2 but typically 7 >> 2.
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giving an overall Hanning window shape. The constant overlap-add property for
Hanning windows states that the overlapping windows sum to a constant C' as in
(3.3) for any hop size R that satisfies (3.4) [10].

C= )Y wlk—iR] (3.3)
M
R=_5 C=123. (3.4)

Let k£ be the index variable for discrete time signals at rate f,,. Let j be the index
variable for discrete time signals at rate f. = % fm- Let the message signal be mlk]
and the transmitted signal be s[j]. Let s[j] be generated by repeatedly shifting the
message signal m[k] to the right by M — R samples, each time applying the window
function w(k] which has been shifted to the right by M samples:

oo

slj] = ) wlj —iMm[j —i(M - R)] (3.5)

1=—00

This discrete time waveform s[j] is then converted to a continuous time baseband
waveform s(t) via an ideal DAC operating at sample rate f. and optionally modulated
onto a radio frequency carrier operating at f.. Assume that the carrier frequency and
phase are synchronized at the receiver. The downconverted signal is sampled by an
ideal ADC which is synchronized with the sample clock of the transmitter DAC. The
transmitted signal s[j] arrives at the receiver via @) independent paths each with
time-varying channel gain z,[j] and additive noise n[j] as in (3.6). We assume for

now that the delay of each path is an integer multiple of the window length M.

rll = > _ wqlilsli = gM] + n[j] (3.6)

q=0

The message signal m[k| is recovered by repeatedly shifting the received signal left
by M — R samples, each time applying the window function which has been shifted
right by R samples:

mk] = > wlk—iR]rlk +i(M — R)] (3.7)

1=—00



53

Combining (3.5-3.7), we recognize that the summation of the window function w[k]
is invariant to a shift of M. In this case we also recognize that, due to the repetition
within the TC-OLA signal, shifting the message signal m[k] by M can be written
equivalently as a shift of R:

Q-1 00

=> mlk—qR] Y w’lk — iRz, [k +i(M — R)]

= = (3.8)
+§:w —iRn[k 4+ i(M — R)]

By setting n[j] = 0, xoj] = 1 and z,[j] = 0| _, it is possible to show the perfect

q>0
channel output of the TC-OLA process as in (3.9):

m[k] = m[k] .Z w?[k — iR). (3.9)

The summation in (3.9) indicates an overlapping series of Hanning windows. Given
that (3.4) is satisfied:

mlk] = —m[k] (3.10)
From (3.10) it is clear that there is a gain associated with the overlap-add process
that is dependent on the ratio of % and on the overlap-add properties of the window
function. This gain is exploited by TC-OLA to provide an effect analogous to the

spreading gain in a DSSS system. This spreading gain can be used in link budget
calculations when designing a TC-OLA system.

3.2.1 AWGN Performance

Let us now define zo[j] = 1, z4[j] = 0| ., and n[j] as an additive white Gaussian
noise process with zero mean and variance o2:
M o0

—mlk]+ Y wlk —iRln[k +i(M — R)] (3.11)

mlk] = o5

1=—00

Let the output noise of the process be defined by a new random process n[k] with

zero mean and variance 02 by summing the scaled variances. Assuming the constant
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overlap-add criterion is satisfied:

M
~o 2 D2 2
o, = i:zjoow [k —iR|o;, = Sp7n (3.12)
The output signal to noise ratio is then:
M\2 2
=) B k
SNR,y = (35) AQ[m Gl (3.13)
Un
MY B m?[k
_ (r) 2[m [+] (3.14)
o

The process gain can be computed by comparing the input SNR to the output SNR.
The input SNR is:

SNR;, = po (3.15)

5B [m?[k]
= 20—% (3.16)

The process gain is then:
M
G=— 3.17
-~ (3.17)
M

3.2.2 Multipath Rayleigh Fading Performance

Assume that TC-OLA carries the message signal m[k| over a Rayleigh fading channel
where the phase is recovered perfectly at the receiver but the fade rate is fast enough

to be considered independent at a delay of —(MJQ k)

. These assumptions do not represent
a practical situation but instead an extreme condition that allows us to estimate a
lower bound on the effect of Rayleigh fading. Let us define nfj] = 0 and z,[j] as a
Rayleigh random process with mean p, and variance 03. For this case we obtain from

(3.8):

e

m[k] =Y mlk —qR] i w?[k — iR)z [k +i(M — R)] (3.19)

i=—00

Q
i
o
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For each ¢ a new discrete random process Z,[k] can be defined with mean 7i,:

RS , M
Hq = Z w?lk — iR, = orHa (3.20)

1=—00

2
q

shape is met!:

and variance 2. Assuming the constant overlap-add criteria for a cos*(-) window

o0

3aM
5= Y w'lk—iR]o. = @03 (3.21)

i=—o00

From this result we observe that the variance has been reduced relative to the mean
by a factor of 25%. This is due to the overlap-add property of the cos?(-) window. In
a more realistic scenario where the fading process is correlated between windows [39]
we expect the output variance 83 to increase as uncorrelated measurements are more
effective in predicting the mean?.

Here we have also shown that the channel seen by the message signal has been
transformed by the TC-OLA process. It was observed in [8,12] that a delay of d
samples at f. is transformed into a delay of d samples at f,, for short delays relative
to the window length M. Thus the channel response is compressed in frequency as
the received signal is expanded in time. In this case taps at multiples of M samples in
the channel have been transformed into taps at multiples of R samples in the output
by the overlapping that occurs in the TC-OLA receive process. The overall system
performance depends on how the receiver for the message signal m[k| is affected by
the transformed taps.

A full analysis of the channel transformation as well as a more general Rayleigh

result including phase and correlation effects is deferred to Chapter 4.

!The constant overlap add criteria for cos*(-) windows was experimentally determined to be valid
for any R that satisfies R = % K =1,2,3... and sums to %.

2The experimental results reported in [12] show that the BER floor rises as the normalized
Doppler frequency fp increases relative to the window time 7 beyond fpTy = 2. This analytical
result contradicts the experimental result. We conclude and have confirmed experimentally that the
rise in the BER floor is an artifact of the timing recovery scheme used in the experiment and not a
fundamental property of the TC-OLA process.
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Figure 3.2: Transmit Process for R = 1. M output samples are produced on s|j]
for each input sample consumed from ml[k]. Window coefficients w; are as defined in
(3.1).

3.3 Digital Filter Model

A causal digital filter formulation of the transmission process can be constructed from
a simple description of the algorithm to generate a TC-OLA signal. First, apply the
window function (3.1) to the most recent M samples at sample rate f,,. Transmit
these samples at f. then read in R new samples at f,,. The simple case where R =1
can be modelled using a delay line and an M-phase commutator as shown in Figure
3.2. In this figure M input samples are produced at f. for each sample input at f,,.
The receive process is formed by the complement of the transmit process: apply the
window function to the most recent M samples at f. and add to the output buffer.
Then shift the output buffer by R samples. In the simple case where R = 1, the
receive process can be modelled as in Figure 3.3. It is clear that this process is the
dual of the transmit process, formed by reversing all flow directions and exchanging
junctions with summations [40].

By replacing the output commutator in the transmit process with the equivalent
upsampling, delay and summation operations (Figure 3.4) and applying the noble
identity [40] (Figure 3.5) it is possible to show that the transmit process for R = 1
is equivalent to upsampling the message signal by M followed by a FIR filter formed
by the coefficients of the window function upsampled by M — 1. Figures 3.7 and 3.8
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rlj]—— W, 71

Figure 3.3: Receive Process for R = 1. One output sample is produced on m[k] for
every M input samples consumed from 7r[j].
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Figure 3.4: Transmit process for R = 1. The output commutator has been replaced
by the equivalent upsampling, delay and summation operations.

refer to this equivalent filter as H(z, M) where:

M-—1
H(z, M) =Y wpz" MDD (3.22)

1=0

An alternate receiver process, equivalent to Figure 3.3, can be constructed by the
same filter followed by a downsampler (Figure 3.6). An assumption in this scheme is
that the upsamplers in the transmitter are perfectly synchronized with the downsam-
plers in the receiver as shown in the system diagram of Figure 3.7. In practice the
transmitter’s upsampler state is unknown and must be estimated at the receiver. The
alternate formulation of the receiver shown in Figure 3.6 allows easily replacing the fi-
nal downsampler with a commutator (Figure 3.8) in order to simultaneously observe
every possible commutator offset and choose the best one. The receiver structure
shown in Figure 3.3 may have a programmable commutator offset, with the disad-
vantage of a delay while the change propagates through the system. The receiver
structure shown in Figure 3.8 has the disadvantage that the FIR filter must operate
at the higher f. clock rate with many more delay elements, a concern for hardware
implementations.

To generalize this process to the case of R > 1 it is useful to consider a modified

upsampling operation where instead of stuffing M — 1 zeros between each sample,
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Figure 3.5: Transmit process for R=1, with upsampling referred to the input. The
remainder of the process then takes the form of a finite impulse response (FIR) filter.

M

—»mk]

Figure 3.6: Receive process for R=1, with downsampling referred to the output. The
remainder of the process then takes the form of a finite impulse response (FIR) filter.
H(z, M) is shown in the transposed form.
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Local Oscillator

r(t)
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Local Oscillator
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> H(z,M) NV M—>

Figure 3.7: System diagram showing transmit and receive process for R = 1. The
downsampler in the receive process must be correctly aligned to the upsampler in the
transmit process. H(z, M) is the transfer function of the equivalent FIR filter shown

in Figures 3.5 and 3.6.

rljl—

H(z,M)

0> fholk]
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O—”/hz[k]

O fyalk]

Figure 3.8: Flowgraph showing alternate receive structure for R = 1. By replacing
the downsampler in Figures 3.6 and 3.7 with a commutator, all possible alignments
can be observed simultaneously. H(z, M) is the transfer function of the equivalent
FIR filter shown in Figure 3.5 and 3.6.
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Figure 3.9: Top: With M = 12 and R = 3, stuffing M — R = 9 zeros between each
group of R samples. M/R = 4. Bottom: Standard upsampling by 4 with the same
input signal.

M — R zeros are stuffed between each group of R samples as illustrated in Figure
3.9. This type of signal can be achieved by a commutator arrangement distributing
the input across R phases, where each phase is upsampled by %, followed by another
commutator as shown in Figure 3.10. All of the phases are then recombined by
the output commutator. This clearly becomes the standard definition of upsampling
when R = 1.

The generalized TC-OLA transmitter is formed by adding a filter element to each
phase in Figure 3.10 to produce the structure of Figure 3.11. The filter coefficients

for each phase are formed by taking every R™ coefficient for every ¢ = 0..R — 1, as

ﬁvL»oﬁw]\M/Rao

o= LA Mm/R>0

_ s'[j]
o®=2, MM/R[O

m([k]—

TM/R

Figure 3.10: Flowgraph showing modified upsampling operation for R > 1. The input
message signal is commutated across R phases, each of which is upsampled by M/R.
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Figure 3.11: Transmitter structure for R > 1. The message signal m[k]| is distributed
to R phases. Each phase is upsampled by M/R, while the filter for each phase is
upsampled by % — 1. The result is then interleaved to produce the output s[j].

s[j]

with typical polyphase decomposition for FIR filters [40]. These coefficients are then

interpolated by % — 1. The general equation for the filter of each phase is:

M
M_y

H(z, M R,¢) = > wi|_p, sz T (3.23)

n=0

3.3.1 Transmitted Spectrum

The general case transmitter structure (Figure 3.11) can be analyzed using the Z
transform properties of linearity, time shifting, downsampling and upsampling [41]
to find an expression for the spectrum of the transmitted signal. Starting from the
structure of Figure 3.10 we can replace the commutators with their equivalents to

obtain:
R—1 [R-1

S(2) =53 S e MH )| (3.24)

R ¢=0 Lp=0
where xk = %qb + R+ ¢ + 1. Inserting the filter function H(z, M, R, ¢) before the

output commutator in Figure 3.11 we then have:

S(z) = S'(2)H (", M, R, ) (3.25)
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For the simple case with R = 1, the ¢ parameter is set to zero:

S(2)|pe1 = M(2MYH(z, M, 1,0) (3.26)
= M(ZMH(z, M) (3.27)

One way to interpret this result is that the spectrum of the message signal is
interpolated M times while the spectrum of the window function is interpolated
M — 1 times as per (3.22). In that sense, the transmitted spectrum is an M — 1
point approximation to the spectrum of the message signal. As M increases, this
approximation improves. Figure 3.12 illustrates this concept. Figure 3.13 shows a
TC-OLA system with M = 96, R = 1. Although the peaks of the transmitted signal
are more closely spaced than in Figure 3.12 the peaks are also narrower.

At this point one may conclude that TC-OLA simply spreads the message signal
into M evenly-spaced narrowband signals over a wider bandwidth. However, the Z-
domain model (3.25) indicates aliasing of the message signal within the transmitted
spectrum when R > 1. The downsampling effect of the input commutator in Figure
3.11 causes the input spectrum to fold R times on each phase, resulting in an expected
aliasing effect. The upsampler then duplicates this folded spectrum % times. This
results in as R-component spectrum for each phase as shown in Figure 3.14b for
M =12, R = 2. We observe here that each component has % peaks which overlap
slightly with the adjacent peak from another component to create M total peaks.
Compare this with Figure 3.12 where the M peaks do not overlap and are thus quite
narrow. As R increases so does the overlap between peaks, and this overlap has the
effect of filling in the space in the transmitted spectrum. The ideal receive process
cancels these aliases when the original signal is reconstructed.

In this section we have shown that input spectrum is expanded by a factor of %.
Although the reproduction of the input spectrum is not exact, the approximation
improves as % increases. We have also shown that the value of R affects how the
transmitted spectrum is constructed, independent of the ratio of %. This has impli-
cations for ongoing investigations on how frequency selective fading and narrowband

interference affect TC-OLA systems.



64

o
9]
N ‘
2 1.0 —  Window Function 1
S — Message Signal
] A/ |
o°
3
E: —-0.50 —0 25 0.00 0.25 0.50
Frequency (Normalized to f,)
(a)
o)
@
N
‘© 1.0f
£
o
Z
o 0.5F
o
3
El 0.0
Z —-0.50 -0.25 O 00 0.50
5
9]
g T T T T T T T T T T T T
© 1.0k ! I I I I I | I I -
E I I I i I I
o I I I I I I I I I
= I | I I I I I I
o 05 I I I I I I I
S I I I I I I I I I
£ I I I I I I I I I
2 0.0 I 1 1 1 1 I I |
E: -0.50 -0.25 0.00 0.25 0.50

=

o
T

\

Amplitude (Normalized)
o
(6]

// | J
/
/
D /
/
0.0k ol /A\ J@Mk JA A
025

-0.50 -0.25 0.00

Frequency (Normalized to f,)
(d)

0.50

Figure 3.12: TC-OLA System with M = 12, R = 1. (a) Message signal and window
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Transmitted spectrum, showing original message signal spectrum for reference.
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3.4 Conclusion and Future Work

In this chapter we have developed the mathematical background of a TC-OLA scheme
that does not use a pilot signal for synchronization, although no method of timing
recovery was presented. This new scheme was analyzed under ideal timing assump-
tions in AWGN and multipath Rayleigh fading channels. An equivalent multirate
filter structure was presented in which the receiver can observe all synchronization
offsets simultaneously. The transmitted spectrum was analyzed and shown to be an
approximation of the message signal spectrum which improves as the spreading ratio
increases.

Ongoing research on this communications mode includes the study of TC-OLA
systems in more realistic multipath environments as well as impairments specific to
TC-OLA such as commutator misalignment. A quadrature multiplexed variant with
a method of phase, frequency and window timing recovery is in progress. We plan
to make a full comparison of TC-OLA with multi-user DSSS systems, specifically
CDMA systems.
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Chapter 4

Time-Compression Overlap Add
for Low Power Wide Area
Networks

4.1 Introduction

Machine-to-machine (M2M) communications and internet of things (IoT) technologies
form a significant portion of the 5G communications effort [14]. The IoT space covers
a wide range of applications and technologies, from small personal area networks
for connecting smart devices, to city-wide infrastructure monitoring networks. One
solution for wide area coverage applications is to connect IoT devices to existing
cellular infrastructure networks. These networks are not well matched to the needs
of IoT devices in terms of data access patterns and mobility and not expected to
scale up to supporting potentially thousands of devices per cell. As such, LPWAN
technology has emerged as purpose-built alternative for wide area IoT access [42].
The LPWAN space can be partitioned into monitoring applications characterized
by moderate latency and control applications characterized by low latency. Each of
these categories may be partitioned again into mission critical or not depending on
availability requirements. Here we focus on monitoring applications. Wideband wire-
less technologies in this space include Ingenu’s patented RPMA technology operating
in the 2.4 GHz industrial, scientific and medical (ISM) band [26], as well as the LoRa
system based on chirp spread spectrum [42]. Narrowband systems including SIGFOX
and Weightless are also considered to be LPWAN technologies. An industry perspec-
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tive on the issues facing narrowband IoT (NB-IoT) can be found in [43], especially
as it relates to the disadvantages of IoT over cellular infrastructure networks.

In this chapter we propose a code-division variant of TC-OLA [12,37,44] as an al-
ternative physical layer scheme for LPWAN monitoring applications. This scheme has
similar frequency spreading and robustness to narrowband interference as DS-CDMA
with simple transmit and receive structures and orthogonal codes. It is possible to
to perform time domain equalization (TDE) or FDE at the symbol rate in frequency
selective channels as an alternative to rake receiver structures. The ability to equalize
at the symbol rate makes it more feasible to use a software-defined equalizer, rather
that a fixed number of rake fingers defined in hardware.

The remainder of this chapter is organized as follows. Section 4.2 presents the TC-
OLA system model and the code division variant. Section 4.3 presents the equivalent
channel model and analyzes the performance in static multipath, frequency flat fading,
and some time-varying multipath cases that appeared experimentally in [12]. Section
4.4 presents a system design and experimental simulation results comparing with a
system based on circular shifts of a Gold code as an approximation of an RPMA-like
system. Section 4.5 presents our conclusions based on observations of the analysis

and experimental results.

4.2 TC-OLA System Model

A baseband TC-OLA signal is generated for a message signal m,[k] sampled at the
message rate f,, using (4.1) [44], where w[k] is a window function of length M chosen
such that w?[k] exhibits a constant overlap-add (COLA) property as in (4.2) when
overlap added using hop size R. The change in indices from k to j indicates the
change in sample rate from the message rate f,, to the channel rate f.. The message
signal may be a sampled analog (ie: voice) signal, modem signal, or digital symbols.

In the latter case, pulse shaping occurs after the TC-OLA process.

sulj] = Z wlj —iM]my[j —i(M — R)] (4.1)
S w?fk—iR] = % E [w’[H] = C (4.2)

1=—00
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Figure 4.1: TC-OLA transmit operation. Message signal (top) sampled at mes-
sage rate f,,, showing overlapping window functions for reference. Series of non-
overlapping windows (bottom) to be transmitted through the radio channel at the
channel rate f. = % fm with window functions shown for reference. In this example
% = 2 but typically % >> 2. Redundancy is added to the transmitted signal due to
the overlap at the message rate.

A common window function is the sine window which we define in (4.3). Compu-
tation of w?[k] naturally results in a Hanning window, which is COLA for values of
M and R that meet the constraint in (4.4) [10]. This type of window which tapers to
zero at the edges is appropriate for sampled analog signals such as voice or modem.

The TC-OLA transmit process is illustrated for sine windows in Figure 4.1.

. 7(k+0.5) 0 <
wapnel] = sin (—M ) 0<k<M (4.3)
0 : otherwise
M
=— K=1,273.. 4.4
R 2K7 ) ) 3 ( )

When the message signal is made up of digital symbols, as we shall do here, a

rectangular window (4.5) is most appropriate, which is COLA for values of M and R
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Figure 4.2: TC-OLA transmit operation using digital symbols. Message symbols
(top) sampled at message rate f,,. Transmitted symbols (bottom) generated for
M =4, R = 1. The transmitted symbols are passed through a pulse shaping filter
before transmitting through the channel. Rectangular window functions are shown
for reference.

as in (4.6). In this case TC-OLA somewhat resembles the time-domain construction of
IFDMA [45,46] although without the cyclic prefix (CP). In Chapter 5 we shall discuss
how TC-OLA provides a distributed CP for robust block-based reception using the

same signal construction. TC-OLA based on digital symbols is illustrated in Figure

4.2.
1 :0<k<M
wrect[k] - . (45)
0 : otherwise
M
R=— K=1,223.. 4.6
L K=12, (4.6

The transmitted signal is corrupted by the AWGN process n[j] with variance o2.
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The receiver performs the overlap-add process on the received signal using (4.7) to
recover an estimate of the message signal m,[k| as in equation (4.8). Substituting
(4.2) into (4.8) gives the estimate of the message signal as in (4.9), with the variance
of the output AWGN process n[k] computed as in (4.10).

lk] = 3 wlk = iB] (su[k] + n[k]) (4.7)
=my[k] Y w’lk — iR
Lo (4.8)
+ > wlk —iRln[k +i(M — R)]
= Cmy,[k] + 7[k] (4.9)
52— 3 wllk — iRlo? = Co? (4.10)

4.2.1 Code Division

A code division TC-OLA scheme can be described mathematically as in (4.12) by
modifying (4.1) to add the code symbol a;,. The code symbol is associated with the
i'" transmitted segment of the message signal associated with the u'* user. In a sense,
TC-OLA can be considered the dual of DSSS. Where a DSSS system modulates the
data with a high speed code [38], TC-OLA modulates a code with high speed data.

SOl = D2 aiwlj = iMlmalj = i(M = R)] (4.11)
SOl = 3 SO (1.12)

=0

S

The receiver for a specific user ¢ can be described by modifying (4.8) as in (4.13),
where in general b; ; is the code symbol associated with the i received segment of the
message signal associated with the ¢ user. In practice b;; = a;, is used to recover

the message signal for user ¢ and this is the only case considered in this chapter as in
(4.14).
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= i biywlk —iR)sO[k +i(M — R)] (4.13)
= Z mulk Z a; o)’k — iR) (4.14)

The code may be any general polyphase sequence. Ideally a;, are chosen from a

mutually orthogonal set such that

Z a;uap [k —iR) = Cé[u — t], (4.15)

i=—00

where one possibility is the set of codes from the Hadamard matrix H (-) and another
is a set of linear phase rotations constructed such that an integer number of cycles
are completed in % windows. The advantage of using linear phase rotations is that it

is not necessary to acquire the start of the code sequence, as any offset o in a; ,a;_,,,

only manifests as a phase shift at the output.

4.2.2 Equivalence with DS/CDMA

In the ideal case the matched filter detector for DS/CDMA represents a correlation of
the code with a perfectly aligned copy of itself. In discrete time the correlation can be
described as the summation of the product of the two codes. Consider a DS/CDMA
system with N users receiving message signal x;[k| with spreading sequence s;; €
{+1, —1} that has N, chips. Neglecting any other system impairments, the estimate

of the sample z;[k] is

N N N.
k] = Z et DY siusiwaak] + > simi (4.16)
u=1 =1 1=1
N Nf Ne
= N.[k] + Z Z SitSiuTulk] + Z 83Nt (4.17)
u=1 i=1 1=1

uFt
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which can be compared with the AWGN model of a TC-OLA system with N users

k] ) lai*w’[k — iR]

N 00

+ Z Z ai,ua;‘k,tmu[k]w2 [k - ZR} (418)
u=1 i=—o0
u#t

T i a;ulk +i(M — R)Jw[k — iR)]

N 00
+3 > agua;,mufklw?(k — iR)

+ i aznulk +i(M — R)Jwlk — iR]

1=—00

The equation may be rewritten for w[k] = wy..|k] to obtain the summation in terms

M
ofﬁas

M

R
k] = Cmy[k] + Z > aiua;,mlk] + k] (4.20)
=0

and we note the similarity with (4.17).

As an example, a TC-OLA system using rectangular windows with M =4, R =1,
input sequence z,,, and a code sequence {ag, a1, as, as} is shown in Figure 4.3. Using
a regular pattern of sample rearrangement, this can be shown to be equivalent to
a CDMA system where the code sequence is circularly shifted by one chip every
R symbols. By resolving this shift it is easy to show that we obtain a standard
DS/CDMA sequence.

Where the processing gain in DS/CDMA is proportional to the number of chips
in the spreading sequence, the TC-OLA processing gain is proportional to % and is

R
independent of the window shape, assuming the COLA property is satisfied.
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a a a
3 0 TC.OLA

Figure 4.3: TC-OLA-DS/CDMA equivalence. In this figure x; represents the data
symbols and a; represents the code symbols. By applying a regular pattern of sample
rearrangement to the TC-OLA signal we obtain a version of CDMA where the code
is circularly shifted by one chip every R data symbols (here R = 1). By resolving
the shift we obtain a standard DS/CDMA sequence.
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SN Ry = &8 G[Tz[kn (4.21)

_ CEg[’“” (4.22)

SNRy, = = [wZ[k]iE Ll (4.23)
SNR,, C M

Y= SNR, EH R (4.24)

— 10 logy (%) dB (4.25)

Here we have shown that TC-OLA and DS/CDMA waveforms are essentially the
same in the ideal case and have the same processing gain in AWGN channels. The
differences in performance are in the details of behaviour in fading, multipath, and

timing recovery.

4.3 Multiuser Performance Analysis

This section begins with the description of the generic baseband equivalent multipath
fading model. To simplify the analysis in multipath we develop a matrix notation
for the model in 4.3.2. The model is constrained for static multipath in 4.3.3 to
highlight the frequency compression aspect of TC-OLA, the property that allows the
channel to be equalized at the symbol rate rather than the chip rate. The model
is then constrained to consider Rician flat fading in 4.3.4. In this configuration the
interference limit in fading is derived. The near/far problem as it manifests in TC-
OLA is also considered. Finally, a frequency-selective time-varying scenario that was
considered experimentally in [12] is considered in analytically in 4.3.5 to highlight
the channel averaging aspect of TC-OLA. In the next section we consider practical

channel models that are relevant to the LPWAN application area.
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4.3.1 Generic Multipath Model

To study the system performance and behaviour in a variety of scenarios we assume
a generic discrete-time multipath channel with P[i] resolvable multipath components,
each with independent time-varying complex gain g, ,[i] with excess phase Zg,, ,[i] =
®nuli], and excess path delay 7,,[i]. The excess phase and delay are referred to the
0" multipath component of the received signal from user ¢ such that the equivalent

channel model for user ¢ is written as in (4.26). More details can be found in Appendix
B.

Puli]

calivil = 3 gnaliloli = o] (4.26)

In the uplink scenario, where each user arrives at the base station through an

independent channel, the received signal for user ¢ can be generally described as
N—-1
rilil = Y eruld, i) * suli] + nli). (4.27)
u=0

4.3.2 Matrix Notation

The analysis of TC-OLA in multipath channels was patterned after the DS/CDMA
analysis in [47] where the equations are developed as the sum of three terms (desired
signal, interference, and noise), similar to a continuous-time version of (4.16)-(4.17).
To simplify the analysis we develop a matrix notation for the receiver for the simple
case where R = 1. In this case we produce 1 new sample of m;[k] per received window,
and as such ¢ = k. In general R samples of m,[k] are produced per received window
and therefore i # k.

Let the M-element column vector m;, representing the 7" segment of the message

signal m,[k] be written
T
m,, = [mu[i] e mafit M — 1]] . (4.28)
Let the M x M matrix W representing the window function w([k] be written

W:[w W], (4.29)

where w is the M-element column vector representing the window function.
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Let the M x M diagonal matrix A, ,, represent the set of code symbols for user u

be written

A;, = diag ([ai,u . az‘—M+1,uD : (4.30)

Let the M x M matrix S;, representing the M most recently transmitted win-

dowed segments be written
Si,u = ([mzu cee mifM+1,ui| © W)Ai,uu (431)

where o is the Hadamard (point-wise) product.
Let the M x M diagonal matrix GEZ) represent the set of channel block gains for

path n of user u be written

G = diag ( [gn,u[z'] o gnali— M+ 1]]) . (4.32)

The effect of the overlap-add process on delayed paths is illustrated in Figure 4.4
as a sample offset between the transmitted and received window functions. We equate
this with the matrix permutation operation illustrated in Figure 4.5 which is valid
for |7| < M samples. To assist with the analysis of multipath components we define

this matrix permutation operation on an arbitrary matrix S as
P7(S) = mat(Cvec(SD))D (4.33)

where D is the exchange or backward identity matrix, vec(-) creates a column vector
from the columns, C is the cyclic permutation matrix, and 7 is the delay in samples.
For 7 = 0, P°(S) = S. Another example of a matrix permutation operator used in
communications analysis can be found in [48].

The structure of the TC-OLA signal aligns the samples to be added along the
diagonal of S;,,, from which we can receive the estimate of the message signal m,[k]

as

2

Py,li]—1

tr (Pt (S,,) GV AL, 0 W)
w (4.34)

n=0

[ )

+
3) e

1

by summing over the user index u, the path index n, and applying the code matrix
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Figure 4.4: Tllustrating the effect of delayed paths on the output signal by showing
the overlap-add process. Results are shown for early (7 = —1), on time (7 = 0), and
late (7 = 1) arrivals. Overlap-add interpretation with summation over columns as
presented in [12] is shown. The lower row shows formation of the matrix S. Inspecting
the trace of the matrix on the bottom right shows how the output is made up three
late and one early sample. The proportions depend on 7 but there are only ever two

components.

\\
ETR
Lsgisisg

Figure 4.5: Matrix permutation operation P~!(-) described by (4.33). Note that the
resulting matrix is not exactly the same as those shown in Figure 4.4, with some

differing off-diagonal elements. However, the trace remains the same for || < M.
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Figure 4.6: Labelled block diagram of the system model described in (4.34).

A;; for user t to all signals. The placement of W and A}, outside the permutation
operator imply that they are aligned with the 0 multipath component from user
t and not necessarily aligned with the window boundaries of the delayed copy. As
we have assumed block fading, it seems no less realistic to place GY;) outside the
permutation operator for convenience. In this work we assume rectangular windows
and as such W = 1y, is omitted from further analysis.

Equation (4.34) completely describes the received message signal in relation to
the generic received uplink signal model in (4.27) for multipath delays of |7| < M
samples with R = 1. This general equation is constrained in the following sections
for scenarios such as static multipath, frequency-flat fading, and frequency-selective
fading. By adding these constraints different simplifying assumptions can be made
in the analysis. A labelled system block diagram showing the signal flow through the

system model is given in Figure 4.6.
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4.3.3 In Static Frequency Selective Channels

The typical low mobility of nodes in an LPWAN application leads to channel models
characterized by very low Doppler spread [19]. As such we are motivated to investigate
the performance of TC-OLA in static multipath as a rough approximation to this
scenario over a short observation period.

In a static multipath model we assume that P,, g, and 7, in (4.34) no longer

depend on i. With some simplification we obtain

7/7\'Lt [Z] = Mgo7tmt [Z]
Pi—1

+ > guatr (P™ (Sia) AL,)
n=1

N—1P,— (4.35)
Z r (P (Siu) AT,)
=0 n=0

Ut

+ nfi]

where the received signal is described by four terms. These are the desired signal,
delayed components of the desired signal, delayed components of all other users, and

noise. In a downlink scenario where 79, = 0 we can also expect
tr (P (S;u) Aj,) =tr (SiuAl,) =0 (4.36)

which further simplifies the third term.
By inspection of the permutation operation P7(-) and the matrix form of S illus-

trated in Figure 4.4 we conclude that

tr (PT"’t (Siﬂg) A:,t) =M [an,tmt [Z - Tn,t]

(4.37)
-+ ﬁn,tmt [Z + M — Tn,t — 1]]
where M= fr] ’ ’
- Tn t Tn t
S = 4.
an,t M ﬁnt M ( 38)

This form is indicative of an equivalent channel model seen by the message signal
at the receiver output consisting of a regular delayed path and an early “pre-echo”
path. From the first two terms of (4.35) with (4.37) and replacing m.[k] with d[k] we
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infer the equivalent channel ¢;[k] as

P-1
k] = Mgo.d[k] + ; Gt (10K — Ty ] (4.39)

+ Butd [k + M — 1 —7,4])]

If the window size is much larger than all significant delayed paths (M >> 7,,Vn)

then we may neglect 3, ; and write

P-1
alk] ~ M | gouS[k] + ) gnicinsSlk — il | - (4.40)
n=1

The estimate of the message signal is then

mylk] = my[k] = & [k] + nlk] +/Z'\t,t[k5] + Z/Z\tu[k] (4.41)
At

where the added interference term Ztt[k] represents the effect of the approximation
Bnt ~ 0 and /z\tu[k:] represents the interference from user u. This interference can also
be expected to be small when M >> 7, ,,.

This section illustrates the frequency compression aspect of TC-OLA which allows
the message signal to be equalized at the message rate f,,. Inspection of (4.40) shows
that the channel ¢[k] seen by the message signal approaches c¢;,[j] from (4.26) as
17 approaches zero, although it is referenced to a lower sampling rate resulting in
frequency compression of the channel. This was observed experimentally in [12] and
represents the main intent of the invention in [8]. Assuming the interference terms
are negligible the performance of TC-OLA in static multipath will be limited by the

performance of the equalizer for ¢[k].

4.3.4 In Frequency Flat Fading

Several models relevant to fixed wireless monitoring applications have a strong Rician
(or Rayleigh) main path followed by additional delayed paths [19]. When the delayed
paths are strongly attenuated the channel is only weakly frequency selective and the
behaviour of the main path dominates the performance at low SNR. As such we are

motivated to study the performance of TC-OLA in the frequency-flat fading regime.
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We constrain (4.34) with P = 1 such that each channel consists of a single path
n = 0. A block fading model for this path is given as go.[i] = X + jY, where
X ~ N (pg,02) and Y ~ N (p,02). The envelope |go.[i]] is Rician distributed
when \/m > (0 and Rayleigh distributed when p, = p, = 0.

With no delayed multipath components the model in (4.34) simplifies to

N-1
mli] = Y tr (SiuGiuAl,) +nlil. (4.42)
u=0
Lacking any other information, it is fair to assume that the base station transmits all

messages with equal power P,

E [m}[k]] = P,Vu € {1.N}. (4.43)

u

The signal power for user ¢ is then

M 2
Py, = Eltr (Si,tGi,t)Q] = <E> p2P,, (4.44)

given that a;;a;, = 1 and applying a Gaussian approximation for the mean of the

summation of a large number of Rician variables [49].

Downlink Performance

In the downlink direction (from the base station to a particular users) all received
signals s, [j] experience the same channel. The received signal model in (4.34) can be

constrained for this case by setting
Culd, i) = calg, 1]Vu € {0.N — 1}. (4.45)

By simplifying for the above constraint we obtain

N-—1
meli] =Y tr (SiuGisAL,) + nlil. (4.46)

u=0
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An expression for the interference power is obtained by summing over all remaining

users

N-1

Pt = 3 [tr (S1.GiiAL) | (4.47)
bt
= % (N —1)0?Py. (4.48)

Combining (4.10), (4.44) and (4.48) we derive an expression for the average down-

link signal-to-interference-and-noise ratio (SINR) 7 as

M\2 2
M Pm
e (ﬁ) SIRL (4.49)
Ean—i_ﬁ(N_l)O-er
M 2p
— R m (4.50)

+ (N —1)02P,,

Q
SN

Uplink Performance

In the uplink direction from user u to the base station, the base station receiver
experiences a different channel for each user. From the interference term (4.48) for the
downlink we can imagine how the near/far problem manifests in the TC-OLA uplink.
The interference term will dominate at the receiver if E[m2[k]] |, >> E[mZ[k]]
and orthogonality between users is lost due to fading. To limit this issue we assume
that the average channel power gain is known to the mobile station and that a power
control scheme can be implemented such that signals arrive at the base station receiver
with equal average power P,,. We choose not to investigate the near/far problem
further is this work.

Using a simplistic model where the phase recovery of user ¢t does not affect the
Rician distribution of user u, an expression for the interference power in the uplink

can be written

M
Pt = 7 (N = 1) 5P (4.51)
This model holds when R~ 0 or R >> 03. The intermediate case may be addressed
in simulation or later analysis.

Combining (4.10), (4.44) and (4.51) gives an expression for the average SINR %
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in the uplink

TH P
o2+ (N—1)02P,

N = (4.52)
In comparison with the downlink equation in (4.50), we note that the interference term
in the uplink is different in that it contains the complex Gaussian channel variance
rather than the Rician channel variance resulting from the channel envelope. This is

the cause of the lower expected performance in the uplink direction in TC-OLA.

Interference Limit

To gain some insight about the limitations of the system, we set the channel noise

power o2 = 0 in (4.50) and examine the signal to interference ratio (SIR). Assuming

that the system accommodates the maximum number of orthogonal users N = %
M 2 2
y = i~ B 453
G e

where (4.53) relies on the approximation % — 1 ~ % In Rician fading with factor K

we obtain

7r[’%/2 (—K)

A+ K7L}, (-K)

v~ (4.54)

where

Ly (x) = e/ {(1 —2) I (%) e (‘7””)} : (4.55)

and I, (z) is the modified Bessel function of the first kind of order n [50]. Similarly

for the uplink we obtain
_ T 9

This result shows that the system performance is interference-limited at high SNR
in fading. The interference limit creates a BER floor that limits the performance of
any digital message signal [47]. In the limiting case of independent Rayleigh block

fading (K = 0) with rectangular windows we can asymptotically approach an average
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14 SIR limit vs. Rician K factor
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Figure 4.7: Interference limit vs. Rician K factor for a maximum number of users in
the uplink and downlink with rectangular windows.

SIR of
ko A —— ~ 5.63dB (4.57)
in the downlink and
T

in the uplink. Equations (4.54) and (4.56) are plotted in Figure 4.7 showing the SIR
limit against the Rician K factor.

The uplink interference limit for uncorrelated Rayleigh fading is significantly lower
than the downlink without any channel state information (CSI). However, uncorre-
lated fading represents a worst case scenario where the orthogonal code properties
have no effect and we can only rely on the central tendency of a Gaussian random
variable to separate the users. To gain any advantage from the orthogonal coding

there must be some correlation between fading values and/or between channels.
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Correlated Fading

To make the independent block fading assumption more realistic we consider corre-
lated Rayleigh block fading, with autocorrelation as described by Jakes [39]. The
Doppler frequency f,; is normalized to the window period T,, = % The fading auto-

correlation function can then be written
R(n) = Jo(2m f4Twn) (4.59)

withn € {...,—1,0,1,2,...} where Jy(-) is the zeroth-order Bessel function of the first
kind.

For the system described above we expect the SIR to increase as the fading be-
comes more correlated. We can extend (4.48) to incorporate the autocorrelation
function (4.59) as

N
-Pint = PmUE Z
u=1,u#t
M o 2 (4.60)
2R 2R
Z Z ai+l,ua;"<+j,tR(‘l - ]D

M M
J=—3r l=—3x

for the downlink and by replacing o, with o, for the uplink. This function is plotted
against normalized Doppler frequency for the downlink in Figure 4.8. The same figure
can be produced for the uplink by shifting the results down to the interference limit
in (4.58). The SIR follows a -20 dB/decade slope and we estimate the intercept with

the interference limit as fpT,, ~ % in both the uplink and the downlink.

Correlated Channels

Correlation between the different channels experienced by the base station receiver
in the uplink, regardless of the fading autocorrelation function, also raises the SIR
limit. For uncorrelated Rayleigh fading the SIR rises from the 1.96 dB figure toward
the 5.63 dB figure derived for the downlink as the correlation approaches 1.0.

Supported Number of Users

Rearranging (4.50) gives an expression for the number of users that can be supported

for a given average SINR. This assumes that the Doppler frequency is not low enough
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SIR vs. Normalized Doppler Frequency (Downlink)

45
— M/R=8

A0 L N — M/R=16
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— M/R=128

30 N N M/R=256 | |

SIR (dB)

Normalized Doppler Frequency fpT,

Figure 4.8: Signal to interference ratio (SIR) for correlated Rayleigh fading in the
downlink with linear phase codes. The uplink curve is simply shifted from the 5.63
dB interference limit in (4.54) down to the 1.96 dB interference limit in (4.58).
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R ..
517 Thus it is more

relevant to higher spreading factors as the intercept frequency gets lower as M/R

to move away from interference limit, that is to say fpT, >

increases as in Figure 4.8. In the downlink we obtain

My o
N(F) = Bl " 7F +1 (4.61)

and similarly rearranging (4.52) for the uplink we obtain

M 12 o2
=1 " 41, (4.62)
R o3 02Pn

N(7)
Assuming the uplink is interference-limited we obtain

M

+1. (4.63)

Pole Capacity

Similar to DS/CDMA, TC-OLA systems have the concept of pole capacity, caused by
each user’s need to maintain a target SINR in the uplink [51]. To obtain an expression

for pole capacity we rearrange (4.52) in terms of averaged received power P,

P yon

TN - 1)

(4.64)

and note that the denominator of this expression goes to zero when the number of
users reaches the value in (4.63). At this point, the power required to close the link
at the desired SINR is infinite. However, we note that unlike DS/CDMA, the pole
capacity is expected to vary with fading conditions. In DS/CDMA the pole capacity
arises from the cross-correlation properties of the chosen spreading sequences and is
typically a fixed system parameter.

The pole capacity results here could be developed for specific frame formats and
codes in order to find the link SNR that maximizes packet throughput. We have not
made this comparison and choose to focus on the raw BER results at this point. A
discussion considering a TC-OLA system with specific frame formats and codes is

given in Appendix E.
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SIR vs. Diversity Order (Per-Window Selection Combining)
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Figure 4.9: Use of selection combining to raise the SIR limit in independent Rayleigh
fading (Rectangular Windows).

Selection Combining

Another way to raise the interference limit in flat fading is through receiver diversity.
By applying the basic order statistics results [52] it is possible to get a result for
per-window selection combining of L paths. The results are plotted in Figure 4.9 for
orders up to L = 10 for rectangular windows in independent Rayleigh fading.

As with the previous analysis, the downlink benefits the most as it sees both
an increase in the mean and a decrease in the variance. The uplink sees only the
increase in the mean, but this is significant and even low orders can greatly improve
the performance. From Figure 4.9 we observe that increasing the selection combining
diversity to L = 4 in the uplink gives a similar performance as the downlink without
diversity. More advanced diversity schemes such as maximal ratio combining (MRC)

are expected to give even better performance gains.

4.3.5 In Time-Varying Frequency Selective Channels

We wish to evaluate TC-OLA performance in frequency selective fading channels

such as the SUI channel models [19]. To gain some insight into how a range of
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channel parameters affects performance, we look at how TC-OLA is affected by an

equal-power two-ray model with the rotation period of the delayed path either much

slower, similar to, or much faster than the TC-OLA averaging period (= M72 samples

at f.). We considered this model experimentally in [12] and here we revisit these

cases analytically.

13973

To start, we constrain (4.34) with go; = 1, g14[i] = €** and 7y = 1 to obtain

. M .
myli] = Ego,tmt[l]
+ir (P'(S,) G/ A (4.65)
+ nli]
For large M we can make the approximation f;.[i] = 0 as in (4.40) and estimate

the equivalent tap coefficient aq.[i] as the sum of the gain gy .[i] over the range of

windows which overlap

2R

i) = Z e M), (4.66)

to create the equivalent channel in the same manner as (4.39)

~ M :
alk] = Ed[k] + afi]d[k — 1]. (4.67)
The magnitude of the equivalent tap coefficient versus rotation speed normalized
to the reciprocal of the averaging period is plotted in Figure 4.10 with the points we
have discussed shown. In this section we have shown how the severity of time-varying

multipath taps can be naturally reduced by the overlap-add process.

4.4 System Design and Results

In this section we consider TC-OLA performance over frequency selective channel
models that are applicable to LPWAN deployment and obtain results by simulation.
Consider a TC-OLA system with a message rate f,, ~ 977 sym/sec and a spreading
gain of 1024, resulting in a channel rate f. = 10°® chips/sec before pulse shaping. After
pulse shaping the system has a nominal bandwidth of B = 2 MHz. This TC-OLA
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system shall use rectangular windows and orthogonal polyphase sequences to separate
users.

We shall compare this with a CDMA system based on circular shifts of a Gold
code of length 2V — 1 = 1023, as an approximation to an RPMA-like system [26].
This system can theoretically support a maximum of 1023 users by utilizing every chip
offset using the orthogonal properties of preferred pairs of Gold codes [47]. However,
time-dispersive channels are expected to reduce the practical limit of the number of
supported users. Further, timing uncertainty in the uplink is expected to reduce the
practical limit further as multiple users may arrive at the base station with the same
effective chip offset.

We also note that a rake receiver is of no benefit in this scenario when all chip
offsets are occupied. It is of course possible to use different spreading codes for each
user in the downlink in order to make use of rake receiver structures. However, this
adds cost and complexity to the endpoint.

In the downlink we assume all signals are transmitted synchronously and expe-
rience the same channel upon arrival at the receiver of user t. Further, we assume
that phase and chip timing of the aggregate signal are recovered perfectly at the re-
ceiver for user t. An minimum mean-square error (MMSE) equalizer is applied at
the TC-OLA receiver output based on an estimate of the channel response based on
the averaging effect described in 4.3.5. The systems are simulated in the SUI channel
models as in [19] for 1023 users. Simulation results shown in Figure 4.11 are averaged
over 1000 trials of 1000 symbols each with different random seeds for each trial.

From these results we observe that the BER is dominated by the fading distri-
bution up to a BER floor although the TC-OLA system sees a modest gain due to
the equalizer. As the channel becomes more time dispersive the equalizer in the
TC-OLA system can provide more benefit while the RPMA-like system suffers more
interference between users.

In the uplink we assume each signal arrives with a uniformly distributed timing
uncertainty of +7 chips and that each signal experiences a different channel upon
arrival at the base station receiver. Further, we assume that each signal arrives at the
base station with equal average power and that phase and chip timing of the signal
from user ¢ is recovered perfectly at the base station.

For the RPMA-like system assume that the transmission timing uncertainty and
random chip offset chosen by each endpoint form a uniform random variable X ~

U(1, N,) and that a new random value is chosen each time, such that each transmission
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Figure 4.11: Raw BER in simulated downlink scenario comparing TC-OLA and
RPMA-like systems with 1023 simultaneous users in SUI models 1, 2, and 4.
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is independent [53]. From these assumptions we derive the uplink efficiency as

1 1 N—-1
=N—|[1— — 4.68
. m( NC> (4.68)

based on the probability of collision. We note that this expression is familiar as being
the efficiency of slotted ALOHA [54], and see that in the limit with N = N, we obtain

1'~ 0.37. More details are available in Appendix E.3.

a peak efficiency of e~

The use of randomly selected chip offsets avoids the complexity of trying to accu-
rately schedule the chip offset of each user in the uplink. To view this deterministically
we could expect that the number of users that can be reliably received with timing
uncertainty £7 chips is limited as in (4.69). As the number of users is increased to N,
then reliable operation is not guaranteed unless timing uncertainty can be reduced to

Zero.

Ne
Nmax,'r ~ (469)
27

However, the low Doppler spread (high fading correlation) and low timing uncer-
tainty relative to the window size in the SUI models play to the strengths of TC-OLA.
We are able to receive with 1023 users in the uplink with only a small interference
penalty due to timing offsets. To illustrate this point further, we show simulated up-
link results for a range of timing uncertainty in Figure 4.12. For the 7 km cell radius
proposed in [19] the average round trip propagation time is ~ 23.3us, translating to a
uniformly distributed timing offset of 7 € [—24...24] chips for our system. We have
shown chip offsets as high as +64 chips with only a small BER penalty. The main

observation is that the BER floor moves up at the spread of timing offsets increases.

4.5 Conclusion

A code-division variant of TC-OLA has been proposed as an alternative physical layer
format for LPWAN monitoring applications. The original design concept was based
on the time-compression overlap add approach, but can be described as in 4.2.2 as
a time-domain rearrangement of the chips of a CDMA signal. However, we have
shown that TC-OLA has better raw BER performance than a CDMA system based
on circular shifts of a Gold code in time dispersive channels with a large number of
users. The critical difference between TC-OLA and the RPMA-like system in this
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Figure 4.12: Simulated uplink scenario showing TC-OLA system with 1023 users SUI
model 1 with a range of timing uncertainty. From this result we observe that greater
timing uncertainty reduces the performance and leads to a higher BER floor.
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scenario is that the practical number of users in the TC-OLA uplink is not limited by
timing uncertainty and delay spread, provided these values can be made small relative
to the window size. This allows the system designer to relax the timing requirements
in the uplink.

The ability to perform channel equalization at the symbol rate is an added benefit
that gives modest BER gains and transfers complexity from hardware rake fingers at
the chip rate to software equalization at the message or symbol rate. In the example
in the previous section a 1024-point FFT/IFFT is required every 1.05 seconds to
apply the FDE technique. To apply the TDE technique requires a digital filter with
suitable number of taps operating at the symbol rate of 977 sym/sec. These modest
requirements should allow for a range of dynamic software-based equalization schemes.

We have not applied non-linear (decision feedback) equalization here but it may
be possible to further reduce the BER using this technique. The matrix notation
presented here for R = 1 can be generalized to R > 1 by considering R subsamplings
of the received signal similar to the equivalent filter realization in [44]. Other future
work includes analysis of frequency and sample rate offsets, the effect of phase recovery
on the interference limit in Rician channels, and further investigation of the near/far
problem as it manifests in TC-OLA.
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Chapter 5

Robust TC-OLA Reception with
Frequency Domain Equalization for
UWB Applications

5.1 Introduction

Typical “impulse radio” ultrawideband (UWB) communications schemes use very
short pulses with bandwidths exceeding 500 MHz to communicate at very low power
levels over short distances [55]. Other systems proposed as UWB physical layer stan-
dards use variations of direct-sequence spread spectrum (DS-UWB) [56] or multi-
band orthogonal frequency division multiplexing (MB-OFDM) [57] to achieve the
prescribed bandwidth.

Research interest surrounding UWB communications appears to be in decline since
about 2010 [58]. However, the band between 3.1 and 10.6 GHz remains authorized for
use by unlicensed UWB devices operating within the FCC limits [23]. This provides
an opportunity for alternate communications schemes to operate in this band. One
such scheme that may be able to utilize this band is time-compression overlap-add
(TC-OLA), where early results used a custom software-defined radio (SDR) to trans-
mit and receive a signal occupying a 225 MHz bandwidth in an indoor laboratory
environment [12].

Single carrier frequency division multiple access (SC-FDMA) emerged as an al-
ternative to OFDMA that is used in the LTE uplink [59] and results in similar per-
formance with a lower peak to average power ratio (PAPR) than OFDM. A variant
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of SC-FDMA called interleaved FDMA (IFDMA) where all subcarriers are equally
spaced in frequency results in a similar time-domain construction to TC-OLA [45,46].
These schemes rely on single carrier frequency domain equalization (SC-FDE) tech-
niques to remove channel-induced ISI but require the insertion of a cyclic prefix (CP)
typically on the same order as the delay spread of the channel [60] such that circu-
lar convolution can be performed using the fast Fourier transform (FFT). The CP
insertion reduces the overall efficiency of the scheme. An analysis of overlap FDE, a
block-based reception technique that does not use CP insertion, is given in [61]. SC-
FDE with CP techniques were investigated in a UWB context in [62], which states
that a block may be transmitted multiple times to improve the received signal to noise
ratio. While this is true, it does not eliminate the proposed 25% overhead introduced
by the CP.

In this chapter we propose a variant of TC-OLA [12,37,44] as an alternate physical
layer scheme for UWB applications. The redundancy added by TC-OLA, equivalent
to block repetition proposed in [62], is used to extend the link budget when oper-
ating under the power constraints defined by FCC regulations [23]. To evaluate the
performance we consider the UWB channel models developed by the IEEE 802.15.3a
working group [21]. An important and novel feature of TC-OLA is the distributed
CP property which makes it possible to create a robust SC-FDE scheme with zero

CP overhead when the TC-OLA spreading factor 2 > 3. It can also operate in

R

harsher industrial channel models such as CM8 [21] without requiring a very large
block size to offset the effect of a long CP or suffering a low efficiency. The ability to
use block-based SC-FDE techniques without any modification to the TC-OLA signal
format is an attractive advantage of this combination. Another novel feature of this
combination is the ability to switch between two proposed receiver modes with the
same transmitted spreading factor to achieve greater efficiency (greater processing
gain, receive sensitivity) or greater tolerance to delay spread, depending on channel
conditions.

The remainder of this chapter is organized as follows. Section 5.2 presents the TC-
OLA system model and the basic method. Section 5.3 details how frequency-domain
equalization of TC-OLA is performed. Section 5.4 presents a system design and
experimental simulation results comparing with a typical SC-FDE system, including
specific examples and parameter choices. Section 5.5 presents our conclusions based

on observations of the analysis and experimental results.
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5.2 TC-OLA System Model

A baseband TC-OLA signal is generated for a message signal m[k] sampled at the
message rate f,, using (5.1) [44], where w[k] is a window function of length M chosen
such that w?[k] exhibits a constant overlap-add (COLA) property as in (5.2) when
overlap-added using hop size R. The change in indices from k to j indicates the
change in sample rate from the message rate f,, to the channel rate f, = % fm, where
% represents the TC-OLA spreading factor. The message signal may be a sampled
analog (ie: voice) signal, modem signal, or digital symbols. In the latter case, pulse

shaping occurs after the TC-OLA process.

sl = D_ wlj —iMJm[j —i(M = R)] (5.1)
‘Z w?[k —iR] = %E [w?[K] = C (5.2)

The details of TC-OLA using sine windows may be found in [12,44]. When the
message signal is made up of digital symbols, as we shall do here, a rectangular
window (5.3) is most appropriate, which is COLA for values of M and R as in (5.4).
TC-OLA based on digital symbols is illustrated in Figure 4.2.

1 :0<k< M
wyrlkl = - 5.3
mlk] {0 : otherwise (5:3)
M
=— K=1223.. A4
R 7 ,2,3 (5.4)

5.3 Frequency-Domain Processing

In time-domain TC-OLA processing the signal is overlap-added as in (5.5), where
c[j] in (5.6) is the discrete-time channel model and n[j] is an additive white Gaussian
noise (AWGN) process with zero mean and variance o2. In Chapter 4 it was shown

how this method effectively frequency-compresses the channel response.
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Figure 5.1: Ilustrating construction and block-based reception of TC-OLA with M =
4, R = 1. Shaded symbols act only as CP symbols while the hatched symbols act
only as block symbols. All other symbols act as both CP and block.

Mkl = Y wlk —iRlrlk +i(M — R)] (5.5)

1=—00

rljl = sljl * cj] + nly] (5.6)

While this was shown to work well when the channel response is short relative
to the window size, another solution is needed when the channel response is long
relative to the window size. As such we consider the block-processing receiver method
illustrated in Figure 5.1 and a frequency-domain equalization scheme such as MMSE.

When processed in this manner the maximum AWGN processing gain is

M
G=—-—-1, 5.7
- (57)
rather than G = % as with time-domain TC-OLA processing [44]. Referring to Figure
5.1, this is because R shaded symbols at the end of each window are only treated as
part of the CP and do not contribute to the processing gain. With this construction

the efficiency is

M—-R
= 5.8
=77 (5.8)
with an effective CP length Lsp and block length Lp of
Lep=Lg=M — R. (5.9)
This construction works down to the minimum % = 2, but gives a very poor efficiency

unless M >> R.
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Figure 5.2: Ilustrating construction and block-based reception of TC-OLA with M =
4, R = 1. At the expense of a longer block length and a shorter effective CP length
the CP overhead present in Figure 5.1 can be eliminated. The new Lep = 2 (was
3) while the new Lp = 6 (was 3). However, there is no longer any CP overhead: all
received samples contribute to the processing gain.

At the expense of reducing the effective CP length and increasing the block length
it is possible to create a scheme with no CP overhead as shown in Figure 5.2. The

effective CP length in this construction is
Lep =M —2R (5.10)

and the block length Lp is
Lg =2(M — R). (5.11)

The final M —2R samples of the block are discarded after applying the equalizer, and
because of this the computational load is slightly higher. This construction requires
that % > 2. From an implementation viewpoint, we would also like to constrain
Lp in either method to a power of 2 for processing using the fast Fourier transform
(FFT).

The ability to use block-based SC-FDE techniques without any modification to the
signal format is an attractive advantage and a novel feature of TC-OLA. The decision
of which method to use can be left up to the receiver, and requires no change in the
transmitted signal. For the same spreading factor, the method of Figure 5.1 has a
longer effective CP and shorter block length than the method of Figure 5.2. Thus it is
tolerant of longer delay spreads and has less stringent timing recovery requirements.
The receiver may switch to the method of Figure 5.2 if channel conditions allow,
increasing the realized processing gain from % —1to %.

To perform the frequency-domain equalization (FDE), the FFT is taken over each
block and the equalizer taps C; are applied. The inverse FFT is taken of the result,

which is then overlap-added with previous results to form the final output. The
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received signal can be written as

m[k] = 'Z wy [k — iR)p;, (5.12)
pi = F H{C;o F{wr,[k —iR|r[k +i(M — R)|}}, (5.13)

where F{-} is the FFT operator and o is the point-wise (Hadamard) product. Note
that we have used a rectangular window of length Lg to prepare the block for the
FFT and a window of length M for the overlap add process. In construction of Figure
5.1 the window wy,[-] has no effect as M > Lg and in the construction of Figure 5.2
this window is used to trim the block back to the window size.

The equalizer taps C; are computed as

H;

S — (5.14)
[Hil? + 55

where Ej, is the energy per bit, Ny is the one-sided noise power spectral density,
and Hj is the length L FFT of the channel impulse response (CIR) associated with
window .

Interblock interference (IBI), a symptom of too short CP length relative to delay
spread, tends to distort symbols near the beginning of the block in SC-FDE systems
[62]. As can be seen in Figure 4.2, the construction of TC-OLA naturally shifts
symbols through different positions within successive FF'T blocks. We reason that

this effect helps to average the distortions due to IBI over a larger number of symbols.

5.4 Simulation Results

For the simulations done here we choose the same parameters as the SC-FDE system
of [62], namely RRC pulse shaping with symbol duration 7" = 2 ns and rolloff § = 0.5.
The simulation sample rate is 4 GHz. We assume that block timing is recovered and

that the channel is estimated perfectly at the receiver.
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M/R M R Lcp
3 192 64| 64
5 160 32| 96
9 144 16| 112
17 136 8| 120

Table 5.1: Range of TC-OLA parameters and effective CP for Lg = 256.

5.4.1 Indoor Channels

In the first experiment we apply the construction of Figure 5.2 to the indoor channels
CM1 and CM3. The parameters we choose for the TC-OLA system are M = 192,
R = 64, such that the effective block length Ljp is

Lp =2(M — R) = 256, (5.15)
and the effective CP length Lop is
Lep =M — 2R = 64. (5.16)

We note that the TC-OLA spreading factor is % = 3 which is the minimum for this
method, and extends the link budget by 4.77 dB. This system has an effective bit
rate of 167 Mbps. The comparable SC-FDE system uses the parameters from [62],
with the block size of 256 and the CP length of 64. This system has an effective bit
rate of 133 Mbps when using the equivalent block repetition rate of 3.

Simulation results comparing these two systems for CM1 are shown in Figure 5.3,
while additional simulations (not shown) have confirmed a similar effect for CM2 and
CMs3. The SC-FDE results have included the CP overhead in computing Ej,/Ny. The
main observation we make from this result is the expected gain in Ej,/Ny and bit rate
from the elimination of the CP overhead.

One way to explore the parameter space is to hold the effective block length Lpg
constant and increase the processing gain. This increases the effective CP length
thus increasing the maximum tolerable delay spread. We do this if it is not practical
to change the FFT size. Table 5.1 list the results for a constant block length of
Lp = 256.

To analyze the difference in computational load we assume that computation of the

FFT dominates the processor. The SC-FDE system requires a number of operations



105

100 Performance of TC-OLA and SC-FDE in CM1
‘ ‘ —  BPSK (AWGN)
e—e TC-OLA, CM1
101 e o SC-FDE, CM1 ||
102] N NS O S
o
(NN
m
T - N D NN S
T — - R N
.
v
y
105 1 \
10 20

Ey/N, (dB)

Figure 5.3: Comparing the performance of TC-OLA and SC-FDE in CM1. Both
systems use an effective block size of 256 and CP length of 64. We observe the
expected increase in efficiency as the CP overhead has been eliminated. Additional
results for CM2 and CM3 (not shown) confirm a similar result.
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proportional to

M
ELB 10g2 LB (517)

while the TC-OLA system requires
L
_RBLB 10g2 LB, (518)

which reduces to

R
2 (1 — M) : (5.19)
This tends to a maximum of 2 as R becomes small relative to M. In return for this
increased computational load we are increasing the effective CP length. If our goal
is to maintain a certain CP length corresponding to particular channel delay spread

then we might consider a smaller block length when increasing the processing gain.

5.4.2 Industrial Channels

In the second experiment we consider the industrial non-line of sight (NLOS) channel
CMS. The construction of Figure 5.1 is used with % = 5 to extend the link budget.
Although this scheme is only 80% efficient by application of (5.8), an effective CP
length of 256 can be obtained with an FFT block length of 256. The SC-FDE system
of [62] requires a block length of 1024 to maintain the same efficiency. Conversely,
we could design a TC-OLA system based on the method of Figure 5.2 with a block
length of 1024 and an effective CP length of 256 using % = ;% = 3. This method is
100% efficient for the same CP and FFT block length as the SC-FDE system.
Additionally, increasing the spreading ratio % while maintaining the effective CP
length results in both an increase in overhead efficiency and extension of the link
budget at the expense of effective bit rate, which can be calculated as %%n. Results
for CM8 are shown in Figure 5.4 for a range of spreading ratios. When the effective
CP length is reduced below the channel length an expected BER floor is observed.
When the spreading ratio is increased while maintaining the CP length we observe

the expected increase in overhead efficiency.



107

Performance of TC-OLA in CM8

o
w
[a]
10—3 : SN BN T
—  BPSK (AWGN)
e—e M/R=80/16=5, =0.80
T M/R=160/32=5, n=0.80 : : 3
10°H s+— M/R=320/64=5,7=0.80 | NN\
=—a M/R=288/32=9, n=0.89 1
> M/R=272/16=17, n=0.94 :
10‘5 1 1 L\ 1 1
0 3 6 9 12 15 18 21

E,/N, (dB)

Figure 5.4: Results in CMS8 for a variety of CP lengths and spreading ratios. The
typical delay spread of CM8 channels is Tgys = 89ns [21], from which we estimate
the required CP length as 37gps = 267ns [47]. The first two TC-OLA scenarios listed
here have CP lengths of 64 (128 ns), 128 (256 ns), while the remainder have a CP
length of 256 (512 ns). The effective bit rate of the first three scenarios is 80 Mbps,
while the remaining two scenarios have effective bit rates of 49.4 Mbps and 27.7 Mbps
respectively.
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5.5 Conclusion

In this work we assume that our model TC-OLA and SC-FDE systems are equally
capable of acquiring block timing and estimating the channel. In comparison with
overlap FDE, which requires no CP overhead or block acquisition, it is much more
complex. However, overlap FDE comes with a BER floor that can only be reduced
through a higher processing load [61]. The TC-OLA scheme proposed here represents
a compromise with no or low effective CP overhead and similar processing load to
SC-FDE. Unlike overlap FDE, the CP overhead is eliminated without the increased
processing load required to maintain a practically useful BER floor. However, these
gains can only be achieved through a TC-OLA spreading factor % > 3.

In time-domain TC-OLA processing the equalizer is applied after the overlap-add
process. In this case some information about the channel is lost as the time-varying
components of the channel tend to be averaged out by the overlap-add process [12],
although the complexity and processing load is much lower. In the case we discuss
here, no information is lost assuming the channel can be accurately estimated at some
rate of change slower than the block rate. This assumption is thought to be valid for
most UWB channel model applications. Measurement and modelling campaigns have
focused on the static CIR measurement, with some analysis on the effects of body
shadowing effect (BSE) or other dynamic obstructions in the environment [63].

Block-based reception of TC-OLA with frequency-domain equalization has been
proposed as an alternative physical layer scheme for UWB applications. In addition
to the advantages of SC-FDE methods such as lower PAPR [62], the particular ad-
vantage of this scheme is that the CP overhead can be reduced or eliminated when the
redundancy added by TC-OLA is used to extend the link budget under the transmit-
ted power constraints defined by the FCC. As an example, assuming a CP overhead
of 25%, this can be the difference between 100 Mbps and 125 Mbps when a spreading
factor of 4 is used to extend the link budget by 6 dB.
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Chapter 6
Discussion and Future Work

In the course of the research work on this topic several ideas were investigated that are
not represented in any article submitted for publication. This chapter captures these

ideas as they may lead to additional discussion, patent claims, or future publications.

6.1 Perspectives on TC-OLA

Overlap-add is used in signal processing as a way to apply a known FIR filter h[k] to
a long sequence z[k]. This is done by breaking up the convolution into multiple con-
volutions of h[k] with short segments of z[k]. TC-OLA applies an unknown wideband
channel response h[j] to a narrowband signal x[k] using the overlap-add method. The
wideband channel response is only accessible due to the bandwidth expansion that
results from creating the higher sample rate stream s[j] from short segments of z[k].
The overlap add process, in turn, restores the drop in SNR that results from the
bandwidth expansion. This perspective lends a simple elegance, showing how each
component of the method is interdependent.

This section summarizes some perspectives on TC-OLA that were presented through-
out the previous chapters. Here we look at TC-OLA as matched filter communications
system, a spread spectrum system, and a block processing system. In the end, we
look at time-domain sample rearrangement as a recurring theme and a method of

connecting TC-OLA to other existing communications schemes.
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Pulse shape p[j] for sine window with M =8, R=1 (Unit Energy).
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Figure 6.1: Unit-energy pulse shape p[j] for sine window with M = 8 R = 1. Window
function shown in dotted line for context.

12 Autocorrelation of p[j] for sine window with M=8, R=1.
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Figure 6.2: Autocorrelation of p[j] for sine window with M = 8, R = 1. The
correlation peak of 1.0 indicates that we have captured the energy in the transmitted
pulse.

6.1.1 As a Matched Filter Communications System

The filter equation (3.22) in Chapter 3 allows us to write an equation for the equivalent
pulse shape p[j]. From inspection of (3.23) we observe that there are actually R pulse

shapes which are simply different subsamplings of the window shape as in (6.1).

pq{(%—l)k}:w[Rk+¢],¢€[O...R—1] (6.1)

The normalized (unit energy) pulse shape for sine windows with M =8, R =1
is shown in Figure 6.1 in the context of the window functions that it occupies. The
autocorrelation of p[j] is shown in Figure 6.2 with a peak of 1.0, indicating that the
energy in the pulse has been captured.

Note that in practice it may not be feasible to correlate over such a long pulse

shape as we only expect the channel to be quasi-static over one window period. We
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Magnitude spectrum of p[;] for sine window with M =8, R=1.
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Figure 6.3: Magnitude spectrum of p[j] for sine window with M = 8, R = 1. Shown
in linear (top) and dB scale (bottom).
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OIfr’)ulse shape p[j] for RRC window with M =8, N=3, R=1 (Unit Energy).
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Figure 6.4: Unit-energy pulse shape p[j] for RRC window with M = 8 R = 1.
Window function shown in dotted line for context. Note that the RRC window
functions overlap at the channel rate.

only point out here that the overlap-add method is equivalent to a matched filter
correlation receiver.

For the sine window shape discussed above, windows functions are orthogonal by
the simple fact that they do not overlap in time. One can expect that it is possible
for transmitted segments to overlap in time if orthogonality is maintained. One such
window shape is the root raised cosine (RRC) window, which should come as no
surprise to those familiar with digital communications. The equivalent pulse for this
case is shown in Figure 6.4. Although this approach spreads the pulse over a longer
period, it can also reduce the PAPR of the transmitted signal and reduce the spectral
side lobes of the pulse as shown in Figure 6.5.

The theoretical performance of this scheme can be evaluated on the basis of ]}3—0
using the equivalent unit-energy pulse shapes and a defined a symbol constellation.

However, this is not seen to be the most useful or interesting interpretation of TC-
OLA.

6.1.2 As a Spread Spectrum Method

As we have described in Chapter 2, the basic effect of playing back a signal sampled
at rate f,, at a higher rate f. is that the spectrum of the message signal m,[k] is
spread in bandwidth by the ratio = This is indeed the case over the observation
period of one window, assuming the window function has only negligible effect.

In this way TC-OLA can be considered a spread spectrum technique. As a spread-
spectrum technique it can be expected to have a processing gain in AWGN channels,

which was derived for sine windows in Chapter 3 and shown to be independent of the
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Magnitude spectrum of p[j] for RRC window with M=8, N=3, R=1.
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Figure 6.5: Magnitude spectrum of p[j] for RRC window with M =8, N =3, R = 1.
Shown in linear (top) and dB scale (bottom).
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Magnitude spectrum of p[j] for RRC window with M=8, N=3, R=1.
With Code=[1 1-1-1-1-1 1 1]
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Figure 6.6: Magnitude spectrum of p[j] for RRC window with M =8, N =3, R = 1.
Code symbols are applied to each window. Compare this with Figure 6.5, where all
of the transmitted signal energy is concentrated in narrow bands.

window shape in Chapter 4.

Consider the magnitude spectrum of the pulse p[j] generated in the previous sec-
tion (Figure 6.3). Although the spectrum of my,[k] is spread by += in the short
observation period, the repetitive nature of the transmitted signal causes the signal
power to be concentrated in regularly-spaced narrow bands over a longer observation
period. As a spread spectrum method, this implies that the message signal is suscep-
tible to interference within these bands. However, adding a code to the transmitted

segments is one way to redistribute the energy, as shown in Figure 6.6.

6.1.3 As a Multicarrier and Cyclic Prefix Block Processing
Method

There exist several variants of block transmission wherein a CP is prepended to the
modulated signal block. Some of these methods are multicarrier-oriented, while some
are single-carrier oriented. Based on Figure 6.5, we might consider uncoded TC-
OLA as a multicarrier method where the carriers are spread uniformly across the
channel bandwidth. Each carrier conveys a portion of the information contained in
the message signal. It has been shown possible to recover TC-OLA by combining
each of the carriers through appropriate filter and frequency-shift operations.
Provided the channel length is shorter than the CP and the channel is stable over
the length of the CP and modulated signal block then the linear convolution with
the channel can be converted into a circular convolution and processed with FFT.
OFDM perhaps most famously makes uses of this technique, but other techniques in
this family include SC-FDMA and its variants: IFDMA, LFDMA, DFDMA [46] and
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Figure 6.7: Illustrating the time-domain mapping between TC-OLA (top) and
IFDMA (bottom) [46]. Shaded symbols are not part of the IFDMA block shown
but could be mapped to an adjacent IFDMA block.

others. Overlap FDE attempts to use FFT processing techniques without a CP by
playing BER floor against processing load [61].

As we have shown in Chapter 5, the time-domain arrangement of samples used
by TC-OLA can be used to reduce the CP overhead as redundancy is added. It some
cases it can be completely eliminated, without the issues associated with overlap
FDE.

6.1.4 Sample Rearrangement and SC-FDMA

As the name implies, SC-FDMA is inspired by frequency division schemes. Specific
time-domain patterns illustrated in [46] emerge from particular subcarrier mappings
in frequency. For example, IFDMA distributes the subcarriers evenly over the band-
width while localized FDMA (LFDMA) gathers them together in a contiguous block.
Yet another scheme called B-IFDMA distributes blocks of two or more subcarriers
evenly over the bandwidth [64] as a compromise between these two schemes. The
basic structure of the transmitter and receiver for these schemes is the same, with
the main difference being the subcarrier mapping procedure.

TC-OLA was initially motivated by arrangements of samples in the time domain.
In contrast to the relationship above, certain frequency-domain patterns emerge based
on the particular arrangement of samples in the time domain. The basic TC-OLA ar-
rangement leads to the frequency domain pattern shown in Figure 6.5 which we could
interpret as evenly spaced subcarriers, very similar to the frequency-domain construc-
tion of IFDMA. The time-domain mapping between these two schemes is shown in
Figure 6.7. Time-domain rearrangement of samples was also used to illustrate the

connection to CDMA in Figure 4.3 and will be used to illustrate the connection to

OFDM in Section 6.3.2.
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6.2 System Parameter Relationships

Throughout the previous chapters there are various examples of relationships between
the TC-OLA parameters and channel parameters. A summary of these relationships
is given here as a guide for the system designer.

A basic unit is the window time T}, (in seconds) which we define as

_M
A

Another measure is the averaging time 7,4, which we can consider to be the effective

T, (6.2)

“rolling average” window on the channel response. This averaging effect is discussed

in Chapter 2, particularly the comparisons of Figures 2.5-2.7. Therefore

M M? M

Tavg = F5dw = R_fc = f_m7 (63)

R

assuming no timing markers are used in the transmission.
Although the channel transformation created by multipath delays longer than T,
were discussed in Section 3.2.2 and it does have some interesting implications, this
case was not considered in detail. In the time-domain equalization case considered in

Chapter 4, any significant multipath components are assumed to arrive within about
Trmaz = 0.1T, (6.4)

to minimize interference between users and maintain (approximately) the constant
overlap add property. This figure was arrived at through simulation and some addi-
tional analysis could expose the tradeoff between the spread of multipath delays and
the SIR given the TC-OLA parameters. This figure is used to justify the window size
given the round-trip propagation time over the cell radius.

In comparison, the frequency-domain equalization case considered in Chapter 5
requires that significant multipath components arrive within Lop in order for the
circular convolution to work. In the method of Figure 5.1 the length of the CP and
the length of the block are the same, and both are shorter than the window. In other

words we can tolerate multipath delays up to

o — (1 - %) T,. (6.5)
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The method of Figure 5.2 means that significant multipath delays up to

2R
maxr — 1 —— Tw .
T, < M) (6.6)

may be tolerated. The value of 7,,,, can be estimated from the common channel

parameter RMS delay spread Tras s Tmaz = 3Trums [47].

6.3 Multiple Access

In this section well-known multiple access methods are applied to the basic TC-OLA
concept. The multiuser TC-OLA system is assumed here to be a wireless star network.
In the downlink (base station to remote terminal) the aggregate signal of all users is
transmitted by the base station in a window synchronous manner. All of the signals
arrive at the remote terminal having experienced the same channel distortions. In the
uplink (remote terminal to base station) not only have signals experienced different

channels but are also subject to differences in arrival time at the base station.

6.3.1 Time Division

Multiple access by time division was considered in Chapter 2 but was not treated
mathematically. A baseband time division TC-OLA waveform for N users can be
described as in (6.9) by modifying the original equation in (5.1). Construction of the

baseband waveform is illustrated in Figure 6.8.

sO[) = suli = i(N = 1)M] (6.7)
= 'Z wlj — iNM]m,[j —i(NM — R)] (6.8)
O] = 3 0 - ] (6.9)

u=0
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Figure 6.8: Time-division TC-OLA system with two users. Segments from my[k] and
m[k] are interleaved to form the transmitted signal.

Mlk] = i wlk — iR)sY[k + i(NM — R) + uM] (6.10)
= C'ml[k] (6.11)

This scheme is the basis for the classical TCM systems where the window function
is assumed to be rectangular as in (4.5). These systems may operate with R = M or
R = M — G where G is the number of samples that overlap in order to protect against
grouping noise [5]. Another common scheme to prevent grouping noise in classical
TCM is zero crossing detection. We could interpret this scheme as having a variable
window length M'[i] such that E [M'[i]] = M.

In this scenario the noise bandwidth (and consequently the noise power) at the

receiver must be increased by a factor of N %. For classical TCM systems where
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% ~ 1 the increase in noise bandwidth is approximately a factor of N.

It is possible to relate [8] to a N-user TCM system with only one active user. The
noise bandwidth at the receiver must be expanded by a factor of N and to compensate
the transmit power must be increased by the same factor to maintain the signal-to-
noise ratio (SNR). Although the average transmit power remains the same, we must
build into our system an amplifier capable of producing N P, with a 1/N duty cycle.
To the system designer this tradeoff may be worth the proposed advantage of the
system [8], which is to spread the analog voice signal such that frequency-selective
fading is experienced. The equivalent TC-OLA system is easily shown to experience
much the same frequency-selective fading but with a continuous duty-cycle power
amplifier operating at P, to achieve the same received SNR.

In Chapter 2 a practical system with a spreading factor of % = 4 was demon-
strated, in a time division configuration with N = 4999 users. We observe here that
although increasing the overlap further expands the bandwidth, it does not degrade
the AWGN performance given the process gain derived in (3.18). Thus we are losing
only to increasing the number of users N. This observation motivates the investiga-

tion of other multiple access methods for use with TC-OLA.

6.3.2 Code Division

Multiple access by code division was described in detail in Chapter 4. It was also
shown that TC-OLA is equivalent to direct-sequence CDMA through a consistent
pattern of time-domain sample rearrangement. Here we show that the same is true
of OFDM, if the CP component is neglected.

Equivalence with OFDM

Consider the code division TC-OLA signal construction from (4.12). If we were to

choose the code in (4.15) as the set of polyphase sequences such that

2miu

iy = el m (6.12)

it is possible to show that the TC-OLA output is a time-domain rearrangement of
the OFDM modulator output. The code sequences are made up of samples of the
sinusoidal components that make up the OFDM symbol, which we would usually con-
sider a frequency division scheme. This relates TC-OLA to both OFDM and CDMA
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simply by choice of code sequences. Another scheme that can be easily connected
to both CDMA and OFDM is IFDMA [45]. It is shown in [65] that OFDM can be
considered as a set of spreading sequences which meet certain constraints.

As an example, consider four discrete time series xy, yi, 2, and w;. The codes in
(6.12) are applied to generate four coded TC-OLA signals using (4.11) with rectan-
gular windows to yield (6.13). The columns are summed to produce samples of the

transmitted signal s; as in (4.12).

4 5 6 7 |8 9 10 1112 13 14 15 || j
o o o441 1 1 112 2 2 2|3 3 3 3 |1

o X1 X9 T3 |1 X2 X3 T4 |9 I3 Ty4 Ty |3 T4 Ty Tg x1

i
Yo Y1 Y2 Y3 (Y1 Y2 Y3 Ya |Y2 Y3 Ys Y5 |Y3 Ys Y5 Ys || X€E 2
20 21 29 23 |2z Zo Z3 24 |29 z3 Z4 5 |23 Z4 z5 2g || xXe
Wop W W2 W3 | W Wy W3 W4 | W2 W3 W4 Wy | W3 Wq4 Wy We xe'z2

(6.13)

The vector of frequency-domain symbols A = {x3,ys, 23, w3} is applied to the

input of an OFDM modulator to obtain the output vector a as

2mkn

3
a=DFT A} ¢ a, =) At . (6.14)

k=0

Now we compare a with the samples of s; that contain {z3,ys, 23, ws}:

S$3=x3+ Y3+ 23 + ws = ay (6.15)
S6 = T3 + Y3€'2 + z3€"™ + wgez%ﬁ = (6.16)
Sg = x3 + yze'" + 23 + wze'” = ay (6.17)
S19 = T3 + ygez%r + 236" + wye'2 = a3 (6.18)

From the example, it is clear to see that this instance of TC-OLA could be produced
from the output of an OFDM modulator (before application of the CP) by choosing

the code sequences in (6.12) applying the regular pattern of sample rearrangement.
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6.3.3 Frequency Division
A frequency division scheme can be described as

N—
s = suljle™mas, (6.19)

u=

[y

where Ay is the frequency offset between users. The received version of this signal is

mulk] = Y e 5wk — iR|sV[k +i(M — R)] (6.20)
N-1 00
=Y myfk] > e[ — iR (6.21)
u=0 i=—00

Similar to the previous section, this scheme can also be shown to be a rearrange-

ment of OFDM samples for Ay = u% when using rectangular windows.

6.3.4 Multicarrier Code Division

The multicarrier CDMA concept provides multiple ways that we might create a com-
munications system by combining aspects of CDMA and OFDM. Just as there are
multiple ways to assign chips to carriers in the multicarrier CDMA concept [66], there
are also multiple ways to assign coded TC-OLA windows to carriers. These meth-
ods are essentially combinations of the code and frequency division multiple access
schemes discussed above.

As an example, we might assign the same coded windows to each carrier, where

the code symbol is assigned based on the carrier index as

~ c-1

S = 3wl — Ml — (M~ R)) Y aue™,(6.22)
i=—00 c=0
N—-1

S(mc,l)[j] _ Z ngc’l)[j]. (623)

u=0
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Figure 6.9: Illustrating stream (top) and circular (bottom) TC-OLA.

In a second instance we might assign sequential windows to sequential carriers as

0o c-1
(mc 2) Z wlj — iM] aeumylj — (Ci+c)(M — R))e*™iAr (6.24)
1=—00 =0
N-1
oD =Y s ). (6.25)
u=0

All of the combinations in [66] should have a parallel for TC-OLA. Analysis of
any potential benefits resulting from the combination of code and frequency division

in a TC-OLA context is identified as an area for future work in Section 6.11.2.

6.4 Circular TC-OLA

It was recognized early on in this work that the process of transmitting a burst of
data (rather than a continuous stream) was incredibly inefficient, especially when the
burst size is short and the spreading ratio is high. At the beginning of transmission
windows are initially empty and new sample values are shifted in, creating a “head”
of % windows. Similarly, there is a “tail” of % windows as the final samples are
shifted out. A variant called circular TC-OLA was developed to improve this burst
efficiency problem. The scheme is illustrated in Figure 6.9.

This construction makes it easier to support bursty or packet-based transmission,
with the constraint that at least % windows must be sent. These % windows are
overlap added into a circular buffer (instead of a linear buffer) to recover the message

signal.
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6.5 Offset TC-OLA

In Chapter 2 the windows were separated by a short exponential sine sweep, Barker
code, or other timing marker. This had the advantage of providing a straightforward
method of timing recovery as well as a coarse estimate of the channel condition.
However, this scheme in not efficient in terms of channel utilization. The real TC-
OLA signal developed in Chapter 3 removes the space between windows to increase
the efficiency in terms of channel utilization but creates a DSB-SC type signal which
has only 50% spectral efficiency. This real TC-OLA signal can be used to create
a more efficient scheme by multiplexing two signals in quadrature, similar to the
way that QPSK can be considered as two BPSK signals in quadrature. Consider the
discrete complex baseband signal consisting of two independent TC-OLA signals s1[j]

and s3[7] which are transmitted in phase and in quadrature, respectively:

s = s1lf] + s {j - %} (6.26)

= s7[j] + isqly] (6.27)

In this formulation, the transmitted signal will have a constant envelope in the case
that the input signals m4 [k] and mq k] also have equal constant envelopes as illustrated
in (6.28) and Figure 6.10. Another way to obtain a more constant envelope and more
efficient channel utilization is to make use of the overlapping RRC windows described
in Section 6.1.1 with a complex input signal.

7T

‘A cos— +1

sin 77| = 4 (6.29)

The advantage of constant envelope is to reduce the linearity requirements for the
power amplifier stage. The other benefit of this scheme is that the periodic phase shift
between the in-phase and quadrature axes allows the receiver to track the frequency
and phase of the signal and to determine the window boundaries.

In (6.26) the quadrature component is delayed by % At the receiver, we can delay
the in-phase component by % in order to regain the original relative time alignment
of m1[k] and ms[k|. However, it is ambiguous at the receiver as to which series of win-

dows is intended to be in phase and which is in quadrature. Consider the case where
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Figure 6.10: Offset Window Functions Showing Constant Envelope
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Figure 6.11: Offset TC-OLA transmitter and receiver, showing additional delays to
maintain time alignment.

the transmitter’s in-phase channel is received on the quadrature channel. Instead of
both channels experiencing an additional delay of %, this channel experiences an ad-
ditional delay of M while the other channel experiences none. To solve this issue we
note that a delay of M at f5 is equivalent to a delay of R at f;. An additional delay of
£ is added to both the transmitter and the receiver (Figure 6.11). This ensures that
relative time alignment between m, [k] and mo[k| is maintained at the receiver output
regardless of the receiver’s channel orientation relative to the transmitter. This adds
an additional constraint to Offset TC-OLA that the hop size must be divisible by 2.

This system is considered in Section 6.11.1 regarding potential patent claims.

6.5.1 Phase and Frequency Synchronization

To synchronize phase and frequency offset we first consider the periodic phase shift of
the window functions introduced in Figure 6.10. The phase relative to a copy of the
signal delayed by % samples produces a triangle wave with amplitude 7 as shown in
Figure 6.12. This triangle wave can be produced by multiplying with the conjugate
of the delayed version and taking the argument as in (6.30).
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Figure 6.13: Offset TC-OLA detector circuit. Produces a triangle wave at the window
frequency when the TC-OLA signal is aligned with the 1/Q axes.

synclj] = £ {( COS%‘ +1 sin%‘) ( sin% —1 COS%D] (6.29)
2mg 2mj
=/ { sin%' — 1208 %} (6.30)

In practice the TC-OLA signal will carry a bipolar signal. To manage this we
add an absolute value operation, resulting in the detector circuit of Figure 6.13. This
circuit produces a triangle wave at the window frequency only when the TC-OLA
signal is aligned with the I/Q axes.

Assume that the transmitted signal has rotated in the channel by angle 6 such that
the signal is received as in (6.31). Given an input signal of unmodulated windows,
the output of the detection circuit shall be as in (6.32). For a TC-OLA transporting
a practical signal such as QPSK this can be made approximately true by the use of a
short smoothing filter at the output of each of the absolute value operations in Figure
6.13.

rlg] = (s1lj] + isqli])e” (6.31)

=25 (

2mj
in —= — sin 260
sin i sin ’—l—

+'1
/[/_
2

We shall now inspect two cases. The first is for 6 = n3:

277
in —= + sin 20
sin 7 + sin D

T
— — 20| —
S VA ‘

o
Ccos % + cos QGD} (6.32)
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Figure 6.14: TC-OLA Phase Synchronizer. Two detectors are used, one at 0rad and
the other at § rad. Their outputs are used to drive the error signal to a phase locked
loop.

(6.33)

The other case is for 6 = 7 + n5 which can easily be shown to be zero. It is with
these two cases that we develop a phase synchronizer as in Figure 6.14. By duplicating
the input signal with an I/Q rotation of 7 it is possible to create a bipolar error signal

using a simple rule:

eglj] = sign(do[j])dx/als] (6.34)

Standard PLL techniques [67] can then be used to synchronize to the phase of
the received TC-OLA signal. Tt is clear that there is a 7 ambiguity in the phase
detector that must be resolved by the transported signal. However, the recovery
circuit for the transported signal does not need to track all possible orientations, only
the four possible axis alignments. This recovery circuit is considered in Section 6.11.1

regarding potential patent claims.

6.5.2 Window Synchronization

We observe that the triangle wave dy[j] generated by the phase synchronization circuit
in the previous section maintains a constant alignment with the incoming window

functions. The proposed solution is to track this generated triangle wave using a phase
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Synchronizer Waveform for Various Phase Angles
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Figure 6.15: Synchronization waveform for different phase offsets. The synchronizer
attempts to maximize the 0 radian branch and minimize the 7 branch.
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Figure 6.16: TC-OLA Window Synchronizer. A quadrature triangle wave is produced
by means of additional delays. Estimates of the window functions are produced by
taking the absolute value of the real and imaginary components separately.

locked loop as in Figure 6.16. A secondary output of the DDS provides estimates of
the window functions @y [j] and wg[j] by taking the absolute value.

A quadrature triangle wave is produced by means of additional delay. This mimics
the quadrature component of a sine wave and helps to reduce oscillations in the
error term e,,[j] when the actual window frequency is near to the nominal frequency.
When the actual window frequency differs from the nominal window frequency (due
to sample rate mismatch) the magnitude of oscillations increases. This mismatch
in rate also causes a phase shift between the received and locally generated window

functions.

6.6 Timing Recovery

One method to recover timing in a multiuser downlink scenario where signals from
all users are transmitted in a window-synchronous manner is to dedicate one channel
to timing recovery and broadcast/control information. In the simplest case a known
message sequence of M — R samples can be transmitted on the trivial user’s channel
(code {1,1,...} for code division or no frequency offset for frequency division). Due

to the structure of the transmitted signal, the sequence repeats every M — R samples
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at the channel rate as well, completing % + 1 repetitions every % windows. This can
be considered a special case of TC-OLA where, when rectangular windows are used,
the low-rate message signal and the high-rate transmitted signal are identical except
for the sample rate.

The known sequence should ideally cover most of the message bandwidth and
have good correlation properties. A Chu sequence [68] is a good candidate for the
known sequence as it meets these criteria and can also usefully be used to estimate
the equivalent low rate channel ¢[k]| by correlating the known sequence against the

receiver output for the trivial user.

6.6.1 Sample Frequency Offset

In Chapter 2 the sample clock drift is mentioned as a possible issue. In the practical
sections of that chapter, independent GPS disciplined oscillators were used and found
to be stable enough to perform the experiments. Some applications may not be able
to use GPS easily, such as industrial networks, underground networks, etc. These
applications may require some method of synchronizing the sample frequencies.
Audio-motivated procedures such as resampling may be too processor-intensive
to be practical. Another method is to provide feedback to the ADC sample clock
oscillator based on the synchronization state. Another method is to manipulate the
offset of the window function at the channel rate. For example, the basic time-shifting

receiver model could be modified as

mk] = Y wlk —iRJr[k +i(M — R) + &, (6.35)

1=—00

where &; is some small (positive or negative) integer. Ideally ¢; is limited to the values
{—1,0,1} which mimics the periodic insertion or deletion of a sample (rob/stuff) used
to maintain timing in some OFDM synchronizers [69]. From the analogous OFDM
results, one might expect this approach to haver lower complexity than feedback

correction of the oscillator frequency while also having lower performance.

6.6.2 Parameter Estimation

A simple method for estimation of the TC-OLA spreading parameter % for a single

user is sometimes possible by inspecting the autocorrelation function. Assume a
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message signal with a range of frequency content and an autocorrelation function that
is much shorter than the window time T,,. Based on the structure of the transmitted
signal, one can expect % autocorrelation peaks would be observed, spaced by M — R
samples. Each peak has lower amplitude than the last as the repeated portion in each
successive window is reduced and more new content is added. This method can also
be used to estimate the frequency offset within a certain range by phase rotation of
successive peaks, and window timing. Once multiple users are involved this simple

method is no longer reliable.

6.7 Window Weighting

Applying a weighting function to each window as a method of optimizing some aspect
of TC-OLA was mentioned in Chapter 2 and is also granted in claim 41 of the patent.
Until now windows have been combined without any weighting which we can liken to
an equal gain combining (EGC) scheme. Other diversity combining schemes such as
MRC could be explored in this context. Two window weighting concepts that were
explored in the course of this work are channel inversion, where the weight is the
inverse of the channel gain, and window discard, where the weight is simply a binary

mask.

6.7.1 Channel Inversion

Under Rayleigh fading, the output SNR with channel inversion is distributed as the
harmonic mean of exponential random variables. This problem bears similarity to
the problems encountered in the context of multihop relay systems [70,71]. Using
the results for the linear combination of inverse Gamma distributed random variables
from [72] we can write the characteristic function for the distribution of X = &5 as
o = g (32

g

(6.36)

where K(-) is the first-order modified Bessel function of the second kind.

To simplify the SINR analysis for non-rectangular windows, a weighting coefficient

2

w:lk] is defined that measures the contribution from each overlapping window at

the centre of the current window as shown in Figure 6.17. SINR values are then

computed for the centre of the window only. This calculation is exact when R =1 or
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Figure 6.17: Tllustrating values of the weighting function w?[k] as the contribution
from each window that overlaps the current window.

a rectangular window is used, otherwise is a subsampled approximation.

The characteristic function of the weighted sum

M
2R
Y= > wljX (6.37)
T
can be expressed as
M
2R
ov(t) =[] ox w2ljlt) (6.38)
i=—3%

7= SR (6.39)
et .
- 70%2 (6.41)

where we have the product of the SNR expression for AWGN as derived in Chapter
3 and the random variable Z scaled by %.

Once again using the results from [72], the cumulative density function (cdf) of Z

Fy(z) = % + L /0 Tg (%W) dt (6.42)

is:

™
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Figure 6.18: Probability density function of SNR with channel inversion, using sine
windows.

and the probability density function (pdf) of Z can be written:

Falz) = % /0 R (e 0y (1)) di (6.43)

The integral can be evaluated numerically. This has been plotted in Figure 6.18
for several values of % with the pdf of Z scaled by %. We can compare with the
plotted results for two variables in [70] which have a similar characteristic shape. The
pdf can then be used to compute the Shannon (ergodic) capacity of the system or the

more practically useful capacity with outage [47].

6.7.2 Window Discard

There is an optimization problem to be solved where we may choose the weight (or
discard) of a window based on its received SNR in order to maximize the output SINR.
For a multiuser system this includes balancing the noise enhancement effect of simple
channel inversion against the interference power impact of imperfect cancellation (loss

of orthogonality) due to varying channel gain.



135

Signal Power vs. Consecutive Windows Discarded

1.0
— Signal Power
— Noise Power (Max)
o8l N\ oo Noise Power (Center)| |
0.6 S S S
o]
2
o
0.4 e N
0.2 RN e
‘\\
N
Y
0.0 L L — : :
0.0 0.2 0.4 0.6 0.8 1.0

Consecutive Windows Discarded (Normalized to M/R)

Figure 6.19: Signal and interference (noise) power for consecutive discarded windows.

To begin researching this approach, the signal and (interference) noise power as a
function of the number of consecutive discarded windows was recorded as in Figure
6.19. One discard strategy is to allow up to 25% of any % windows to be discarded,
based on the peak interference power given in Figure 6.19. The discard decision is
made by computing the output SINR with and without including the received window.

A basic simulation was done using this strategy, with results in Figure 6.20, show-
ing ~ 4 dB SINR gain over simple channel inversion. It was observed through exper-
imentation that higher discard rates did not improve the mean output SINR but did
increase the output SINR variance. Ideally an optimal weighting or discard strategy
could be developed for multiuser systems that accounts for the received SNR and the

impact of interference on the output due to time-varying channel gain.

6.8 Hardware Implementation

Although TC-OLA has been presented as a SDR-centric approach, there are some
advantages to a hardware implementation. An example of the transmit hardware is

shown in Figure 6.21. In an LPWAN scenario the endpoint could initiate a transfer
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Figure 6.20: Simple discard strategy allowing up to 25% of windows to be discarded.
This limit relates to the peak of the noise power curve in Figure 6.19. Above this
discard rate the mean SNR was observed to stay relatively constant, but the variance
increased, making higher discard rates impractical.
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’—:a:gdr rdaddr|« Sequencer

Figure 6.21: General Transmit Hardware. Data entering the input FIFO is written
into the two-port RAM. The sequencer generates the read and write addresses while
the CORDIC applies the sine window. In a rectangular window system the CORDIC
is replaced with a pulse shaping filter.

of one packet using the circular TC-OLA concept of Section 6.4. The packet can then
be transmitted without processor intervention. The processor can sleep (be powered
down) for this interval as a method of energy savings working toward the goals of
green communications [73,74].

The coordinate rotation digital computer (CORDIC) block is used to apply the
sine window without requiring a hardware multiplier. In a system using rectangular
windows, this block is replaced by a pulse shaping filter.

When the system uses rectangular windows and transmits simple binary symbols
(BPSK), a simplified hardware configuration can be used. This is shown in Figure
6.22 for R =1, M € [4,8]. This configuration resembles a feedback shift register with
M —1 elements. Every M clock cycles the oldest symbol is replaced by a new symbol
from the buffer. This approach easily generalizes to other values of M, R > 1, and
the complex (QPSK) case. This is how the transmitter for the LPWAN system of
Chapter 4 or the UWB system of Chapter 5 might be realized in practice. To perform
circular TC-OLA as described in Section 6.4 the shift register can be preloaded with
the first full window, which may include some predetermined pattern for the receiver
to synchronize to.

The receiver hardware is shown in Figure 6.23. Phase and window synchronizers
drive the phase to the sequencer and CORDIC if used. Once a memory cell’s overlap-
add operation is complete, the valid signal is asserted and the memory cell is reset to

zero. The valid signal can be used to enqueue the data into a FIFO which can trigger
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Figure 6.22: Transmit Hardware for Digital Symbols. Every M clock cycles the oldest
symbol is replaced with a new symbol from the symbol buffer.
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Figure 6.23: Receive Hardware. Phase and window synchronizers correct the phase
rotation and drive the window phase to the sequencer. The sequencer controls the
read and write addresses to the two-port RAM. When a memory cell’s overlap-add
accumulation is complete, the sequencer asserts the valid signal and resets the memory
cell.

an interrupt at a certain fill level. The processor can then be woken up to process

the received packet or stream.

6.9 Multiuser FDE

In Chapter 5 we explore extending the link budget through repetition under the
specified UWB power constraints. The assumption is that adding another user (or
stream, depending on the application) reduces the power available to each user under
the total power constraint and thus does not improve the situation.

However, it is useful to note that this method can work with multiple streams.
For the linear convolution to act as circular convolution, the phases at the beginning
and end of the block must match. In reference to the construction of Figure 5.2, the

codes {1,1} and {1, —1} would satisfy this condition. It is possible that we generalize
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this method to N users or streams with CP length

Lecp=M — NR (6.44)
end block length
Lg=N(M—-R), (6.45)
with the additional constraint
M
— =kN, k=1,2,3,... (6.46)

R

Where power constraints are not the main consideration, this approach has possibil-

ities as a multiple access method applicable to UWB systems.

6.10 Novel Applications

This section summarizes some applications of TC-OLA which have not been consid-

ered in any of the previous work.

6.10.1 Multiple Antenna Systems

The use of multiple input multiple output (MIMO) in conjunction with TC-OLA is an
obvious extension that has not been investigated in detail. Simple antenna selection
combining was explored briefly in Chapter 4. This analysis could be extended to more
general diversity combining techniques, possibly in combination with the window
weighting techniques mentioned in Section 6.7.

Another multi-antenna concept is to consider the TC-OLA spreading in the spatial

domain. One could place % antennas, spaced at a distance d of
M —

where ¢ is the speed of light, ¢ ~ 3 x 108m/s. For the case where R = 1, each
antenna may be sampled at the message rate and then added, effectively performing
the overlap-add process. With a proper phasing network it would be possible to sum
the signals in the RF domain and then use only a single ADC to sample the line.
Technical challenges with this approach include the length of the required array,
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alignment of the array elements with the propagation vector of the transmitted signal,
and design of the phasing network if applicable. The overall length could be in
the range of tens to hundreds of meters depending on the TC-OLA parameters. A
deep space concept where a long array antenna trails behind a satellite could be one

application of this technology.

6.10.2 Radar

Schemes such as pulse radar and pulse compression radar are essentially concerned
with measuring the channel impulse response along some direction. The channel
impulse response is then used to make estimates of target range, size, and velocity.

In Chapter 2 an exponential sweep waveform (similar to a chirp) was used to
measure the impulse response of the laboratory as seen by the message signal, which
is referred to as the equivalent channel. The equivalent channel concept is explored
in depth in Chapter 4 in an LPWAN context. A basic approach is the special case of
TC-OLA discussed in Section 6.6.

In principle, this same procedure can be used in a radar context. However, it
remains to be seen whether the TC-OLA features of channel averaging and splitting
of delayed components into two paths as per the analysis in Chapter 4 will be a benefit

or a hindrance to radar processing.

6.10.3 Cognitive Radio

Dynamic manipulation of the TC-OLA parameters based on channel condition is
granted in claim 6 of the patent. Changing the TC-OLA spreading factor % while
maintaining the message rate f,, naturally changes the bandwidth of the transmitted
signal, which may logically extend into cognitive radio (CR) applications. During the
course of operation, the CR may decide on a lower spreading ratio in order to act as
a narrowband signal while the spectrum is free of primary users. When the spectrum
contains active primary users it could transition to a higher spreading ratio in order
to minimize interference.

This process could be made transparent to the underlying modulation format. For
example, the underlying modulation could be a legacy baseband quadrature phase
shift keying (QPSK) modulator which is not aware of the action of the CR component
of the system.
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To operate in the wideband mode with narrowband primary users it is necessary
to understand the impact of the interference to the TC-OLA system as well as to the
primary users. This type of analysis approach has been undertaken for coexistence of
IR-UWB and narrowband users in [75] and could be extended to the TC-OLA case.

6.10.4 Awudio Reverb

This technique could be used to construct a simulated reverb processing unit for
audio recording applications as a complement to plate, spring, and convolution reverb
processing. In much the same way that objects are scaled down for radar cross-section
measurement, a scaled-down reverb environment could be constructed. The transmit
and receive antennas as well as objects in the environment could be manipulated
manually or mechanically to change the arrangement of reflections.

The ability to change the spreading ratio (and thus the bandwidth) makes it
possible to scale the effective size of the reverb environment. The redundancy added
during the spreading ensures that a high RF power is not required, which would not

be welcome in an audio recording studio.

6.10.5 Hybrid Analog/Digital Broadcast

In some scenarios we might use this technique to transmit a digital version and
an analog version of the same program material. Since the TC-OLA technique is
amenable to either, the analog version may be used as a failover in the case that
equalization or accurate timing recovery become difficult and the receiver can not
maintain an acceptable BER.

As with [8], the perceived echo added to the analog signal does not make the speech
unintelligible whereas the same effect in digital transmission requires an equalizer to
limit the ISI to an acceptable level. In early experiments, the observed effect of jitter
in timing recovery for analog signals is a random modulation effect. This does not
make the speech signal unintelligible either. Another effect of timing jitter is the
cancellation of higher frequency components, which are important for digital signals

but less important for analog voice signals.
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6.11 Conclusions

This chapter summarizes aspects of this research that were not explored in Chapters
2-5. As this is somewhat of a “green field” area, there is a wide range of ideas here.
Potential patent and analysis topics based on the ideas described here are summarized
below. Some suggested publication topics based on the material presented here can

be found at the end of this section.

6.11.1 Patent Concepts

Specific ideas identified for patent potential are:

Overlapping windows at channel rate as described in Section 6.1.1 using RRC
windows. This is weakly covered by claim 1, which was granted, using the
language “transmitting the segments serially at a channel rate f. that is higher
than the message rate f,,, wherein the channel rate f. is selected based on the
predetermined length and overlap so as to accommodate redundancy associated
with the division into overlapping segments.” While this does not explicitly
state that the windows do not overlap at the channel rate, it is explicitly stated
in claim 4. Several claims depend on claim 4, leaving this method somewhat

open as it relates to the other possible techniques that are claimed.

Frequency domain equalization as described in Chapter 5 and Section 6.1.3. Al-
though adaptive equalization is addressed in claim 8, it is dependent upon claim
4 which is a transmitter claim. Therefore, one could argue that this claim covers
equalization at the transmitter only (precompensation) and does not cover the
FDE receiver method leveraging the distributed CP property which has been

shown to have advantages in Chapter 5.

Adaptive frequency domain equalization where the receiver may choose between
the two methods presented in Chapter 5 without any change in the transmitted

signal.

Scheduled TC-OLA as described in Chapter 4. Claim 11 and other code division
claims can be extended to state that the particular codes in use may be assigned

by a predetermined scheduling algorithm, random choice, or other method.
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Frequency division multiplexing as described in Section 6.3.3. Claims 11, 12, 27
and 40 cover multiple access by code division. However, frequency offset is an
alternative way to create orthogonal streams or users in this context which is

not protected.

Hardware architecture described in Section 6.8 as an apparatus claim. A gener-
alization on this arrangement of components is thought to be the minimal set

required to create a TC-OLA hardware implementation.

Offset TC-OLA enhancements beyond claim 20, including the compensation cir-
cuit in Figure 6.11 and the timing recovery method and circuits described in
Figures 6.13-6.16.

Circular TC-OLA as described in Section 6.4. This is essential as it solves the
burst efficiency problem in TC-OLA but may only have weak protection under

the existing claims.

CR applications as described in Section 6.10.3 as an extension to claim 6. The
underlying modulation format may or may not be aware of the CR action.
The application of dynamic window sizing allows the scheme to transition be-
tween narrowband operation and wideband “underlay” type applications with-

out changing the underlying signal processing.
Hybrid analog/digital broadcast as described in Section 6.10.5.
Spatial spreading application as described in Section 6.10.1.

Audio reverb application as described in Section 6.10.4.

6.11.2 Analysis and Design Activities

Specific ideas identified for further analysis and design projects are:

Hardware implementation as described in Section 6.8. This system, especially
the transmitter, could be realized in an FPGA. Receiver timing recovery may
require software-based feedback to maintain synchronization as was done in
Chapter 2, or some other scheme. This is an opportunity to do some SDR-
oriented FPGA design, possibly making use of RF network-on-chip (RFNoC)
technology. A flexible FPGA-based transmitter model makes it possible to move

beyond simulation to a wide variety of practical experiments.
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Synchronous TC-OLA /CDMA as a hybrid system where a TC-OLA and CDMA-
type modulations coexist in a single base station at a single frequency. It can
be expected that the TC-OLA window appears as a random sequence to the
CDMA receiver. The overlap-add of % coded CDMA symbols with random
values are expected to appear to the TC-OLA receiver as a zero-mean random
variable. An analysis of the mutual interference is valuable for determining

coexistence with current-generation RPMA systems.

Timing recovery as described in Section 6.6 or another reliable method to find
and maintain window and phase alignment. The analysis opportunity here is to
develop and test a method of timing recovery that exploits the repetitive nature
of the TC-OLA signal. This may have a completely novel implementation but
would likely draw on synchronizers for both CDMA and OFDM.

Window weighting as described in Section 6.7. There are opportunities for anal-
ysis of overlap-add schemes beyond EGC, and for development of weighting or
discard strategies that optimize the output SINR.

Radar applications as described in Section 6.10.2. The ability of TC-OLA to mea-
sure the average impulse response at the low rate (the equivalent channel from
Chapter 4) without a high-speed correlator is a potential implementation ad-
vantage. The opportunity here is to see what benefit can be extracted from
TC-OLA in this context and to further develop the equivalent channel analysis
described in Chapter 4.

MIMO extensions to TC-OLA and exploration of any potential benefit of the com-

bination of these techniques.

Multicarrier code division extension as described in Section 6.3.4. Opportunities
include extension of the physical layer signal design in this direction, analysis

of any potential advantages of this combination, system design and simulation.

IBI analysis when FDE is used as described in Chapter 5. We expect that the
construction of TC-OLA prevents the effects of interblock interference (IBI)
from disproportionately affecting symbols at the beginning of the block. Instead,
we expect the effect of IBI to manifest more like OFDM, where the interference
power is spread over the carriers. A more rigorous analysis of this effect is
valuable in illustrating the benefit of TC-OLA.
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Complexity analysis showing an in-depth comparison between TC-OLA with a

software equalizer and a multi-finger rake receiver design.

Multiuser FDE as described in Section 6.9. There is an opportunity to fully explore
the parameter space of this method and to find ideal applications, which are

not necessarily limited to UWB applications.

Audio reverb device as described in Section 6.10.4. This project could be used as a
useful opportunity to develop an FPGA-based TC-OLA system (Tx/Rx) which
does not require timing recovery. This development is also useful as a TC-OLA-
based radar system. Ideally the timing recovery portion could be added at a

later time to create a working communications system.

6.11.3 Suggested Publications

Specific ideas presented here which are identified for future publications are:

An overview paper, in the style of an IEEE magazine article. The proposed article
will summarize the work presented here and will help to address some of the
publishing challenges we have faced. Some of the challenges are described in

Appendix F.

An LPWAN implementation paper, using an array of USRPs to simulate a wire-
less sensor network using the bandwidths and frequencies of the system de-
scribed in Chapter 4. The results from this exercise can then be compared
against the theoretical results from Chapter 4. It should be noted that this
was originally proposed and approved by the committee during the candidacy
exam. However, discovery of the distributed CP property covered in Chapter 5
and the connections with IFDMA and other SC-FDE schemes was thought to

be a more novel concept for inclusion in this dissertation.

A wideband implementation paper, ideally but not necessarily fitting the UWB
500 MHz criteria, depending on availability of suitable test hardware. What is
required is a scenario where the delay spread is significant relative to the window
time, in order to verify the FDE scheme proposed in Chapter 5. This could
be seen as an extension to the experiment in Chapter 2, transmitting digital
symbols instead of a sampled analog waveform and using FDE techniques to

recover the symbols.
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A more thorough analysis of narrowband TC-OLA, including:

e a comparison of offset TC-OLA as in Section 6.5 vs. RRC-windowed TC-
OLA as in Section 6.1.1.

e an analysis of window weighting schemes beyond EGC, as in Section 6.7.

This should include suggested algorithms for optimizing the output SINR.

e an exploration of the “code capacity” concept mentioned in Chapter 3,
where the number of possible users in exceeds the number of orthogonal

codes under some low Doppler conditions.

Although this scenario is not the ideal application for TC-OLA, some weakly
time-dispersive channels such as the SUI models used in Chapter 4 approximate
it. Additionally, the CR application described in Section 6.10.3 is conceived to
operate in a narrowband regime when necessary. For these reasons it is worth
exploring the narrowband performance of multiuser TC-OLA in some more
detail.
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Chapter 7
Conclusions

In this work a novel modulation scheme based on time compression and overlap-add
was conceived as a simple way to create a wideband signal. In Chapter 2 we explore
the method experimentally and provide some of the groundwork for further investiga-
tion. Specifically we look at the averaging effect of TC-OLA on time-varying channels,
interference rejection, multiple access extensions, and two reference implementations.
One implementation uses the wideband SDR receiver described in Appendix C to
transmit over a very wideband channel, while the other uses off-the-shelf USRP hard-
ware to transmit over a narrower bandwidth. With this work we experimentally
confirm the practical applicability of this modulation scheme to SDR-based radio
communications before setting out to perform further analytical work.

In Chapter 3 we develop the basic analytical tools in order to compute the AWGN
processing gain and the basic performance in Rayleigh flat fading. The AWGN pro-
cessing gain leads to the spread-spectrum interpretation of TC-OLA discussed in
Section 6.1.2. We also develop a Z-domain model which is used to compute the trans-
mitted spectrum over a longer observation period. Although not explicitly stated in
this chapter, the Z-domain model also leads us to the matched filter interpretation
discussed in Section 6.1.1.

In Chapter 4 we look at the LPWAN scenario as a potential application area for
this technology. To evaluate this scenario we develop a matrix formulation for TC-
OLA in time-dispersive channels. This greatly simplifies the analysis of the equivalent
channel as seen by the message signal. We take advantage of the fact that channel
models for this application are characterized by relatively low delay spread and very
low Doppler spread. In this case the window time can easily be much longer than

the delay spread, ensuring that mutual interference between users is kept to a min-
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imum. A linear time-domain equalizer is applied at the message rate to reduce the
intersymbol interference (ISI), which can easily be a flexible software-based imple-
mentation. We point out again the contrast with a rake receiver, where the number
of fingers is typically a hardware parameter, which may be over- or under-designed
for a particular situation.

We also contrast with [15], which states that scheduling is a system overhead that
they wish to avoid in order to keep the system efficient. While it is true that schedul-
ing is an unwanted overhead, there is also a significant technical burden in scheduling
a Gold code system to chip-level accuracy and accounting for propagation times. Fur-
thermore, even in a scheduled system, the practical maximum number of users in the
uplink is limited by the dispersion of the channel. A TC-OLA system where codes are
assigned randomly is subject to the same random access issues described in Appendix
E.3, but not the time dispersion issue. A scheduled TC-OLA system has neither of
these issues and as we have shown, more relaxed synchronization requirements.

Chapter 5 returns to the original UWB motivation, illustrating two ways in which
the added redundancy can act as a built-in CP for use with FDE techniques. In
the case where TC-OLA processing gain is used to extend the link budget, we have
shown that the CP overhead can be eliminated. When the delay spread is very high
it may not be practical to eliminate the CP completely, but we have shown that it is
possible to obtain reasonable efficiency while using an fast Fourier transform (FFT)
block length that is on the order of the maximum delay of the channel. We contrast
this with typical SC-FDE systems, which require a CP on the order of the maximum
delay of the channel and an FFT block length that is four or more times longer to
maintain efficiency.

Chapter 6 provides a discussion on additional topics related to TC-OLA that
were not investigated in detail or developed for publication. Many of these are still-
open ended and hopefully lead to more detailed investigation resulting in further
publications on this topic.

Finally, we again point out that at the time of this writing, 40 of the original
41 patent claims on this technology were allowed by the United States Patent and
Trademark Office (USPTO) and the patent has been issued as U.S. Patent 9,479,216
[13].
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Glossary of Symbols
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Symbol Description Appears
M Window size, in samples. (2.1)
R Hop size, in samples. (2.1)
J Fractional hop size. (2.1)
fm Message sample rate. (2.2)
fe Channel sample rate. (2.2)
I6; Bandwidth spreading ratio. (2.3)
wl] Window function used in signal transmission. (2.4)
k Discrete time index for signals sampled at message or (2.5)
symbol rate, f,,.
C COLA sum based on window shape w[k], M and R. (2.5)
i Window index. (2.5)
F() Discrete Fourier Transform. (2.8)
Ji Discrete time index for signals sampled at channel rate, (3.5)
Je-
sl Transmitted signal. (3.5)
(] Received signal. (3.6)
n[] Additive white Gaussian noise (AWGN) process with (3.6)
variance o2.
x4l Time varying channel gain, path g. (3.6)
m[-] Recovered estimate of the message signal m|-]. (3.7)
o2 Variance of additive white Gaussian noise term at re- (3.12)

ceiver input.



Variance of additive white Gaussian noise term at re-
ceiver output.

TC-OLA AWGN processing gain.

Mean of fading multipath component gq.

Mean of fading multipath component ¢ referenced to
receiver output.

Variance of fading multipath component q.

Variance of fading multipath component ¢ referenced
to receiver output.

TC-OLA equivalent filter for R =1

TC-OLA equivalent filter for phase ¢, ¢ € {0..R — 1}
Message signal associated with general user u.
Additive white Gaussian noise (AWGN) process with
variance 2.

Code symbol associated with window ¢ and user w.
Message signal associated with specific user .
Number of chips in CDMA system.

Number of users in the system.

Channel experienced by user u referred to the phase
and delay of user t.

Gain of the n' multipath component associated with
segment 7 of user u.

Delay of the n** multipath component associated with
segment ¢ of user u.

Equivalent channel experienced by user t.

Coefficient of delayed component n for equivalent chan-
nel ¢[-].

Coefficient of pre-echo component n for equivalent
channel ¢[-].

Interference signal at the output of the receiver for user
t due to user u.

Mean of Rician fading channel envelope.

Variance of Rician channel envelope.

Average SINR.

Variance of complex Gaussian channel gain.
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(3.12)

(3.18)
(3.20)
(3.20)
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K Rician K factor. (4.54)

R(") Autocorrelation function of fading process. (4.59)

Ty Window period, T, = fM (4.59)

n Receiver efficiency. (5.8)

Lp Length of FFT block. (5.9)

Lep Effective CP length. (5.9)

Table A.1: General Symbols

Symbol Description Appears

m;, M-element column vector representing the " segment of (4.28)
m. k]

W M x M matrix with the M-point window function w[k] in (4.29)
each column.

A, M x M diagonal matrix representing the set of code symbols (4.30)
for user u.

Sau M x M matrix representing the M most recently transmitted (4.31)
segments of m,[k].

GZ(Z) M x M diagonal matrix representing the most recent M (4.32)
block channel gains for multipath component n of m,[k].

P7() Permutation operator for delay 7. (4.33)

C; Frequency-domain equalizer taps. (5.14)

Table A.2: Vectors and Matrices
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Appendix B

Generic Multipath Model

To study the system performance and behaviour in a variety of scenarios we assume
a generic multipath channel with a continuous-time baseband model [47] as in (B.1).
There are P(t) resolvable multipath components, each with independent time-varying

gain |g,(t)|, phase ¢! (t), and delay 7/ (¢).

P(t)
c(r,t) = |gn(t)e 76 (r — 7)(1)) (B.1)

To simplify the analysis we make the assumption that these values are relatively
constant over the duration of window i (block fading). The simplified discrete time
model is expressed in (B.2) where the discrete version of 7/ is specified in integer
samples. To model a continuous time tap with arbitrary delay we may need to create

additional adjacent taps with different gains in the discrete time model.

Pl
cljil =Y lgaldlle 5 — =[] (B.2)

Let us assume that we can recover timing and phase of one of the paths for
user t. Without loss of generality we choose n = 0 as there is no constraint that
71 4] |nzo > 7g[i]. However, in a variety of practical scenarios we expect this to be the
case. For example, we may have a partial LOS (Rician) main path associated with

n = 0 and a few Rayleigh fading paths that arrive later in time. The simplified model



with timing and phase recovery is then

P[i]

Ct,uU? Z] = Zgn,u[z]d[j - Tn,u[i”,
where
Toult] = 7o uli] = 70,4[1]

and

obnalil _ pmt(@h =) 1))
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(B.4)

(B.5)
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Appendix C

Wideband SDR Receiver

This appendix captures the design details of the wideband direct-sampling SDR used
in the experiments described in Chapter 2. This design document was prepared as
part of a directed study course entitled ELEC 590: Advanced Software-Defined Radio.
It leverages my past professional experience as a VLSI engineer as well as knowledge
of the SDR architectures studied in ELEC 539A: Selected Topics in DSP: Software
Defined Radio.

This document does not describe the Linux kernel module developed for the device,
which is heavily based on user-peripheral-kmod by Moritz Fischer [76]. It was
extended for this project with guidance from [77] and help from Jonathon Pendlum,
who had previously created some GNURadio hardware accelerators for the Zynq [78]
as a stepping stone toward RFNoC [79]. The user API that interacts with the driver
is also undocumented but a minimal usage example is provided below, along with the

associated enumerated type definitions.

Listing C.1: Minimal Usage Example

[1177777777777777777777777777777777777777777777777777777777777777777777777777777
// Minimal ZRF Setup Example

#include "zrf_sdr_api.h"

LI 77777777777 7777777777777777777777777777777777777777777777777
// Callback data structure.

//

// Holds all context relevent to processing radio data for this application.

// If you have open file or socket handles, filter state, or other data that is
// updated in the callback it should be placed in this struct.

//

typedef struct cb_struct_t {
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} cb_struct_t;

L1110 0707777777777777777777777777777777777777777777777777777777777777777777
// Capture callback.

//

// This function is called whenever a buffer is filled.

// A single interleaved buffer is delivered except in 450MHz mode.

//

void rx_callback (UINT32 nsamples, UINT32 nbuffers, SINT16 xxbufs, wvoid xuser_data)
{

cb_struct_t =xcb_struct = (cb_struct_t =)user_data;

// This function may perform some useful signal processing, write the data
// to a file, or write the data to a UDP socket for connecting with a

// GNURadio flowgraph running elsewhere.

[1777077777777777777777777777777777777777777777777777777777777777777777777777777
// Main program loop.
int main (int argc, char xxargv)

{

ZRF_ERROR rc; // Error code
zrf_sdr_handle_t h; // SDR Handle
zrf_sdr_cfg_t cfg; // SDR Config Struct
cb_struct_t cb_struct; // Callback struct

// Initialize the device handle

rc = zrf_sdr_handle_create (&h);

// Configure the device

if (ZRF_SUCCESS == rc)

{
cfg.zrf_sdr_cb = rx_callback; // Pointer to callback function
cfg.cb_user_data = &cb_struct; // Pointer to callback user context
cfg.src_mode = ... // Input source (zrf_sdr_src_mode_t)
cfg.xfer_mode = ... // Transfer mode (zrf_sdr_xfer_mode_t)
cfg.xfer_size = ... // Buffer size (zrf_sdr_xfer_size_t)
cfg.frequency = ... // NCO Frequency (16 bit signed)
cfg.test_mode = ... // Test mode (boolean)
cfg.prbs_mode = ... // PRBS mode (boolean)
cfg.gap_count = ... // Gap counter (32 bit unsigned)
cfg.use_cic = ... // Enable CIC (boolean)
cfg.cic_rate = ... // CIC Decimation rate (8-bit unsigned)

// Initialize callback struct

// Start the SDR given the handle and parameters
rc = zrf_sdr_start (h, &cfg);
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// Main Loop.
if (ZRF_SUCCESS == rc)
{

while (run)

{

// Wait for stop condition

// Shut down radio.
if (ZRF_SUCCESS == rc)
{
rc = zrf_sdr_handle_destroy (&h);

return rc;

//
// END OF CODE
//
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Listing C.2: Enumerated Type Definitions

L1117 777707777 77777777777777777777777777777777777777777777777777777777777777
// Data sources supported by the hardware.
typedef enum zrf_ sdr_src_mode_t
{
// Operational Modes:

ZRF_SDR_MODE_HBI1, // Halfband 1 (450MHz 2 lanes)
ZRF_SDR_MODE_HB2, // Halfband 2 (225MHz 1 lane)
ZRF_SDR_MODE_HB3, // Halfband 3 (<= 112.5MHz 1 lane)
ZRF_SDR_MODE_USER, // From user—-defined logic

// Debug Modes:

ZRF_SDR_MODE_DIRECTO, // Direct from RFRB lane 0
ZRF_SDR_MODE_DIRECT1, // Direct from RFRB lane 1
ZRF_SDR_MODE_DIRECT2, // Direct from RFRB lane 2
ZRF_SDR_MODE_DIRECT3, // Direct from RFRB lane 3
ZRF_SDR_MODE_CONST, // Constant value

ZRF_SDR_MODE_DIRECTO0IQ, // Phase 0 900 MHz I/Q (lanes 0/1)
ZRF_SDR_MODE_DIRECT1IQ, // Phase 1 900 MHz I/Q (lanes 2/3)
ZRF_SDR_MODE_DIRECTO1I, // 900 MHz I (lanes 0/2)
ZRF_SDR_MODE_DIRECT01Q, // 900 MHz Q (lanes 1/3)

LAST_SRC_MODE = ZRF_SDR_MODE_DIRECTO01Q

} zrf_sdr_src_mode_t;

[ 777777 777777777 7777777777777777777777777777777777777777777777777777777777777
// Transfer Sizes supported by the hardware. Smaller sizes may be supported,

// but are of little practical use.
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typedef enum zrf xfer size_t

{
XFER_SIZE_1K = 12, // 2+x12 bytes gives 2x%10 complex 16-bit samples
XFER_SIZE_2K,
XFER_SIZE_4K,
XFER_SIZE_S8K,
XFER_SIZE_16K,
XFER_SIZE_32K,
XFER_SIZE_64K,
XFER_SIZE_128K,
XFER_SIZE_256K,
XFER_SIZE_512K,
XFER_SIZE_1M,

LAST_XFER_SIZE = XFER_SIZE_1M

} zrf_xfer_size_t;

[117770777 777077777 7777777777777777777777777777777777777777777777777777777777777
// Transfer modes supported by the hardware.
typedef enum zrf xfer mode_t
{
XFER_MODE_SNGL, // Single Transfer
XFER_MODE_FILL, // Fill Region
XFER_MODE_CONT, // Continuous Transfer
XFER_MODE_GAP, // Continuous Gapped Transfer

LAST_XFER_MODE = XFER_MODE_GAP

} zrf_xfer_mode_t;

//
// END OF CODE
//
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2 Design Features

The RFRB-SDR receiver is a wideband direct-sampling software-defined radio receiver created
from available evaluation modules. Features of the device include:

12-bit sampling at 3.6 GHz using interleaved 1.8 GHz ADCs.
e Tunable digital mixer with ~ 55 kHz tuning step from DC to 1.8 GHz.

Selectable output decimation from 8 (fs = 450 MHz) to 4096 (fs ~ 879 kHz).

e Provisions for inserting custom FPGA processing blocks into the receive chain.

Potential applications for this device include:

Wideband propagation experiments.

Spectrum monitoring and detection of rare events.

Wideband communications modes.

High-speed data acquisition.

Narrowband radio reception covering a wide frequency range.

3 Design Description

3.1 Top-level Description

The RFRB-SDR integrates the ADC12D1800RFRB from Texas Instruments and with the
Zedboard from Avnet as shown in Figure 1. The ADC12D1800RFRB is an evaluation module for
for the ADC12D1800 high-speed ADC and also carries a Virtex-4 XC4VLX25 FPGA. The
Zedboard carries a Zynq 72020 all-programmable System on Chip (SoC) device which integrates
programmable logic with two ARM processor cores. This document describes the design of the
digital signal processing chain developed for this device.

The digital signal processing chain consists of a digital mixer, 4:1 downsampler, a series of
halfband filters, and a CIC filter. Each of these filters can be bypassed to select different output
bandwidths. The CIC filter has a programmable decimation rate from 1 to 256. Custom
processing blocks can be connected into the datapath via AXI stream connections.

For status and control of the datapath there are register files in both FPGA devices that can be
accessed by the ARM processor. The Virtex-4 register file is accessed through an SPI interface



while the register file in the Zynq is accessed through the system bus via an APB connection.
Register descriptions are given in Section 4.

The capture controller manages data transfer into the on-board DDR memory and asserting the
interrupt request line to the ARM processor. It has four flexible capture modes: single, fill,
continuous, and gap. Buffer sizes up to 22° ~ 1 million complex 16-bit samples per transfer are
supported.

3.2 Block Diagram

ADC12D1800RFRB Zedboard
([ Virtex-4 XC4VLX25 g Zynq 72020 b
S Register| | SPI | N SPI Register ARM
® _— : N > : N >3
= Existing File Slave Master File Processor 53
N[> Reference g =
= Design Digital 4:1 .| HB HB CIC HB Capture 23
= > Mixer [ Downsampler > Filter[|Filter[ ] Filter [ ] Filter Controller[ !
N
Custom
Logic

Figure 1: RFRB-SDR Simplified Block Diagram

3.3 Digital Mixer
3.3.1 Functional Description

The digital mixer receives a real data stream x[n] sampled at 3.6 GHz and multiplies it with a
complex exponential at frequency f. as in Equation (1). This has the effect of shifting the
spectrum by f., resulting in a complex output y[n]. This operation is the basis for creating a
receiver that can easily be tuned to different frequencies. Figure 2 illustrates shifting the real
(symmetric) input spectrum by —430 MHz to create a complex (asymmetric) output spectrum.

ot = ofje (F57) 0
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Figure 2: Digital Mixer Operation: Shifting the Spectrum -430 MHz

3.3.2 Implementation Description

The digital mixer is implemented using an array of 16 pipelined 12-bit CORDIC processors. The
output is extended to 13 bits to accommodate the CORDIC gain factor of ~ 1.647. Figure 3
shows a block diagram of the digital mixer implementation.

Digital Mixer

CORDICO
in0[11:0] real  real P real0[12:0]
0—»imag imag »imag0[12:0]
phase phase :
in15[11:0] P real15[12:0]
Phase » imag15[12:0]
Accum. O

phase_inc[15:0] —::‘
load_phase_inc—

Preload Logic

Figure 3: Digital Mixer Block Diagram



FEach CORDIC processor has its own 16-bit phase accumulator. When load _phase_inc is
asserted, the phase accumulators are preset to N xphase_inc (where N is the phase number from
0 to 15). The phase accumulator for each CORDIC then adds 16 xphase_inc each clock cycle.
The phase_inc value for a desired centre frequency f. is calculated as in Equation (2).

H
phase-ine = —Found (ST < 2") @)

The minimum tuning step is calculated as in Equation (3). It should be noted that although the
minimum tuning step is large, it is a factor of 16 smaller than the minimum output sample rate.
Finer tuning increments can be realized with custom processing blocks or in software.

3.6 x 10 Hz

516 = 54931.640625 Hz (3)

3.4 4:1 Downsampler
3.4.1 Functional Description

The 4:1 downsampler section reduces the sample rate from 3.6 GHz to 900 MHz. The design
target for the cutoff frequency fy is 74% of the Nyquist rate at the lowest decimation setting as in
Equation (4). The minimum stop band loss target is the signal to quantization noise (SQNR) of
the ADC as in Equation (5).

450 M H
fi = fz x 0.74 = 166.5 M H~ (4)
Lutop = 12bits x 6.021 dB/bit + 1.763dB = 74.015dB (5)

The filter design uses the Remez exchange algorithm with one pass band and two stop bands to
achieve the required performance with the available resources. The frequency response for the
FIR filter is shown in Figure 4. An alternate view illustrating the aliasing effects after
downsampling is shown in Figure 5.
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3.4.2 Implementation Description

The 4:1 downsampler is implemented using four 16:1 downsampler instances as shown in Figure 6.
Each instance uses the 14-tap filter design described in the previous section, with a four-sample
offset between each instance. Each instance uses six Virtex-4 DSP48 slices with a seventh
coefficient realized by bit shifting. With eight total instances of the filter (four each for the
in-phase and quadrature channels) the 4:1 downsampler block utilizes all 48 available DSP48
slices in the device. As the Virtex-4 version of the Xilinx DSP48 slice lacks a pre-adder, all
pre-adders are implemented in the FPGA fabric.

4:1 Downsampler

16:1 Downsampler

in0[12:0] ——» N\ > 0ut0[12:0]
NN P outl1[12:0]

N > 0ut2[12:0]

i X ’ | » out3[12:0]

in15[12:0] —

Figure 6: 4:1 Downsampler Block Diagram

Realizing one coefficient by bit shifting requires scaling all coefficients such that one coefficient is
a power of two, which changes the overall gain of the filter. As mentioned previously, the data bus
has been extended by one bit to accommodate the CORDIC gain. The maximum gain of this
filter combined with the CORDIC gain must be less than 2. Thus the maximum gain of this filter
after scaling can be calculated as in Equation (7).

< -
Grmaz < 1.647 (6)

1.214 (7)

IN

In this design the maximum filter gain after scaling was found to be 1.118 with an overall gain of
1.841 when accounting for the CORDIC gain.



3.5 Halfband Filters

3.5.1 Functional Description

Three halfband filters are implemented in the Zynq programmable logic. All three filters use the
same design procedure although their implementation details differ. The band edge is configured
for 74% of the Nyquist rate at the output of each filter. The frequency responses are shown in

Figure 7.
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3.5.2 Implementation Description

Halfband 1 steps the sample rate down from 900 MHz to 450 MHz and steps the datapath down
from four phases to two. Halfband 2 steps the sample rate down from 450 MHz to 225 MHz and
steps the datapath down from two phases to one. Halfband 3 steps the sample rate down from
225 MHz to 125 MHz and is standard single phase filter. Halfband 3 has a data_valid input that
is used to signal valid data at the input when the CIC decimation filter is enabled.

Each filter has 51 taps, with 24 taps equal to 0. The center coefficient of 0.5 is implemented by
bit shifting. The remaining 26 taps are implemented using DSP48 resources. The 7-Series version
of the DSP48 slice includes a preadder, and the symmetric filter is implemented using this
technique. Each filter instance uses 13 DSP48 slices. In total the three complex halfband filters

use 104 of the 220 available DSP48 slices in the Zynq 72020 device.

10



3.6 Capture Controller
3.6.1 Functional Description

The capture controller includes all the logic that manages transferring complex data samples to
the Zynq memory subsystem. These samples are transferred by the memory subsystem into the
on-board DDR memory where they can be retrieved by the ARM processor.

The controller has four capture modes which can be used for different applications. The single
capture mode transfers a single buffer of data and stops. Similarly, the fill mode captures one or
more buffers of data and transfers them to a contiguous block of memory. The continuous and
gap modes transfer data until requested to stop. This is done using a double buffer scheme where
one buffer is filled by the hardware while the other is processed by the software. The gap mode
has an additional timer that must expire before the next transfer begins. This allows the user to
take snapshots at a specified interval up to 28.6 seconds.

3.6.2 Implementation Description

The capture controller consists of the capture state machine and Xilinx AXI datamover IP. The
capture state machine is used start and stop data capture by generating commands for the
datamover based on the register configurations for address, transfer size, and capture mode. The
AXI datamover is used to convert the 64-bit AXI data stream into 64-bit AXI memory-map
format based on the commands it receives from the state machine.

When halfband 1 is selected as the data source (fs = 450M H z) the quadrature channel is placed
on a second 64-bit AXI bus connection to the memory subsystem. The in-phase and quadrature
samples are written to different memory locations in this mode (I < lane0_addrX,

@ < lanel_addrX). In all other modes in-phase and quadrature samples are interleaved in the
buffers specified by lane0_addrX.

The single capture mode Mealy machine state diagram is shown as an example in Figure 8. Other
modes have similar state diagrams with different state transition criteria. The gap mode has an
additional state that waits for the timer to expire. The cnt_preload register value for a desired
capture interval ¢, can be calculated as in Equation (8). The maximum time interval can be
calculated as in Equation (9).

ent_preload = Round (t. x 150 M H z) (8)

232

to(maz) = e = 28.6331153 9
emaz) = 150 M Hz i ©)

11



start == 0 || laxi_ready

byte_cnt_nxt <=0

valid_nxt <=0
last_nxt <=0

start == 1 && axi_ready

byte_cnt_nxt <= byte_cnt + 8
valid_nxt <=1
last_nxt <=0

byte_cnt == (xfer_length — 8) && axi_ready

byte_cnt < (xfer_length — 8) && axi_ready

byte_cnt_nxt <= byte_cnt + 8
valid_nxt <=1
last_nxt <=0

laxi_ready

byte_cnt_nxt <= byte_cnt
valid_nxt <=0
last_nxt <=0

byte_cnt_nxt <=0
valid_nxt <=1
last_nxt<=1

Figure 8: Single Capture Mode State Diagram

4 Register Description

4.1 Virtex-4 Register File

Address | Bits | Default | Type | Field Description
0x0 | 24:16 0x0 | R/W | led_override Debug Feature: Enable override of on-
board status LEDs (active high).
8:0 0x0 | R/W | led_value Debug Feature: Set value of on-board
status LEDs (active high).
0x1 4 0x0 | R/W | zero_input Debug Feature: Override ADC data
with all zeros. Corresponds to a full-
scale negative value after converting
to signed two’s-complement format.
3:0 0x0 | R/W | prbs_en Debug Feature: Enable PRBS gener-
ator (one bit per lane, active high).
0x2 16 0x0 | R/W | load phase_inc | Load phase accumulator. Write to
logic 1, write desired phase increment
to phase_inc, write logic O to release.
15:0 0x0 | R/W | phase_inc Phase increment for CORDIC.
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4.2 Zynq Register File

Address | Bits | Default | Type | Field Description
0x00 3 0x0 | R/W | axi_data override | Debug Feature: Set lane 0 and lane
1 inputs to constant values.
0 0x0 | R/W | rfrb_if iorstb Input serdes IO reset (active low).
0x04 3:0 0xF | R/W | prbs_clr Clear PRBS error counter, one bit
per lane (active high).
0x08 | 31:0 X| R err_cnt0 Lane 0 PRBS error count value.
0x0C | 31:0 X| R err_cntl Lane 1 PRBS error count value.
0x10 | 31:0 X| R err_cnt?2 Lane 2 PRBS error count value.
0x14 | 31:0 X| R err_cnt3 Lane 3 PRBS error count value.
0x18 9:8 0x0 | R/W | user_sel Custom user logic input select. See
Table 3.
6:4 0x0 | R/W | lanel_sel Lane 1 input select. See Table 4.
2:0 0x0 | R/W | laneO_sel Lane 0 input select. See Table 5.
0x1C 8 0x0 | S/C lane_en_update Lane enable update. Self-clearing
bit: Operation is complete when
bit reads as logic 0.
2 X| R sm_busy Capture state machine busy.
Transfer is done when read as
logic 0.
1:0 0x0 | R/W | lane en Lane enable, one bit per lane (ac-
tive high).
0x20 6:5 0x0 | R/W | xfer_mode Set capture controller state ma-
chine transfer mode. See Table 6.
4:0 0xC | R/W | xfer_length Set capture controller transfer
length in bytes. Buffer size is
grferdength hytes  Fach complex
16-bit sample is 4 bytes.
0x24 | 31:0 0x0 | R/W | lane0_addr0 Physical memory address of buffer
0 on lane 0.
0x28 | 31:0 0x0 | R/W | lane0_addr1 Physical memory address of buffer
1 on lane 0.
0x2C | 31:0 0x0 | R/W | lanel_addrO Physical memory address of buffer
0 on lane 1.
0x30 | 31:0 0x0 | R/W | lanel addri Physical memory address of buffer

1 on lane 1.
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Address | Bits | Default | Type | Field Description
0x34 0 0x0 | S/C ps-en Phase shifter enable. Self-clearing bit:
Write logic 1 to clear. Operation is
complete when bit reads as logic 0.
1 0x0 | R/W | psincdec Phase shifter mode. 0 = Decrement, 1
= Increment.
2 X| R locked MMCM locked status bit.
0x44 0 X| R lane state Indicates which buffer is currently be-
ing filled by the hardware.
0x48 0 X|S/C irq.clr Interrupt clear. Self-clearing  bit:
Write logic 1 to clear. Operation is
complete when bit reads logic 0.
0x4C 0 0x0 | R/W | cnt_preload Gap mode timer preload value.
0x50 8 0x0 | R/W | use cic Enable CIC. 0 = Bypass, 1 = Enable.
7:0 0x0 | R/W | cic_decim_rate | CIC Decimation Rate. Real decima-
tion rate is cic_decim rate + 1.
Table 2: Zynq Register Description
Value | Description
0x0 | Halfband 1 output is sent to custom user logic bus.
0x1 | Halfband 2 output is sent to custom user logic bus.
0x2 | Halfband 3 output is sent to custom user logic bus.
0x3 | Unused
Table 3: User Logic Input Select
Value | Description
0x0 | AXI memory lane 0 input is data lane 0
0x1 | AXI memory lane 0 input is data lane 1
0x2 | AXI memory lane 0 input is data lane 2
0x3 | AXI memory lane 0 input is data lane 3
0x4 | AXI memory lane 0 input is halfband 1, in-phase
0x5 | AXI memory lane 0 input is halfband 2
0x6 | AXI memory lane 0 input is halfband 3
0x7 | AXI memory lane 0 input is custom user logic, bits 31:0

Table 4: Lane 0 Input Select
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Value | Description
0x0 | AXI memory lane 1 input is data lane 0
0x1 | AXI memory lane 1 input is data lane 1
0x2 | AXI memory lane 1 input is data lane 2
0x3 | AXI memory lane 1 input is data lane 3
0x4 | AXI memory lane 1 input is halfband 1, quadrature
0x5 | Unused
0x6 | Unused
0x7 | AXI memory lane 1 input is custom user logic, bits 63:32
Table 5: Lane 1 Input Select
Value | Description
0x0 | Single transfer mode. Transfer one buffer of size xfer_length bytes to address
laneX_addrO and stop. Assert interrupt request when done.
0x1 | Fill mode. Transfer buffers of size xfer_length bytes starting at address laneX_addr0
and stopping at address laneX_addrl. Assert interrupt request when done.
0x2 | Continuous transfer mode. Transfer buffers of size 22f¢7-en9th hytes alternating between
addresses laneX_addr0 and laneX_addrl. Assert the interrupt request after each trans-
fer.
0x3 | Gap transfer mode. The same as continuous mode, but wait for the gap timer to expire

before starting the next transfer. The gap counter starts at the beginning of each
capture cycle and must not be set to a value less than the time required to capture the

buffer.

5 Operation

Table 6: Transfer Modes

5.1 Power-On Sequence

To release the device from reset, perform the following sequence:

1. Poll locked until the value reads logic 1 to ensure Zynq MMCM is locked to 450 MHz clock
from Virtex-4.

2. Write logic 1 to rfrb_if _iorstb to release input SERDES from reset.
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5.2 Interface Alignment

This sequence ensures the data and clock signals arriving from the ADC12D1800RFRB are
correctly aligned in the Zynq device. To begin, write logic 1 to all bits of prbs_en to enable the
PRBS generators on the ADC12D1800RFRB board. Write logic 1 to psincdec to increment the
phase shift delay.

Repeat the following sequence until the error count on one or more lanes is non-zero:

1. Write logic 1 to psen.

2. Poll psen until logic 0 is read.

3. Write logic 1 to all bits of prbs_clr to clear PRBS error counts.
4. Write logic 0 to all bits of prbs_clr to release counters.

5. Read PRBS error counts from err_cntX.

Repeat the above sequence until the error count on all lanes is zero. Repeat the sequence below
20 times to center the clock transition in the data eye.

1. Write logic 1 to psen.

2. Poll psen until logic 0 is read.

Clear and check the PRBS error counters one last time, and then disable the PRBS generators by
writing logic 0 to all bits of prbs_en.

5.3 Tuning Frequency

To tune the receiver, execute the following sequence:

1. Write logic 1 to load_phase_inc.
2. Write the desired value to phase_inc as in Equation (2).

3. Write logic 0 to load_phase_inc.
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5.4 Configuring Decimation

To enable programmable decimation, execute the following sequence:

1. Write 0x6 to laneO_sel to source from halfband 3.
2. Write logic 1 to use_cic to enable the CIC filter.

3. Write the desired value to cic_decim_rate. Note that the actual decimation rate is
cic_decim_rate + 1.

5.5 Capture

To begin a capture, ensure that the laneX_addrX fields are configured appropriately. 450 MHz
output rate requires both lanes to be configured. All other modes require only lane 0. A
contiguous memory region of size 2%/¢7len9th hytes must be allocated by the processor at each of
the configured physical addresses. The memory regions may not overlap.

Select a transfer mode by writing to xfer_ mode. The mode may be single, fill, gap or continuous
as described in Table 6. The processor must be able to service the interrupt request and process
the buffers fast enough for the selected combination of xfer_length, xfer mode, configured
decimation rate and capture interval.

To capture, execute the following sequence:

1. Poll sm_busy until it reads as logic 0.
2. Write 0x0 to lane_en.
3. Write logic 1 to lane_en_update.

4. If using halfband 1 as the data source, enable both lanes by writing 0x3 to lane_en,
otherwise write 0x1.

5. Write logic 1 to lane_en_update.

In single and fill modes the transfer is complete when sm_busy reads as logic 0.

In continuous and gap modes the interrupt request must be serviced after each transfer. To clear
the interrupt request, write logic 1 to irq_clr.

In continuous and gap modes the transfer will stop when requested. To stop the capture, execute
the following sequence:

17



1. Write 0x0 to lane_en.

2. Write logic 1 to lane_en_update.

The capture has stopped completely when sm_busy reads as logic 0.

6 Clocking Description

6.1 Virtex-4 Clocking

The clocking structure in the Virtex-4 device is shown in Figure 9. A 450 MHz clock is received
from the ADC by a digital clock manager (DCM) tile and is used to operate the DDR I/O pads.
The data is transferred to the 225 MHz clock domain through a FIFO that doubles the data
width. Digital signal processing occurs in the 225 MHz domain.

OBUFDS
450 MHz to Zynq

DDR Data
1/0 Pads

IBUFGDS

delk_p DCM 450 MHz FIFO
dclk_n——> S

450 MHz from ADC 225|MHz

Register
File

Digital
Mixer

4:1
Down
Sampler

SPI

€——sclk
Slave

1 MHz from Zynq

Figure 9: Virtex-4 Clocking Diagram

The SPI slave receives a 1 MHz clock from the Zynq device. This clock is not contrained to the
450 or 225 MHz clock. A bus synchronizer transfers data between the 1 MHz SPI clock domain
and the 225 MHz register file clock domain.
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6.2 Zynq Clocking

The clocking structure in the Zynq device is shown in Figure 10. The Zynq device receives a
differential 450 MHz clock from the FMC port into a mixed-mode clock manager (MMCM) tile
that produces 450 and 225 MHz clocks. The MMCM has dynamic phase shifting enabled to align
the output clock with the data. Digital signal processing occurs in the 225 MHz clock domain.

450 MHz from RFRB
dclk_p ——p

delk_n———pf Input
MMCM SERDES
26 bits

450 MHz

225 MHz R

Filters,
User Logic

150 MHz from PS
felk_clkl

Async
FIFO

Capture
Controller

100 MHz from PS

Register @ folk_clko

File

Figure 10: Zynq Clocking Diagram

The Zynq processing system (PS) bus operates at 150 MHz. An asynchronous FIFO transports
data from the 225 MHz into the 150 MHz clock domain by doubling the data width.

The Zynq register file operates on the PS 100 MHz APB clock. Bit fields in this register file are
synchronized to the appropriate clock domain as necessary.

7 Connector Description

7.1 FMC Connector Description

The connections between the ADC12D1800RFRB and the Zedboard are shown in Figure 11.
Data lanes 0-3 are DDR differential pairs switching at 900 MHz. The 450 MHz clock is also
provided as a differential pair. 10012 differential termination must be enabled for these signals.

SPI signals are single-ended. The SPI interface operates at 1 MHz.
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Virtex-4 Zynq

. / q
s 7 >
13 /
o .
stz 7 >
13
dclk_p
dclk_n
spi_sck
spi_ss
spi_mosi
spi_miso

Figure 11: Board-to-Board Connectivity Diagram

8 Debug Features

8.1 PRBS Generators

Each of the four 13-bit data lanes crossing the FMC interface between boards has a PRBS
generator that can override the data from the ADC. The PRBS generator on each lane is enabled
by writing logic 1 to the corresponding bit in prbs_en. Each lane uses a different generator
polynomial, given in Table 7.

Lane | Polynomial
0 0x101A
1 0x1046
2 0x1032
3 0x1052

Table 7: PRBS Generator Polynomials

This feature can be used to test the alignment of the data and clock signals crossing the FMC
interface by checking the corresponding PRBS error count register err_cntX. It can also be used
as a known data source to test the operation of the software by selecting a particular lane as the
data source (see Tables 4 and 5).
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8.2 ADC Constant Value Input

By writing logic 1 to zero_input the values from the ADC are overwritten with all zeros. Since
the ADC uses an unsigned offset number format, this represents a full-scale negative value when
it is converted to signed format. This feature can be used to test the system DSP performance by
generating a complex cosine waveform at the frequency set by phase_inc.

8.3 AXI Data Override

By writing logic 1 to axi_data_override the AXI bus inputs to the memory controller are set to
constant values. Lane 0 is set to the 64-bit value 0x0011223344556677 and lane 1 is set to the
64-bit value 0x8899AABBCCDDEEFF. This function is useful for testing various transfer modes
without any need to engage with the Virtex-4 device.

8.4 LED Override

The nine status LEDs on the ADC12D1800RFRB board may be overridden to provide
software-controlled feedback about different events. Individual LEDs may be enabled for override
by setting the corresponding bit in led_override to logic 1. This LED may then be controlled by
setting the value of the corresponding bit in led_value.
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Trademark Office (USPTO) in regards to this invention. The full text of the patent
is available online and is not repeated here. In this section we present the original
claims, the first office action allowing 27 of the original 41 claims, and the amended
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MDJ:sms ~ 2847-93354-02

CLAIMS AS PENDING
Title: SPREAD SPECTRUM METHOD AND APPARATUS
Application No. 14/811,662, Filed: 7/28/2015
Your Ref. No. Please advise
Klarquist Ref. No. 2847-93354-02

1. (Original) A method, comprising:

dividing a first message signal associated with a message rate fi, into a series of overlapping
segments having a predetermined length and overlap; and

transmitting the segments serially at a channel rate fc that is higher than the message rate fm,
wherein the channel rate fc is selected based on the predetermined length and overlap so as to

accommodate redundancy associated with the division into overlapping segments.

2. (Original) The method of claim 1, further comprising applying a window

function to each segment of the first message signal.

3. (Original) The method of claim 2, wherein the window function is a sine,

Hanning, trapezoidal, rectangular, or Blackman window function.

4, (Original) The method of claim 2, wherein the channel rate fc is selected based
on the predetermined length M and overlap R and the message rate f,» such that fc > (M/R) fin so

that the segments are transmitted without overlap.

5. (Original) The method of claim 4, further comprising;

dividing a second message signal into a series of overlapping segments having a second
predetermined length and overlap;

applying a window function to each segment of the second message signal;

interleaving the windowed segments of the first message signal with the windowed
segments of the second message signal; and

transmitting the interleaved segments or data elements serially.

Claims as Pending Page 1 of 7
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6. (Original) The method of claim 4, wherein the channel rate, overlap and segment

length are modified dynamically based on channel conditions.

7. (Original) The method of claim 4, wherein synchronization markers are used to

identify the beginning of a segment or group of segments.

8. (Original) The method of claim 4, wherein adaptive equalization is used to

compensate for frequency-selective fading.

0. (Original) The method of claim 1, wherein the message rate is a first message
rate, and further comprising:

dividing a plurality of message signals associated with at least the first message rate and a
second message rate into respective series of overlapping segments having the predetermined
length and overlap; and

transmitting the segments of the plurality of message signals serially at the channel rate.

2
10. (Original) The method of claim 9, wherein the channel rate f- is at least ZL ,

i=1 i
wherein fi is the first message rate, f> is the second message rate, 6, = R,/ M ,, and M\, M> and

R, R> and are the predetermined lengths and overlaps associated with the first message signal

and the second message signal, respectively.

11. (Original) The method of claim 4, further comprising;

dividing a second message signal into a series of overlapping segments having a second
predetermined length and overlap;

applying a window function to each segment of the second message signal; and

applying a first code sequence of length N and a second code sequence of length N to the
respective series of windowed segments associated with the first message signal and the second
message signal, respectively, so as to define corresponding coded series of segments, wherein the
serially transmitted code segments includes N coded series of segments, wherein N is a positive

integer.
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12. (Original) The method of claim 11, wherein the code sequences correspond to

rows of a Hadamard matrix H (2*), wherein k is a positive integer.

13. (Original) The method of claim 1, further comprising dividing a plurality of
message signals associated with at least one message rate into a series of overlapping segments
having predetermined lengths and overlaps; and

transmitting the segments serially at a channel rate that is higher than a combined message
rate, wherein the channel rate is selected based on the predetermined lengths and overlaps so as

to accommodate redundancy associated with the division into overlapping segments.

14. (Original) The method of claim 4, wherein the segments are transmitted serially

by modulating the segments onto a carrier wave.

15. (Original) The method of claim 14, where the modulation is done by creating an
analytic complex baseband signal with a Hilbert transform and then upconverting to make a

single sideband real passband signal.

16. (Original) The method of claim 4, where the segments are divided into two

groups, and I/Q multiplexing the two groups of segments.

17. (Original) The method of claim 4, further comprising:

dividing a second message signal into a series of overlapping segments having a second
predetermined length and overlap; and

I/Q multiplexing the segments of the first message signal with the segments of the second

message signal; and transmitting the segments serially.

18. (Original) The method of claim 17, wherein the second message signal is

corresponds to the first message signal with a time-delay.
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19. (Original) The method of claim 16, wherein segments associated with the I and Q

channels are temporally offset.

20. (Original) The method of claim 19, wherein the segments associated with the I
and Q channels are offset by 50% of the segment length so that amplitude nulls in an I channel
and amplitude peaks in a Q channel occur at a common time so as to reduce signal envelope

amplitude variations.

21. (Original) The method of claim 4, wherein the message is a real passband output

of a digital modulator.

22. (Original) The method of claim 4, wherein the message is a complex baseband

output of a digital modulator.

23. (Original) A method, comprising:

identifying a plurality of segments in a serially received data signal at a channel rate;

processing the segments based on a segment length and overlap to obtain the message
signal, wherein a message rate associated with the message signal is less than the channel rate,
wherein the channel rate is selected based on the predetermined length and overlap so as to

accommodate redundancy associated with the division into overlapping segments.

24. (Original) The method of claim 23, further comprising windowing each of the

segments prior to processing to obtain the message signal.
25. (Original) The method of claim 23, wherein the message rate f,,, is selected such
that f,,, = &f, wherein fis the channel rate, § = R / M , R is the overlap and M is the segment

length.

26. (Original) The method of claim 23, wherein the serially received data signal at

the channel rate includes segments associated with at least a first message signal and a second
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message signal, wherein the processing produces the at least one of the first message signal and

the second message signal based on the predetermined length and overlap.

27. (Original) The method of claim 25 wherein at least one of the first message

signal and the second message signal are produced based on associated code sequences.

28. (Original) The method of claim 23, wherein the channel rate f- corresponds to a

2
sum Z—’ , wherein f1 is a first rate associated with the first message signal, f> is a second rate

=1 Y
associated with the second message signal, 6, =R,/ M, 6, =R,/ M,and R;, R> and M1, M are

predetermined overlaps and segment lengths associated with the first message signal and the

second message signal, respectively.

20. (Original) The method of claim 23, further comprising:

identifying a plurality of segments in a serially received data signal at a channel rate, the
plurality of segments associated with two or more message signals;

processing the segments based on a segment length and overlap to obtain at least one of the

message signals.

30. (Original) The method of claim 23, further comprising:
processing the segments based on segment lengths and overlaps associated with

corresponding message signals to obtain the at least two message signals.

31. (Original) An apparatus, comprising:

a data input that receives a sequence of data samples;

a data processor that receives the sequence of data samples and defines a series of
overlapping segments having a predetermined length and overlap; and

a data convertor that produces a serial data signal based on the series of overlapping
segments, wherein the received sequence of data samples is received at a message data rate, and
the serial data signal is at a channel data rate, wherein the channel data rate is greater than the

message data rate.
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32. (Original) The apparatus of claim 31, wherein the channel data rate is f is at
least f- = f‘—;,“, wherein f,, is the message data rate, § = R / M , R is the overlap and M is a

segment length.

33. (Original) The apparatus of claim 31, further comprising an analog to digital

converter that produces the sequence of data samples.

34. (Original) The apparatus of claim 31, further comprising a modulator that
receives the serial data signal and modulates a carrier signal based on the received serial data

signal.

35. (Original) The apparatus of claim 31, wherein the sequence of data samples is
associated with a plurality of data signal such that segments of the plurality of data signals are
interleaved, and further comprising a demultiplexer that processes the received sequence of data
samples such that the serial data signal is based on overlapping segments associated with a

selected data signal of the plurality of data signals.

36. (Original) An apparatus, comprising:

a data input that receives a serial data signal based on a series of segments having a
predetermined length; and

a data processor that receives the serial data signal from the data input and identifies

overlapping segments in the serial data signal and produces a de-overlapped serial data signal.

37. (Original) The apparatus of claim 36, wherein the serial data signal is received at
a first data rate, and the de-overlapped serial data signal is at a message data rate, wherein the

message data rate is less than the channel data rate.
38. (Original) The apparatus of claim 36, wherein the message data rate is f,, is less
than or equal to &f-, wherein f is the channel data rate, § = R / M , R is a segment overlap and

M is the predetermined segment length.
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39. (Original) The apparatus of claim 36, wherein the sequence of data samples is
associated with a plurality of data signals such that segments of the plurality of data signals are
interleaved, wherein the data processor produces the de-overlapped serial data signal based on a

selected data signal of the plurality of data signals.

40. (Original) The apparatus of claim 36, wherein the sequence of data samples is
associated with a plurality of data signals, wherein each of the plurality of data signals is
associated with a respective code sequence, and the data processor produces the de-overlapped
serial data signal based on a selected data signal of the plurality of data signals and the

corresponding code sequence.

41. (Original) The apparatus of claim 37, wherein the data processor that receives the
serial data signal from the data input and identifies the overlapping segments in the serial data
signal, assigns a weight to each segment based on its quality and produces a de-overlapped serial

data signal.
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1. The present application, filed on or after March 16, 2013, is being examined
under the first inventor to file provisions of the AlA.
DETAILED ACTION
Claim Rejections -35USC § 112

1. The following is a quotation of 35 U.S.C. 112(b):

(b) CONCLUSION.—The specification shall conclude with one or more claims particularly
pointing out and distinctly claiming the subject matter which the inventor or a joint inventor
regards as the invention.

The following is a quotation of 35 U.S.C. 112 (pre-AlA), second paragraph:
The specification shall conclude with one or more claims particularly pointing out and distinctly
claiming the subject matter which the applicant regards as his invention.

2. Claims 23-30, 37-39 and 41 are rejected under 35 U.S.C. 112(b) or 35 U.S.C.
112 (pre-AlA), second paragraph, as being indefinite for failing to particularly point out
and distinctly claim the subject matter which the inventor or a joint inventor, or for pre-
AlA the applicant regards as the invention.

3. Claim 23 recites the limitation "the division" in line 5. There is insufficient
antecedent basis for this limitation in the claim.

4. Claim 23 recites the limitation "the message signal" in lines 4-5. There is
insufficient antecedent basis for this limitation in the claim.

5. Claim 27 recites the limitation "the first message signal”, “ the second message
signal" in lines 1-2. There is insufficient antecedent basis for this limitation in the claim.
6. Claim 28 recites the limitation "the first message signal and the second message
signal" in lines 3-4. There is insufficient antecedent basis for this limitation in the claim.

7. Claim 30 recites the limitation "the at least two message signals” in line 3. There

is insufficient antecedent basis for this limitation in the claim.
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8. Claim 37 recites the limitation "the channel data rate" in line 3. There is
insufficient antecedent basis for this limitation in the claim.
9. Claim 38 recites the limitation "the channel data rate" in line 2. There is
insufficient antecedent basis for this limitation in the claim.
10.  Claim 38 recites the limitation "the message data rate" in line 1. There is
insufficient antecedent basis for this limitation in the claim.
11.  Claim 39 recites the limitation "the sequence of data samples" in line 1. There is
insufficient antecedent basis for this limitation in the claim.
12.  Claim 24-25, 26, 29 and 41 is also rejected to as being dependent upon a
rejected base claim.
13.

Claim Rejections - 35 USC § 102
14.  In the event the determination of the status of the application as subject to AIA 35
U.S.C. 102 and 103 (or as subject to pre-AlA 35 U.S.C. 102 and 103) is incorrect, any
correction of the statutory basis for the rejection will not be considered a new ground of
rejection if the prior art relied upon, and the rationale supporting the rejection, would be
the same under either status.
15.  The following is a quotation of the appropriate paragraphs of 35 U.S.C. 102 that

form the basis for the rejections under this section made in this Office action:
A person shall be entitled to a patent unless —

16.  The following is a quotation of the appropriate paragraphs of 35 U.S.C. 102 that

form the basis for the rejections under this section made in this Office action:

A person shall be entitled to a patent unless —
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(a)(1) the claimed invention was patented, described in a printed publication, or in public use,
on sale or otherwise available to the public before the effective filing date of the claimed
invention.

17.  Claims 36-37 and 40 is rejected under 35 U.S.C. 102(a)(1) as being anticipated
by Yost et al U.S. Patent No 5,010,558.

As per claim 36, Yost et al teaches an apparatus, comprising: a data input that
receives a serial data signal based on a series of segments having a predetermined
length (see col.2, lines 4-36 and col.3, lines 20-35, 42-55); and a data processor that
receives the serial data signal from the data input and identifies overlapping segments
in the serial data signal (col.3, lines 30-35, 42-55) and produces a de-overlapped serial
data signal (see col.2, lines 30-34).

As per claim 37, Yost et al does teach wherein the serial data signal is received at
a first data rate, and the de-overlapped serial data signal is at a message data rate
(which is equivalent to the decoding rate), wherein the message data rate (the decoding
rate) is less than the channel data rate (which is equivalent to the encoding rate) (see
abstract and col.1, lines 33-40 and col.1, lines 60-67 and col.4, lines 64-67).

As per claim 40, Yost et al does teach wherein the sequence of data samples is
associated with a plurality of data signals, wherein each of the plurality of data signals is
associated with a respective code sequence (see col.1, lines 30-35, 53-55 and col.3,
lines 45-65), and the data processor produces the de- overlapped serial data signal
based on a selected data signal of the plurality of data signals and the corresponding

code sequence (see col.2, lines 4-36 and col.3, lines 20-35, 42-55).
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Claim Rejections - 35 USC § 103
18.  In the event the determination of the status of the application as subject to AIA 35
U.S.C. 102 and 103 (or as subject to pre-AlA 35 U.S.C. 102 and 103) is incorrect, any
correction of the statutory basis for the rejection will not be considered a new ground of
rejection if the prior art relied upon, and the rationale supporting the rejection, would be
the same under either status.
19.  The following is a quotation of 35 U.S.C. 103 which forms the basis for all

obviousness rejections set forth in this Office action:

A patent for a claimed invention may not be obtained, notwithstanding that the claimed
invention is not identically disclosed as set forth in section 102 of this title, if the differences
between the claimed invention and the prior art are such that the claimed invention as a whole
would have been obvious before the effective filing date of the claimed invention to a person
having ordinary skill in the art to which the claimed invention pertains. Patentability shall not
be negated by the manner in which the invention was made.

20.  The following is a quotation of 35 U.S.C. 103 which forms the basis for all

obviousness rejections set forth in this Office action:

A patent for a claimed invention may not be obtained, notwithstanding that the claimed
invention is not identically disclosed as set forth in section 102 of this title, if the differences
between the claimed invention and the prior art are such that the claimed invention as a whole
would have been obvious before the effective filing date of the claimed invention to a person
having ordinary skill in the art to which the claimed invention pertains. Patentability shall not
be negated by the manner in which the invention was made.

21.  Claims 39 and 41 are rejected under 35 U.S.C. 103 as being unpatentable over
Yost et al U.S. Patent No 5,010,558 in view of Koishida et al U.S. Pub No
20150213804.

As per claim 39 Yost et al teaches all the features of the claimed invention
wherein the sequence of data samples is associated with a plurality of data signals,

wherein the data processor produces the de-overlapped serial data signal based on a
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selected data signal of the plurality of data signals, except that segments of the plurality

of data signals are interleaved.

Koishida et al teaches segments of the plurality of data signals are interleaved

(see paragraph [0095-0096]).
It would have been obvious to one of ordinary skill in the art to implement the
teaching of Koishida into Yost as to apply inverse frequency transform to different

modes of encoded audio data as taught by Koishida (see paragraph [0095-0096]).

As per claim 41, Yost et al teaches all the features of the claimed invention
wherein the data processor that receives the serial 25 data signal from the data input
and identifies the overlapping segments in the serial data signal, and produces a de-
overlapped serial data signal except assigns a weight to each segment based on its
quality.

Koishida et al teaches assigns a weight to each segment based on its quality (see
paragraph ([0004] [0057] [0074]).

It would have been obvious to one of ordinary skill in the art to implement the
teaching of Koishida into Yost as to apply inverse frequency transform to different
modes of encoded audio data and also determine high quality bitrate compression, as
taught by Koishida (see paragraph [0074] [0095-0096]).

Allowable Subject Matter

22. Claims 1-22 and 31-35 are allowed over the prior arts of record.
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23.  The following is a statement of reasons for the indication of allowable subject
matter: transmitting the segments serially at a channel rate fc that is higher than the
message rate fm, wherein the channel rate fc is selected based on the predetermined
length and overlap so as to accommodate redundancy associated with the division into
overlapping segments, as recited in claim 1. A data convertor that produces a serial
data signal based on the series of overlapping segments wherein the received
sequence of data samples is received at a message data rate, and the serial data signal
is at a channel data rate, wherein the channel data rate is greater than the message

data rate, as recited in claim 31.

Conclusion
24.  The prior art made of record and not relied upon is considered pertinent to
applicant's disclosure.
25. (US-20090238578-$ or US-20070299657-$).did. or (US-8630861-$ or US-
5977991-$ or US-5394473-$ ).did.

Any inquiry concerning this communication or earlier communications from the
examiner should be directed to EMMANUEL BAYARD whose telephone number is
(671)272-3016. The examiner can normally be reached on Monday-Friday (7:Am-
4:30PM) Alternate Friday off.

If attempts to reach the examiner by telephone are unsuccessful, the examiner’'s
supervisor, Sam Ahn can be reached on 571 272 3044. The fax phone number for the

organization where this application or proceeding is assigned is 571-273-8300.
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Information regarding the status of an application may be obtained from the
Patent Application Information Retrieval (PAIR) system. Status information for
published applications may be obtained from either Private PAIR or Public PAIR.
Status information for unpublished applications is available through Private PAIR only.
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should
you have questions on access to the Private PAIR system, contact the Electronic
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a
USPTO Customer Service Representative or access to the automated information
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000.

Emmanuel Bayard
Primary Examiner
Art Unit 2633

/EMMANUEL BAYARD/
Primary Examiner, Art Unit 2633
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Listing of Claims

1. (Original) A method, comprising:

dividing a first message signal associated with a message rate fi, into a series of overlapping
segments having a predetermined length and overlap; and

transmitting the segments serially at a channel rate fc that is higher than the message rate fi,
wherein the channel rate fc is selected based on the predetermined length and overlap so as to

accommodate redundancy associated with the division into overlapping segments.

2. (Original) The method of claim 1, further comprising applying a window function to

each segment of the first message signal.

3. (Original) The method of claim 2, wherein the window function is a sine, Hanning,

trapezoidal, rectangular, or Blackman window function.

4. (Original) The method of claim 2, wherein the channel rate fc is selected based on the
predetermined length M and overlap R and the message rate f,, such that fc > (M/R) fn so that the

segments are transmitted without overlap.

5. (Original) The method of claim 4, further comprising;

dividing a second message signal into a series of overlapping segments having a second
predetermined length and overlap;

applying a window function to each segment of the second message signal;

interleaving the windowed segments of the first message signal with the windowed
segments of the second message signal; and

transmitting the interleaved segments or data elements serially.

6. (Original) The method of claim 4, wherein the channel rate, overlap and segment length

are modified dynamically based on channel conditions.

Page 2 of 10
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7. (Original) The method of claim 4, wherein synchronization markers are used to identify

the beginning of a segment or group of segments.

8. (Original) The method of claim 4, wherein adaptive equalization is used to compensate

for frequency-selective fading.

9. (Original) The method of claim 1, wherein the message rate is a first message rate, and
further comprising:

dividing a plurality of message signals associated with at least the first message rate and a
second message rate into respective series of overlapping segments having the predetermined
length and overlap; and

transmitting the segments of the plurality of message signals serially at the channel rate.

2
10. (Original) The method of claim 9, wherein the channel rate f; is at least ZL ,

i=1 ¢
wherein fi is the first message rate, f> is the second message rate, d, = R, / M, and M1, M> and

R, R and are the predetermined lengths and overlaps associated with the first message signal

and the second message signal, respectively.

11. (Original) The method of claim 4, further comprising;

dividing a second message signal into a series of overlapping segments having a second
predetermined length and overlap;

applying a window function to each segment of the second message signal; and

applying a first code sequence of length N and a second code sequence of length N to the
respective series of windowed segments associated with the first message signal and the second
message signal, respectively, so as to define corresponding coded series of segments, wherein the
serially transmitted code segments includes N coded series of segments, wherein N is a positive

integer.

12. (Original) The method of claim 11, wherein the code sequences correspond to rows of a

Hadamard matrix H (2*), wherein k is a positive integer.

Page 3 of 10
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13. (Original) The method of claim 1, further comprising dividing a plurality of message
signals associated with at least one message rate into a series of overlapping segments having
predetermined lengths and overlaps; and

transmitting the segments serially at a channel rate that is higher than a combined message
rate, wherein the channel rate is selected based on the predetermined lengths and overlaps so as

to accommodate redundancy associated with the division into overlapping segments.

14. (Original) The method of claim 4, wherein the segments are transmitted serially by

modulating the segments onto a carrier wave.

15. (Original) The method of claim 14, where the modulation is done by creating an
analytic complex baseband signal with a Hilbert transform and then upconverting to make a

single sideband real passband signal.

16. (Original) The method of claim 4, where the segments are divided into two groups, and

I/Q multiplexing the two groups of segments.

17. (Original) The method of claim 4, further comprising:

dividing a second message signal into a series of overlapping segments having a second
predetermined length and overlap; and

I/Q multiplexing the segments of the first message signal with the segments of the second

message signal; and transmitting the segments serially.

18. (Currently Amended) The method of claim 17, wherein the second message signal is

corresponds to the first message signal with a time-delay.

19. (Original) The method of claim 16, wherein segments associated with the I and Q

channels are temporally offset.

Page 4 of 10
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20. (Original) The method of claim 19, wherein the segments associated with the I and Q
channels are offset by 50% of the segment length so that amplitude nulls in an I channel and
amplitude peaks in a Q channel occur at a common time so as to reduce signal envelope

amplitude variations.

21. (Original) The method of claim 4, wherein the message is a real passband output of a

digital modulator.

22. (Original) The method of claim 4, wherein the message is a complex baseband output

of a digital modulator.

23. (Currently Amended) A method, comprising:

identifying a plurality of segments in a serially received data signal at a channel rate;

processing the segments based on a segment length and overlap to obtain the a message
signal, wherein a message rate associated with the message signal is less than the channel rate,
wherein the channel rate is selected based on the predetermined length and overlap so as to

accommodate redundancy associated with the a division into overlapping segments.

24. (Original) The method of claim 23, further comprising windowing each of the segments

prior to processing to obtain the message signal.

25. (Original) The method of claim 23, wherein the message rate f,, is selected such that
fm < 6fc, wherein f; is the channel rate, § = R / M , R is the overlap and M is the segment

length.

26. (Original) The method of claim 23, wherein the serially received data signal at the
channel rate includes segments associated with at least a first message signal and a second
message signal, wherein the processing produces the at least one of the first message signal and

the second message signal based on the predetermined length and overlap.

Page 5 of 10
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27. (Currently Amended) The method of claim 2526 wherein at least one of the first

message signal and the second message signal are produced based on associated code sequences.

28. (Currently Amended) The method of claim 23, wherein the channel rate f, corresponds

2
to a sum ZL , wherein fi is a first rate associated with the a first message signal, f> is a second

i=1 Y
rate associated with the a second message signal, 6, =R,/ M,, 8, =R,/ M,and R;, R> and M,

M, are predetermined overlaps and segment lengths associated with the first message signal and

the second message signal, respectively.

29. (Original) The method of claim 23, further comprising:

identifying a plurality of segments in a serially received data signal at a channel rate, the
plurality of segments associated with two or more message signals;

processing the segments based on a segment length and overlap to obtain at least one of the

message signals.

30. (Currently Amended) The method of claim 23, further comprising:
processing the segments based on segment lengths and overlaps associated with

corresponding message signals to obtain the-at least two message signals.

31. (Original) An apparatus, comprising:

a data input that receives a sequence of data samples;

a data processor that receives the sequence of data samples and defines a series of
overlapping segments having a predetermined length and overlap; and

a data convertor that produces a serial data signal based on the series of overlapping
segments, wherein the received sequence of data samples is received at a message data rate, and
the serial data signal is at a channel data rate, wherein the channel data rate is greater than the

message data rate.

Page 6 of 10
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32. (Currently Amended) The apparatus of claim 31, wherein the channel data rate s f is
at least f, = %m, wherein f,, is the message datarate, § = R / M , R is the overlap and M is a

segment length.

33. (Original) The apparatus of claim 31, further comprising an analog to digital converter

that produces the sequence of data samples.

34. (Original) The apparatus of claim 31, further comprising a modulator that receives the

serial data signal and modulates a carrier signal based on the received serial data signal.

35. (Original) The apparatus of claim 31, wherein the sequence of data samples is
associated with a plurality of data signal such that segments of the plurality of data signals are
interleaved, and further comprising a demultiplexer that processes the received sequence of data
samples such that the serial data signal is based on overlapping segments associated with a

selected data signal of the plurality of data signals.

36. (Currently Amended) An apparatus, comprising:

a data input that receives a serial data signal based on a series of segments having a
predetermined length; and

a data processor that receives the serial data signal from the data input and identifies
overlapping segments in the serial data signal and produces a de-overlapped serial data signal,

wherein the de-overlapped serial data signal is at a message data rate, and wherein the message

data rate f,, is less than or equal to & -, wherein f, is a channel datarate, s = R/ M .Risa

segment overlap and M is the predetermined segment length.

37. (Currently Amended) The apparatus of claim 36, wherein the serial data signal is
received at a first data rate, and the de-overlapped serial data signal is at & the message data rate,

wherein the message data rate is less than the channel data rate.

38. (Cancelled).

Page 7 of 10
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39. (Currently Amended) The apparatus of claim 36, wherein the serial data signal
sequence-of-datasamples is associated with a plurality of data signals such that segments of the

plurality of data signals are interleaved, wherein the data processor produces the de-overlapped

serial data signal based on a selected data signal of the plurality of data signals.

40. (Currently Amended) The apparatus of claim 36, wherein the serial data signal
sequence-of data-samples is associated with a plurality of data signals, wherein each of the

plurality of data signals is associated with a respective code sequence, and the data processor

produces the de-overlapped serial data signal based on a selected data signal of the plurality of

data signals and the corresponding code sequence.

41. (Original) The apparatus of claim 37, wherein the data processor that receives the serial
data signal from the data input and identifies the overlapping segments in the serial data signal,
assigns a weight to each segment based on its quality and produces a de-overlapped serial data

signal.

Page 8 of 10
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Remarks
Reconsideration is requested in view of the preceding amendments and the following
remarks. By this Amendment, claim 38 is cancelled without prejudice, and its subject matter
added to independent claim 36. In addition, claims 18, 23, 27, 28, 30, 32, 39, and 40 are
amended. No new matter is added with these amendments. Upon entry of this Amendment,

claims 1-37, and 39-41 are pending, of which claims 1, 23, 31, and 36 are independent.

Allowable Subject Matter
The Applicants thank the Examiner for indicating that claims 1-22 and 31-35 are allowed

over the prior art of record.

Rejections under 35 U.S.C. § 112
Claims 23-30, 37-39, and 41 are rejected under 35 U.S.C. § 112(b) as being indefinite.
Withdrawal of the rejection is respectfully requested in view of the amendment of claims 23, 27,

28, 30, 36, 39, and 40, and the cancellation of claim 38 without prejudice.

Cited Art
The Action cites:
1. Yost et al., U.S. Patent 5,010,558 (hereinafter “Yost); and
2. Koishida et al., U.S. Patent Application Publication 2015/0213804 (hereinafter
“Koishida™).

Rejections under 35 U.S.C. § 102

Claims 36, 37, and 40 are rejected under 35 U.S.C. § 102(b) as being anticipated by Yost.
(Action at 3-4.) This rejection is respectfully traversed.

Independent claim 36 is amended herein to include the features of original claim 38, as
amended for clarification. Claim 38 was not rejected in view of Yost and therefore claim 36 is
patentable over Yost. Claims 37 and 40 depend from claim 36, and are patentable for at least the
same reasons, in addition to the novel combination of features recited therein. Therefore, claims

36, 37, and 40 are allowable, and such action is respectfully requested.
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Rejections under 35 U.S.C. § 103

Claims 39 and 41 are rejected under 35 U.S.C. § 103(a) as being unpatentable over Yost
in view of Koishida. (Action at 5-6.) This rejection is respectfully traversed.

As stated above, amended claim 36 is patentable over Yost. Koishida tails to cure these
deficiencies of Yost with respect to claim 36. Thus, claims 39 and 41 are patentable over the
proposed Yost and Koishida combination as dependent from allowable claim 36, in addition to
the novel and non-obvious combination of features recited therein, and withdrawal of this

rejection is respectfully requested.

Conclusion
Applicants believe that this application is now in condition for allowance, in view of the
above amendments and remarks. Accordingly, Applicants respectfully request that the Examiner
issue a Notice of Allowability covering the pending claims. If the Examiner has any questions,
or if a telephone interview would in any way advance prosecution of the application, please

contact the undersigned attorney of record.
Respectfully submitted,

KLARQUIST SPARKMAN, LLP

One World Trade Center, Suite 1600
121 S.W. Salmon Street

Portland, Oregon 97204 By /Derrick W. Toddy/
Telephone: (503) 595-5300 Derrick W. Toddy
Facsimile: (503) 595-5301 Registration No. 74,591
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Application/Control Number: 14/811,662 Page 2
Art Unit: 2633

1. The present application, filed on or after March 16, 2013, is being examined
under the first inventor to file provisions of the AlA.
DETAILED ACTION

This is in response to amendment filed on 7/28/16 in which claims 1-37 and 39-
41 are pending and claim 38 is cancelled. The applicant’'s amendments have been fully
considered therefore this case is in condition for allowance. In addition the pending
claims have been renumbered as 1-40, respectively.

Allowable Subject Matter

2. The following is an examiner’s statement of reasons for allowance: The prior arts
of record ail to anticipate or render obvious the following recited features: transmitting
the segments serially at a channel rate fc that is higher than the message rate Fm,
wherein the channel rate fc is selected based on the predetermined length and overlap
S0 as to accommodate redundancy associated with the division into overlapping
segments, as recited in all the independent claims.

Any comments considered necessary by applicant must be submitted no later
than the payment of the issue fee and, to avoid processing delays, should preferably
accompany the issue fee. Such submissions should be clearly labeled “Comments on
Statement of Reasons for Allowance.”

Conclusion
3. The prior art made of record and not relied upon is considered pertinent to
applicant's disclosure.

(US-9368123-$ or US-9031834-$).did.
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Art Unit: 2633

Any inquiry concerning this communication or earlier communications from the
examiner should be directed to EMMANUEL BAYARD whose telephone number is
(671)272-3016. The examiner can normally be reached on Monday-Friday (7:Am-
4:30PM) Alternate Friday off.

If attempts to reach the examiner by telephone are unsuccessful, the examiner’'s
supervisor, Sam Ahn can be reached on 571 272 3044. The fax phone number for the
organization where this application or proceeding is assigned is 571-273-8300.

Information regarding the status of an application may be obtained from the
Patent Application Information Retrieval (PAIR) system. Status information for
published applications may be obtained from either Private PAIR or Public PAIR.
Status information for unpublished applications is available through Private PAIR only.
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should
you have questions on access to the Private PAIR system, contact the Electronic
Business Center (EBC) at 866-217-9197 (toll-free). If you would like assistance from a
USPTO Customer Service Representative or access to the automated information
system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000.

Emmanuel Bayard
Primary Examiner
Art Unit 2633

/EMMANUEL BAYARD/
Primary Examiner, Art Unit 2633
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SPREAD SPECTRUM METHOD AND
APPARATUS

CROSS REFERENCE TO RELATED
APPLICATION

This application claims the benefit of U.S. Provisional
Application No. 62/029,856, filed Jul. 28, 2014, which is
incorporated herein by reference in its entirety.

FIELD

The disclosure pertains to data communication systems.

BACKGROUND

Communication systems using time compression are
described in Martin and Thepault, “An Analog Time-Divi-
sion Multiplexing System,” 3rd European Solid State Cir-
cuits Conference (ESSCIRC’77), pp. 162-163 (1977) and
Kourtis et al., “Analogue time division multiplexing,” Int. J.
Elect. 74.6, pp. 901-907 (1993). McGibney, “Analog radio
system with acoustic transmission properties,” U.S. Pat. No.
6,606,312 discloses segmenting a voice signal and com-
pressing the segments in time before transmission through a
radio channel, but is limited to voice transmission. Addi-
tional improvements are needed for the realization of prac-
tical systems based on time compression.

SUMMARY

Disclosed herein are representative data communication
methods and apparatus that offer certain advantages with
respect to conventional direct sequence, frequency hopping,
chirped, and time hopping spread spectrum techniques, or
ultra-wideband pulse radio techniques. The disclosed meth-
ods and apparatus can be used with time division multiple
access (IDMA) and code division multiple access (CDMA)
techniques as well. As disclosed in detail below, overlap-
adding segments is used to increase robustness.

In typical examples, time compression is used, wherein a
sampled message signal is transmitted at a higher sampling
rate than an initial message rate. Robustness is achieved by
dividing the message signal into overlapping segments, and
transmitting each segment at a rate such that segments no
longer overlap, receiving these segments and reconstructing
the message by overlap-adding the segments. The spreading
factor is the inverse of the fractional hop size, or one minus
the normalized amount of overlap relative to the segment
length. For segments almost fully overlapping with overlap
of all samples but one (a hop size of one sample), the
spreading factor is equal to the segment length. The seg-
ments may be windowed, tapering to zero at the edges. As
an example, for a voice signal sampled at 8 kHz and
segments of 8000 samples, and hop size of one sample, the
samples are transmitted at 64 Msample/sec. This wideband
signal can be transmitted at baseband or on a carrier. The
samples could be transmitted at an integer multiple N times
64 Msample/sec to obtain N TDMA channels.

An advantage of some disclosed schemes is that the
transmitted samples need not be recovered exactly. The
message signal is effectively resampled at the receiver, so
sample misalignment and slight clock drift will not signifi-
cantly alter the quality of the recovered message. Thus frame
alignment overhead may not be required, since the period-
icity of the windowed frames can define frame boundaries
with sufficient accuracy.
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In some examples, signals are spread to reduce or elimi-
nate flat fading by spreading over a much wider bandwidth
so as to experience frequency-selective fading. Adaptive
equalizers for frequency selective channels can then be
applied. In the case of a time-varying frequency-selective
channel, the overlap-add process naturally reduces the effect
of the channel response.

Methods for spread spectrum communication comprise
dividing a message signal to be transmitted into a series of
overlapping segments having a predetermined length and
overlap. The segments are transmitted at a rate at least high
enough to accommodate the added redundancy, whereby the
transmitted signal bandwidth is spread by a factor propor-
tional to the increase in rate. Received segments are
assembled based on the overlap to recover the message
signal. In some examples, the rate is increased more than
necessary in order to accommodate a plurality of message
signals. In other examples, a sequence is applied at the
transmitter that permits the receiver to reject interfering
signals from among a plurality of transmitted signals.

A spread spectrum modulation apparatus comprises a data
input for sequentially inputting a plurality of data samples to
be modulated. A data sample separator divides the data
samples into a series of overlapping segments having a
predetermined length and overlap. A convertor transforms
the overlapping segments of the data samples into a con-
tinuous waveform, whereby the bandwidth of the signal is
spread by a factor related to the overlap of the segments due
to the added redundancy. In some examples, the data
samples are input by an analog-to-digital converter. In other
examples, the data samples are generated digitally. In some
examples, the output signal is further modulated onto a
carrier signal. Time domain multiplexing can be achieved by
spreading the bandwidth of the signal by a factor greater
than required by the predetermined overlap, in order to
multiplex signals from multiple sources. In some cases,
guard time is added between the segments in order to limit
the effect of signal impairments due to the physical channel
such as multipath. In other embodiments, a marker sequence
is added to some or all of the segments and/or the segments
are windowed so as to taper to or toward zero at the segment
edges.

A spread spectrum demodulation apparatus comprises a
data input for converting a continuous waveform into a
plurality of data samples so as to produce a data stream. A
data processor identifies the data segments in the stream and
assembles overlapping data segments into a message signal
for communication by a data output. In some examples, the
received signal contains signals from multiple sources and a
demultiplexer separates the input signal into the associated
signals. In some cases, the segments are identified based on
awindow shape or a marker. In a representative example, the
receiver is enabled for a predetermined time interval in a
synchronized manner so as to receive segments from one or
more desired programs from a plurality of programs con-
tained within a TDMA signal. The remainder of the time the
receiver can be in a disabled state allowing it to consume
less power than required in the enabled state. Time in the
disabled state can be set by a fixed interval or by a prede-
termined sequence.

The foregoing and other objects, features, and advantages
of'the disclosed technology will become more apparent from
the following detailed description, which proceeds with
reference to the accompanying figures.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 illustrates overlapping segments at a lower sample
rate assembled into a stream of non-overlapping segments at
a higher sample rate.
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FIG. 2 illustrates time-domain interleaving from multiple
sources. The sample rate of Y is 3/4 that of X.

FIG. 3 illustrates two systems transmitting simultane-
ously. Signal X has the sequence {1, 1, .. . } applied while
signal Y has the sequence {1, -1, . . . } applied to the
transmitted frames. The sequence applied to Y causes it to be
cancelled out in the receiver for X.

FIG. 4 illustrates overlapping Hanning windows with
fractional hop size of 0.25. These windows sum to k=2. The
non-overlapping form is also shown.

FIG. 5 illustrates that a frame centered at t=1.0 s was not
recovered, resulting in a drop in amplitude from 2.0 to 1.0.
In this example, the fractional hop size is 0.25 and the
relative drop in amplitude is 50%.

FIGS. 6-7 illustrate a simplified system. FIG. 6 illustrates
a transmitter and FIG. 7 illustrates a receiver.

FIG. 8 illustrates discontinuity caused by interference
when a rectangular window is applied at the receiver.

FIG. 9 illustrates a USRP-based system.

FIG. 10 is a block diagram of a representative hardware
interconnection diagram. A USB connection between the
Control PC and ADC12D1800RFRB is used to load an
FPGA image.

FIG. 11 illustrates a transmitted frame format. The dashed
line shows the Hanning window function.

FIG. 12 illustrates representative arrangements of seg-
ments to form a serial data streams.

FIG. 13 illustrates 500 kHz channel response with nulls
spaced every 62.5 kHz.

FIG. 14 illustrates output response to the system using the
channel of FIG. 2. Nulls are spaced by 1 kHz.

FIG. 15 illustrates receiver DSP. The
ADCI12D1800RFRB image was modified to include a bank
of CORDIC processors and a halfband filter. The ZedBoard
FPGA image was modified to include a series of haltband
filters and a CIC.

FIG. 16 illustrates received data showing the timing
marker within the alignment window.

FIG. 17A illustrates a recovered impulse response with
simple wired channel.

FIG. 17B illustrates a recovered impulse response using
two-ray model.

FIG. 18 illustrates averaged impulse response over 8
sweeps.

DETAILED DESCRIPTION

As used in this application and in the claims, the singular
forms “a,” “an,” and “the” include the plural forms unless
the context clearly dictates otherwise. Additionally, the term
“includes” means “comprises.” Further, the term “coupled”
does not exclude the presence of intermediate elements
between the coupled items.

The systems, apparatus, and methods described herein
should not be construed as limiting in any way. Instead, the
present disclosure is directed toward all novel and non-
obvious features and aspects of the various disclosed
embodiments, alone and in various combinations and sub-
combinations with one another. The disclosed systems,
methods, and apparatus are not limited to any specific aspect
or feature or combinations thereof, nor do the disclosed
systems, methods, and apparatus require that any one or
more specific advantages be present or problems be solved.
Any theories of operation are to facilitate explanation, but
the disclosed systems, methods, and apparatus are not lim-
ited to such theories of operation.
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Although the operations of some of the disclosed methods
are described in a particular, sequential order for convenient
presentation, it should be understood that this manner of
description encompasses rearrangement, unless a particular
ordering is required by specific language set forth below. For
example, operations described sequentially may in some
cases be rearranged or performed concurrently. Moreover,
for the sake of simplicity, the attached figures may not show
the various ways in which the disclosed systems, methods,
and apparatus can be used in conjunction with other systems,
methods, and apparatus. Additionally, the description some-
times uses terms like “produce” and “provide” to describe
the disclosed methods. These terms are high-level abstrac-
tions of the actual operations that are performed. The actual
operations that correspond to these terms will vary depend-
ing on the particular implementation and are readily dis-
cernible by one of ordinary skill in the art.

In some examples, values, procedures, or apparatus’ are
referred to as “lowest”, “best”, “minimum,” or the like. It
will be appreciated that such descriptions are intended to
indicate that a selection among many used functional alter-
natives can be made, and such selections need not be better,
smaller, or otherwise preferable to other selections.

For convenient description, the examples below are
described with reference to digital messages, but messages
can be provided as analog waveforms. In some cases, the
message is produced as an output of a digital to analog
convertor, or messages can be formed as sequences of digital
symbols.

Overview

A stream of data samples at a message sample rate f,, is
divided into a series of overlapping segments with a frac-
tional hop size § as in Eq. (1), wherein R is the hop size in
samples and M is the length of the segment in samples. The
samples may be sourced from an analog-to-digital converter
(ADC), retrieved based on values stored in a file in a
computer-readable medium such as RAM or other memory
device, or generated algorithmically.

R

_ (¢8)]
0= M

The overlapping segments are then reassembled into a
stream of non-overlapping segments for transmission at
some higher channel sample rate f,. as in Eq. (2).

@

This relationship ensures that each segment is compressed
in time by a factor of

I3
2

such that M samples at f_ occupy the same time duration as
R samples at f,,,. This process is illustrated pictorially in FIG.
1 with the parameters M=4 and R=2. An input data stream
102 is segmented to produce an output data stream 104 with
overlapping segments. Discounting (for now) any sharp
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discontinuities at the segment boundaries, the signal band-
width is spread by a factor of 67*.

A receiver reverses this process by overlapping and
adding the segments to reconstruct the original message
signal scaled by a constant 87*, due to the redundancy added
in the transmission process. The receiver process performs
an expansion in time which is equivalent to a compression
in frequency. Thus any channel impairments, including
interference, will also be compressed in frequency. For
example, FIG. 13 shows the response of a simple static
two-ray channel model with a bandwidth of 500 kHz given
a white noise input. The nulls in this channel model are
spaced by 62.5 kHz.

If white noise in then applied as the input to an interleav-
ing system as described with an input rate of f;=8 kHz and
an output (a serialized, overlapped and segmented rate)
£,=500 kHz and the serialized data transmitted over this
channel, the result will be as in FIG. 14. The nulls are now
spaced by 1 kHz, compressed in frequency by exactly the
ratio of the sample rates.

Clearly this discussion extends to time-varying channels
but the results are not as easy to interpret pictorially as in the
static case. This is again due to the averaging effect of the
overlap-add process. Consider a time-varying frequency-
selective channel where the response is relatively constant
over the duration of each frame (at RF) but varies signifi-
cantly over the duration of each windowed segment (at the
original sample rate). The duration of the original segment
acts as an averaging period which diminishes the influence
of the channel state during any one frame. This effect
increases as O decreases.

Typically, a window function is applied to each segment,
either prior to transmission or after segment identification at
a receiver (or at both the transmitter and the receiver).
Typical windows include trapezoidal, Blackman, Hanning,
Hamming, Kaiser, Sleipian,

Tukey, Gaussian, confined Gaussian, sine, or other win-
dows. In general, suitable windows are defined as functions
of time that are non-zero during a segment length, typically
having small (often zero) values at window ends, and
maximum values at or near a window center.

Extension to TDMA

Allowing £, to be greater than the minimum required in
Eq. (2) provides some unused portion of time that can be
used to interleave segments from additional sources. Stated
another way, frequency f. can be set to accommodate mul-
tiple signals, possibly with differing sample rates and frac-
tional hop size parameters as in Eq. (3).

> I @

f=) 4

k=1

This time interleaving of this manner is illustrated in FIG. 2,
where signal X uses the parameters M=4 and R=2 while
signal Y uses the parameters M=3 and R=1. The sample rate
of Y is 3/4 that of X. The output sample rate is therefore

7
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by application of Eq. (3). FIG. 2 illustrates segmentation and
overlapping of data streams 202, 204 to form a combined
data stream 206 in which segments of the data stream 202
(the X stream) are interleaved with segments from the data
stream 204 (the Y stream). FIG. 12 shows data streams 1202,
1204 that are segmented and overlapped to form a data
stream 1206 in which segments associated with the streams
1202, 1204 are interleaved segment by segment. In a data
stream 1208, segments associated with the streams 1202,
1204 are interleaved data element by data element.

Extension to CDMA

In the case that multiple systems are transmitting on a
common frequency they can be separated by applying a
varying phase to each transmitted segment. The opposite
phase is then applied to the segments at the receiver to rotate
the segment back to 0 degrees. The sequences can be chosen
to maximize rejection of some or all interfering signals.

FIG. 3 illustrates this concept pictorially, in a simple
system with two transmitters operating with the same
parameters. The sequence {1, 1} is applied to the transmitted
frames of X, while the sequence {1, -1} is applied to the
transmitted frames of Y. This allows the receiver for X to
effectively cancel out Y. This scheme extends to the set of
sequences from the Hadamard matrix H (2%) with the
additional constraints that the number of windows that
overlap to produce each output sample must be an integer
multiple of the sequence length. This can be expressed in
terms of the fractional hop size

1

0= T
wherein n is a positive integer, allowing up to 2* message
signals to be separated. However, there are other ways to
generalize this concept and it is not limited to binary phase
sequences. As shown in FIG. 3, data streams 302, 304 are
divided into segments 306, and a recovered data stream 306
corresponds to the data stream 302. The data stream 304 can
be recovered in addition to or instead of the data stream 302.
This technique differs from direct sequence spread spec-
trum (DSSS) in that it does not significantly expand the
transmitted signal bandwidth. In DSSS, the sequence is
applied at a chip rate which is much higher than the symbol
rate. In this scheme the sequence is applied at the frame rate.

Windowing

A window function that tapers to zero is applied to each
transmitted segment to address practical concerns about
synchronization of the segments at the receiver as well as
limiting the transmitted bandwidth. Using a rectangular
window as in the previous discussion without perfect syn-
chronization at the receiver would result in sharp transients
in the output (audible “glitches” in the case of an audio
signal) where the windows are not perfectly aligned. The
transmitted signal would also contain high frequency and
therefore wide bandwidth transients at the segment bound-
aries.

The Hanning window Eq. (4) is a one choice as the
windows sum to some constant positive integer k per Eq. (5)
for any hop size R which satisfies the perfect overlap-add
criteria of Eq. (6).
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A drawback of this window choice is that the maximum
fractional hop size is 0.5, leading to a minimum SNR loss of
3 dB over conventional transmission. This is due to the
doubling the receiver bandwidth simply to recover the
message signal at unity gain.

FIG. 4 illustrates overlapping Hanning windows with
fractional hop size of 0.25. These windows sum to k=2. The
non-overlapping form is also shown, illustrating the wave-
form as it would appear when the segments are transmitted
at the higher rate.

Interference Rejection

Consider the case where the received segments have an
interfering signal superimposed on them. Assume that the
overlap-add process sufficiently decorrelates the interfering
signal in each segment such that they can be assumed to add
in power as with noise. In this case the interference is
rejected by a factor of kxd~'. Clearly, one can imagine a
scenario where the above assumption is not true. For
example, consider an interfering carrier where the interfer-
ence adds up in phase in the overlap-add process. In this
situation, the transmitter can apply a random or predeter-
mined phase sequence to each segment. In the process of
rotating each segment back to 0 degrees, the receiver effec-
tively decorrelates this carrier.

Synchronization

A synchronization marker can be inserted between the
segments to aid in locating the start and end of each segment
in the received sample stream. The sample rate f; must be
increased to accommodate this insertion. Each timing
marker then delineates a frame consisting of one or more
segments. The marker that is added should have a strong
correlation peak in order to locate the segments with mini-
mum jitter. Segments from multiple interleaved sources can
be identified with different timing markers or by including
some modulated digital data with the timing marker.

In practice, f,, and f, at the transmitter will vary slightly
from f',, and f', at the receiver. In an ideal system, the
number of samples between correlation peaks could be used
to estimate the transmitter’s sample rate and modulate the
receiver’s sample rate accordingly. Otherwise, there will be
some comb filter effect on the reconstructed signal. How-
ever, a one feature of this scheme is that an exact sample rate
match is not required to recover the signal although the
quality will be degraded.

The effect of frame loss is tolerable in that it creates a
momentary drop in the amplitude of the output signal as
shown in FIG. 5. This creates a kind of graceful degradation
that is not typically present in digital schemes. As the
fractional hop size & decreases, the relative drop in ampli-
tude from the loss of a single frame is reduced.

Complex Signals

Complex signals can also be used beyond simply applying
single-sideband modulation. First, there is the possibility of

10

15

20

35

40

45

65

8

1/Q multiplexing two separate real signals. Since they are
orthogonal, they can be separated at the receiver. A second
approach is to transmit half of the overlapping windows for
a single signal in quadrature. A third and probably most
important possibility is to apply the technique to the com-
plex baseband output of a digital modulator. This may be any
existing system such as GSM, WiFi, LTE or future commu-
nications standard of suitable bandwidth. Complex baseband
and the corresponding real passband signals offers several
possibilities. Analytic complex baseband signal can be cre-
ated with a Hilbert transform and upconverted to make a
single sideband real passband signal. Two separate real
baseband signals can be I/Q multiplexed. Since they are
orthogonal, they can be separated at the receiver. Overlap-
ping message windows can be alternated between the 1/Q
channels. The I and Q windows can be offset by 50% of the
window size so that the amplitude nulls in the I channel and
amplitude peaks in the Q channel happen at the same time.
This will keep the envelope more constant and be less
demanding on the power amplifier. This technique would
also help to reduce 1/Q crosstalk. In other examples, the
complex baseband output of a digital modulator such as
QAM or OFDM is used.

Representative Implementations

A simplified diagram of the system implementation is
shown in FIGS. 6-7. The TX process frames the overlapping
segments while the RX process synchronizes and performs
the overlap-add reconstruction of the message signal. Two
different implementations of the system are described here.

First, a USRP-based system is described which, combined
with the GNURadio software, provides a flexible experi-
mentation platform. This implementation was used to
quickly gather elementary results about this type of system.

Second, a wideband SDR system is described, capable of
bandwidths approaching that of UWB. This system operates
in real time and simulates a TDM system supporting several
thousand users.

In both implementations, a square-root Hanning window
is applied to the segments at both the transmitter and
receiver, giving the desired Hanning window shape overall
on the segments. At the transmitter it helps to reduce sharp
transients at the segment boundaries, thus limiting the band-
width of the transmitted signal. At the receiver, it helps to
reduce transients caused by interfering signals which would
be present if a Hanning window was applied at the trans-
mitter and a simple rectangular window was applied at the
receiver as shown in FIG. 8.

USRP Implementation

A block diagram of this implementation is shown in FIG.
9. The system consists of two commercially available USRP
N210 software defined radios from Ettus Research and two
Thunderbolt E GPS-disciplined oscillators (GPSDO) from
Trimble.

All segment framing and message recovery were per-
formed offline in software. This system was used simulation
the transmission of a single input signal with a very high
level of redundancy. The GNURadio software allows quick
simulation of various channel scenarios.

The USRPs are synchronized to the 10 MHz outputs of
separate GPS units to provide a realistic simulation of
frequency and phase offsets between units located at differ-
ent sites. LF cards covering 0-30 MHz and WBX cards
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covering 50 MHz-2200 MHz were available, so some tests
were performed at both 10 MHz and at 900 MHz for
comparison.

The system parameters were chosen as in Table 1. A
timing marker is added to each segment in the form of a
1000-sample exponential sine sweep. Each segment is then
padded on either side with 500 samples to create a 10,000-
sample frame.

TABLE 1

System parameters for USRP-based implementation.

Parameter Value
£ 8 kHz
f, 500 kHz
M 8000
R 160

Wideband SDR

The system parameters for this implementation are shown
in Table 2. The ratio of the sample rates results in bandwidth
spreading by a factor of 28,125. A system of this type could
support a very high number of users in the TDM case or a
very high level of redundancy. In our tests we use it to
simulate the TDM case.

TABLE 2

System parameters for wideband SDR implementation.

Parameter Value
f,, (kHz) 8
f, (MHz) 225
28,125
M 8000
R 2000
<} 0.25
Timing Marker 1,000
(samples)
Frame Length 11,250
(samples)
Frame Period (us) 50
Processing Delay 2000

(ms)

A more detailed diagram of the hardware interconnects is
shown in FIG. 10. The transmit and receive hardware as well
as the software are discussed in more detail in the following
sections.

Transmitter

The TSW1400 evaluation platform from Texas Instru-
ments is used as a transmitter. It plays samples from a
user-specified data file through the attached DAC at a
configured rate. To produce the data file, a 30.75 second
audio file containing speech sampled at f, =8 kHz was
divided into 119 segments of 8000 samples each with 25%
overlap. The window function applied is a square-root
Hanning window. In practice this is just a half-cycle of a
cosine function. Framing overhead and padding were added
such that each frame contains 11250 samples. The frame
overhead efficiency is 71% (8000/11250) and more efficient
schemes could be developed. This was convenient scheme
given the hardware constraints.

FIG. 11 shows the transmitted frame format. As with the
previous system implementation, the synchronization
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marker used is an exponential sine sweep 1000 samples
long. It should be noted that the choice of timing marker can
be any sequence with good correlation properties. A Barker
code sequence of length 13 modulated with binary phase
shift keying (BPSK) was also used experimentally.

These samples are played in a continuous loop through
the DAC3482 at £ =225 MHz, resulting in a frame time of
50 ps, frame rate of 20 k frames/sec, and bandwidth up to
112.5 MHz.

An RF modulator was used to mix the output signal s(t)
with a carrier frequency f,=337 MHz , creating a dual
sideband suppressed carrier signal with bandwidth up to 225
MHz.

Receiver

In this example, the receiver hardware consists of a
ADC12D1800RFRB evaluation board from Texas Instru-
ments and a Zedboard from Digilent. This combination of
devices is used as a wideband direct-sampling software-
defined radio with a sample rate of 1.8 GHz. The FPGA
images have been modified to include a digital down con-
verter with decimation rates from ranging from 4 to 2048, as
shown in FIG. 15.

A hardware timer is programmed to capture buffers of
16,384 samples every 0.25 seconds (corresponding to the
audio segment rate) and place the samples in memory. This
results in a capture buffer which is larger than the transmit-
ted frame size as in FIG. 16. This feature of the system
allows the frame timing to be imprecise, as long as the
timing marker consistently appears within the alignment
window.

The receiver software runs a tracking algorithm to center
the frame in the capture buffer. The capture timer is manipu-
lated until the timing marker is held stable within the
alignment window. The phase and frequency offsets are then
estimated from the timing marker. This estimate is used to
compensate the frequency and phase offset in the audio
samples. The extracted samples are then put into an overlap-
add process to recover the original signal. The output from
the overlap-add process is chunked into buffers of 1024
samples for live audio playback.

As there are only 119 frames (5.95 ms), the data file will
play 42 times +2 frames (5000 frames=0.25 sec). In our
example system we actually use 4999 frames=0.24995s (42
times+1 frame). It is acknowledged that this results in a
recovered sample rate slightly faster than the nominal audio
rate of 8 kHz. This was done to prevent buffer underruns in
the playback hardware as the playback clock is not derived
from the same source as the ADC sample clock. In an ideal
system playback hardware sample rate would be controlled
and this issue would not arise.

In this system, the 4998 ignored frames could contain data
from additional users. Therefore, this system simulates a
TDM system supporting up to 4999 channels where the
receiver only processes one of the channels. To create a
practical system supporting this many users, some kind of
channel identifier needs to be included with the framing
overhead. In a system like this where the time between
frames is very long relative to the sample time, the receiver’s
digital down converter (DDC) could be disabled to save
power.

USRP Implementation

The exponential sine sweep method of impulse response
estimation was applied to evaluate the response of simple
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channel. The method used is described in Eq. (7), where
o denotes the discrete Fourier transform (DFT) operation.

o

The discrete-time signal x[n] represents a discrete version of
the exponential sweep as in Eq. (8)-(10), where w, and w,
are the start and stop frequencies and Tis the duration of the
sweep (insert reference). The discrete time signal y[n] is the
output of the overlap-add process.

s(n) = sin[K(e™7F = 1)] (3)
wlT (9)
gy
(223
T (10)

As expected, the channel response is very flat, except for
some attenuation at high frequencies. This could be due to
digital filters in the USRPs or cancellation due to jitter in
window positioning. This result indicates that the transmis-
sion and recovery processes are not significantly affecting
the message signal. The recovered impulse response is
shown in FIG. 17A.

Additional signals that were tested with this configuration
include two audio signals sampled at 8 kHz, wherein seg-
ments from the two sources were coded with columns from
H(2) to create a simple CDMA signal. The channels were
separated at the receiver with no perceptible crosstalk. In a
sense, this is analogous to the CDMA downlink situation
where all of the coded frames are transmitted in perfect
synchronization.

Waveforms of digital modulation schemes were generated
using the amateur radio software F1Digi. Modes that use at
least 50% of the available bandwidth were considered such
as 2xPSK1000R (2.4 kHz). These generated signals were
played through the system and the recovered signals were
then successfully decoded by FIDigi.

A two-ray model was simulated in the transmission path
using an FIR filter implemented in GNURadio having a
second tap at 400 samples with an amplitude of -0.35. The
channel impulse response was again estimated using the
previously-described method. The recovered impulse
response agrees with the simulated channel parameters as
shown in FIG. 17B.

To gain an intuitive understanding of this effect, an audio
speech signal was transmitted through the system. The delay
01’400 samples at the channel sample rate (800 pis) manifests
as a delay of 400 samples at the audio (message) sample rate
(50 ms). This is precisely as described McGibney, U.S. Pat.
No. 6,606,312, where the channel response is expanded in
time by the ratio of sampling rates.

As a short exponential sine sweep is used as a synchro-
nization marker in this system, it is possible to estimate and
compensate for this channel on a frame-by-frame basis.
First, an inverse filter is estimated as in Eq. (11) which is
essentially just the opposite of Eq. (7). This filter is then
applied to the audio segment samples before putting them
into the overlap-add process. The result is that the echo is
removed from the audio speech signal.
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Of course there are several drawbacks to this approach,
including poor estimation of the channel in a deep fade,
frequency interpolation, and limitations on the channel delay
relative to the frame length. An adaptive equalizer or MSE
solution (provide reference) could provide better results.
However, this method was shown to be able to adapt to a
time-varying frequency-selective channel provided the
channel is relatively constant over the frame period.

an

Finally, a Rayleigh fading channel is simulated in the
transmission path, using the model of Alimohammad, et al.,
“Compact Rayleigh and Rician fading simulator based on
random walk processes,” IET Communications, vol. 3, pp.
1333-1342 (2009), as represented in GNURadio version
3.7.3. The normalized Doppler frequency f, is configured
such that the coherence time is on the order of the frame rate
of 20 ms but still much faster than the segment time of 1
second. The results indicate that even without any AGC the
scheme is robust against slow fading as the result is averaged
over many frames.

The coherence time was then modified to be faster than
the frame rate. In this test the signal recovery was poor,
indicating that the naive recovery scheme presented here
may not be suitable for fast-fading channels. One could
investigate recovery schemes that are more robust or, if
possible, choose the system parameters such that the channel
is slow-fading relative to the frame rate.

On the topic of system parameter choice, it is acknowl-
edged that the choice of M=f,,=8000 creates a delay of 1
second in the transmit process and 1 second in the receive
process. In a broadcast scenario, this 2-second delay may be
tolerable. However, in a two-way communications system
this delay would render the system impractical.

A modification to this system was tested wherein the
fractional hop size was held constant while the segment
length was reduced to 250 samples. This reduces the delay
time to a more practical 62.5 ms. Instead of framing each
segment, the segments are framed in groups of 32 so that the
frame size stays the same. This provides no additional
protection to fading, so the system was again modified such
that the segment length was 384 and the timing marker was
64 samples with an overall frame time of 1 ms and a hop size
of 8 samples. This gives a similar performance but with
faster fading tolerance.

While DSB-SC signals generated from real sampled sig-
nals have been considered in some examples, complex
baseband signals can be used as well.

Wideband System

The primary observation obtained with this system is that
the technique can be scaled up to very wideband transmis-
sion using modern high-speed DACs and ADCs.

A speech signal was transmitted through the system and
found to be intelligible although quality is noticeably
degraded. One source of this degradation could be explained
by the lack of interpolation used on the DAC. In typical in
SDR transmitters the DAC is interpolated by a factor of at
least 2.

Another source of degradation is the fact that, unlike the
USRP-based system, the sample clocks are not derived from
any disciplined clock source. This could also explain the
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result of the sine sweep test, where the impulse response
appears to vary significantly with each trial. Given that this
system has a low level of redundancy, poor synchronization
and sample rate mismatch have a greater impact on the
recovered signal.

FIG. 18 shows an averaged impulse response over 8 trial
sweeps. Although the impulse response still varies signifi-
cantly, there are definitive features that appear. Working
within the constraints of the current hardware setup, a
possible way to improve the results is to reduce the frac-
tional hop size to Y4 by adding an additional window in
quadrature with each frame.

In view of the many possible embodiments to which the
principles of the disclosed technology may be applied, it
should be recognized that the illustrated embodiments are
only representative examples and should not be taken as
limiting the scope of the disclosure. Alternatives specifically
addressed in these sections are merely exemplary and do not
constitute all possible alternatives to the embodiments
described herein. For instance, various components of sys-
tems described herein may be combined in function and use.
We therefore claim as our invention all that comes within the
scope and spirit of the appended claims.

We claim:

1. A method, comprising:

dividing a first message signal associated with a message

rate f,, into a series of overlapping segments having a
predetermined length and overlap; and

transmitting the segments serially at a channel rate f that

is higher than the message rate f, , wherein the channel
rate f. is selected based on the predetermined length
and overlap so as to accommodate redundancy associ-
ated with the division into overlapping segments.

2. The method of claim 1, further comprising applying a
window function to each segment of the first message signal.

3. The method of claim 2, wherein the window function
is a sine, Hanning, trapezoidal, rectangular, or Blackman
window function.

4. The method of claim 2, wherein the channel rate .. is
selected based on the predetermined length M and overlap R
and the message rate f,, such that £ >(M/R)f,, so that the
segments are transmitted without overlap.

5. The method of claim 4, further comprising;

dividing a second message signal into a series of over-

lapping segments having a second predetermined
length and overlap;

applying a window function to each segment of the

second message signal;

interleaving the windowed segments of the first message

signal with the windowed segments of the second
message signal; and

transmitting the interleaved segments or data elements

serially.

6. The method of claim 4, wherein the channel rate,
overlap and segment length are modified dynamically based
on channel conditions.

7. The method of claim 4, wherein synchronization mark-
ers are used to identify the beginning of a segment or group
of segments.

8. The method of claim 4, wherein adaptive equalization
is used to compensate for frequency-selective fading.

9. The method of claim 1, wherein the message rate is a
first message rate, and further comprising:

dividing a plurality of message signals associated with at

least the first message rate and a second message rate
into respective series of overlapping segments having
the predetermined length and overlap; and
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transmitting the segments of the plurality of message
signals serially at the channel rate.
10. The method of claim 9, wherein the channel rate f. is
at least

>

=1t

O’)l}g

wherein f] is the first message rate, f, is the second message
rate, 0=R,/M,, and M,;, M, and R,, R, and are the prede-
termined lengths and overlaps associated with the first
message signal and the second message signal, respectively.
11. The method of claim 4, further comprising;
dividing a second message signal into a series of over-
lapping segments having a second predetermined
length and overlap;

applying a window function to each segment of the

second message signal; and

applying a first code sequence of length N and a second

code sequence of length N to the respective series of
windowed segments associated with the first message
signal and the second message signal, respectively, so
as to define corresponding coded series of segments,
wherein the serially transmitted code segments
includes N coded series of segments, wherein N is a
positive integer.

12. The method of claim 11, wherein the code sequences
correspond to rows of a Hadamard matrix H (2¥), wherein k
is a positive integer.

13. The method of claim 1, further comprising dividing a
plurality of message signals associated with at least one
message rate into a series of overlapping segments having
predetermined lengths and overlaps; and

transmitting the segments serially at a channel rate that is

higher than a combined message rate, wherein the
channel rate is selected based on the predetermined
lengths and overlaps so as to accommodate redundancy
associated with the division into overlapping segments.

14. The method of claimer 4, wherein the segments are
transmitted serially by modulating the segments onto a
carrier wave.

15. The method of claim 14, where the modulation is done
by creating an analytic complex baseband signal with a
Hilbert transform and then upconverting to make a single
sideband real passband signal.

16. The method of claim 4, where the segments are
divided into two groups, and I/Q multiplexing the two
groups of segments.

17. The method of claim 4, further comprising:

dividing a second message signal into a series of over-

lapping segments having a second predetermined
length and overlap; and

1/Q multiplexing the segments of the first message signal

with the segments of the second message signal; and
transmitting the segments serially.

18. The method of claim 17, wherein the second message
signal corresponds to the first message signal with a time-
delay.

19. The method of claim 16, wherein segments associated
with the I and Q channels are temporally offset.

20. The method of claim 19, wherein the segments
associated with the I and Q channels are offset by 50% of'the
segment length so that amplitude nulls in an I channel and



US 9,479,216 B2

15

amplitude peaks in a Q channel occur at a common time so
as to reduce signal envelope amplitude variations.

21. The method of claim 4, wherein the message is a real
passband output of a digital modulator.

22. The method of claim 4, wherein the message is a
complex baseband output of a digital modulator.

23. A method, comprising:

identifying a plurality of segments in a serially received

data signal at a channel rate;

processing the segments based on a segment length and

overlap to obtain a message signal, wherein a message
rate associated with the message signal is less than the
channel rate, wherein the channel rate is selected based
on the predetermined length and overlap so as to
accommodate redundancy associated with a division
into overlapping segments.

24. The method of claim 23, further comprising window-
ing each of the segments prior to processing to obtain the
message signal.

25. The method of claim 23, wherein the message rate f,,
is selected such that F, <0f,., wherein f.. is the channel rate,
d=R/M, R is the overlap and M is the segment length.

26. The method of claim 23, wherein the serially received
data signal at the channel rate includes segments associated
with at least a first message signal and a second message
signal, wherein the processing produces the at least one of
the first message signal and the second message signal based
on the predetermined length and overlap.

27. The method of claim 26 wherein at least one of the
first message signal and the second message signal are
produced based on associated code sequences.

28. The method of claim 23, wherein the channel rate f~
corresponds to a sum

wherein f; is a first rate associated with a first message
signal, f, is a second rate associated with a second message
signal, §,=R,/M,, 8,=R,/M,and R,, R,and M, M, are
predetermined overlaps and segment lengths associated with
the first message signal and the second message signal,
respectively.

29. The method of claim 23, further comprising:

identifying a plurality of segments in a serially received
data signa a channel rate, the plurality of segments
associated with two or more message signals;

processing the segments based on a segment length and
overlap to obtain at least one of the message signals.

30. The method of claim 23, further comprising:

processing the segments based on segment lengths and
overlaps associated with corresponding message sig-
nals to obtain at least two message signals.

31. An apparatus, comprising:

a data input that receives a sequence of data samples;

a data processor that receives the sequence of data
samples and defines a series of overlapping segments
having a predetermined length and overlap; and

a data convertor that produces a serial data signal based on
the series of overlapping segments, wherein the
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received sequence of data samples is received at a
message data rate, and the serial data signal is at a
channel data rate, wherein the channel data rate is
greater than the message data rate.
32. The apparatus of claim 31, wherein the channel data
rate is f,. is at least

_
fe=2,

wherein f,, is the message data rate, =R/M, R is the overlap
and M is a segment length.

33. The apparatus of claim 31, further comprising an
analog to digital converter that produces the sequence of
data samples.

34. The apparatus of claim 31, further comprising a
modulator that receives the serial data signal and modulates
a carrier signal based on the received serial data signal.

35. The apparatus of claim 31, wherein the sequence of
data samples is associated with a plurality of data signal such
that segments of the plurality of data signals are interleaved,
and further comprising a demultiplexer that processes the
received sequence of data samples such that the serial data
signal is based on overlapping segments associated with a
selected data signal of the plurality of data signals.

36. An apparatus, comprising:

a data input that receives a serial data signal based on a

series of segments having a predetermined length and

a data processor that receives the serial data signal from

the data input and identifies overlapping segments in
the serial data signal and produces a de-overlapped
serial data signal, wherein the de-overlapped serial data
signal is at a message data rate, and wherein the
message data rate f,, is less than or equal to 8f wherein
f. is a channel data rate, =R/M, R is a segment overlap
and M is the predetermined segment length.

37. The apparatus of claim 36, wherein the serial data
signal is received at a first data rate, and the de-overlapped
serial data signal is at the message data rate, wherein the
message data rate is less than the channel data rate.

38. The apparatus of claim 36, wherein the serial data
signal is associated with a plurality of data signals such that
segments of the plurality of data signals are interleaved,
wherein the data processor produces that de-overlapped
serial data signal based on a selected data signal of the
plurality of data signals.

39. The apparatus of claim 36, wherein the serial data
signal is associated with a plurality of data signals, wherein
each of the plurality of data signals is associated with a
respective code sequence, and the data processor produces
the de-overlapped serial data signal based on a selected data
signal of the plurality of data signals and the corresponding
code sequence.

40. The apparatus of claim 37, wherein the data processor
that receives the serial, data signal from the data input and
identifies the overlapping segments in the serial data signal,
assigns a weight to each segment based on its quality and
produces a de-overlapped serial data signal.

#* #* #* #* #*
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Appendix E

Comparison of TC-OLA with
RPMA

E.1 Introduction

In this section, we compare TC-OLA with RPMA using metrics taken from RPMA
documentation. This work is part of a larger discussion on comparing the two systems,

wherein we were asked the following questions:

1. What is the receiver sensitivity you anticipate? I assume its a function of data

rate? What data rates did you plan on supporting?
2. Can you quantify the capacity? What is the spectral efficiency?

3. What is the relationship between capacity and receive sensitivity? Is it like

DSSS where these quantities are independent.
4. Does the concept of a loading curve apply? If so, what is the pole capacity?

5. ...breaking backward compatibility would be a big problem. Do you have any
thoughts to address that concern?

E.2 Uplink Capacity

We can solve for the received power necessary to close the link for TC-OLA as:

pozw.

R

(E.1)
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In our simulation from Chapter 4,
M
7= 1024 = 30.1dB (E.2)

Iy = kpTAy = (1.38 x 107**JK)(300K)(2 x 10°%~") = —110.8 dBm (E.3)

Assume (for now) that SN R, = 5.5dB:
Py = —110.8dBm + 5.5dB — 30.1dB = —135.4dBm (E.4)

This is the uplink sensitivity in our simulation assuming this target SNR. Ideally we
can go to larger spreading factors such as 8192 (39.1 dB).

The data rate used in the simulation is 977 bps in order to resolve the bandwidth of
B~ T% ~ 2M H > with the processing gain of 1024 and 7., = 1x 1075 (1Mchip/second).
Other data rates are possible. The spectral efficiency for this case is on the order of
5 x 10~* bps/Hz based on the bandwidth assumptions and spreading gain.

We reason this to be comparable to the raw bit rate in the channel for an RPMA
system with a spreading code of 1024. From the RPMA technical overview slides
we should have eight 256-bit PDUs plus 16-bit preambles transmitted during the 2.3
second UL slot. The actual bit rate must then be 8222 — 946 bps giving around

2.3
1Mchip/second when the spreading code is applied.

E.2.1 Pole Capacity

For TC-OLA in AWGN with orthogonal codes we obtain textbook BPSK BER curves.
In practice a pole capacity arises due to sources of self-interference in the system.
Sources of self interference in TC-OLA include channel fading, carrier frequency offset,
timing offset and sample frequency offset. Channel fading and carrier frequency offset
manifest in a similar way and can be lumped together into the worst-case SIR limit
of 1.96 dB from (4.58), under the assumption that received phase of each interfering
user is random from window to window. Timing offsets which are a small fraction of
the window time are assumed not to be the limiting factor, evidenced by the results
in Figure 4.12 and other simulations. Time dispersion of the channel manifests in the
same way as timing offset. Sample frequency offset has not been studied in detail.

To look at the pole capacity due to fading we substitute Ip = 02 and SN R, = 5
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in (4.64) to obtain

e [OSNRtgt [OSNRtgt
Py =31 S~ T 5 (E.5)
RHM (N - 1)SNRt9tUg rRHr — N - SNRtgtUg
where £2 is the mean square of the fading envelope and 03 is the fading variance. % is

the TC-OLA processing gain, equivalent to the CDMA spreading gain G. Although
we assume only slow power control, the mean and variance parameters resulting from
power control error could be substituted here instead. Compare with the RPMA

equation

pre oSN Ruy

_ E.
G — N-SNRy, (E6)

which assumes a similar form except for the fading parameters. We can solve for the
pole capacity in a similar way as

M

s
N, = Pr E.7
¢ SNRtgt 0'3 ( )

noting that the pole capacity depends on the channel fading parameters. We can

similarly solve for pole capacity in terms of N,.,:

M 2

= W
N.,=—L2_ I _pg N E.
" SNRyy ag( Ru(SN Figt)) (E.8)

We have used convolutional coding parameters that we believe are similar to the
RPMA system to obtain PER as a function of target SNR. We can use this function
to plot the pole capacity in terms of N,,. In Figure E.1 we have used g—i = 1 to match
the RPMA notes as closely as possible. ’

For independent Rayleigh fading, g—z = 5 ~ 1.57. We could compute the corre-
sponding uplink loading curve as showgn below for a hypothetical TC-OLA system
with % = 8192 in independent Rayleigh fading based on the loss of link budget as
in (E.9) with P from (E.1). The fading has degraded the textbook AWGN BPSK
result (no fading, no self-interference) to the values shown below in Figure E.2. This

is caused by the self interference due to fading.

LdB =10 lOglO (Prx(era SNRtgt)) - PO (Eg)
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Figure E.2: TC-OLA uplink loading due to independent Rayleigh fading from (E.9)

. “2 T
with & = I,
oy 2

N,
P’/‘:E(N’I‘$7 SNRtgt) - 0 (ElO)

G Npa
2
SNBigt 25 (1-PER,(SNRugt)
g

If we observe independent Rician fading, the pole capacity is expected to rise by

raising the signal to interference ratio (SIR) limit as shown in Figure 4.7. The factor
Z—z in (E.8) is related to Rician K by
g

pro_m
i §L%/2 (=K), (E.11)
g

Lyjs (x) = e/ [(1 —2) I <_7x> e <_7x>} . (E.12)
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When the fading is correlated (the typical case) the pole capacity also rises. In
Figure 4.8 below we show the SIR as a function of the normalized Doppler frequency
(relative to the window period, analogous to the symbol period). Thus the normalized

Doppler is an indicator of pole capacity of this system via equation (E.8).

E.2.2 Power Control

The power control assumption in the above analysis is that users are received with
equal average power p2. Fast power control which tracks the short-term fading may
also raise the pole capacity. We might consider this case by creating a log-normal

distribution with standard deviation parameter
Olog = In (10%> (E.13)

where o, is the power control error deviation in dB. The variance of this “fading”

envelope is

J; = (6‘71209 — 1)6”1209 (E.14)
and the mean is
1, = €7log!? (E.15)
leading to
g1 (E.16)

02 oy — 1
We assume the power control error varies with time and is independent from window
to window. As several windows are added together to create the TC-OLA output, the
sum of log-normal variables becomes a Gaussian variable with the above parameters.

For an error of 2 dB, we obtain

M 184, (E.17)

similar to Rician fading with a high K factor. Therefore, this type of fading alone is
not likely to be a limiting factor in a TC-OLA system.

E.2.3 Scheduled vs. Random

In the RPMA uplink, nodes choose a random chip offset to begin transmission. As

explained in [15], scheduling is an overhead that reduces network efficiency. However,
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there is also a technical challenge in scheduling as it imposes tight timing requirements
on the order of T, to prevent collisions. In a random system there are no tight timing
requirements, but the system will be subject to slotted ALOHA type loading that
reduces the capacity due to collisions. In [15] it is explained that collisions are dealt
with through FEC, which is another overhead that reduces network efficiency. The

percentage of successfully received packets at RPMA pole capacity can be computed

from (E.21) below as
n = (1 - ﬁ) (E.18)

1 2100

= 0.77 (E.20)

for the pole capacity scenario described in the ORW uplink capacity slides. The true
pole capacity of the RPMA system is reduced by this factor, resulting in about 1625
successfully received packets when accounting for collisions.

TC-OLA can operate in an analogous random mode and will suffer collisions due
to codes randomly being the same. However, scheduling does not impose any new
timing requirements beyond what is required for a working system. Thus it should

be possible to avoid collisions and possibly reduce the necessary FEC overhead.

E.2.4 Time-Dispersive Channels

In a time dispersive channel, the RPMA system will lock onto one (likely the strongest)
multipath component. Energy from other multipath components may interfere with
other users on nearby chip offsets. In TC-OLA, multipath that is short relative to the
window time remains nearly orthogonal to other users and an “equivalent channel”
is seen by the desired user. This equivalent channel can be equalized at the symbol
rate using standard techniques (MMSE, DFE).
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E.3 Comparison of RPMA with Slotted ALOHA

In a slotted ALOHA system with N nodes, a node may transmit in the current slot
with probability ¢ such that probability of success is

P(success) = q(1 —q)V* (E.21)
with efficiency
n=Nq(l—q¢)" " (E.22)

The value that maximizes 7 in (E.22) is ¢ = +.

In an RPMA system with N, chips and N nodes with data to transmit, each node
transmits on a specific chip offset with probability NLC The probability of success is
then

1 1\ V-1
P =—|1—-— E.23
(success) N, ( Nc) ( )
with efficiency
1 L\ N1
=N—|1—-—— . B.24
=Ny ( Nc> (E.24)

The number of users that maximizes efficiency is N = N.. The primary difference
is that in slotted ALOHA we have an unknown probability of transmission ¢ and a
known number of users N. Here we have a known transmission probability Nic and
an unknown number of users N. However, the equations take the same form and are
maximized at the same point.

In either case we can obtain the familiar system throughput equation
S =Ge ©, (E.25)

where G is the normalized traffic load [54].



248

E.4 TC-OLA Compatibility with RPMA

This section covers some of the initial ideas regarding compatibility of TC-OLA with
existing RPMA systems. The two initial ideas are sample rearrangement and coexis-
tance in the same base station.

Sample rearrangement is possible but requires some extra buffer memory to collect
all of the symbols before rearranging. Figure 4.3 shows how sample rearrangements
converts CDMA (or RPMA) into TC-OLA.

A sample rearrangement approach requires roughly ~ N2b SRAM bits, where b is
the bit depth of the samples. This is around 64Mbits (2%0) for N = 8192 with 1-bit
symbols. This may not be practically feasible as typical SRAM chips are measbured
in Kbits. Some 64Mbit true SRAM products are available on the market but are cost
prohibitive (~$80) at this time.

The overhead to operate a DRAM of this size is probably also not worth it. There
are some “Pseudo SRAM” devices on the market which integrate the DRAM control
but have a longer access time. These may still be cost prohibitive ($8) at this time,
and for this application.

A TC-OLA transmitter design not using sample rearrangement requires N RAM
bits. A 1-bit symbol transmitter that could be realized just using N flip flops and
a few gates similar to LFSR. A generic transmitter hardware design was shown in
Figure 6.21. A transmitter for 1-bit digital symbols was shown in Figure 6.22. The
example shows a transmitter for M = 8 R = 1 and M = 4,R = 1, but can be
generalized to a shift register with length M — 1 such that a new symbol replaces
the oldest symbol whenever the counter is zero. For autonomous operation, a state
machine would enable the clock for this circuit until the FIFO runs dry. For circular
TC-OLA, you would pre-load the shift register.

The corresponding receiver is not significantly different from what is already drawn
in the dissertation document, Figure 6.23. If the incoming signal is sampled with 1 bit
(0 =-V, 1 =+4V) then an overlap-add RAM is needed with N entries and log, (N + 1)
bits per entry. A practical receiver would also require an N-bit adder and associated
timing recovery circuits.

Alternately, A TC-OLA system can simply coexist with RPMA in the same trans-
mitter. Consider each window is transmitted synchronously with each RPMA symbol.
To the RPMA receiver, the synchronous TC-OLA window looks like a random se-
quence and the correlator should mostly reject it. To the TC-OLA receiver, the
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RPMA signal looks like a random sequence and should on average sum to zero in
each overlap add column.

Having a dual-mode base station may be a way forward with this, where it could
talk to the endpoints in either “language” and some newer installations could be fully

TC-OLA while some legacy installs might be a mix.
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Appendix F

Publishing Challenges

One difficulty faced in publishing this work has been to convey both the context
and the novelty of this method in the span of an IEEE journal article. Reviews of
Chapters 2, 3, and 5 were mixed but ultimately accepted for publication. Chapter 4
was ultimately rejected although in our opinion it is the most promising application
of TC-OLA that we have found.

As an example of these challenges, the reviewers for Chapter 4 have taken the
position that TC-OLA is essentially nothing more than rearrangement of the chips in
a DS/CDMA signal. As we have shown in this document, TC-OLA has more facets
than this article alone can convey. One way we plan to address the review comments is
the aforementioned overview paper in magazine article format. We believe this article
will help present the context and novelty of the method without the expectation of
deep technical analysis which can be deferred to more focused articles.

The review comments are presented below. The references have been updated to

this document.

F.1 Reviews of Time-Compression QOverlap Add
for Low Power Wide Area Networks

F.1.1 Editor’s Comments

This paper proposes a code-division variant of time-compression overlap add (TC-
OLA) scheme for low power wide area networks and the target key applications

are IoT monitoring applications with moderate latency requirements. The proposed
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scheme is similar to the traditional CDMA scheme but shows better performance
mainly due to the property that it allows the channel to be equalized at the message
symbol rate rather than the channel chip rate. The editors detailed comments are as

follows.

1. The paper is based on authors previously published work in reference [12] and
[44]. Tt is suggested the authors summarize the key and new contributions of

this paper in the introduction section.

2. The paper needs to clearly address how the proposed scheme works well in
the low power settings and why its target application IoT monitoring applica-
tions with moderate latency requirements instead of just saying so. Detailed

performance results are needed to demonstrate these key statements.

3. Regarding the uplink near-far effect, the paper assumes that all the users have
the equal received average power at BS thus the issue was not investigated. Since
near-far has been one of the key issues in code-division based schemes, the paper
at least needs to provide some insights on how the near-far problem impacts the
proposed scheme and how that is compared with the traditional CDMA, i.e., is
the problem more severe or less severe compared with the traditional CDMA

scheme?

4. The system design and results are not sufficiently presented. Some of the sim-
ulation assumptions need to be reconsidered so that more comprehensive and
realistic performance results, especially the comparison between the proposed
scheme and the traditional CDMA, should be provided.

5. The paper should provide clear definitions on some key parameter such as M,
R, K, and also need to give their related physical meanings in the system model

section, to help better understanding the scheme.

6. The paper needs to improve the writing and fix quite a few grammar mistakes.

F.1.2 Reviewer 1

This paper proposes a physical layer transmission scheme called time-compression
overlap add (TC-OLA). The TC-OLA scheme is interesting, which can be regarded
as a rearrangement of CDMA signals. Simulation results show that the TC-OLA
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scheme outperforms the conventional CDMA system. My major comments are as

follows:

1. TC-OLA scheme has been described by the authors as cited in [12], [44], [13].
Furthermore, the authors investigate the TC-OLA performance for different
channels. In my opinion, there does not seem to be a sufficient contribution in
the performance analysis. They read more like introduction rather than analysis

especially for the latter part of frequency flat fading scenario.

2. The authors consider the SUI model for the time-vary frequency selective chan-
nels, but the performance analysis seems to be superficially treated. My sug-
gestion is that the authors adopt the multipath Rayleigh fading channel (power
delay profile model) to check whether the proposed TC-OLA scheme can collect
the multipath diversity.

3. In system model, TC-OLA is viewed as a rearrangement of CDMA signal. In
simulations, TC-OLA reduces the BER compared with CDMA. However, it is
not clear why such a rearrangement can lead to the improvement of BER per-
formance. The authors say that PRMA-like system suffers more interference
between different users. Accordingly, the authors should compare the correla-

tion function of TC-OLA signals and CDMA signals, respectively.

4. Equations (4.33) and (4.34) should be explained more clearly. I understand that
the matrix forms of these equations may be complicated due to the convolution
operation. It may be better if the authors can formulate simpler equations to

decribe these relationships.

In general, although the TC-OLA scheme is interesting, I am afraid I cannot
recommend this paper for publication in its current form. The authors still need to

do a concrete work beyond the prior knowledge.

F.1.3 Reviewer 2

The paper present a variant of the the modulation scheme called TC-COLA, patented
and presented by the authors and presented in reference [12] and [44].
The novelty of the paper is limited since it consists of a variation of such a modu-

lation in the LPWA context. This variation, as presented and evaluated, is compared
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to the RPMA only and not in the LPWA scenario at large. Furthermore the com-
parison with the RPMA technique falls short since it is not taking into in to account
the fact that the the packets in RPMA are starts randomly in each slot. So RPMA
is not as simple as described in the paper.

As far as the presentation the paper needs to be substancially reworked. The
notation needs to be greatly improved (basically the paper seems to be adpated
from a transmission of digital samples to digital symbols but the notation for digital
transmission of bits is much different than that of the transmission of samples of a
signal). The system description is quite obscure. The paper starts, for example with
the sentence “A baseband TC-OLA signal is generated for a message signal m,,[k]
sampled at the message rate f,, using (4.1)”: what is u? what is the “message rate”?
what is a message signal? is it a sequence of symbols from a constellation? does u
stands for user? The reader needs to read trough the paper and then come back to
understand the meaning. The suggestion is, as usual, to define first and then use any
symbol or term.

The evaluation of the modulation format is done at the raw bit error level. It is
pretty known that a fair evaluation must include the coding, as with proper coding
the ranking of the different modulation formats can change.

The evaluation of the performances is done in general taking too many shortcuts
and gives certainly a first impression of the performances but not robust and rigorous
enough for a Transaction paper.

The authors leave the topics related to the synchronization out of their consid-
eration: this is a key aspect since they use a slotted Aloha. Furthermore they leave
to another future paper a robust detection for their modulaton scheme. One then

remain with a legitimate doubt the the proposed one is fragile.

F.1.4 Reviewer 3

This paper proposed a code-division variant of time-compression overlap add (TC-
OLA) and claim that proposed scheme can support a larger number of simultaneous
users in the uplink. However, the claimed advantage of proposed scheme is not
straightforward based provided results. And the description of proposed scheme is
not very clear at many place in the paper. More detail problems I find are listed
below.

Time-compression overlap add (TC-OLA) is not such a well known technology yet
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hence it is supposed to be at least briefly introduced in the paper like the concept
and motivation of it.

The definition of indices k and j make me confused. Are they only used to indicate
the change of sample rate? [...], it says “The change in indices from k to j...”, but
in (4.2) it is changed from j to k. The definition of these two symbol need to be
explicitly provided.

From (4.7) to (4.8), I cant understand how m,[k] comes from, because by looking
back on (4.1), it should be m,[j].

In (4.27), I cant understand the meaning of subscription u here. Why the channel
of user ¢ related to other user u? The explicit definition of ¢, is needed. Is it the
channel between user ¢ and user u or that between user ¢ and base station.

In the first paragraph of Section 4.3.2, it says ¢ = k, if I understand it correctly, I
think it should be j = k7

The full name of some terminologies such as DS-CDMA and RAKE are not pro-
vided.

[...] the function of vec() is not clear.

In Figure 4.11, the difference among SUI models need to be declared in the context.
Otherwise the advantage of proposed scheme is not clear from this fig.

The advantage of proposed code-division variant of TC-OLA is not prominent
based on the results provided in the paper. There is only one figure compared per-
formance between proposed scheme with existing scheme hence the contribution of

proposed scheme is not clear.
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